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Editorial
The Facts of Life for Magazine Publishing
By Edward T. Dell, Jr.

This first issue of a new magazine seems
a good occasion to review for readers just
what is required for a healthy periodical.
This one, with its pedigree already estab-
lished, combining as it does 31 years of
predecessor publications, is nonetheless
totally dependent on three major ingredi-
ents—as well as a fourth one.

Readers are all too often seen as pas-
sive check writers (or credit-card authoriz-
ers) whose only function is to send
money. No publisher ever speaks dis-
paragingly of subscriber revenue, but that
is not the only—or even the primary—func-
tion of a reader. 

Readers are, collectively, a kind of
community. Their knowledge and experi-
ence forms a pool of information, which
is ideally enhanced and added to by the
publication’s content. Inevitably, howev-
er, their total knowledge exceeds any
amount of content published by the mag-
azine. I have found it uncanny that a very
large number of the articles we have pub-
lished over the years has stimulated
some response from one or more readers,
which enhance the topic, sometimes
adding to it substantially—or possibly
shrinking it sometimes when the infor-
mation is incorrect. 

Good magazines flourish when readers
share their ideas actively. A publisher al-
ways hopes that readers share his or her
passion for the subject, not as partisans
with religious impulses, but with a desire
for the truth of question and an effective
understanding of what is usually a search
for answers.

Some readers become authors. In
truth, authors are only an advanced form
of reader. Their interest in the topic has
developed experience, and intensified cu-
riosity and probably plenty of experimen-
tation, which is coupled with the desire to
share their findings—and their pleasures.
Authors are more complex than that. Mo-
tives vary a great deal. Seldom can writ-
ing for a periodical be for money. Most ed-
itors pay at rates that would be illegal
under rules for the minimum wage.

Writing for publication has an aura
made of components that are not always
easy to identify. Fortunately for editors,

the sight of one’s work on the printed
page, disseminated widely, has a lure that
continues to attract authors almost as in-
evitably as bees to flowering blossoms. I
have often speculated that writing for
publication, either in books or periodi-
cals, has a relation to yearnings for im-
mortality. The objectification of seeing
your thoughts in physical form outside
yourself seems to have a permanence in
the midst of life’s flux that is reassuring.
All humans, at one time or another, think
about mortality and wonder if what they
do will make any difference to the world
they live in. 

Authoring has other appeals. It records
a journey, over time building a record.
Sometimes it is a stumble which, fully
seen, can be updated and corrected. Writ-
ing is often a journey rather than a desti-
nation. But it is the meat and drink for
the editor who is fortunate indeed in his
authors—most of the time. 

The great preponderance of consumer
magazines must have advertisers to exist.
Many consumers resent advertisers, mis-
trust advertising, and have dire thoughts
about the oligarchs in big corporations
who purchase advertising space or time. I
confess to having had similar thoughts
about advertisers when I began this en-
terprise. I believe no avocational maga-
zine can be healthy or successful without
advertising. 

The money is, of course, very helpful.
In a country the size of the U.S.A., the cost
of acquiring a new subscriber is very
high, often exceeding the price of the first
year’s subscription. All publishers are
happy if a promotion effort response
reaches 2%, and many are done for num-
bers less than that. 

For magazines such as this one, howev-
er, we need advertisers because they are
part of the life blood of a good avocational
publication. The goods they offer are vital
to the success of the experimenter, the
craftsman, and the builder. One of the
great developments in magazine technol-
ogy since the 1960s is the explosion of
narrow-interest publications. This devel-
opment has been a godsend for enthusi-
asts and smaller entrepreneurs who can

get their messages to pre-selected interest
groups much more inexpensively.

It often happens that the advertiser in a
magazine of this type is a reader who be-
came so interested in the pursuit of good
sound that he or she ended up setting up
a business. This has happened to many
readers of our predecessor titles. This is
somewhat risky for the individual, since
rarely does a passion for an idea exist in
the same body with good business sense.
Perhaps that is why many small enterpris-
es begin as partnerships. 

Deciding the advertising/editorial con-
tent ratio is a critical decision for a maga-
zine’s health. The Postal Service limits ad-
vertising content in periodicals class pub-
lications to 70%. Most publishers keep the
ad content between 50 and 60%. Our peri-
odicals have normally kept ad levels at
around 40% and often lower. This issue
carries 41 pages of ads out of a total of 124.
This should make it clear to readers that
active response to a periodical’s advertis-
ers can increase the editorial content. 

