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Precirzion Development Tools

Cor |
Precirion lovdspeaker Derigns

[ Advanced System Analysis Features | Printer/Output Formats s
] | When you wish to produce a hardcopy output of your finished .
designs and graphical data, LEAP supports a large number of
printer standards. and even supports numerous desktop publish
ing graphic formats in both black & white and color!
| Portrait/Landscape orientations in any custom size and aspect

ratio are user controllable.

v 1BM/Epson 8 Pin Dot Matrix

v Epson 24 Pin Dot Matrix

v HP LaserJet Series Printers

v PGl Compatible Plotters

v PostScript EPS/TIF- B&W. Color

v Al Adobe [Hlustrator BEW Color

| v Use simulation or imported actual measured SPL/Z data. |
v 5-Way crossover system modeling. and more.

v Time offset between transducers. |
1, v Active or Passive based crossovers.

v Hilbert-Bode transtorm for deriving phase.

v NEC 24 Dot Matrix
v TOSHIBA 24 Dot Mat
v HP DeskJet 500C

v PostScript Printers

v DXF AutoCAD

v TIFF. BMP, PCX Plots

| v 22 Passive components per xover section.

‘ v 16 Active filter blocks per xover section.

L v Passive Network Optimizer for singie/system response
1

v Active Pitter Optimizer for single/system response
v Frequency ranges from 1Hz 10 100kHa.

Extensive Documentation
‘The two volume manual set comprises almost 1,000 pages of |
[ documentation which thoroughly covers the operation of the pio
| gram- and provides numerous examples of fiow to maximize yout
use and understanding of the program’s many features. The
Reference Manual describes all graphs. menus. commands. and
their operation. This manual explains the unique and special non-
linear speaker and port models, as well as proper use of the opti
mizers, importing data. and the many other utilitles. The
Application Manual provides many exciting examples showing

Call for a free
Demo Disk!
TEL: (503) 620-3044

E cer/Enclosure Simulations
v Sealed, Vented, Bandpass, PR Simulations with multiple speaker/ port capability.
v Large signal analysis of TempVC. and Non-Linear BL/ Ports/ Compliance.

| v Acoustic Parallel or Acoustic Series (Isobaric) Driver Mounting.

v Port Standing Wave resonance modeling.

| ¥ Frequency Dependent Ravc and Leve modeling.

v Library storage of 36 transducer parameters. and over 24 anclosure parameters.

v Genenc transducer modeling of sluctio dynamic, ribbon, and piezo devices.

LinearX Systems Inc

7556 SW Bridgeport Rd

Portland, OR 97224 USA

Tel: (503) 620-3044 Fax: (503) 598-9258

| how to use the powerful features of the system in a combined

| manner to perform both simple and complex design tasks. Both

i novice and experienced users alike will find this information

{ invaiuable for exploiting the full power of the system. Additional
information is also provided on ioudspeaker measurements,

| desiign tips, filter walculations, and complete crossover system
development for bath passive and active based systems,

“ v 502 Paqge Reterence Manual ¢ 436 Page Application Manual

W Seminars/Workshops available, call for details.

™

LINEARZX

International Dealers: Agentina:nterface SRL (54-1)778-2713/Australia:ME Technologies 61(0)65-50-2200/Austria:Audiomax 49(0)71-31-162225/Belgium:Belram 32(0)2-736-50-00/Brazil:SDS Equipamentos
55(0)11-887-7597/Canada:Gerraudio 416-696-2779/China:Rhyming Industrial 86(7620)562-011/Denmark,Finland:AGT Ljudproduktion 46(0)8-623-08.70/France:Belram 32(0)2-736-50-00/Germany:Audiomax 49
71-31-162225/Indonesla:Ken's Audio 62(0)21-380-21 18/Italy:Outline snc 39-30-3581341/Korea:Sammi Sound:82(02)463-0394/Luxembourg:Belram 32(0)2-736-50-00/Malaysia:AUV| 65-283-2544/New Zealand:ME

Technologies 61-65-50-2254/Norway:AGT Ljudproduktion 46(0)8-623-08-70/Poland:Inter-Americom 48(22)43-23-34/Singapore: AUVI 65-283-2544/Spaln:Audio Equipment Services 34(94)681-81-20/Sweden:AGT
Ljudproduction 46(0)8-623-08-70/Switzerland:Audiomax 49-71-31-162225/Talwam:Gestion Taycan Intl 886-2-562-3883/Thailand:AUV! 65-283-2544/The Netherlands:Duran Audio 31-41-80-15583/Turkey:Silver

Productions 44(0)722-336221/ UK(England):Munro Assoc 44(0)71-379-7600.

Product and Trademark names are the pioperty of theif respective owners (C) Copyright 1993 LincarX
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O IMPROVED SURROUNDINGS B DEVELOPING AIR MASS

Canadian PSB Speakers has debuted two new Oo ews Beals Brothers Acoustic Design has developed Air
models designed for use in the center channel of Mass Technology for auto sound products. With AMT
Dolby Surround Pro Logic and surround-sound the air mass acts as an acoustic amplifier, allowing
home theater systems. The PSB 200C is a vented the system to generate a lot of bass with not much
design with dual 5.25" injection-molded polypropylene drivers and a centrally  driver cone motion. The results are lower distortion (second harmonic lowered by
mounted ¥4 poly-flare tweeter. The Stratus C5 has dual horizontally deployed  20dB), greater output (3-5dB), and greatly reduced enclosure size. Beals Brothers,

5.25" midiwoofers and two central, ferrofluid-cooled, 2" poly-flare tweeters. 2165 Lehigh Station Rd., Pittsford, NY 14534-2675,
PSB Intemational, Inc., 633 Granite Ct., (716) 367-2610, FAX (716) 334-8215.
Pickering, ON L1W 3K1, Reader Service #108
Canada.
Reader Service #101 W SAW SUBSTITUTE

The Spira Cut System from Roto
W RACK ATTACK Zip features a complete line of Zip

Bits for fast, precise cutting through
ceramic tile, paneling, plastic lami-
nates, plywood, drywall, and other
materials. The hand-held, high-
speed tool does the work of a jig-
saw, reciprocating saw, router, and
sabre saw. Roto Zip Tool Corp.,
1861 Ludden Dr., Cross Plains, WI
53528, (800) 521-1817, (608) 798-3737,
FAX (608) 798-3739.

Reader Service #112

Sescom Electronics’
new product brochure
features the Rackem
'N' Stackem™ series
of half-rack audio
accessories. Designed
to work in a very com-
pact environment, the
units can be placed on a
tabletop, in small tabletop
half-racks, full standard racks,
or wherever convenient. Other prod- B FRIED CONES
ucts listed in the brochure include switch boxes, stereo crossovers, dual-mike  The new drivers available from Fried Products, including those incorporating the
line drivers, six-channel headphone stereo amplifiers, mono monitor bridge  m ar.s, technology, offer: a cone material free of high-frequency peak; a magnetic
adapters, relay boxes, stereo phase meters and tone controls, and audio  ystem which is linear at all excursions; and a four-layered voice coil system with a
testers. Sescom, Inc., 2100 Ward Dr., Henderson, NV 89015, (800) 634-3457,  griver Q of approximately 0.2. Fried Products Corp., 1323 Conshohocken Rd.,
FAX (800) 551-2749. Norristown, PA 19401-2707, (800) 255-1014, FAX (610) 277-4390.

Reader Service #116 Reader Service #114

‘ Sped(u&:m(uslSSNO!Q&H?O)Lspunshsdmysxwu&s(mmaym al $32 per year, $58 for two ysars, Canada add $8 per year; overseas raes $50 one year, wmmwmmm Inc., Edward T Dell, Jr, Presdent, at 305 Union Syeet, PO Box 494, E
[ | Peterborough, N4 03456.0494 Secondc a a F NH and an addibonal mading ofice. POSTMASTER: Send address change to: Speaker Builder, PO Box 494, Peterborough NH 03458-0494 ]

The audio world enjoys
added performance with

FerroSound.

The new generation of FerroSound ferrofluids
represents the great leap forward that the audio
industry has been waiting for.

These innovative fluids enable speakers to
match ongoing improvements in the rest of the
sound system. Applied to the voice coil, they with-
stand unprecedented sound pressure levels and
heat. They also reduce spectral contamination
(distortion) and power compression effects.

Results: longer-lived speakers with greater
dynamic range — and an authentic performance ‘
boost that's audible from first note to lost.

No wonder knowledgeable listeners in home
hi-fi, auto sound, and even professional audio are
jumping at the chance fo audition speakers with

" FerroSound. For more information, call today at
& . 4 603/883-9800 — or fox 603/883-2308.

OV THE'INDUSTRY Has
'OUR'NEW FERROFLUIDS.

wy !

Ferrofluidics Corporation, 40 Simon Street, Noshua, NH 03061
© 1994, FerroSound ond related grophics ore registered trodemorks of Fesrofluidics Corp.
Reader Service #51
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For your 1994 catalogue or list of authorized distributors, contact Polydax Speaker Corporation, the U.S. subsidiary of Audax Industries, France.
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M BASS BOOSTER

AudioControl's latest addition to its Performance
Advantage line is the Phase Coupled Activator Series
Three. The digital subharmonic restoration system
has speaker level inputs that allow you to connect the

unit and a subwoofer to any system, even one without preamp outputs for a sub-
woofer. Other features incdude a 24dBloctave Linkwitz-Riley electronic crossover

with frequency programmability.
AudioControl, 22410 70th Ave.
West, Mountlake Terrace, WA
98043, (206) 775-8461, FAX (206)
778-3166.

Reader Service #102

> REMOTE CONTROLLED

Parasound has introduced its first multimedia
processor/preamplifier, the P/SP-1000. The Dolby™
Pro Logic AV control center offers complete remote
operation of customized home theaters. it comes
equipped with three audioideo inputs, with switch-
ing capability for both NTSC composite and
S-Video, and two audio inputs which are compatible
with any typical analog lineevel source. A “preamp
direct” switch controls a straight-wire connection from
the source to an exterior amp. Parasound Products,
Inc., 950 Battery St., San Francisco, CA 94111, (800)
822-8802, (415) 397-7100, FAX (415) 3970144,

Reader Service #103

W CABLE NEWS

GOERTZ MI loudspeaker cables employ the
“Laminax” technology of combining metal foil and
sirip conductors with a variety of dielectric materials
(used in electronics for EMI and RF shielding pur-
poses and as winding conductors in high- and line-
frequency transformers and inductors). The result is
a thin cable with high dielectric strength. The con-
ductors have a low characteristic impedance that
matches that of loudspeakers, which the makers
claim results in virtual elimination of distortion. Alpha-
Core, Inc., 915 Pembroke St., Bridgeport, CT 06608,
(203) 3356805, FAX (203) 384-8120.

Reader Service #106

B FRESH G.RA.S.
Scantek has released the latest series of micro-
phone preamplifiers manufactured by G.R.A.S.
Sound & Vibration; Types 26AA, 26AB, and 26AC.
The units are ideal for 1", ¥2", V4", and 1/8" micro-
phones, with or without polarization voltage, and for
high-impedance input stages for instrumentation.
They can also be used for accelerometers and
hydrophones. Their frequency range is from less
than 1Hz to greater than 200kHz, with supply volt-
ages from below 28V to above 130V.

Reader Service #109

Another recent G.RA.S. release from Scantek is the
Type 50Al sound intensity probe. Based on a new
microphone venting system, the unit has built-in
remote control for the Norsonic 840, 01dB, and other
leading intensity analyzers. The 50Al comes
equipped with a pair of Type 40Al Sound Intensity
Microphones and stainless-steel Type 26AA micro-
phone preamplifiers. Scantek, Inc., 916 Gist Ave.,
Silver Spring, MD 20910, (301) 495-7738, FAX
(301) 495-7739.
Reader Service #110

€ Reader Service #21

Good News

B NEW GALAXY

Galaxy Audio has acquired Valley Audio Products of
Merriam, KS, and will be relocating the business in
Wichita. Under its new ownership, the company wil
be known as Valley Audio. With a product line dat-

ing from the 1970s (it was originally known as Allison Research), Valley Audio
introduced the first dynamics processing capabilities for studio recording. The com-

pany manufactures electronic signal processors

Reader Service #113

including the Kepex®, Gain Brain®,

Model 401 microphone processor,
Dyna-Mite®, X-Gate, and the Model
730 Dyna-Map™ digital processor.
Valley Audio Products, 625 E. Pawnee,
Wichita, KS 67211, (800) 800-4345,
(316) 265-9500, FAX (316) 263-0642.

Continued on page 8

HoLoGraAPHIC INJECTED MOLDED
GRAPHITE SUBWOOFERS
Mabe IN THE USA.

The combination of
stiff, light-weight
components of
Graphite rogether
with Polypropylene
insure proper
damping & musical
accuracy.

Holographic cones
are up to 60%
lighter and ten times stronger than conventional cones.
Coupled with large vented magnetic structures, Kapton voice
coils and insulated lead wires, the Holographic woofers
produce tight & dynamic bass response.

Model: (Wi104 $139.00* | Model: (Wi124 $159.00*
Surround: Byutel Rubber Surround: Rolled Foam

Re: 3.27 Ohms Le: 0.56 Mh Re: 3.28 Ohms Le: .93 Mh

Om: 934 Qe: 033 Om: 7.77 Qe: 0.57

0. 032 X-Max: 4.6 mm 0t 053 X-Mox: 5.5 mm
BL:721T-M YC Diam: 1.5° BL:9T-M ¥C Diem: 2.5°
Gap Height: 3100° Fs: 19Hz Gap Height: 3750° Fs: 33Kz

Imax: 96.2 Ohms MMs: 426 9 Imax: 48.3 Ohms MMs: 67.02 g
CMS: 1.5574 MM/N RMS: .5597 N°se/m | CMS: 3433 MM/N RMS: 1.798 N*seym
Yos: 9.19 wit. SD: 433.88 Sq(m Yos: 437 wft. SD: 506.71 Sqtm
¥D: 158.66 « Magnet: 56 oz ¥D: 27752 « Mognet: 70 oz
SPL: 90 dB Winding: .625* SPL: 91 dB Winding: .750"

*Prices include UPS freight & COD charges in the contiguous USA.

Call Toll-Free 800/477-2328
6519 Highway 9 North
Howell, NJ 07731

ENCE

Dealer inquiries welcome.

Reader Service #60
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~
...Finally, a complete low cost PC based measurement

solution for all of your loudspeaker and audio measurements.
Use your home/office computer and the CD quality 16 bit
sound cards from Media Vision or Soundblaster to actually
measure the performance of your loudspeakers, electronics
and crossovers. VERSION 2.0 now available!

= THI M vl PRODUCT HIGHLIGHTS
I i ™| - OSILLOSCOPE

AT W = . SPECTRUM ANALYZER

i ' > - NETWORK ANALYZER

il 1 \ | - DISTORTION ANALYZER

] ‘ , i sl - LOUDSPEAKER ANALYZER
, kit - IMPULSE ANALYZER

‘ b | . ROOM ACOUSTICS ANALYZER

N

SYSTEM REQUIREMENTS: RO MANUAL

- 386/486 IBM AT compatible = TEOT CABLES
-4 Mb RAM memory - GRAPHICAL USER INTERFACE
- Math Coprocessor - PRINTER OUTPUT SUPPORT
- VGA Graphics Display - MOUSE SUPPORT
- Media Vision or SoundBlaster - EXPORT/IMPORT FILES
16 bit sound card - $300 CHECK/MONEY ORDER

MICROACOLSTICS

AUDIO SOFTWARE PRODUCTS
2553 CARPENTER ST, THOUSAND OAKS, CA. 91362 (805) 4958945 PHONE/FAX

Reader Service #20

The peculiar evil of silencing the expression of an
opinion is, that it is robbing the buman race; posterity
as well as the existing generation; those who dissent
from the opinion, still more than those who bold it.

o JouN STUART MiLL
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About This Issue

Fed up with all the blather about Chuck and
Di and Burt and Loni? Well, some marriages
are more compatible. Witness computers and
audio. The union of these two technologies
to perform speaker measurements is well-
represented in this issue.