These three ingredients, then, make up
the proper recipe for a successful, inter-
esting, and enduring magazine. Years ago
I began a manuscript for what I hoped
would become a book on how to start and
publish a magazine. My first absolute re-
quirement for a successful one was a pas-
sionate love for the subject.

My passion for good sound carried me
along despite long hours of endless work,
very slow growth, and even resorting to
co-opting members of my young family.
The task of producing a magazine is easi-
er today as far as mechanics are con-
cerned, but I think passion is still funda-
mental. People who publish magazines
for the money produce products that read-
ers generally merely tolerate, always hop-
ing to find some kind of satisfaction in
the pages somewhere, nibbling on little
hors d’oeuvres amid a sea of ads. 

I still find magazines whose editor and
publisher, I am sure, look forward to com-
ing to work each morning. They stir the
imagination, they surprise, they stimu-
late, they amuse. I am happy to report,
somewhat immodestly, that I still enjoy
that prospect myself.—E.T.D. ❖
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Audio News

� NEW MARSHALL 
ELECTRONICS MICROPHONE
Marshall Electronics has introduced a new
condenser microphone for the home recording
enthusiast, the MXL 603. Now you can record
piano, guitar, vocals, and other instruments
used in the home on a stereo cassette
recorder, VCR, DAT, or computer. The mike
has a 20mm gold deposited diaphragm with a
frequency response of 20−25kHz, operates
from a 48V phantom power supply or portable
battery box, has a 3 pin XLR for an output con-
nector, and is compatible with standard
recorders or computer boards with the addition
of various adaptors. Marshall Electronics,
(310) 390-6608.

� SOVTEK 6C45π
Originally designed for military communica-
tions and radar for the Russian armed forces,
the 6C45π is now available from New Sensor.
The 6C45π is a high mu single triode with a
low plate resistance and a very high transcon-
ductance. The input noise resistance is 100Ω,
and the input/output capacitance and the dis-
sipation are nearly 8W, making this tube an
ideal candidate for preamp, driver, and signal
processing applications. It is also capable of
sinking some current, and can be considered 
a little power amp with gain. New Sensor Cor-
poration, info@sovtek.com, FAX (212) 529-
0486.

� DEHAVILLAND ARIES 
AMPLIFIER
DeHavilland’s new Aries Model SE Amplifier is rated
at 40W RMS. Using the Svetlana SV-572 directly-
heated triode, and Electra-Print transformers, the
Aries SE is designed to drive
medium-efficiency compact
loudspeakers, such as B&W,
Sonus Faber, Revel, and
Totem. The Aries features
hardwired audio circuitry and
variable feedback from 0−
7dB. Available with optional
stepped attenuators, the Aries
has sufficient gain to be driven
directly from most CD players. DeHavilland
Amplifier Company, 1701 Santa Rosa Ave., Santa
Rosa, CA 95404, (707) 527-6980, www.dehavillandhifi.com.

� PSB SPEAKERS
PSB Speakers is renewing its Stratus Series
with a new subwoofer, the Stratus SubSonic
7, and two updated center channel systems,
the Stratus C5i and Stratus C6i. The SubSon-
ic 7 employs a 15″ driver coupled to a
“BASH” amplifier that delivers 330W RMS,
600W dynamic power, and 1200W dynamic
peak-power. The C5i and C6i both employ a
pair of new 1″ neodymium-magnet alu-
minum-dome tweeters with the distinctive
Stratus phase plug, replacing the poly-flare

and fabric tweeters in the earlier Stratus cen-
ters. In the C5i, the new tweeters are coupled
with dual 5¼″ polypropylene-cone, rubber-
surround woofers, while in the C6i, the tweet-
ers are matched with two larger (6½″)
polypropylene-cone rubber-surround woofers.
Both new centers are available in black ash or
high-gloss finish, and the SubSonic 7 is avail-
able in black roughcast finish. PSB Speakers,
(860) 542-1234, www.pbspeakers.com/
media.html.

� DYNAUDIO SUBWOOFER
Dynaudio has introduced the Contour Theater
Series Subwoofer, a 210W actively powered
Contour Subwoofer employing a proprietary
12″ woofer and offering extremely deep bass
response with a high level of speed, accuracy,
and precision to intensify the Home Theater
experience. Level, phase, and switchable
crossover frequency (80Hz, 95Hz, and by-
pass) control can be adjusted on the sub-
woofer’s back panel, and single-ended inputs
are supplied for direct connection from an A/V
digital preamplifier with a dedicated sub-
woofer output. The Contour Sub uses an infra-
sonic high-pass filter set at 15Hz, 12dB per
octave. The unit’s low-pass crossover slope is
24dB per octave, and the subwoofer’s fre-
quency response is rated at 18Hz−120Hz
[±5dB] with a maximum SPL of 110dB at
1m. The cabinet employs a 31mm baffle in a
front-ported bass reflex enclosure and is rigid
and optimized for the 12″ woofer. Dynaudio,
www.DynaudioUSA.com.