Julian Bunn introduces his high-flying
AIRR (“‘Anechoic and In-Room Response,”
p. 10) measurement program, which takes
advantage of the capabilities of the popular
SoundBlaster sound card on your PC. With
this program, you can turn your computer
into an inexpensive tool for surprisingly
sophisticated system analysis.

Another example of our reliance on com-
puters in audio work is PC AudioLab from
Microacoustics. Richard Campbell reviews
this program (“‘Software Report,” p. 49),
which offers PC readers a handy, low-cost
solution for system measurements.

In this age of environmental awareness
and recycling efforts, it’s appropriate to
show you how to inject new life into old
speakers. Hilary Paprocki (‘“Reviving the
Classic AR2ax,” p. 20) guides you through
the restoration of Acoustic Research speak-
ers in 15 easy-to-follow steps.

SB is pleased to reprint, from the March
1994 issue of Studio Sound, the results of an
exhaustive five-year study of horn loudspeak-
ers to determine their suitability for studio use
(“Round the Hom,” p. 24). The results of this
research, which one of the authors used as the
basis of his doctoral dissertation, are signifi-
cant and should affect future designs. Philip
Newell and Keith Holland also detail the
hom cutoff phenomenon, a little-understood,
but important, key in studio design.

Philip Witham retumns...this time with a
prototype. And while he plans more testing
of his 60-channel dipole speaker, initial
results indicate that his Linear-Array concept
works to produce a better, “more realistic,
more pleasing” sound than with stereo. The
next steps involve further tweaking, build-
ing, and electronics. Stay tuned.

Dick Pierce has a lot on his mind these
days. He takes the opportunity in this issue to
explore such diverse topics as free online
advice (sometimes worth every penny)
(“Guest Editorial,” p. 9) and the Q-rious sig-
nificance of Thiele/Small parameters
(“Loudspeakers 101,” p. 70).

In his latest installment (“Wayland’s
Wood World,” p. 47) woodsmith Bob
Wayland offers some useful tips for putting
the finishing touches on speaker projects.
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;eseit?:cimgg;idvano&s in electrorheological G o O d N ews

(ER) fluids offer performance features such as opera-
tion over a temperature range of -50°C to 150°C;
finer-particle formulations, carefully matched
densities, and other techniques to decrease
seftling problems and increase stability;
softer, nonabrasive particles; and higher
shear stresses. ER-based adhesives
and coatings, when used on nonhori-
zontal surfaces, convert to a higher vis-
cosity when an electrical field is
applied. Call Technology Catalysts
Intemational at (703) 237-9600, FAX
(703) 237-7967, for details.

Reader Service #111

B INSTALLATION BREEZE
The new 9757 two-way speaker from Fultron Car
Audio is designed to match virtually every 5X7 and
X8 bolt pattem on the market. The easy mounting
units have polypropylene cones, flexible surrounds,
polymide dome tweeters, and strontium magnets.
Impedance is 4C2; resonant frequency of 75Hz;
50Hz-20kHz frequency response, with a maximum
power handling capability of 80W.
Sensitivity is 88dB. Fultron, 122
Gayoso, PO Box 177, Memphis, TN
38101-9988, (901) 525-5711, FAX (901)
525-7993.
Reader Service #105

<€ SCOPING PCS
The O-Scope | converts your PC into a
digital storage oscilloscope. It captures
and displays DC, audio, and low-end ultra-
sonic frequency input signals. A 128-point
frequency spectrum analyzer mode, suitable
for use in measuring distortion to 1% and
determining frequency response, is also
included. The device is powered from 12V DC,
draws less than 40mA of current, and works
with AT-compatible computers. Trace
sweeps can be frozen onscreen, saved to disk,

& COMPACT DRIVER
The newest design in high-frequency
ribbon loudspeakers is the SA 8535
Neodymium Compact Driver from Stage
Accompany, a Dutch manufacturer of profes-
sional sound systems. It has a frequency
range of 1kHz-30kHz, sensitivity of 103dB @
1W/M, and a power handling of 60W RMS
with 1kW peak (200ms). The recommended
crossover point is 1kHz or higher (12dBloctave
minimum). Stage Accompany USA, 4106 Fox
Run Trail #6, Cincinnati, OH 45255, (513) 528- or output to a printer, The O-Scope | can also pro-
LI IR 5284037'. vide voltage, frequency, and period calculations.
L AL L) Allison Technology Corp., 8343 Carvel, Houston,
TX 77036, (800) 980-9806, FAX (713) 777-4746.
Reader Service #107
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time and frequency domains for thorough analysis =23l FUNCTIONS | * Version 1.0 for Windows  $495.”
of loudspeakers, auto interiors, and room acoustics, =il ma L ton W & SPECS S
CLIO i . . Frequency Response ® . N[z Q
Ois open-ended_“ System hardware is 2- A l.’reuslon N!easurement E]:lnica] & Acoustical Specnal Offer for |— VC(i)n D ld —
chann.el [/O with a variable sampling rate; and since MISTSRIGRS 1 dilued; % y I:FT mﬁ:; Charter Users... 2 e &
CLIO is software-based, its Transfer Function e 00 %
functionality will grow. ?tAeslspmeYSif ¢ g“ i $99
. Waterfall | A i =
CLIO is affordable... P ammoanee L 4 —
Pricing is $1,695 complete, but e release version is =
our introductory offer is even . oﬁﬁg;c{z:f i€ | available for charter Pt 155
better. Call now for details and dBV » Volt Amplitude » | y,5arg who purchase
a demo disk. LCFMe'er R TGIBILID Ay :
i l}rf:a Speakerphile before |,
Accuracy >0.01% * 12 .
mD+No¥se 0.015% et
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Guest Editorial

The Newbies Are Back

By Richard Pierce

ell, it’s the fall semester, and all the pubescent newbie

\ ’s / experts are back in town, a-rarin’ to go. They bring with

them the same old notions the last ten generations

brought. They’re clueless, and the thing they are most clueless
about is exactly how clueless they really are.

I have just shut down two private e-mail threads from two kids
whose combined age is less than my own, and neither of whom
was even born when I was doing loudspeaker design consulting.

For example, one of these, a 19-year-old college sophomore
who admits to no knowledge of physics or electronics, who con-
ceded to not knowing the technical lexicon of loudspeakers and
acoustics, whose only reference text on loudspeakers is Vance
Dickason’s Loudspeaker Design Cookbook, and whose only qual-
ification seems to be as a ““$45 per hour car audio installer,” chose
to try to re-educate me on how speakers work. He was sorry I was
so stupid, but all I had to do was to just look up in Dickason what
he was talking about. On at least two occasions I tried to get a spe-
cific page citation, but he seemed strangely silent, then proceeded
to redefine what “isobarik™ meant in the context of loudspeakers.

It’s something of a small tragedy when this happens, like clock-
work, every September, when a new incoming class discovers,
simultaneously, the Internet, their interest in some topic, and
testosterone, and confuses all. I clearly remember when I was 19,
and I knew absolutely everything, and 1 was so soundly trounced
in a technical discussion, there was almost no body left to identify.

The first thing I definitely knew after that was that I definitely
did not know absolutely everything, and that piece of knowledge
has stayed with me as I strove in the subsequent years to try to
learn absolutely everything.

WRONG IS WRONG
Yes, some of you may say, this is all true, but aren’t we being a bit
hard on these kids? After all, what harm can they do?

Well, in these cases, they were offering advice to people with
specific questions, and their answers were just plain wrong. Wrong
is wrong, whether it comes from the mouths of babes or adults.
Wrong is wrong, because the physical reality of loudspeakers, and
all other physical realities, pays no heed to either good intentions
or a child’s innocence.

And, when someone else with good intentions takes that wrong

answer and then tries to make it work, and it doesn’t, the outcome
is, as often as not, discouragement resulting in that person assum-
ing, quite incorrectly, that ke is at fault, not the person who pro-
vided the wrong information, and he is thus deterred from pursu-
ing what may be a good path.

The person cannot be excused simply because he didn’t know
better. Wrong is wrong, no matter what the source. And wrong
information has no business in a technical news group, no matter
how good the source’s intentions.

CHEAP EXPERTISE
Vern Mastel, in a recent guest editorial in TAA 2/94 (“Hoodwink
City USA,” p. 7), was most articulate about the subject:

“...Cheap expertise...It is not something to be avoided, it is to be
attacked like a cancer. Far too many armchair experts are spouting
opinions, although their expertise is often limited to what they have
read or heard. True experts hold their opinions very dear and don’t
broadcast them unless they are accompanied by substantial expe-
rience and data. ‘Cheap expertise’ is always offered on the basis of
‘knowing it all.” The true experts have an appreciation for how
much they don’t know.”

Another area Mastel deals with is the subject of one of these
people pressing on regardless of his lack of familiarity with the ter-
minology:

“Avoid technical shorthand? No, up to a point. The standard prac-
tice of the technologically illiterate is to overcomplicate the simple
and oversimplify the complex. Correct terminology cannot be com-
promised. Converting technical concepts into ‘layman’ terms often
results in technical nonsense [as it did in the case at hand—rdp).
The intent of correct terminology is not to bury the novice, but
rather to properly express a concept or discuss a design.”

Yes, Vance Dickason’s book is a good book—probably the best
of its kind—for its purposes, which is as the title says, a “cook-
book” intended specifically and exclusively for amateur loud-
speaker enthusiasts. But it is hardly the reference text on loud-
speaker theory.

So, our young friends, welcome to the fray, and join us who
have been here for a long time. But watch where you step, because
you may learn firsthand where the term “hooey” comes from.

And, I suppose, for the rest of us, some patience.
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AIRR: ANECHOIC AND IN-ROOM
RESPONSE MEASUREMENT

fter enjoying Bill Waslo’s articles on
Alhe IMP system (“The IMP,” SB
1793, 2/93, 3/93, 4/93, 6/93), I real-
ized that the SoundBlaster™ card I recently
installed in my PC might be able to perform

similar analysis functions, under software
control.

SYSTEM FEATURES
I drew up some specifications for a suitable
program to include:

1. Facilities for measuring both loud-
speaker and amplifier response as a function
of frequency;

2. The possibility of subtracting the two;

3. An oscilloscope-like display of the
audio signals being picked up by the card;

4. A graphical display of the frequency
response;

5. Some means of adjusting the range of
frequencies that would be covered.

To restrict the portion of the digitized sig-
nal to exclude the part caused by reverbera-
tion in the listening room, the tool needed to
allow the signal to be “windowed” by
adjusting graphics markers on the display. I
was interested in measuring response to
pulse signals and also to signals from a test
CD, for example, sine tones, pink and white
noise, and so on. Whereas the pulse analysis
would require averaging in the time domain
to reject background, these other signals
would require averaging in the frequency
domain. An important capability was to be
able to switch between the two.

Finally, I required that the lowest resolv-
able frequency should be adjustable, maybe
at the expense of data acquisition speed. The
result was the AIRR (Anechoic and In-
Room Response) measurement program.

ABOUT THE AUTHOR

Julian Bunn was bom in Yorishire in 1959. He studied
physics at the University of Manchester and subse-
quently eamed a Ph.D. at the University of Sheffield. He
now works at an intemational organization in Geneva,
and lives with his wife and two daughters in a small vi-
lage in nearby France.
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By Julian J. Bunn

REQUIREMENTS & OPERATION
Despite not being as complete or profession-
al a tool as the IMP, AIRR will allow you to
make quite sophisticated audio response
measurements. It may therefore be attractive
to some readers as a “poor man’s IMP.” (I
resisted the temptation of naming the pro-
gram PIMP!)

To use the program, you will need a
DOS-based PC, a SoundBlaster (or compati-
ble) sound card, EGA or VGA graphics, a
microphone (usually supplied with the sound
card), and about 500K of free disk space. A
math co-processor is not required. The faster
your machine, the better the results from
AIRR will be.

Readers of the IMP articles in SB will be
familiar with the basic principle employed
by AIRR, which is to produce a single pulse
of very small width and then feed it to the
audio system to be measured. The sound
reproduced by the audio system is then
picked up, using either a microphone or a

direct electrical connection, and digitized by
the sound card. The data is passed to a fast
Fourier transform, and the frequency decom-
position of the sound is obtained. This is
then plotted in a graphics window on the PC,
using the traditional logarithmic axes.

SOUND CARDS
A sound card is a printed circuit board in a slot
on the motherboard of a personal computer
and allows both recording and playback of
digital sound. The card often comes as a pack-
age of parts including the electronics, a micro-
phone, connecting leads, and a bundle of soft-
ware. The board itself sports a sophisticated
lineup containing an analog-to-digital convert-
er (ADC), digital-to-analog converter (DAC),
frequency modulation (FM), and mixer chips.
These days, the digital components are
predominantly available in 16-bit versions
(thus, a “16-bit card”), although 8-bit cards
are still available and may be picked up very
cheaply (but will not work with AIRR).
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Typical use of a sound card is for sound
“bite” playback and multimedia applications
such as games, voice recognition, document
annotation by voice, interfacing to a CD
drive in the PC, and so on.

The sound card may also be interfaced to
and controlled by custom-built software,
Sounds picked up by the microphone, after
on-board digitization by the ADC, can be
processed in just about any way that we
wish. By suitably programming the on-board
mixer, the signals from the line-in socket on
the card can be treated instead of those from
the microphone, or the two inputs can be
mixed together.

Conversely, by programming the DAC,
you can synthesize and feed to the line-out
socket any desired waveform. (There is,
however, some upper limit on the frequency
of the signals that may be produced; I will
cover this point later.) So, for a modest out-
lay of $100 or so we have a piece of equip-
ment to perform arbitrarily complex digital
signal processing.

PROGRAMMER WOES
Unfortunately, it’s not quite as straightfor-
ward as that! Sound cards are notoriously
difficult to configure correctly, and it is
rumored that over 50% of them are returned
“broken” to the vendor because of configura-
tion errors. Why?

The answer is that the software drivers
that come with the card, and which take care

of how data is transferred to and from the
electronics, require you to correctly specify
several pieces of configuration information
before the card will function properly. You,
as the installer, are presented with the often
confusing task of correctly setting Interrupt
Request Lines (IRQs), Direct Memory
Addresses (DMAs), and I/O address possibil-
ities offered by the configuration utilities. In
particularly unpleasant cases, you even need
to change jumper settings on the board itself,
if they conflict with other equipment settings.
[1 strongly recommend Jeffrey Prosise’s
excellent volume titled “DOS 6 Memory
Management” (ZD Press, Emeryville, CA,
$29.95, ISBN1-56Z276-097-1), which explains
not only memory management in DOS 5 and
6 but also clarifies matters of DMA and IRQs
thoroughly and clearly.—ETD]

Even with a correctly installed card, you
may encounter problems such as insufficient
memory for running CD-based multimedia
sound applications, “choppy” audio due to
badly sized buffers, and so on. (Having said
all this, you may be lucky and discover that
the card slots in and works the first time. Of
the four cards I have installed, this happened
just once.)

Once you have dealt with these problems,
the next major hurdle to overcome is obtain-
ing the necessary information on program-
ming the card. It is rare indeed to find this sort
of detail in the card’s documentation.
Obtaining it usually involves a visit to the rel-
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FIGURE 2: Showing the scheme for connecting external components to the sound card.
Note that, to minimize distortion, the volume controi should be positioned about midway.

evant forum on CompuServe™, or download-
ing the appropriate FAQ (Frequently Asked
Questions) list on the Internet News groups.

Finally, with a correctly configured sound
card, the programming information
described, and a decent language compiler
for the PC, you are ready to code up a cus-
tom sound application.

CALIBRATING THE CARD

For this application, the most important
aspect of the program to address is calibra-
tion. Unless only very subjective results are
required, we must accurately measure how
fast the card can digitize a sound, so we can
calculate the sample rate. The sample rate
achieved tells us the maximum frequency
that may be resolved by the system (the low-
est frequency is determined by the length of
time we choose to gather samples).

Nyquist (of telephony theory fame)
showed that for a maximum sampling fre-
quency of W the signal bandwidth is W/2.
For example, if the ADC on the card, under
program control, can digitize and move a
voltage level into main memory 20,000
times a second, then the maximum resolv-
able frequency is 10kHz. By calibrating the
sample rate, the labels on the axes of the fre-
quency and time plots can be positioned cor-
rectly, and we can be confident that a peak in
the frequency response is really at the indi-
cated frequency.

The AIRR calibration method uses the
callable interface to the system clock on the
PC to measure the time required to read into
main memory a large number of 8-bit sam-
ples in so-called “direct-mode” ADC (as
opposed to DMA mode). Using a large num-
ber of samples is important for two reasons:

1. The interface to the system clock only
returns a system time measured to the near-
est hundredth of a second.

2. The more measurements made, the
smaller the derived calibration error.

The card is thus calibrated by (a) taking
a reading, T1, from the system clock; (b)
digitizing and moving 200,000 voltage lev-
els in the ADC into main memory; and (c)
taking a final reading, T2, from the system
clock. The rate is then 200,000/(T2-T1).
By default, the digitizations are made in
blocks of 512 at a time. One block is
henceforth referred to as a “‘sample” in the
text, although it actually contains N sepa-
rate measurements.

Several factors affect the number obtained
for the rate:

* the speed of the software drivers
controlling the card

* the speed of the sound card electronics

* the speed of the CPU and memory

* the efficiency of the machine code (the
compiled program) that runs in the CPU.
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DATA COLLECTION

To optimize the data collection rate, it is thus
helpful to have a fast processor, fast memory
(and plenty available), and the latest drivers
from the sound card manufacturer. (Avoid
loading the drivers “high” or using, for
example, QEMM 7.0™ to load the driver. I
have observed very poor collection rates
under these conditions.)

In practice, on a 386DX PC with a
40MHz chip and 500K of spare memory, the
rate normally achieved is in the region of
30,000 digitizations per second (a less recent
version of the driver produced 24,000 per
second), or, in other words, a maximum fre-
quency point on the plots at 15kHz. On
machines with faster CPUs (such as the 486
or Pentium series), this rate may be higher.
(In the next version of AIRR, I intend to
improve the data collection speed by using
either assembler or DMA.)

You can check the accuracy of the AIRR
calibration in one of several ways. The most
obvious is to feed the sound card with a sine
wave signal of precisely known frequency,
such as that from a test CD or calibrated signal

12 Speaker Builder / 894

generator, and observe the position of the peak
that results in the frequency plot. For this,
AIRR is switched into no pulse and frequency
averaging mode, and the signal sampled.

Note that AIRR must be in the frequency
averaging mode, since averaging in the time
domain would result in a uniformly flat sig-
nal. This is because there is no oscilloscope-
like triggering employed on the input signal,
so each sample would tend to begin at a dif-
ferent position on the waveform. To demon-
strate this method, Fig. I shows the result of
frequency averaging the sound picked up
from continuous playing of four sine wave
tracks of different frequency from a test CD
(the AIRR screen grabs have been converted
from color to black and white for the pur-
pose of including them in this article).

AIRR DISPLAY FEATURES

The screen is divided into five regions. The
topmost box displays the title, which may be
altered if desired. Beneath and to the left is
an I/O box for brief information on the cur-
rent status, and also as an input box when
you're required to enter text or other data.

For example, when specifying the number
of samples over which to average, a prompt
appears in the box showing the minimum and
maximum values allowed as input, together
with the current value. An attempt to enter a
number other than in the cormrect range results
in a message to that effect, and a chance to try
again. To the right of this is a status box
detailing the current running conditions and
showing the sample rate as calculated by the
last calibration pass, the number of
channels/digitizations that are currently being
sampled as a block, and the calculated lower
and upper limits of the amplitude in the time
domain plot. The following line indicates the
mode of operation: room response, amplifier
response, no pulse or artificial feed.

In room mode, the gain being used for the
MIC input on the sound card is shown. [The
AIRR program messages and prompts follow
the standard abbreviation for microphone.
Speaker Builder prefers the alternative style,
mike.—Ed. ] For amplifier mode the gain on
the line input is shown. Then, for the pulse
modes of operation, the width of the pulse
appears, followed by its type (square or
sin(x)/x). Immediately below these two lines
of information is a list of command letters
that may be typed, with a brief description of
the function of each.

Next down the screen is the region devot-
ed to the frequency response plot. Both axes
are plotted on logarithmic scales. The pro-
gram continually adjusts the vertical axis
towards showing the whole spectrum curve
without clipping. For the waterfall plots, the
vertical axis is not shown. Beneath the fre-
quency plot appears the time domain plot.
This shows the amplitude of the sample as a
function of time in milliseconds from the
start of the sample. The x-axis is relabelled
whenever a calibration is performed.

Again, the vertical scale is continually
adjusted so the whole signal appears in the
plot. The positions of the time domain cut
variables are shown as vertical lines and
associated text; positioning the cuts is
achieved by entering new values in the I/O
box after selecting the appropriate option
key. Also shown is the “sample energy,”
which is simply the integrated area beneath
the sample. This is calculated by summing
the absolute value of each digitization and
dividing the result by the data rate; it gives
some measure of the power in the pulse.

PULSE GENERATION & COLLECTION

A single pulse of minimal width is generated
by sending a nonzero byte to the DAC on the
sound board, immediately followed by a
zero byte. This causes the analog signal level
at the DAC output to go high, then low,
reproducing a pulse of width typically in the
region of 50ms, corresponding to a first pole
in the frequency domain at 20kHz. The pulse
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TABLE 1

FUNCTIONS (AND ASSOCIATED KEYS) SUPPORTED BY AIRR

TABLE 1
FUNCTIONS (AND ASSOCIATED KEYS) SUPPORTED BY AIRR
Description Key Input Required
Set the number of samples over which to average A Integer
Toggle between measuring signals from MIC or line-in socket a None
Freeze the display. and stop sampling until a key is pressed B None
Calibrate the AIRR data collection rate C None
Write current response data to disk D Name of file to store ASCII data
Toggle automatic or fixed scale in the frequency domain plot F None
With pulse generation, check what a perfect component would f None
produce as a frequency response
Show this table H None
Select help on a key h None
Specify upper and lower limits on the vertical axis of the frequency | 1 Upper and lower limits in dB
domain plot
Toggle between averaging the time or frequency domains J None
Load response data from disk L Name of file with data
Set the level of the on-board amplifier for MIC or line inputs M Level from 0 to 255
Plot the screen into a .PCX file P Name of file to contain PCX data
Specify the width of pulses to send. Also used to change pulse type | p Square pulse width (+ve values) or Sin(x)¥/x
pulse width (-ve values)
| Quit AIRR Q None
Toggle pulse generation on or off R None
Toggle the subtraction of the previously measured frequency s None
response from the current response on or off
Set the sample length s Power of 2 in the range 4 to 12 (giving sample
lengths from 16 t0 4,096)
Change the title T New title
Show the AIRR version number v None
Specify the cut points in the time domain plot w Upper and lower cut point positions, in milliseconds
Toggle the waterfall plot off and on w None
Select the number of FFTs to cover the waterfall plot Z Number in range 2 to 100
Select the time duration of the waterfall plot z Time in milliseconds

begins its journey through the electronic
components on the sound card, and then into
the attached audio components under test.

Two possibilities exist: either the compo-
nent under test is a loudspeaker and associated
amplifier, or it is the amplifier itself. In the
former case, the pulse travels through the
amplifier circuitry, is reproduced as sound by
the loudspeaker system, and then converted
back to an electrical signal by the microphone,
and fed back into the sound card via the line-
in socket. Figure 2 shows the standard setup
for connecting the various components.

SIGNAL PROCESSING

The pulse that is picked up by the sound card
is digitized into a series of 8-bit voltage lev-
els. (The 8-bit mode is used in the current
version for simplicity; my next version will
benefit from 16-bit mode, although the
increase in the resolution on the magnitude
of the signal that this affords will not signifi-
cantly affect the results.)

As already mentioned, the number of digi-
tizations that are taken of the incoming signal
and the rate at which they are gathered deter-
mine the lowest and highest frequency com-
ponents that may be resolved. For example, if
the sample rate is 20,000 digitizations per sec-
ond, and 1,024 are taken, then we have a
“window” on the arriving pulse that is about
1720 of a second long, and so we can in prin-
ciple resolve frequencies down to 40Hz.

In AIRR, you may select the number of
digitizations that are taken to make up the
window on the incoming pulse, with the
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restriction that this number is a power of two.
This limitation simply arises from the number
of data points that may be passed as a sample
to the FFT. By default, AIRR uses blocks of
512, but offers a choice ranging between 16 to
4,096 in powers of two. The smaller the num-
ber of data points in the window, the quicker
the data is collected, and the faster the tum-
around occurs. Larger sample sizes afford
lower frequency measurements.

Each sample block of N digitizations is
passed through the FFT, which decomposes
it into a set of amplitudes in N/2 bins of fre-
quency. “Cuts” may be placed on the incom-
ing signal, so that effectively only a portion
of it is transformed. The amplitudes of the
signal outside the cut limits are set to the qui-
escent value. By default, the cut lines are at
T=0.0 and T=(Sample Length)/(Sample
Rate), so the whole sample is within the cut.

Figure 3 shows the AIRR results for a
signal arriving at the microphone input. Just
before the pulse, an excursion from the qui-
escent level of the signal can be observed.
This is due to crosstalk between the ADC
and DAC signal paths on the sound card: it is
the pickup of the outgoing pulse generated
by the ADC, and is an ideal candidate for
cutting with the cut lines. In this case you
might specify a lower cut position at 1.0ms.

The upper cut line is for excluding the part
of the sample starting from the first of the
small pulses (such as wall reflections) that
appear at the microphone. Making this upper
cut allows AIRR to measure the anechoic
response of the components under test.
Without the upper cut, AIRR measures the so-
called “in-room” response.

WATERFALLS

The waterfall plot is useful for observing the
spectral response of the system under test as
a function of time. It can show unwanted
acoustic resonances in loudspeaker cabinets,
for example. The waterfall plot is generated
by taking the FFT of the whole time domain
sample, then the whole sample after AT sec-
onds have elapsed, then after twice AT sec-
onds, and so on. Then the set of FFTs is plot-
ted on a pseudo-3D plot with time along the
z-axis. Waterfall plots have already been
covered in SB (Bill Waslo, “Letters,” reply
to P.P.N Thompson, SB 1/94, p. 66).

AIRR offers a waterfall plot option that
lets you specify the length of time the z-
axis should span and the corresponding
number of FFTs that should be taken over
this time. The time is counted from the
lower cut position, or zero, whichever is
larger. The program defaults to plot 30
FFTs evenly spaced over Sms. Figure 4
shows the waterfall plot generated by
AIRR for a loudspeaker system.

The disadvantage of the waterfall plot is
the time it takes to calculate and display.
Normally, you will only invoke the waterfall
plot option once a satisfactory standard
response plot has been obtained by averag-
ing over many sound samples.
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SOUND PERFORMANCE.

Brought to You by Speaker Materials of DuPont KAPTON"®.
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high stiffness-to-
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speaker materials.
VOICE COILS OFKAPTON  \/gice coils of

KAPTON are non-conductive and non-mag-

netic, with a broader frequency response
than aluminum in both high and low

weight ratio — bet-

ranges. No matter
where it's found in
the speaker, KAPTON
enhances acoustical
performance.

And unlike aluminum and
spiDEs oFkapToN  paper, KAPTON resists heat
damage to glue joints. It stays cool and
dry when the power, heat and humidity
are turned up. So not only do

your speakers generate

better sound — even under

environmental extremes —

they last longer, too. T

Available as flat film for voice coils or as
precision-formed spiders, cones, sur-
rounds and domes, KAPTON is extremely
lightweight and stiff. And it won't dent,

tear or crease, for added durability and
easier speaker manufacturing.

Sound Good?

Want to hear more about how KAPTON
can improve the
acoustics and dura-
bility of speakers
you design? Just
call 1-800-356-6714.
We'll put you in touch
with our applications engineers. We'll
also send you sample film and technical
information on designing speakers
using KAPTON parts. We're sure that
once you evaluate DuPont KAPTON

for yourself, you'll be impressed with
its sound performance.
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SUBTRACTING RESPONSE PLOTS

When measuring loudspeaker response, it is
important to understand the extent the signal
is being distorted before arriving at the loud-
speaker. To do this, you need to measure the
response of the system up to, but not includ-
ing, the loudspeaker. Then you subtract that
response curve from the response curve
obtained for the whole system, loudspeaker
included. This leaves the desired curve
(which, however, is still affected by any non-
linear response due to the microphone).

The current response curve being mea-
sured can be adjusted in this way in AIRR. To
correct for amplifier response, you first mea-
sure the amplifier response using the *‘line-in”
source, then swap to measuring the response
using the microphone, and then select the sub-
traction option, *‘S.” Figure 5 shows the result
of subtracting an amplifier response curve
from the loudspeaker curve in this way.

STORING SPECTRA ON DISK

Frequency response data may be stored on
disk as ASCII text, which can then either be
read back into AIRR at a later date or
imported into another tool such as a spread-
sheet. When a saved response curve is read
back into AIRR, it appears in gray on the
same axes as the current frequency response
plot, so you can easily see the difference. If
the data has been stored in the file at a differ-
ent resolution (sample length) than currently
in use, then the program performs either
interpolation between existing data points or
removal of excess data points.

The restored data may be subtracted from
the current data if desired. This is useful, for
example, if you have a set of data points that
describe the response of the microphone
being used. By keeping the data in a file you
can, while measuring a loudspeaker response
curve, load the microphone response and
then subtract it from the curve.

MODIFYING PULSE SHAPE

The program offers a choice of two kinds of
pulse—square or following sin(x)/x behav-
ior. AIRR’s default is a square-wave pulse of
the shortest possible duration, in this case,
the time to send the DAC high then low with
two sequential high-level language instruc-
tions at maximum speed. In practice, this
works out to be slightly faster than reading a
sample (which also requires two sequential
instructions, but to the ADC instead).
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FIGURE 6: Frequency response for a loudspeaker system as measured using the micro-
phone supplied with the SoundBlaster board.
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FIGURE 7: The response as measured using the Yamaha MM-110 microphone, for the same

loudspeaker system.

Measurements indicate that the pulse dura-
tion obtained in this way is around two-thirds
of the duration to read one ADC digitizing.
To increase the width of the pulse sent by
AIRR, press “p,” then enter a number, N,
which is used as a multiplier. The effect is to
send the DAC to a preset level, the same level
to the DAC N-1 times, then a zero level.

If you are unsure what the response of a
distortion-free audio component would be to
a wide pulse of this sort, then you can see by
requesting AIRR to “‘send” the pulse directly
to the FFT. This is achieved using “F” for
artificial feed. As the width of the pulse sent
increases, the first pole of the frequency
response decreases in frequency. By experi-
menting with pulses of various widths, you
will observe that the shape of the frequency
response curve is that of sin(x)/x.

For pulse widths equal to the sample
length itself, the sin(x)/x curve is very appar-
ent. It turns out that the inverse FFT of a
sin(x)/x signal is just a band-limited flat
spectrum. This is the result of sin(x)/x
pulses in telephony, where guaranteed band-
width of digital signals is crucial.

AIRR’s sin(x)/x pulse form causes a suit-
able set of levels to be sent to the DAC on
the card. Due to the way the current version
of AIRR works, and as with wide square
pulses, the time for the first DAC-generated
voltage excursion to travel through the sys-
tem and be picked up by the ADC must be
greater than the time to send the whole pulse
shape to the DAC. Otherwise, the digitiza-

tion of the signal will start too late to pick up
the pulse start. This can be avoided by suit-
ably reducing the width of the pulse.