� BELL MAGNET COVERS
Jensen Vintage Speakers has re-issued the
Bell Magnet Cover for all “R” series ALNICO
magnet speakers. The bell is retro-fittable 
for speakers already in the field and can
even be used on original Jensen ALNICO
magnet speakers. The Jensen Bell cover 
is designed to give the speaker the sleek look
made famous during the 50s and 60s when
Jensen speakers were being used by pop-
ular guitarists worldwide. Vintage enthusiasts
now have the ability to restore their ampli-
fiers to their original appearance and sound.
Jensen Vintage Speakers, CE Distribution,
6221 South Maple Avenue, Tempe, AZ
85283, (425) 744-1053, (480) 755-4712,
www.cedist.com.

� CEA ONLINE GUIDE
To help shoppers buy, connect, and maintain
electronic devices, the Consumer Electronics
Association (CEA) is offering an objective, com-
prehensive source of information. This service,
Switched On, The Complete Guide to Buying
and Connecting Consumer Electronics, is locat-
ed at http://www.ce.org/switchedon. CEA
tapped industry experts, audiophiles, and tech-
nology gurus for its information, organizing the
specifics by product categories including
audio, autosound, computers, home theater,
mobile, telecom, and video.
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NEW… From the Pioneer of
“High Time Resolution” Cable Design

~ MAGNAN AUDIO CABLES ~

Silver Bronze Interconnect Reference Speaker Cable

...Where legendary and state-of-the-art co-exist

MAGNAN CABLES, INC.
355 No. Lantana #576, Camarillo, CA 93010 USA Tel/Fax (805) 484-9544

www.magnan.com    info@magnan.com

� LANSONICTM DAS-750
Lansonic, a division of Digital Voice Systems, Inc., has debuted an
MPEG-based audio product, the Lansonic DAS-750 “Digital Audio
Server.” This component is available in a variety of hard drive storage ca-
pacities to centrally store
music, and combines proven
Ethernet computer network-
ing technology with high per-
formance audio circuitry to
provide simple and conve-
nient access from virtually
any place on a Local Area
Network (LAN). The DAS-
750, using the MP3 digital

format, enables listeners to archive personal album and CD collections all
in one location and to store, select, and enjoy thousands of digital quality
stereo music selections virtually anywhere on any audio system in a net-

worked home or office. Also,
the system’s multi-user net-
work capability allows several
people to simultaneously listen
to different music in different
rooms. Digital Voice Systems,
One Van de Graaff Drive,
Burlington, MA 01803, (781)
270-4546, FAX (781) 270-
0166, www.lansonic.com.

� B&K MODEL 885
B&K Precision Corporation announced the addi-
tion of the Model 885 Synthesized In-Circuit
LCR/ESR Meter to its growing
line of test and measurement
products. The new, lightweight,
battery powered, hand-held
unit can be used to test compo-
nents at frequencies up to
10kHz, and was designed for
both component evaluation on
the production line and funda-
mental impedance testing from
bench-top applications. The
Model 885 offers a large variety
of measurement parameters

and a wide range of test conditions. It features
DC resistance measurement, rechargeable bat-

tery/AC power, 0.5% basic
accuracy, a large dual LCD
display, fully auto/manual 
selection, and quick re-
sponse. It comes complete
with an instruction manual,
battery, SMD Surface Mount
Probe, and carry case. B&K
Precision Corporation, 1031
Segovia Circle, Placentia,
CA 92870-7137, (714)
237-9220, FAX (714) 237-
9214, www.bkprecision.com.

Keep audioXpress informed about your
company and its products and/or services
by sending in your press release and
product information. “Audio News” is the
perfect place to introduce your company’s
latest products and announce business
news. Send press releases to:

audioXpress
Audio News
Editorial Dept.
PO Box 876
Peterborough, NH 03458
Fax (603) 924-9467
E-mail: editorial@audioXpress.com
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T
his article describes a Svetlana
3CX300A1 push-pull monaural am-
plifier I built, using the experience
gained in fashioning the 3CX300A1

single-ended stereo amplifier first de-
scribed in MJ Audio Technology’s Septem-
ber 1999 issue. This push-pull amplifier
features a well-balanced voltage-driver cir-
cuit, using a differential amplifier and a
cathode follower to drive a pair of
3CX300A1s with low impedance.  