MICROPHONE ISSUES

Microphone response clearly plays a crucial
role in the accuracy of the spectra obtained
using AIRR. A poor microphone (one with an
uneven response over the range of frequencies
to be measured) is useless for making mea-
surements. You usually end up measuring the
response curve of the microphone itself! The
microphone packaged with my SoundBlaster
board bears the inscription “CT329” and, just
beneath, “Impedance 600€2.” No other docu-
mentation accompanied it.

Using a microphone of accurately known
characteristics, such as the Mitey Mike, is
clearly more advantageous. In this case,
every spectrum obtained with AIRR using
the Mitey Mike could be corrected on a
point-by-point basis using a software lookup
table. The best solution would, of course, be
to measure the response of the microphone
directly, using AIRR. I confess to having no
idea how this might be achieved.

My Yamaha EQ-500 graphic equalizer
came with a microphone for measuring and
correcting in-room response (using a pink

This program is available as SOF-AIR1B36 for
$49.95 plus $3 shipping in the USA from Old
Colony Sound Lab, PO Box 243, Dept. B4,
Peterborough, NH 03458,
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noise generator). This microphone appears to
be of good quality and is labelled “Electret
Condenser Microphone MM-110.” It is
powered by a single AA-size battery. By
using it instead of the SoundBlaster micro-
phone to make some comparative measure-
ments of a loudspeaker, I obtained the spec-
tra shown in Figs. 6 and 7. (These spectra
were for frequency averaged pink noise.) As
you can see, there are significant differences!

ELECTRONICS QUALITY
Apart from the microphone, another aspect of
the AIRR system which might introduce non-
linearities into the measurements is the quality
of the electronics on the sound card itself. The
frequency response of the on-board amplifiers,
mixers, DAC, and ADC are all important.
Without professional-grade equipment to
measure the response, I looked up a recent
review of 24 sound cards published in PC
magazine.! The review lists the recording and
playback frequency response of each card.
Both of the Creative Labs SoundBlaster
cards showed a frequency response flat to
within 1dB from 100Hz up to 20kHz. Signal-
to-noise (S/N) ratios were in the region of
70dB, and total harmonic distortion (THD)
around 0.75%. Incidentally, one of the
SoundBlaster cards (Basic Edition) was
awarded Editor’s Choice.

CONCLUSION

The latest generation of sound cards for the
PC offers you a sophisticated tool with which
to develop audio signal processing software.
The AIRR program profits from the pro-
gramming interface to a SoundBlaster card
by implementing a spectral analysis function
with fast Fourier transforms.

The current version of AIRR supports
many functions (Table 1), but the scope for
improvement to the initial design of AIRR is
considerable. My “to-do” list includes opti-
mizing the execution speed, using DMA
transfers rather than direct access com-
mands, including phase response plots, and
implementing a choice between the existing
square and sin(x)/x pulses, MLS (a la IMP)
and pink and white noise as the stimuli.

[Although Creative Labs’ SoundBlaster
card is popular, in its minimal forms it sup-
ports only a single brand of CD-ROM drive,
its own. If you own a popular brand of CD-
ROM, you will need to keep its interface card
in your computer, in addition to the
SoundBlaster card. If you buy SoundBlaster’s
more expensive “multi-CD" card, you can
save a computer slot. MediaVision’s 16-bit
card is SoundBlaster-compatible—Ed.] %
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RESURRECTING A PAIR OF
AR2AXs

By Hilary Paprocki

gave me one, I'd sell it today. The incre-
ental value at those price levels is
meaningless, compared to what you could
do with the money. You could fly a plane.
You could knock down a slum building and
plant trees. You could bum the world for a
year. If it's a car I need, show me an early
Pinto with a 350 engine and we can talk.
With this kind of attitude, you can imagine
that I get a kick out of finding old speakers at
garage sales and determining what kind of
performance can be squeezed from them.
Last summer’s big find was a usable table
saw and a pair of Acoustic Research 2ax
speakers, all for $75.

l wouldn’t want a Porsche. Honest. If you

A HIP COMPANY

Younger readers should know about Acoustic
Research. The company gets credit for invent-
ing and commercializing sealed-box loud-
speaker systems at the beginning of the ’50s.
At that time, a normal hi-fi speaker occupied
about a cubic yard or more. And even at that
size, the bass didn’t really go very low. When
the tiny AR-1 woofer system was introduced,
at about 1.5 ft3, it changed the world.

AR was one of the first successful compa-
nies in hi-fi history to fine-tune their products
primarily by ear. This caused their products
to stand out from the norm in all kinds of
ways. When everyone else was using elec-
trolytic capacitors in their crossovers, AR
used special film caps. The midrange driver’s
low-pass filter was a slice of fiberglass wool
in front of the cone. The company provided
extra wire terminals for biamplifying.

When other companies advertised
frequency-response curves, AR was holding
live-versus-recorded demonstrations. We're
talking 40 years ago here. AR was a very,
very hip company, and led to what we
now call the high-end in methods and
philosophies.

HI-FI HOT ROD

As a result of my restoration project, the
AR2ax speakers are making very acceptable
sounds in my bedroom right now. If you
enjoy building hi-fi hot rods, these classic
speakers make a fine project. In case you
encounter a pair of boxes you’d like to play
with, I'd like to share with you some of my

20 Speaker Builder / 894

PHOTO 1: One of the treasures the author
uncovered on the garage sale circuit last
year was this AR2ax speaker.

observations during the restoration, in a list,
in no particular order.

1. The woofers had foam suspensions, and
as you can imagine, the 25-year-old foam was
crumbling. The drivers can be refoamed,
which means that the suspensions can be
replaced. Pro-Cone in Rochester (716-328-
9770) did an amazing job with mine. You
can’t tell that the speakers aren’t brand new.

2. My pair included one blown tweeter,
but what seems like a blown tweeter in yours
might just be a bad level control. The AR2ax
has controls on both the tweeter and midrange
drivers. The control contacts often corrode.
Use the remaining good controls to find the
right tonal balance, measure the resistances
among the three pot terminals, and replace the
controls with good SW fixed resistors.

While you're soldering, notice that when
you replace the tweeter and midrange level
pots with resistors, you end up with one resis-
tor across each driver, and then one resistor in
series with that combination, going to the
input terminals. There's no reason not to
locate these resistors up by the drivers. That
way, when you perform final tuning, you
don’t need to repeatedly haul all that fiber-
glass in and out of the cabinets. Just pop out

PHOTO 2: The speaker back panel showing
the biwiring and the “minimum-effort, mini-
mum-intrusion” braces.

the midrange or tweeter, and its level-control
resistors will be right there (Fig. I).

Of course, if you don’t mind the exposed
clutter, you can just build the crossovers out-
side the box. There are sonic advantages to
doing it this way. Some crossover compo-
nents are microphonic and really shouldn’t
be in the box.

3. If your blown tweeter really is, then
you'll need to perform a quick repair. The
old capacitors may short or change value. If
this allows low frequencies into the tweeters,
they’ll pop. To be safe, replace the original
capacitors with good Mylar® (or fancier)
new ones. I used Mylar with 0.1uF poly-
propylene bypasses in parallel, because
that’s what I had lying around.

4. And while you’re at that, you can give
the speaker a faster, more agile, more detailed
sound by lowering the woofer/midrange
crossover frequency just a tiny bit. What was
good sound according to ’50s’ standards is
considered sluggish and slow today.

Add 1pF to the original 6uF midrange
capacitor value, and five turns of wire to the
woofer’s crossover inductor coil. It’s easy to
do, even with the coil inside the box. Just use
some 18GA enameled wire. Feed the AR
inductor wire (the end that went to the
woofer) back through the hole in the flange of
the bobbin so it’s free, and solder on a length
of new wire. As you add the five turns, pull
the wire so that it is good and tight and bring
the new wire through the flange hole and up
so you can solder it right to the woofer termi-
nal (Fig. 2). This will decrease your midrange
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FIGURE t1: Schematic of the author's speaker
system, after replacing the pots.

driver’s power handling capacity, but unless
you routinely blow speakers, don’t worry
about it. Mine are still fine.

Incidentally, it’s amazing how sensitive
this adjustment is. Only three tums add a
woofy boom to many recorded voices (espe-
cially Louis Prima, and you certainly don’t
want to shorichange him). At six turns you
begin to move toward an artificially detailed
hi-fi-microscope sound. If you’re dealing
with these kinds of sonic qualities in your
homemade system, try tinkering with tum
counts on the woofer inductor.

For reference, I made these observations
with a quad-regulated Dynaco Stereo 70
amplifier with a mostly stock circuit and GE
6CA7s. 1 know they’re not hip tubes, but I
was going for durability.

5. 1 bought a new AR tweeter to replace
the blown one in my pair. It cost a million
dollars, and the remaining old one failed
soon after. Maybe the tweeters deteriorate
over time too. Maybe you should consider
buying new modern tweeters from one of the
Speaker Builder advertisers.

I sent letters to several of them asking
what would be a good replacement for the
tweeters in this particular three-way speaker.
One company sent a scrawl that I couldn’t
read. Another company sent a stack of pho-
tocopied pages that must have cost a fortune,
but didn’t recommend any of the products
described. Another company recommended
a midrange driver. I recommend you don’t
bother asking. Just find out what one of the
similar good commercial systems uses, and
get those.

6. You will use solder joints instead of
slip-on terminals for all the drivers and com-
ponents, won’t you? Use nice wire inside the
boxes, too, such as the solid 18GA pure cop-
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FIGURE 2: The AR woofer inductor.
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per hookup wire at Radio Shack or the
enameled stuff you bought for the crossover.

7. Notice also that the high-frequency and
midrange speakers are out of phase with the
woofer as the speaker was originally built.
That did produce a nice simulated depth in
the sound, but if you switch them around so
they’re back in phase, you can achieve sur-
prisingly accurate instrumental tones.

8. Of course, you may wish to experi-
ment with this. Since you won’t be using the
level controls, you now have more than
enough holes in the terminal board to mount
two pairs of binding posts—one pair for the
woofer and one isolated pair for the mid-
tweet bank. This lets you switch around
the mid-high phase relative to the woofer,
plus you can now use separate amplifier
cables for the woofer and the mid-tweet,
individually chosen for their respective rele-
vant qualities.

9. I'm using some old Monster Cable for
the woofer and two runs of Belden 1242A
telephone wire (one four-wire cable hot, one
four-wire cable common) for the uppers,
crimped together into one pair of spade lugs
where they meet the amp.

Imagine a fancy speaker cable consisting
of eight strands of 99.9999% pure copper,
each strand individually insulated in a spe-
cial low-dielectric absorption polyethylene
material. Sound like nine bucks a foot?
Spend nine cents and get 1242A.

10. Don’t forget to put a little epoxy on
the terminal posts when you mount them on
the terminal plate to keep them from spin-
ning when you tighten the speaker cable
ends onto them.

11. And while you're in there, why not
brace the cabinet? I used two 3/8" x 1” ribs
across the baffle inside, glued on edge
between the woofer and the mid-tweet holes.
Cutting another baffle board to double-thick
the original is even better, if you’re not going
to use the grilles. The heavier the baffle the
better. On the back, I added two 3" x 34" fir
ribs flat to the outside. With beveled ends,
they aren’t visible from the front. Don’t stuff
the box full of wood; you need air in there
(Fig. 3).

12. The blue temporary gasket silicon
sold by the auto parts store (Permatex or
Prime Seal) makes a great sealer for the dri-
vers when you mount them to the baffle.

13. This is wacky, but it works: buy some
rubber cement and a bag of cotton balls at
your local drugstore. Arrange the cotton
balls in a circle on the tweeter and midrange

©
©

mounting plates and rubber-cement the balls
in place. This prevents uncontrolled diffrac-
tion and does wonders for the focus and
smoothness of your sound. They’ll come off
easily if you don’t like them (Fig. 4).

14. The cabinet finish should not be a big
deal, unless you found a pair in fabulous
*50s limed oak. If that’s the case, preserve
them as well as you can. I suggest you avoid
silicone polishes, which in the long term can
have regrettable effects.

If your boxes are the usual oiled walnut,
sand 'em down with 120, then 220, in a sand-
ing block. If some scratches remain, ignore
them. Qil the veneer with linseed oil, thinned
with turpentine, on a pad of fine steel wool.
The old-timers suggest that you oil wood
every day for a week, every week for a
month, and every month for a year. Just make
sure the oil is well-thinned, and keep the steel
wool hairs way away from the drivers.

15. Concrete blocks are okay for stands,
but fix them so they don’t rock. A cheap
masonry bit will zoom right through a cin-
derblock, allowing you to install plastic
anchors and lag screws to act as feet—three
top and three bottom (tripods, as you know,
don’t rock). Watch out for scratching your
wood, though. You could use the holes to
install unfinished wood drawer knobs, which
work fine and won’t mar hard floors. )

Added
Braces

FIGURE 3: Bracing the inside and back of the
cabinet.

COTTON BALLS

FIGURE 4: According to the author, adding
cotton balls to the tweeter and midrange can
improve the sound of your system.
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ROUND THE HORN

ogether with higher efficiency and
I far-field propagation qualities, a
homn’s generally higher output capa-
bility allows it to still play a role in studio
monitoring. The debate about homs versus
direct radiators for such purposes has contin-
ued for decades. Few homs have been devel-
oped solely for studio use, thus most studio
systems using homs have “borrowed” tech-
nology from the worlds of cinema, sound
reinforcement, and public address.

At the Institute of Sound and Vibration
Research [ISVR] at Southampton Univer-
sity, England, Keith Holland engaged in a
five-year study to discover whether there
was further potential for the studio use of
midrange horns. One of the main objectives
was to determine whether some of their less
favorable characteristics were a function of
horns per se or were inherited as aspects of
the borrowed nature of the technology.

This article discusses the find-
ings of the above research pro-

By Philip Newell and Keith Holland

good practice. Indeed in many of these
instances, no viable alternative exists, since
some requirements, such as high electroa-
coustic efficiency and flexibility of directivi-
ty control, are only easily achieved by homs.
Changes in music recording techniques
have resulted in a tendency towards larger
control rooms.

Concurrently, control room acoustic-
design philosophy tends towards lower
reverberation times, and, in many, true rever-
beration does not exist at all. In these rela-
tively large and acoustically “dead” control
rooms, a borderline case has been reached
between studio monitor systems and small
public address/sound reinforcement systems.
Numerous designers have attempted to
develop direct-radiator technology to meet
these needs, but the many fine existing sys-
tems usually require very high amplifier
power, and live much of their working lives

close to their power-handling performance
limits.

On the other hand, systems using horn-
loaded midrange systems, even in very large
control rooms of 60m? or more, are rarely
driven much beyond 20% of their design
power-handling capacity. So they exhibit a
long and stable working life, together with
lower amplifier power requirements and a
good reserve of damage tolerance. Another
desirable attribute of horn loudspeakers is
their tendency to produce an output in the
form of a spherical expanding wave, free of
many of the lobing problems of the pistoni-
cally derived output from direct radiators.

No one type of drive system claims over-
all superiority here, since many subjective
aspects of performance differ greatly from
one listener to another. However, if some of
the negative attributes of one system can be
detected, isolated, and ultimately circum-
vented, then it will provide
designers of future systems with

gram, details aspects of hom per- 2
formance considered undesirable
for studio purposes, and separates
the individual physical parame-
ters of horn design which give
rise to many unwanted acoustic
properties. The conclusion at-
tempts to define the limits of hom
performance within which the

more options in their quest for
optimum design requirements.

TEST PROGRAM

The basis of the research work
was to find links between mea-
surable characteristics of horn
performance and perceived sub-
jective sonic characteristics. To

greatest number of unpleasant
sonic attributes can be eliminated.
The work was based on physical
and mathematical analysis of the
problems, closely related to a rig-
orous series of listening tests.

WHAT HORNS DO

Horn use for public address and
cinema loudspeaker applications
is almost universally accepted as

This article first appeared in
Studio Sound, March 1994,
pp. 59-70, and is reprinted
here with kind permission
from Spotlight Publications,
London.
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FIGURE 1A: Quad Electrostatic—
original type.
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FIGURE 1B: Son Audax PR17-

HR100-1AK7 cone midrange driver.
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FIGURE 1C: Fostex H351-HA21
hom with Emilar compression driver.
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FIGURE 1D: High-frequency sec-

tion of Tannoy 15" dual concentric.

reduce some of the tedium and
general impracticability of first
manufacturing, then setting up
experiments to measure each
interesting development sug-
gested by the research, a one-
parameter computer analysis
technique was developed, then
rigorously tested against actual
measurements of real horns.
This technique has already been
published,!-2 together with the
development of an acoustic
impedance tube measurement
system,3 which made practical
the rapid measurements for
the physical/numerical cross
correlations.

An extensive program of lis-
tening tests was carried out over



a six-month period in the large
anechoic chamber of the ISVR,
and again, a general outline of
this procedure has been pub-
lished.# Measurements of nonlin-
earities, both in the homn flares
themselves and in the hom/driver
combinations, were cross-refer-
enced with the results of the lis-
tening tests, and a finite ampli-
tude model was developed to
predict nonlinearities in different
flare shapes.56 Cepstral analysis
was undertaken to isolate the dif-
ferent hons’ discrete reflection
patterns not easily discemible
from conventional measurement
techniques.”

Holland compiled the research
project into a thesis, for which he
received his PhD at Southampton
University in December 1992.8
Since the individual aspects of
the research are so well-docu-
mented in the references above,
this article concentrates on the
less widely promulgated aspects
of the conclusions.

FOUR GROUPS

The listening tests involved over
7,000 comparisons of 20 differ-
ent drive units and nine different
sounds. The drive units consisted
of homs of many different flare
shapes, moving coil direct radia-
tors, and an electrostatic. The
nine sounds were essentially
nonmusical, but contained differ-
ent combinations of transient and
steady-state or tonal content.
They were band-limited I-6kHz
on playback, to avoid problems
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FIGURE 2A: Metal horn with
Emilar EK175 compression driver.
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FIGURE 2B: JBL 2105 cone
driver.
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FIGURE 2C: JBL 2121 cone driver.
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FIGURE 2D: AX1 axisymmetric
horn with EK175 driver.
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FIGURE 2E: Reflexion Arts horn
with EK175 driver.
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FIGURE 2F: Son Audax PR17-
HR100-1AK7 cone midrange driver.

pled to what were effectively
large semicircular lips with a
horizontal flare of 140°. The
horn produced undesirable throat
impedance plots, suggesting an
uneven pressure amplitude
response when connected to a
driver. Yet, in auditioning before
the tests began, the horn was
generally considered “musical,”
pleasant to listen to, and most
definitely not homnlike.

Among the short horns,
350mm or less, two failed to
group with the direct radiator.
One was the AX2, specifically
designed for the tests as a result
of the “seminumerical” one-
parameter modeling and infor-
mation gleaned from the use of
the impedance tube. The hom
was 180mm from throat to
mouth and possessed a rapid
flare which prior analysis had
suggested as a requirement for a
desirably smooth mouth termi-
nation, avoiding any sudden
cross-sectional changes where
the mouth meets the baffle. The
hom showed an overall similari-
ty to the Tannoy dual concentric,
which was also a short, axisym-
metric horn.

The third nongrouping hom
was a Yamaha aluminum sec-
toral homn, which was a *“border-
line” 300mm in length. Not sur-
prisingly, this horn straddled
groups B and C in Fig. I, but
also gave many results dissimilar
to any of the archetypes. Only on
four of the nine sounds did it
clearly group with B or C.

solely due to horn cutoff or other
out-of-band anomalies.

It was hoped that the different
combinations would help to isolate any
*homn sound” which the units may possess.
The initial question was whether all the
homs would group together, either on some
of the sounds or on all of them. After the
results had been numerically, statistically,
and “common sense” analyzed, there were
groupings, but not in ways which had been
anticipated.

Of the four reference “archetypes” to
which other samples were compared, two
were direct radiators and two were horns.
The direct radiators included a Quad
Electrostatic (Fig. 1A) and a Son Audax 6%2"
moving coil unit (B). The two horn arche-
types were a Fostex H351/HA2] long
(490mm) sectoral horn driven by an Emilar
EK175 drive unit (C) and the “high” fre-
quency section of a Tannoy 15" dual concen-

tric, with the bass cone forming the high-fre-
quency homn flare (D).

FINDINGS

In general, the homns with a throat-to-mouth
distance of more than about 350mm were
deemed to sound like the Fostex horn,
while the homs with a throat-to-mouth dis-
tance of less than 350mm were generally
judged to sound like the Son Audax direct
radiator cone. Within each of the long/short
groups, however, there were some odd
exceptions.

One of the “long” horns was a Fostex
wooden-flared sectoral horn, measuring
440mm from throat to mouth. Possibly more
than any other horn, this one sounded like
the Son Audax direct radiator cone. It con-
sisted of a very short “throat extension,” cou-

NONLINEAR DISTORTION

The first attempts to explain
these anomalies—and the “break” at 300mm
to 350mm—focused on nonlinear distor-
tions. Much has been presented on the sub-
ject of horn distortion, to the extent that
some circles believe that harmonic distortion
makes many horns sound hard and unpleas-
ant. Three predominating sources of this har-
monic distortion exist:

1. electromechanical limitations of the
drive unit, including thermal power com-
pression effects, suspension nonlinearities,
and magnet/gap problems;

2. nonlinearity produced as a function of
the volumetric changes between the
diaphragm and the phase plug on positive
and negative half-cycles;

3. distortion produced by nonlinear propa-
gation within the hom itself, which can, at
very high levels, lead to shock formation.?
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2 2 TABLE 1
MEASURED HARMONIC DISTORTION LEVELS OF DRIVERS
UNDER TEST
1
1 P(3m) = 75dB SPL
LS. f(H2) Input (v) 2nd 3rd 4th 5th
d” K 204 | 5 | 60 | 6 |
”" Quab | 28k | s 62 | 49 ) i
o I ..... Mth...... " | sk__| 35 6 | 1 . .
0 2 < s ollh .l [N 1K 1.01 59 54 58 -
Time (s) 9 : . s |AUDAX | 28K | 075 $1 £0 . s
FIGURE 2G: Reflexion Arts horn Time (ms) ?ﬁ gg‘ gg \;’g - :
\(/)v'!ft.h EK175 driver with lips sawed Eg#RE 2H: AX2 axisymmetric | o 28K 0.18 38 27 46 38
! 5K 0.19 47 -31 -59 -
2 2 1K 0.24 61 £6 - -
EMILAR 2.8K 0.17 -58 -13 -70 -
5K 0.3 47 -57 - -
P(3m) = 85dB SPL
LS. f(H2) Input (v) 2nd 3rd 4th 5th
t 1 QUAD 1K 6.02 57 57 40 -
l 1K 38 54 49 -78 7
AUDAX 28K 1.7 -57 -57 - -
I | 5K 25 47 7 - -
1K 0. 4 -
0 I |,h|“| ||m||lllll-h.:lcllluu--l-n---~-m-- 0 I "I“I"l..llollllIl.lmlllllln|.|d'|l«|llu.nm.... JBL 28K 0.21 -4§ :gg jg 539
0 2 4 6 0 2 4 6 5K 0.54 41 -37 61 -
Time (ms) Time (ms) 1K 073 -50 55 -76 .
FIGURE 2I: Yamaha horn with  FIGURE 2J: Fostex H320 wooden | EMILAR | 28K | 044 -49 €5 73 :
EK175 driver. radial hor with EK175 driver. 5K 0.87 -38 - 71 -
2 2 P(3m) = 95dB SPL
LS. f(Hz) Input (v) 2nd 3rd 4th 5th
1K 10.1 -50 44 -19 £9
AUDAX 28K 57 49 49 - -
5K 7.7 -37 -57 - -
1 1 1K 20 41 49 -55 -53
JBL 28K 15 -35 -53 67 -53
5K 21 29 -55 - -
1K 245 40 -53 -68 59
dﬂm | mhﬂ ’"I EMILAR | 28K | 14 40 55 61 £3
O [ WHUBJATR, o ottt | o [HT—— K1 29 [ B8 | 8| 0N :
e : 4 s ) 2 4 3 .
Time (ms) Time (ms) P(3m) = 105dB SPL
FIGURE 2K: JBL 2307-2308 LS. | MMy |inpully) | 2nd | 3d | dth | St
hom/slaqt plate combination with  FIGURE 2L: Altec sectoral horn JBL ;’;K zs g? j; gg g;
EK175 driver. with EK175 driver. 5K 71 19 a7 50 "
1K 105 -28 -32 45 55
To test the less well-documented third tical choice for fur- | =k g:K g; gg gg .gz =8
cause, a finite amplitude model was devised ther study on other
for computer prediction. Most standard hom  horns.
equations are calculated on the basis of infin-
itesimal wave amplitude, but in reality, MEASUREMENTS model, it was possible to attribute the distor-

usable sound waves have finite amplitudes.
Superimposed on the initial sound waves are
reflections from the mouth and obstructions
within certain horns, plus complications due
to phase dispersion within the hom flare.

The model proved highly successful and
gave good correlation with measured results,
which used a Community M4 as a signal
source (capable of producing signals with
less than 1% harmonic distortion, even at
150dB). The complicated and unwieldy test
setup required two specially treated adjoin-
ing rooms, so once adequate verification of
the computer model had been achieved, the
computer model was certainly the most prac-
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The measured results (Table 1)—comparing
harmonic distortion levels of a direct radia-
ting cone, an electrostatic, and two homn
loudspeakers, all used in the listening tests—
show that at low levels (below 90dB) at 3m,
there is no significant difference in distortion
levels of the different devices. At very high
levels, e.g., >110dB, very few drivers can
produce such continuous sine wave levels,
so comparison is not really relevant.
Furthermore, certain audiological reasons
also reduce the relevance of very high-level
measurements in a studio environment.
From the above measurements and the
computer analysis of the finite amplitude

tions to one of the three main causes previ-
ously mentioned. Much second harmonic
distortion can be attributed to propagation
nonlinearities, with most higher-order har-
monics being driver-related. None of this,
however, falls into any sort of pattern when
cross-correlated with the similarities and
groupings in the listening tests.

Indeed, whichever ways the results were
dissected and analyzed, no link could be
demonstrated between harmonic distortion
and audible similarity. Some units with up to
20dB difference in distortion levels sounded
similar, while others of almost equal distortion
figures sounded totally different. From the
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results of these tests and analyses,
nonlinear distortions were most
emphatically not responsible for
any characteristic horn sound.

AMPLITUDE AND PHASE
Pressure amplitude response (fre-
quency response) was another
prime candidate for producing
sonic similarity or dissimilarity.
After the tests were completed, a
Waveform Spectral Similarity
index was calculated for each
loudspeaker on each sound. This
was derived by calculating the
root-mean-squared error between
the spectra of the original signal
and that radiated by each loud-
speaker.

Comparisons were made for
speaker-to-filter input and speak-
er-to-speaker for each sound. A
reasonably good connection was
achieved here (around 80% simi-
larity) between the calculated
waveform similarity and the lis-
tening tests. Unfortunately, some
results refused to correlate, in a
most glaring way. Usually, when
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PHOTO 1: Discossette Studio 3 in Lisbon, Portugal.

PHOTO 2: The Namouche Studio in Lisbon.
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FIGURE 2M: Altec 806C muilticel-
lular horn with EK175 driver.
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FIGURE 2N: Starr Singing Throat
wooden gramophone horn with
EK175 driver,
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FIGURE 20: Vitavox sectoral
horn with EK175 driver.

0 2 4 6
Time (ms)

FIGURE 2P: JBL 2370 with JBL
2426 driver.

cepstrum was calculated from the
modulus of the measured throat
impedance. In this type of analy-
sis, the frequency-domain repre-
sentation of the throat imped-
ance’s modulus is treated as a
spectrum; the power cepstrum is
then calculated using Fourier
transforms.

Cepstral analysis was first
defined in the mid-1960s to help
separate echoes from “clutter” in
seismic research. The power cep-
strum of a transfer function is the
Fourier transform of the log of
the transfer function’s amplitude.
Each driver’s power cepstrum
was plotted using a y-axis scaled
in nondimensional decibels and
an x-axis plotted in terms of both
time and distance.

Figure 2 shows the power
cepstra of the units used in the
tests. The plots proved to be
very revealing, since they are
very effective in showing reflec-
tions. In a conventional pressure
amplitude plot, a reflection
would appear as a comb-filtering

a sample driver which was

deemed to be sonically similar to

an archetype failed to show a similar pres-
sure amplitude response, then a strong simi-
larity was noted in the phase response. This
has so far not been adequately explained.

Certainly, the agreement between the lis-
tening test results and the comparisons
between the spectra of the reproduced sig-
nals indicates that much of the acoustic simi-
larity was due to the on-axis amplitude fre-
quency response, but clearly, this was not the
sole reason.

For example, a JBL 2370/2426 combina-
tion was very similar in its waveform spec-
tral similarity to the Son Audax cone driver
for all nine of the test signals. Yet in the lis-
tening tests it showed a reasonable similarity
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on only one of the nine sounds. It closely
resembled the Fostex hom on five of the sig-
nals, and was judged similar to none of the
archetypes on the other three signals. The
phase response of the JBL combination was
more similar to the two homs (archetypes C
and D).

CEPSTRAL ANALYSIS

With neither amplitude, phase, nor harmonic
distortions clearly explaining the sonic simi-
larities or otherwise of the different drivers, it
was decided to make further studies in the
time domain. To further identify any reflec-
tions that may be produced at the mouth or
within the flare of a hom, a form of power

effect, but on a complex spec-

trum, this can be difficult to rec-
ognize. On a power cepstrum, however,
reflections exist as single spikes along the
time/distance axis, and can thus readily be
recognized.

In general, the cepstral analysis demon-
strated that the audible similarity groupings
from the listening tests could be described in
terms of the reflection patterns shown in the
power cepstra. The various reflections and
resonances produced in the cone of a direct
radiating loudspeaker can give rise to irregu-
larities in the frequency response function that
are similar to those due to mouth reflections in
short (sub 350mm) horns. This explained the
anomalous behavior of the “long” Fostex
wooden hom in the listening tests.
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e Over 200 speaker models

e Sizes range from 1" tweeters to 18"
massive motor subwoofers

e Parameters and recommended
enclosures available for all woofers

PYLE INDUSTRIES, INC. - 501 CENTER ST.
HUNTINGTON, IN 46750 - (219) 356-1200
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FIGURE 3: Frequency response and phase response of AX2-TD2001 combination on axis, in

room, at 2m.

As previously mentioned, the horn
sounded similar to the direct radiating cone,
but the cepstral analysis showed that the true
horn was the 150mm throat section only,
with the 140° horizontal wooden flare acting
only as waveguide “lips” for directivity con-
trol. The unevenness in the throat imped-
ance was largely due to the abrupt, hom-to-
lip termination at about 150mm from the
driver diaphragm. The horn was conse-
quently reclassified as a 150mm horn with
290mm lips (the shortest horn tested),
explaining the similarity between this hom
and the direct radiators. You should note
that no absolute dividing line exists between
horns and direct radiators, since a direct
radiator can be considered a 180° conical
hom of zero length.

PROBLEMATIC SPEAKERS
The longer homs, even those with relatively
good mouth termination (usually easier to

FIGURE 4: Axisymmetric horn geometry.

as horns by the temporal spacing of the reflec-
tions. Even when the reflections are signifi-
cantly lower in level than those of the short
homs, we recognize the greater separation in
time of these reflections as a hom-like sound.
Cepstral analysis revealed that the two

fied in the listening tests as sounding like
archetypes B or C exhibited only minimal
mouth reflections. The long horn, though
showing some similarity, but not a particu-
larly strong resemblance, to archetype C,
was considered somewhat similar to the
electrostatic (archetype A). The short hom
showed a considerable sonic resemblance to
the Tannoy dual concentric (archetype D).

Both the Tannoy and the Quad
Electrostatic have their roots in 1950s design,
yet are still in daily use in “quality control”
suites. These units had their historic “difficul-
ties” in the low- and high-frequency ends of
their performance, but both had a clear
midrange, suiting them well to quality control
applications. Apart from reasons of inade-
quate (woolly) bass and limitations on maxi-
mum sound pressure level, these loudspeak-
ers also lost favor as studio monitors because
their sound was not representative of other
loudspeakers in general. From the cepstral
analysis the reason for this is clear, but it
poses an interesting philosophical point:
should a monitor loudspeaker be rejected
because it does not possess the midrange
problems inherent in most other production
loudspeakers?

While the electrostatic (archetype A) was
deemed similar to the sample loudspeakers
on a relatively small number of occasions, it
was frequently noted that one of the nine test
signals (a recording of a waterfall, band-lim-
ited 1-6kHz on playback) sounded more
“wet” on A than on any other loudspeaker; a
testament to its reality.

DESIGN IMPLICATIONS

Throughout the tests, we watched for evidence
of the hom’s construction material showing
any patterns in the sonic test results. Other than

achieve in a long horn), are identified hormns—one long and one short—not identi- Continued on page 34
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FIGURE 5: Throat impedance plot of a typical constant-directivity horn (left). Throat impedance of AX2 axisymmetric horn (right).
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CROSSOVER, SPEAKER COMPONENTS

FAST CAPACITORS

Metallized Polypropylene (Non-Polarized)
Values from 1.0 mfd to 200 mfd.
Voltage Rating: 250 VDC / 150 VAC

SOLEN INDUCTORS

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

Wire sizes from #20 AWG to #10 AWG

HEPTA-LITZ INDUCTORS

Seven Strands Litz-Wire Constructions
Values from .10 mH to 30 mH

Wire sizes from #16 AWG to #12 AWG
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SOLEN CROSSOVERS

Custom Computer Design

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

CROSSOVER, SPEAKER PARTS
Gold Speaker Terminals, Gold Banana Plugs
Gold Binding Posts, Crossover Terminals
Power Resistors, Mylar Capacitors,
Bi-Polar Capacitors, Plastic Grille Fasteners,
8,3 Nylon Ties, Car Speaker Grilles, Speaker Books,
N | 55~ Speaker Kit Brochure, Miscellaneous Parts

SOLEN INC. COMPUTER AIDED DESIGN FOR
Q) nibadl Ave ENCLOSURE AND CROSSOVER

St-Huberl, QC J3Y 7T9 ™ AVAILABLE TO CUSTOMER

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

NEW 1994 CATALOG

Catalog $6.00 refundable.
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AEON 250 VDC 5% FINE CAP

Metallized polypropylene capacitors for loudspeaker passive network.

Another brand of metallized polypropylene capacitors ? Well, not ex-
actly ... At Orca we have been thinking for a while about how to make
polypro caps more affordable for a larger number of speaker builders,
people who use caps only for speaker passive X-over network. We thought
that it would be tremendous if we could offer a line of polypro caps that would
be so affordable that people would have no reason to use cheap mylar, as they would
be able to get for not much more money a much much better cap. As you know, even
extremely powerful solid state amps (we are talking KW here) can barely produce rail voltage
higher than 60 V. So it is safe to assume that a 100 VDC cap would be a pretty robust cap to use in a passive
loudspeaker network. So to be really safe, we decided to make all the AXON cap of our FINE CAP basic line 250
VDC. Now that’s about where the compromises start and stop. On the other hand for example, you may or may
not know that when a cap value is said to be 10.0 LF with 5% precision, it means that the manufacturer of caps sets
its winding machine to 9.7 uF and then produces this series with 2% tolerance (not very difficult with numeric
controlled winding machines). The result: the manufacturer saves more than 3% in material, the precision is
respected, but chances are all your caps will measure on the low side ! Orca made the special arrangement that all
the AXON caps were to be wound with 5% precision with the target value set at exactly the nominal value. That
means now, as most of you do, and rightly so, expect, that you should find a much greater proportion of caps very
close to exactly 10.0 uF, if not 10.0 uF exactly! As for the rest, we could display here all sorts of figures and graphs
that would only makes sense to 1% of our customers, but what for ? We can simply tell you this is the first polypro
cap at a price closing on mylar caps. It is made by the same company that makes all our high voltage and very
high voltage SCR caps, as well as our film and foil caps. Some of the best loudspeaker manufacturers have already
made that easy choice. Now see for yourself and ... let your ears make the call.

Value Diameter Length SRP Value Diameter Length SRP
uF mm mm uS$ uF mm mm uss
10 N 21 1.23 120 25 33 3.56
15 12 22 1.44 150 25 38 4.18
18 13 22 1.49 200 29 38 5.16
22 15 22 1.58 240 29 43 598
27 14 25 1.67 300 32 43 7.30
30 15 25 173 330 32 48 7.74
33 16 25 1.78 410 35 48 9.32
39 16 25 1.83 500 37 53 10.96
47 18 27 1.96 510 37 53 11.16
56 18 30 2.10 560 39 53 12.00
60 19 30 2.20 620 39 53 12.98
68 20 30 2.33 750 43 58 15.12
80 20 33 291 820 45 58 16.28
82 2 33 297 910 47 58 17.50
91 22 33 3.08 1000 49 58 18.76
100 23 33 3.23 1200 51 63 21.98
N0 24 33 3.38 130.0 54 63 23.38
STOCKING DISTRIBUTORS: ~ OEMs & EXPORT COMING SOON:
BIG COVE RESEARCH Contact Kimon Bellas  FILM / FOIL 630 VDC CAPS for
tel: (205) 722 9867 fax: (205) 4303961 ©Or John Sangalli electronics and bypass from
SPEAKERS ETC... tel: (818) 707 1629 0.1 uF to 1.0 uF.
fel: (602) 944 1878 fax: (602) 371 0605 faX: (818) 991 3072 POLYPRO ULTRA HIGH
TECHNOLOGIEMDB | ONER VOLTAGE
fel: (514) 526 8851 fax: (514) 443 5485 o= ' OOLCHL NS 1200 VDC 20 F
ZALYTRON INDUSTRIES - Agourg, LAY

RN jeAE for power supply & tube elec-
tel: (516) 747 3515 fax: (516) 2941943 tronics.




A better speaker damping material...

If you’ve been building speakers for some time, you know how much guesswork goes with speaker
damping and stuffing. The choices seem endless: fiberglass, wool, Dacron, flat foam, convoluted foam,
felt, tar, plus various “magic” compounds that you’re invited to brush or pour into your new cabinets.
Everyone has their own recipe, and who knows if it's a recipe for disaster? Or what effects the vapors
rEnpy——— cmitted by these chemicals might have on the glues that bond your woofer surround to its cone and

ORCA chassis? In this era of costly, space-age drivers and computer-assisted design, we think such risks are
totally unacceptable. So we went to work to find the ideal solution.

The problems are fairly well-known: a driver transforms electrical energy into mechanical energy. This mechanical energy is trans-
formed into acoustical energy which is radiated to the outside of the cabinet - the useful front wave - and to the inside - the sometimes-
useful back wave. Unfortunately. it is also transmitted though the frame of the driver to the cabinet itself, which acts as a very large
“cone” of very small excursion. This means that the spurious resonances and vibrations of the cabinet have to be controlled in a predict-
able and reproduceable way. That’s how we came to BLACK HOLE 5 and the BLACK HOLE PAD.

First, THE PAD. It’s a thin (1/16 inch) black flexible viscoelastic damping material (filled vinyl copolymer) with maximum perfor-
mance between 50 and 100 degrees F (we hope that that covers the temperature range of your listening room) and excellent flame
resistance - it meets UL94 V-O. Thanks to its outstanding damping characteristics. THE PAD will dramatically reduce the vibration
energy stored in the walls to which it is applied.

Easy to cut and apply. THE PAD has a pressure-sensitive adhesive back: simply peel off the release paper and press hard onto a clean
surface. You can use THE PAD on just about anything you suspect of vibrating: driver frames, thin panels like car doors, and, of course,
the walls of your speaker cabinets. And it can be used to recess a driver without using a router: just laminate enough layers to match the
thickness of the driver frame and apply to the front baffle. Finally, it is the ideal material for “constrained layer™ wall construction, where
two panels are laminated on each side of a damping material foir optimum transmission loss. Because THE PAD has a fine grain leather
finish, you can wrap an entire cabinet exterior and give it an attractive appearance at the same time!

For applications which require maximum damping, isolation and absorption, we’'ve developed BLACK HOLE 5. One and 3/8"
thick, BLACK HOLE 5§ is a high-loss laminate that provides optimum acoustical damping performance. 1t consists of five layers:

Thin diamond-pattern embossing, densified with a polyurethane film surface. This unique surface layer dramatically improves the
performance of the whole acoustical system, especially the lower mid-range and mid-bass frequencies where simple acoustical foam loses
its effectiveness.

One-inch deep polyester urethane foam, structuraily optimized for acoustical damping. Highly effective at o /L -
“soaking” maximum sound energy with minimum thickness. — R b

Barrier septum. 1/8 inch thick. Made of limp flexible vinyl copolymer loaded with non-lead inorganic fillers, it is a
“dead wall” that isolates the vibrations in the walls of your cabinet from the vibrations created inside the enclosure.
Polyester urethane flexible open-cell foam, 1/4 inch thick. Thanks to special vibration-isolation characteristics, it \_—
decouples the vibrating structure (the wall) from the rest of the damping system, thus optimizing performance. ~
High-loss vibration damping material, same as The Pad. It is strongly bonded to the cabinet wall with pressure \\u;;;;;;;;;:
sensitive adhesive. '
These layers are laminated using an adhesive-free mechanical and thermal process, thus optimizing performance and eliminating the ‘

risk of solvent fume damage. BLACK HOLE 5 can be used in any enclosure, as well as for acoustical panels to improve the characteristics

of your listening room. YOU PROVIDE THE MUSIC; BLACK HOLE FIVE WILL TAKE CARE OF THE NOISE!

orca 1531 Lookout Drive 818-707-1629
Agoura, CA 91301 U.S.A FAX 818-991-3072

AE ONCables New from ORCA!

AX-ON (Greek axon, axis): that part of a nerve cell through which impulses travel away from the cell body. AXON 8 speaker cable
combines outstanding design features with component quality usually associated with the most expensive cable. With eight AXON 1
solid-core conductors and utilizing mylar/ polypropylene construction, AXON 8 offers outstanding performance for amp-speaker connec-
tions and perfectionist internal speaker wiring. Our superb AXON | AWG 20 solid core conductor is also
available separately. Oxygen-free and 99.997% pure, it is ideal for most internal wiring applications.

QOuter insulation: UL approved TPE
Cable geometry: non interleaved spiral
Individual conductor insulation: 105 degree Celsius, UL approved PVC
Cable equivalent gauge: total - AWG 11, 2 conductors - AWG 17, 4 conductors - AWG 14
Individual conductors: solid core AWG 20 copper, long-grain and ultra-soft, free of all contaminants and oxygen.
Cable core: crushed polypropylene
Inner envelope: mylar film
Reader Service #32
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PHOTO 3: Liverpool Music House in Eﬁg]and, where the measurements for Fig. 3 were

taken.

The following description of horn acoustics
grew out of a request to Keith Holland to
answer the frequently asked question,
“Why do homns have a cutoff frequency?”’
A thorough literature search had failed to
reveal a physical explanation, and the sub-
sequent formulation of a physical theory of
hom behavior has led to useful extension of
the one-parameter modeling exercise.
Homs are waveguides with a cross-sec-
tional area which increases, steadily or oth-
erwise, from a small throat at one end to a
large mouth at the other. An acoustic wave
within a horn must therefore expand as it
propagates from the throat to the mouth, at
a rate dependent upon the horn’s locat flare
rate. A comparison between the wave prop-
agation (nonexpanding and expanding) in
two simple acoustic systems may help to
explain the physics of horn behavior.

PLANE VS. SPHERICAL
In the first instance (nonexpanding), con-
sider the propagation of a one-dimensional
free progressive plane wave, such as a low-
frequency sound in an infinite pipe. A
wavefront, defined as an isophase surface,
undergoes no change in cross-sectional area
as it propagates, and the normalized
acoustic impedance at any point along or
across the pipe, ignoring losses, is purely
resistive and equal to one. A plane velocity
source placed anywhere along the pipe thus
has no reactive acoustic loading at any fre-
quency, either as added mass or as stiffness.

In the second instance (expanding), con-
sider the propagation of a three-dimensional
free progressive spherical wave, radiating
from a monopole point source. In this case,
a wavefront continually expands as it propa-
gates, and the normalized acoustic imped-
ance at any point is dependent upon both the
distance from the source and the frequency.
The impedance approaches unity, and hence
is largely resistive at high frequencies and
large radii, but is reactively dominated at
low frequencies and small radii.

If the radius and the frequency are equal
to the speed of sound divided by 2m, the
impedance’s reactive and resistive parts

THE PHENOMENON OF HORN CUTOFF
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FIGURE A: Comparison between the nor-
malized throat resistance of an exponen-
tial and a conical horn of comparable size
(ignoring reflection from mouth). The
acoustic resistance curves are typical of
the frequency responses expected from
such horns.

will be equal in magnitude. A spherical
velocity source of finite size will therefore
be subjected to either resistively or reac-
tively dominated acoustic loading, depend-
ing on the size of the source and the fre-
quency of vibration. The only physical dif-
ference between the propagation of waves
in these two systems is the expansion or
“stretching” of the spherical wave as it
propagates; similar to the stretching of a
balloon skin as it inflates.

WAVE EXPANSION

In the case of the plane wave, a forward or
positive particle velocity is accompanied by
a positive increase in pressure at the same
point, due to the paratlel motion of adjacent
particles, and sound is thus radiated. With
the spherical wave, however, because an
outward positive velocity causes adjacent
particles to move apart, the positive, plane
wave-like radiating pressure is accompa-
nied by a negative stretching pressure due
to the expansion. The plane wave-like
propagating pressure is proportional to, and
in phase with, the velocity, and independent
of frequency and radius. The nonpropagat-
ing stretching pressure is proportional to
displacement, inversely proportional to the
frequency and radius, and in phase-quadra-
ture (90°) with the acoustic particle velocity.

Continued on page 36
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Continued from page 30

certain materials having specific problems due
to bad design or construction, evidence indi-
cated that any well-damped, solid material can
be used to manufacture homs. Obviously, cer-
tain materials lend themselves more easily to
the manufacture of different shapes, and some
materials have probably had sonic characteris-
tics attached to them because they are found
only on certain generic designs.

WAVE SHAPES

Investigations into the wavefronts from the
different homs showed that the axisymmet-
ric designs generated waves resembling flat-
tened spherical caps, midway between a true
spherical expanding wave and a plane wave
from the mouth. The waves leaving rectan-
gular homs were spherical expanding waves
which struck the walls of the horn at 90°.

Early in the tests, bubble-blowing experi-
ments were performed: wire loops were bent
into the mouth shapes of the horns. Only cir-
cular, or nearly circular, mouths produced
complete bubbles; rectangular shapes caused
the bubbles to tear apart before they could
leave the wire.

Also, rectangular horn designs produced
disturbed responses when listened to or mea-
sured from a position 90° to any discontinu-
ity, such as waveguide plates, the top/bottom-
to-sidewall junctions, and any other depar-
tures from a smooth surface. The mouth
shape and any internal discontinuities tend to
produce reflections from the mouth or
strange aberrations in the off-axis responses.
All these signs pointed to axial symmetry as
the only viable option for the highest-quality
reproduction.

AXIAL SYMMETRY

For public address and sound reinforcement
applications, directivity is a prime factor in
hom design; in studio monitoring, the on-
axis +20° response, together with an off-axis
response which changes its frequency bal-
ance smoothly and uniformly, is usually far
more important.

In the above tests and cepstrum plots, the
axisymmetric AX2 homn was driven by an
Emilar EK175 compression driver (Fig. 2H).
A small reflection can be seen at about 50mm
from the diaphragm. This was due to the
slightly differing flare rates of the driver throat
and the throat of the horn. When mated to the
TAD TD200! compression driver, the flares
match exactly and the reflection disappears.
Its falling high-frequency response also close-
ly matches the gradually narrowing directivity
of the AX2 horn, producing a smooth on-axis
pressure amplitude response, together with an
off-axis response where the fall-off of high
frequencies takes place in a smoothly con-
trolled manner (Fig. 3).

Monitor systems using the TD2001/AX2
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THE SPEAKER WORKS, INC. d
1021 E. Camelback Road
Phoenix, Arizona 85014

Phone (602) 230-0344

WE MADE A SPECIAL BUY ON A QUANTITY OF DAVIS ACOUSTICS MOST POPULAR WOOFERS
, AND WE ARE PASSING THE SAVINGS ON TO YOU. THESE WOVEN KEVLAR AND WOVEN
| CARBON GRAPHITE DRIVERS ARE AMONG THE FINEST THAT FRENCH TECHNOLOGY HAS TO
OFFER. OUR PRICING IS FAR AND AWAY THE BEST YOU WILL FIND ANYWHERE SO PLACE
YOUR ORDERS NOW! INVENTORIES OF SOME MODELS LIMITED.

25GCA10W 20MCS8A

10 in. woven 8 in. woven
carbon fiber carbon fiber
Cast Frame Cast Frame
1.5in. VC 1.0in. VC
Foam Anulus Welbex Anulus
100 Watts 60 Watts

91.4 db 1W/IM 91.5db 1W/1M
Vas 237.7 L. Vas 77.7 L

Fs 24.6 Hz. Fs 39.8

Qts. .33 Qts. .46

X max 10 mm, X max 8 mm.
COST $89.00 COST $67.50
20KLVS8A 17RCG-DB

8 in. woven kevlar 6.5 in. woven
Cast Frame carbon fiber
1.5in. VC Stamped Frame
Welbex Anulus DUAL 1in.VC
80 Watts Welbex Anulus
92.1 db TW/AM 60 watts

Vas 81.7 L. 89 db 1W/1M
Fs 38.5 Hz. Fs 50 Hz.

Qts. .38 Qts. .627

X max 6 mm. Vas 20.57 L
COST $79.50 Cost $69.00

ALL VOICE COILS 8 OHM

WE HAVE SUGGESTED ENCLOSURE PLANS FOR ALL MODELS. THE 17RCG-DB ALONG WITH
THE PEERLESS CC-1 DOME TWEETER MAKES UP INTO A WONDERFUL CLASSICAL AND JAZZ
LOUDSPEAKER. WE'LL BE HAPPY TO SUPPLY PLANS.

ANY QUESTIONS - CALL US
F.O.B. PHOENIX VIA UPS
We Accept VISA - MasterCard - Check - No C.O.D.
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PHOTO 4: Regiestudios, featuring a 40-
track ADTA setup, in Amadora, Portugal.

combination are now used commercially
(Photos 1-4), particularly in very nonreflec-
tive control rooms where the on-axis
response is highly important. These monitor
systems, especially in inexperienced hands,
suffer from some of the criticisms formerly
leveled at the Quad Electrostatics and
Tannoys and are not necessarily representa-
tive of other loudspeakers. But, at the same
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time, many experienced engineers praise the
ability of these systems to pinpoint fine
detail. Most studios use large and small
monitor systems—one representing “truth,”
the other a “real world”” mix—for the most
viable partnership.

In many ways, the AX2 could well define
the limits of midrange horn design. The
axisymmetric shape (Fig. 4) seems to be the
only one which can produce an output free of
response irregularities caused by pillars,

plates, other obstructions, or surface junctions.
Horns much more than 300mm in length
begin to produce hom-like sounds unless the
mouth termination is close to perfect.

Given that the flare rate dictates the throat
cutoff frequency, and mouth size controls the
smoothness of the low-frequency termina-
tion to the room, then a horn with a low cut-
off frequency and a smoothly flared mouth
would be of such great length and mouth

Continued on page 64

Continued from page 34

The wave expansion, and hence the
stretching pressure, effectively reduces the
resistive part of the impedance at low value
of the distance/frequency ratio, and increas-
es the reactive part. Such positive reactance
is usually associated with added mass, but
in spherical waves no extra inertia is
involved when compared to plane waves.
The usual description is therefore inade-
quate to explain this property.

In this case, the positive reactance is
clearly due to “negative stiffness,” not added
mass. The region near a small source where
this reactance dominates is the hydrodynam-
ic near field of the source; its extent is fre-
quently dependent. The outside region
where resistance dominates is the far field.

FLARE RATES

The concept of stretching pressure can be
applied to homs by considering their flare
rates, which are defined as the ratio of the
rate of change of wavefront area with dis-
tance, to the area of the wavefront. A conical
hom has a flare rate inversely proportional to
the distance from the cone apex. A spheri-
cally radiating source can be considered a
special case of a conical horn, and thus
shares the same expression for flare rate.

At any given frequency, the radius at
which the impedance’s resistive and reac-
tive parts are equal in magnitude occurs
where the above mentioned frequency/dis-
tance ratio is equal to unity. The flare rate
at this radius is equal to twice the free field
acoustic wave number (the wavelength
divided by the speed of sound) and is iden-
tical to the flare rate in an exponential horn
with this cutoff frequency. With flare rates
below this value, resistive, far-field-type
propagation takes place, and with flare
rates above this value, reactive, near-field-
type propagation occurs. Using this physi-
cal concept, the difference in behavior
between different types of horns can be
explained.

The flare rate’s radial dependence in a
conical horn, which shares the propagation
properties of a spherical wave, gives rise to
a gradual transition from the reactive, near-
field-dominated propagation associated
with the stretching pressure, to the resistive
radiating, far-field-dominating propagation
as any wave propagates from throat to

mouth. This transition in a conical hom
from near to far field, reactive to resistive
dominance, is gradual with increasing fre-
quency and/or distance from the apex; dis-
tinct “zones” of propagation are thus not
clearly evident.

EXPONENTIAL VS. CONICAL

Since the property of resistive loading gives
homns their greater efficiency when com-
pared to direct radiators, as the resistive
loading rises, the radiating efficiency rises.
From the above, the characteristic gradual
throat impedance cutoff slope of a conical
horn should be readily appreciated (Fig. A).

On the other hand, an exponential horn
has a flare rate which is constant with dis-
tance along the horn. Therefore, at frequen-
cies below cutoff, the reactive, or near field,
type of propagation dominates throughout
the entire length of the horn. Below cutoff,
if the hom is sufficiently long, an almost
totally reactive impedance exists every-
where within the hom. Conversely, above
cutoff, the resistive, far field, type of propa-
gation dominates, again almost everywhere
throughout the horn’s length.

Above cutoff, propagation within an
exponential horn is physically similar to a
spherical wave of large radius, with mini-
mal stretching pressure. Below cutoff,
propagation is dominated by the stretching
pressure and is thus similar to a spherical
wave of small radius. Clearly, the abrupt
cutoff phenomenon of an exponential hom
occurs because the transition from resistive
to reactive propagation occurs simultane-
ously throughout the entire length of the
horn as the frequency is reduced below
cutoff, producing the typical throat imped-
ance characteristics of the exponential horn
(Fig. A).

The use of conical horns in audio is thus
limited because for practical hom sizes, the
resistive loading, and hence high radiating
efficiency, rises only gradually, and thus the
useful high-efficiency radiation only begins
to develop into a uniform response at much
higher frequencies than in a comparably
sized exponential horn. At frequencies
below cutoff, the reactive propagation is
somewhat similar to the reactive loading of
direct radiators, and thus falls to the compa-
rably low radiating efficiency of a direct
radiator of the same throat size.—PN, KH




( HOME THEATER SPEAKERS
FROM MADISOUND & VIFA

If you have been looking for Home Theater speakers that are better than the current choices on the market,
Madisound and Vifa have some good news for you. Vifa has designed exceptional shielded high fidelity
loudspeakers for this purpose, and Madisound has matched these drivers with precise crossovers and beautiful oak
veneer cabinets. The result are systems worthy of an Oscar for audio reproduction

The following designs were developed using Madisound’s anechoic chamber, Audio Precision measurement
and Leap analysis. The Solo two way and the A/V D’ Appolito both use the Vifa M13SG09 woofer. Thisisa 13cm
paper cone cast frame woofer. The tweeter is the D25ASGO0S5, which is also shielded and has a 25mm aluminum
dome. The cabinets are oak veneered 19mm fiber board, with solid rounded oak corners and a black assembled
grill. You may choose between black stained or clear oak finishes. Everything you need to complete the system
isincluded. The crossovers are assembled and the cabinets are precut for easy assembly. You can expecttoassemble
a pair of speaker in one evening. As with all Madiosund kits, your satisfaction is guaranteed

Vifa Solo Shielded 2-way Audio/Video Speaker Price Each $156.00
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Nominal Impedance: 8 ohms Crossover: 12dB/18dB w/phase compensation
Frequency range +3dB: 80Hz to 35KHz - Sealed Sidewinder 16 awg coil and Chateauroux

fast caps in series with signal path.

Vifa A/V Shielded MTM Audio/Video Speaker Price Each $198.00
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Note!!l MTM's are designed for wide dispersion when standing
up, lying on their sides the 01()fosite is true. You can expect as
range as little as 3 feet oi center, '

Y much as a 10dB loss in the mi

Nominal Impedance: 8 ohms Crossover: 12dB/18dB w/phase compensation
Frequency range +3dB: 40Hz to 35KHz - Vented Sidewinder 16 awg coil and Chateauroux
\_ 80Hz to 35KHz - Sealed fast caps in series with signal path. )

Madisound Speaker Components: P.O. Box 44283 Madison WI 53744 U.S.A.; Tel: 608-831-3433, Fax: 608-831-3771
Reader Service #3



Part 2

C

f you have followed the two previous

articles in SB on the Linear-Array con-

ept (3/94, p. 28 and 5/94, p. 43), you
know I've been building a cheap proof-of-
concept speaker prototype to test whether the
idea makes a large improvement in imaging.
Well, I can now say that it works, and pretty
much as the theory said it would, with some
exceptions and unanswered questions.

All in all, Murphy let me off easily this
time in the reality-meets-theory department.
(We are dealing with speakers, after all, a
craft known as a strange artractor to chaos
mathematicians.) I think this was because I
sacrificed 12 drivers—burned their little
hearts out—and the gods were appeased.

THE PROTOTYPE

I now have a 60-channel dipole speaker
(Photo 1) using little “full-range” dynamic
drivers, spaced 40mm (~1.6") apart. The
total active width is just under 8, and the
baffle is about 4’ high. The drivers are made
by Kobitone (from Mouser Electronics,
25SP500).

The microphone (Photo 2) is built to han-
dle 60 channels, but is only “‘stuffed” with 48
at the moment—6’ worth. It uses Panasonic
WM-60AT omni mike capsules, also set at
40mm intervals. The mikes extend a few
inches away from the horizontal structure to
reduce acoustic interference. The mike can
fold up to 4’ x 4’ for transport. The micro-
phone structure is made of soldered copper
tubing and fittings (plumbing parts), with a
wood base.

Built on the vertical structure of the mike
is the electronics box, with two 32-channel
preamp PC boards (Photo 3). Two fat 50-pin
ribbon cables plug into the microphone and
speaker to handle all the interconnections
(Photo 4). Power is from a small regulated
DC supply which plugs into the back of the
speaker. The DC runs along the ribbon cables
to the preamp, where it is regulated again.

The little 6002 drivers (Photo 5) are dn-
ven directly by the preamp’s op amps, with
no “power amp” stage. The total power out-
put rating would be about 6W RMS, so
we're not about to shatter any windowpanes
here. Photo 4 shows the connections at the
back of the speaker. A search for 50- to 100-
pin connectors and cable yielded precious
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THE LINEAR-ARRAY
RONICLES

PHOTO 1: The author’s 60-channel line-array speaker.

few choices, most being very expensive. The
ribbon cable connectors, on the other
hand, are very easy to use, with little
“Ejector/Latch” levers on the sockets for
easy unplugging. A pair of scissors and a
bench vise are all you need to make up a
cable of any length, and the parts and cable
are inexpensive.

Also, flat cable is available in ¥2"” diameter
round jacketed/shielded versions which are
less expensive than conventional multicon-
ductor cable. I still wound up with two
cables to handle 64 channels. The mike pre-
amp is designed to cut off the bass below
100Hz to reduce wind noise problems, and
the speaker can’t handle bass below this
point anyhow. This limitation shouldn’t get
in the way of tests of imaging, though.

WHAT'S IT SOUND LIKE?
Everybody, including myself, was astonished
to find that it was impossible to distinguish
between my own voice, and Mr. Edison’s
recreation of it—Anna Case, Metropolitan
Opera soprano, 1915

A friend and fellow speaker experimenter
turned me on to this little bombshell of a
quote, which he keeps posted on the wall of
his audio lab. So, with that as a warning, a
disclaimer: I've spent enough time with the
prototype to state some things as facts. But I
haven’t done many methodical or blind lis-
tening tests yet. So the degree to which vari-

ous observations are true is still to be deter-
mined. For the sake of brevity this time, I'll
avoid couching my statements in careful, sci-
entific terms.

The following listening tests were mostly
conducted with the microphone set up out-
doors. The speaker was indoors, in a typical
largish rectangular room. The system had
only 6' of active width and 48 channels at the
time. The gain was set so that the reproduced
sound level was a bit higher than the level at
the mike.

Ambient outdoor noises and whatever
noisemaking objects I had lying around
served as the test sources. Some wind
chimes hung on a stand and activated by
remote control (a rope) were especially use-
ful. Voices are also very useful. The obser-
vations of about five other listeners who
heard the system only occasionally differed
from mine.

THEORY vs. REALITY

When listening to the speaker, you hear the
sound coming from the level of the drivers,
and it is mostly limited to a left-to-right angle
somewhat smaller than the width of the
array. Certainly, the left-to-right imaging
accuracy is superb. It is solid, unambiguous,
and better by far than anything I have heard
before. It appears equally good for distant
sources (airplanes, dogs, birds) as for sounds
near the mike. A sound source angle can be



located when listening to the speaker, then
compared to the sound outside at the mike
(seen from the relative angle of the mike),
and the two always match.

The imaging does not break down as you
move left and right, with the apparent position
of the source fixed in space until its direction
puts one end of the array too close. Then the
apparent direction bends around that end of
the array, fixed on the end of the speaker
rather than at some point behind, and the vol-
ume drops. This happens when there is less
than about 1' of extra array width to the side
of the direction of the source (i.e., if you draw
an imaginary line between your listening
point and the virtual image point, and look at
where this line passes through the speaker
array, the imaging works if you have at least
1’ of extra array to either side).

This leads to reality-versus-simple-theory
modification #1: I need an 8 array width,
instead of the 6' originally planned, to repro-
duce a nice wide soundstage without having
to sit too close to the speaker.

The image is not affected by head rota-
tion, remaining fixed and natural. Or, I
should say, it is affected by head rotation just
as it is with natural sound.

The mike obviously does not distinguish
between sources above, behind, in front, or
below. They all sound as if they are coming
from a plane on the level of the speaker dri-
vers. This is sometimes surprising in that
otherwise the imaging is so good, the com-
plete lack of correct vertical and “surround”
imaging is obvious. The overall sound is
very natural, and blends into the room more
realistically than stereo, but then, an airplane
flying left to right in front of you rather than
overhead is odd.

IN YOUR FACE

The perspective on sound sources changes
with listener movement about the room, as it
should. This is most startling when two
sounds are present simultaneously—one a
distant source, say, an airplane apparently
straight ahead, and another source up close,
say, chimes close to the center of the mike.
As you walk from the left to the right, the
airplane sound remains at a fixed angle to
you. The chimes start out to your right, pass
the direction of the airplane in the center, and
wind up on your left. The angle between the
two flips as you proceed by the chimes.

In this way, with your movement, the
“depth” location of sound sources is clear.
It’s not so easy or clear if you stay in your
seat, however. The depth sensation is much
weaker than the L-to-R sense. Perhaps this is
partially due to the omni microphone, which
tends to pick up a lot of “ambience”—
reflected sound—even with close sources.
Perhaps not.

The L-to-R “soundstage” width continues

to widen as you move closer to the speaker,
and indeed it is almost 180° when you put
your face right up there. Even at this distance
most sounds do not seem to be coming from
the speaker so much as “out there” (vertical
height excepted). It is clear that the imaging
is not just a stereophonic illusion, but honest-
to-god wavefronts moving off the speaker
from the different directions. There is no
fixed speaker location where a sound is

PHOTO 2: The microphone, measuring 8 wide.

PHOTO 3: Closeup of the preamp located on
the mike’s vertical structure.

apparently coming from, distant sources
move with you horizontally.

Sounds coming in at the mike at extreme
angles (“end-fire,” or nearly so) are repro-
duced at extreme angles. When you are up
close to the speaker, they appear way down
towards the end. If you back away from the
speaker, they disappear, and are heard at a
much quieter level “somewhere in the
room.” Often, from a typical listening posi-

tion, these end-fire sounds are audibly louder
where they bounce off the side walls of the
room than directly from the speaker.
Different sounds bounce about the room dif-
ferently and are sometimes heard from odd
directions.

The dipole nature of the speaker is help-
ing to spread ambient sound around the
room behind the speaker, but I have not
decided whether a dipole is the best way to
go yet. It is clear that the array is producing
ambient sounds which blend into the room
more effectively than does stereo.

BUGS, CATS, AND CHIMES

The sound of bugs outside at night and other
ambient noises are very convincing. After a
while, they blend into the background as if I
had several windows open, not as strong a
sense of sound coming from the speaker, just
an enjoyable presence in the room. Then,
when I unplug the system, poof, all gone! It
is rather startling to realize that subcon-
sciously you felt it was coming in through
the windows. The overall effect is stronger
and more pleasing than in stereo.

I believe I need to introduce a new term to
describe something important about the
sound of the array. “Image complexity”
would be a good term to use. Stereo by com-
parison sounds as though it is simplifying the
sounds it reproduces. The array sound is rich
in image character.
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For example, my wind chimes
consist of about 40 bamboo tubes and
a set of ten or so solid metal rods all
bumping into each other. The array
reproduces this as a bunch of little
sounds located in different places very
close to each other (packed into a sin-
gle vertical plane, unfortunately). I'm
not certain how best to quantify this
yet, but I will measure how close two
sound sources can be before they
blend together.

In comparison, stereo’s treatment of i
this same scenario will produce a nice
sound, but the images of the separate
sounds will be smeared together and
simplified. Ditto for the natural rever-
‘beration. Stereo also tends to produce
a large image from small, close-miked
sources. The array is inclined to make
things sound more merely life-sized, 1
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am reminded of a plot of the polar dis-
persion of a violin, at just one frequen-
cy, which is lumpy and varied with angle.
Stereo samples this mess from a few points in
space and assumes that this sample of the
instrument’s output is all we need to hear.

The Linear Array reproduces a much
more complex sound. My impression is that
this has a lot to do with my dissatisfaction

with stereo: that the ear can take in and dis-
tinguish many separate, complex sound
sources simultaneously, and cannot distin-
guish as many details from stereo (through
speakers). I am also vaguely dissatisfied with
the terms “image” and “imaging,” since mar-
keting hype and overenthusiasm have so

abused these and many other related words
that they lose their usefulness. I try to keep
my English feet on the ground and just
report what I hear.

I can attest that cats are convinced much
more by the array than by stereo. I had a good
laugh watching a cat’s head swinging back

The ELP-48 features:

Electrostatic Loudspeakers
"No other speakers on this planet unravels detail as well,

while preserving music delicacy.”
Dick Olsher, Stereophile, March 1994, vol. 17 No.3.
Amantis Audio ELP-48, 6"x48" electrostatic panels with interlocking frames.

Designed to operate as a single transducer, or in arrays of 3, 5, or more.
Adjust the array's curvature to suit your dispersion preferences.

Vacuum coated diaphragms.
Insulated perforated panels.
Precise and constant diaphragm tension.

Amantis Audio components:
High voltage power supplies, step-up
audio transformers, equalizers and crossovers.

Dealer and OEM inquiries welcomed!

Amantis Audio inc.
184 North Main St.
Champlain, NY, 12919
(514) 383-0475

Reader Service #54
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and forth with a moving (reproduced) sound
when he sat undemeath the speaker, looking
up. Our cats ignore the stereo system when it
is playing. Incidentally, I heard the sound
from the same direction his head pointed.

THE ALIAS EFFECT

As far as image aliasing and the top two
octaves of the spectrum, testing with the
metallic wind chimes is encouraging. The
chimes produce strong, distinct 5—-10kHz
fundamentals according to my scope. The
calculated end-fire (worst case) image alias-
ing limit of this array is 4.3kHz. If the
chimes are placed up a few inches from the
mike, most of the mike array is at close to
90° from the chimes, which is a tough test of
the system. The result is an image of a num-
ber of separately located “ting” noises spread
about 1’ wide where the actual spread of the
chimes is 4".

The overall sound is located where it
should be, but I believe I am hearing the
individual chime rods displaced up to half a
foot from where they should be. I think this
is aliasing, and each particular frequency is
moved in its own way, like rearranging the
locations of the separate rods. But this is as
good as I hoped it could be. Much better
than stereo!

At no time did the chimes show up well

away from their proper locations. Some tre-
ble, which ideally would appear to come
from just one area, is heard coming from all
across the array. This is at a lower level than
the main image, and is probably aliasing, as

PHOTO 5: The 600Q drivers.

well as reflections in the environment
around the mike.

I believe I am hearing the apparent effect
of 5-15dB of extra gain effectively added to
distant sources, relative to what they

We've moved!

Sales and engineering are now both at:
Technologie MDB

4000 Terrasse Jean XXIII

St. Hubert. Quebec J4T 3L6

Teg_;_hr_plogie

Affordable Excellence from Canada
IExcellence 4hordable du Canada

Single daytime phone and
after-hours hotline:
(514) 891-6265
Fax:

(514) 443-5485

Have yourselfa Merry Little Christmas listening to vour favorite music with our incredible Christmas specml for Speaker
Builder readers. Between Dec. 10 and Dec. 24, call us to get the deal of a litetime while supplies last. All sales must be paid by check or money order made
payable to Technologie MDB before Dec. 31, 1994. Add 20°6 for shipping and handling - we will refund overpayments. No other discounts applicable.
Sales are final, except for obvious driver defects. All prices shown in ULS. funds - Canadian residents use exchange rate of 1.40 and add apphcable taxes.
Don't wait - you may pever see prices this low again on the planet for these fine drivers! Sorry. no rain checks - first come. first serve only limited to the
|_drivers we have in stock and to sale dates. ADDITIONAL DISCOUNT of 15% on drivers for all kit orders from our catalog.

Driver Regular price Sale price Driver Regular price Sale price

Cabasse Dom 2 tweeter 41 35 Focal 7V013 bass-mid 70 60
Cabasse Dom 4 tweeter R4 71 Focal 7V'412 bass-mid 87 74
Focal T90Ti tweeter 49 42 Focal 7K011DBI. bass-mid 91 77
Focal T120Ti tweeter 72 61 Focal 7R4135 bass-mid 111 94
Accuton C211 tweeter 155 132 Focal 8V012DB bass-mid 80 68
Accuton C222 tweeter 194 165 Focal 8V'412 bass-mid 92 7R
Accuton C277 md 233 198 Focal 8NS15 bass-mid 106 90
Focal 4V211 mid 60 51 Focal RK4158 bass-mid 118 100
Focal 4K111 mid 73 62 Focal 8KS16J woofer 148 126
Focal 5N411 bass-mid 62 53 Cabasse 21 M 18 bass-mid 154 131
Focal SKOI3L bass-mid 81 69 Focal 10V01 woofer 127 108
Focal 6V013L bass-mid 67 57 Focal 10V516J woofer 156 133
Focal 6V415 bass-mid 87 74 Focal 10K516J woofer 190 162
Focal 6k412L bass-mid 100 RS Focal 12V 726 woofer 192 163
Cabasse | 7NDLB bass-mid 156 133

Other goodies available only from MDB:

e The 1995 kit and driver catalog is available as of January 1. Please send $5.00 check or money order to cover printing + S&H.
We've slashed 5-15% from all kit prices and added real winners to our lineup. MDB optimizes each system design to extremely
exacting standards, but doesn't waste money on expensive gimmicks, delivering world-class excellence at rock bottom prices.

e Unit 4 of the LDIS speaker design course is now ready for shipment. Don't be left behind!

Reader Service #18
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“should” be. Things become quieter as they
move away, but not as fast, perhaps, as is
natural. This effect is possibly predicted by
theory: distant sources come out with nar-
row dispersion, while close sources are
reproduced with wide dispersion. As a
result, the close sounds will lose amplitude
faster as a listener moves away from their
virtual location. I am working to pin down
this area of theory.

MORE TESTING REQUIRED
I will measure live-versus-reproduced sound
levels at various distances to quantify this.
But it is interesting that I can hear conversa-
tions 300 yards away just as well from the
speaker as when I stand outside and listen. A
related effect is the reduction in the overall
mike noise level resulting from the sheer
number of channels. Theory predicts that if
you add more channels and reduce the gain
of the individual channels to keep the same
overall gain, the total noise power will be
reduced to 1/NcyanngLs: OF, in terms of
amplitude:

-10 Log N decibels
which for stereo is -3dB, and for 48 chan-
nels is -17dB. This is true as far as I can
determine, since the prototype uses very
noisy little 4mm diaphragm electret mikes,

and I hear only a modest noise level.

The $4 “full-range” drivers have some
definite problems:

1. They can’t handle the full output level
of the microphone preamp without breaking
their super-fine voice coil wires. I’ve
replaced 12 so far, mostly casualties of wind
noise and a (ahem!) feedback experiment.

2. They have a bass emphasis around
250Hz that was not bad when I tested a sin-
gle driver by itself but is bad in the full sys-
tem. They attenuate the midrange from 1-
4kHz and have a nasty resonance at SkHz or
so. From the back, they sound even worse.

I’s surprising how pleasant and listenable
this speaker is, used as a Linear Array, con-
sidering how bad it sounds when driven by
mono or stereo. The bass emphasis was
obnoxious, though, when a friend played his
acoustic guitar for my mike. It is possible
that an effect of this array configuration is a
gradual decrease in sensitivity with frequen-
¢y of up to 2dB per octave, overlaid on the
individual driver response.

The dipole design has a few drawbacks.
Sounds produced “end-fire” are also pro-
duced off the back side in the same direction
as from the front, heading off towards a side
wall. The two versions cancel each other
well at lower frequencies. I wish to hear

these end-fire sounds strongly, bounced off
the walls, since this could help reproduce
*“hall ambiance.” A dipole can’t do that as
well. Also, strong reflections off the wall
behind the speaker occur. These may or may
not help with the imaging, but I notice that
the speaker baffle blocks much of it from a
normal listening position.

This has an interesting effect on my stereo
system, when I set its speakers up against
either side of the baffle. The imaging from
the stereo is much worse with the baffle
there, especially in depth and height. I sense
that much of the “height” imaging from
stereo is the result of room acoustics. I'd like
to try the array as a boxed speaker.

WHAT'S IN THAT BOX?
Figure 1 is the schematic of the mike pre-
amp. I omit the connector pin numbers and
the remote power supply. The supply pro-
duces +19V regulated DC at up to 1A, and
uses three-terminal IC voltage regulators.
The power is regulated at both ends to elimi-
nate AC hum noise coupling in the long rib-
bon cable, and to provide a solid supply at
the preamp despite the cable resistance.
Figure 2 is the circuit of the regulators at
the mike. Each preamp channel is a differen-
tial amplifier for good noise and crosstalk

With a Little ..

the answer.

other HeadRoom amps.

Sometimes an idea is so simple that
it just gets by you. That s, until you sce

A lot of people tell us they just
need a headphone jack on their high-
end system. But they really aren't
interested in the portability of our

So folks, here it is. Think of the
Little HeadRoom like a high-end head-
phone jack at a reasonable price, $199.

Try the Little HeadRoom/Grado SR6(0)
combo, $249 and killer sound.

Heck, buy the SR60)'s alone at $69 for
the best audio bucks you've ever spent.

© HeadRoom ~

Headphone Amplifier &
Audio

Image Processor

_ The Little Version _

It uses the same headphone electronics mod-
ule as our Supreme (reviewed in Stereo-
phile Jan 94, follow up in Feb 94) but it's
in a new enclosure, and has a cord
mount AC supply for use athome. It’s
slightly less articulate than our other
models, but it is far, far better than the
headphone jack you’re currently us-
ing. We’ll stake our 30-day money-
back guarantee on it. Give us a buzz at
1-800-828-8184 for a Little information.

.. You Get a Lot of
O’ Head Room
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rejection. It is not a particularly good diff.
amp in terms of common mode rejection
ratio, but it is less expensive than any alter-
native. The IC is the lowest grade (GP) ver
sion of the OP-37, which costs about $1.80.

The circuit may be a bit odd if you are
used to the standard four-resistors-and-an-op
amp diff-amp configuration. RS should be
the same as R2, right? No. The microphone
is used as a current source rather than a volt-
age source (the typical way these mike ele
ments are used). The result is higher gain
with higher amp speed (lower feedback
resistor value) and lower noise. The mike’s
output is the drain pin of an FET, and thus
works well as a current source.

The mike itself has about a 15k imped-
ance, which in parallel with Rl becomes
about 3.6k, the same as R2. C1 and C2
decouple DC trom the input and, in this case,
also filter out wind noise below 100Hz. RS
tunes the common mode rejection and
response at high frequencies. The -Ref input
to R4 is a pscudo-differential output trick
that reduces crosstalk and AC hum. Due to
the long cable between the mike preamp and
whatever unit is at the receiving end (speak-
er, amp, recorder), there is likely to be a dif-
ference between the ground voltages at
either end.

Ir SR
o g
TCH

YOU

[ am running a separate ground sense line '

back to the preamp from the (speaker/
recorder) end of the cable. This sensed
ground reference is added to the output by
each preamp channel. All channels on each
PC board use the same reference. Not
enough wires exist in a practical cable to use
a fully differential output design! The “mike
supply” is RC filtered, since this point is
essentially a second input to each amp that is
just as sensitive as its mike input. Without
this filter, the noise and crosstalk would be
very high.

SYSTEM SPECS

All resistors are 1% metal film types, and C1
and C2 are polyester film (no space for more
audiophile-approved types). I will parallel

these with nonpolar electrolytic caps when I |

mike the bass below 100Hz. The mike cle-
ments and their coax cables are soldered in
with no connectors, since the 0.5mA bias
supply through them would play havoc with

TABLE1
GAIN SETTING VALUES
Gain R3,R4 R5
60dB 2.2M 590
50dB 698k 187
40dB 221k 59
30dB 69.8k 18.7
20dB 22 1k 5.9

any contact resistance. I can just imagine
wiggling 60 connectors to eliminate a
scratchy noise!

The components with values in parenthe-
ses are built on DIP headers, so they can be
swapped out to change the gain. Table I lists
some values for various gains. I’ve only tested
the preamp at 60dB gain, so be forewarned if
you use this circuit that the lower gain settings
may require changes. The op amp may oscil-
late at high frequency at lower gain. A 1002
resistor in series with the output to the cable
should solve that. You may need to substitute
an OP-27 (the OP-37’s slower sister) or

another type for a 20dB gain setting.

The gain numbers I list are relative to the
voltage you would see from the mike into the
normally used 2.2k supply/load resistor, or
across the mike’s intemal 2.2k resistor. Note
that the very high gain I am using is intended
for driving the speaker directly, and is so high
that the preamp will clip with a rather low
sound level at the mike. A more appropnate
level for use with an amp or recorder would
be 20-30dB.

The total electronics noise to 20kHz, mea-
sured with a resistor in place of the mike, is
2.1uV <ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>