The maximum output power is 36W at
3% harmonic distortion, using a 450V
plate-supply voltage. The sound of this
amplifier is very strong and dynamic, giv-
ing a larger presence in vocal sounds
than my single-ended amplifier1 previous-
ly mentioned.

DESIGN GOALS
• Drive the pair of 3CX300A1s in Class

A1, for a predicted maximum output
of 30—40W with lower distortion
than a comparable single-ended am-
plifier; 

• Use a Plitron toroidal output trans-
former to yield a power bandwidth of
over 100kHz;

• The amplifier will be monaural, to
limit weight and chassis size;

• No negative loop feedback will be
used, honoring the policy of Menno
van der Veen, the designer of Plitron
toroidal transformers; 

• Use a power MOSFET-regulated rip-
ple filter to save cost and weight (by
replacing a filter choke);

• Obtain low ripple voltage by using a
three-terminal solid-state voltage reg-
ulator for the negative grid bias of
the final tubes; 

• Use the Tube CAD simulator by
Glassware to design the voltage driv-
er for optimum circuit performance;

• Build the power supply circuit onto a
PCB to avoid hum by providing star
grounding; and 

• For easy assembly and maintenance,
use PTP terminal boards from Inter-
national Audio Group to build the en-
tire circuit. 

POWER SUPPLY
I used Plitron’s toroidal power trans-
former, model 754709. Even though this
is Canadian made, it provides a 100V AC
winding for use in Japan. The 340V AC-
0.7A winding goes to a bridge diode to
rectify, then to a power MOSFET ripple
filter stabilized with three 150V zener
diodes cascaded to generate 450V DC.
The resulting ripple voltage was only
14mV.

The 40V-0.1A AC winding also goes to a
bridge circuit. A three-terminal voltage
regulator minimizes ripple voltage to pro-
vide fixed bias grid supply for the final
tubes. 

A 470µF 63V electrolytic capacitor by-
passes the lower grid resistors of the final
tubes, thus decreasing the ripple voltage
to only 0.3mV. The 6.3V-6.8A AC winding
drives the heaters of all vacuum tubes
without any special circuitry—no DC
heater power was needed. 

Approximately 8V DC is available after

rectifying the 6.3V AC. This drives a cooling
fan to supply forced air to the final tubes. To
reduce fan speed and noise, the fan runs on
a lower voltage than its rated 12V. 

FINAL STAGE
SUPPLY VOLTAGE AND CURRENT 
SUPPLY
First of all, you must define the supply
voltage. I determined that 450V is a good
fit for the available electrolytic capacitors
made by Nichicon, Elna, and so on. This
voltage allows capacitor overrating for
extra safety and longevity.

Once you’ve decided the supply volt-
age, you must calculate the total current
consumption. For my single 3CX300A1
amplifier mentioned previously, I defined
an idle current of 120mA, with a 450V
plate supply assumed. So, for push-pull
operation, you need 240mA (120mA × 2).
Since the voltage driver circuit consumes
another 10 to 20mA, the total current is
250–260mA at idle.

3CX300A1 TUBE OPERATING POINT
It is necessary to fix the operating point
by assuming the maximum plate current.
B.J. Thomson has described the operating

A 30W Push-Pull 3CX300A1 Monoblock

PHOTO 1: 
The completed

amplifier.

This article was originally published in the September 1999 issue of

Japan’s high-end tube magazine, MJ Audio Technology.

BY SATORU KOBAYASHI



condition in his article on graphical
analysis for push-pull amps,2 using the
plate curves of the chosen vacuum tubes.

To get this done, I first of all down-
loaded the Adobe Acrobat (.pdf) file of 
the 3CX300A1’s data from http://www.
svetlana.com. (It is very convenient that
Svetlana provides this data at their home
page.) Using the .pdf file, I then combined
the plate operating curves for push-pull
operation (Fig. 1).

In this graph, the grid voltage of the
final tube swings between 0V and −84V
from the center idle point of −42V. The
plate current is at its maximum value
when the grid voltage swings to 0V, at the
point of intersection with the output
transformer’s loadline. Thus, the plate
load impedance defines the maximum
output power. 

DEFINING THE LOAD IMPEDANCE
Svetlana recommends a 1.9kΩ plate-to-
plate load for a 3CX300A1 push-pull am-
plifier. At the design stage, I was familiar
with the PAT4008 toroidal transformer
from Plitron’s home page at http://www.
plitron.com. This particular transformer
provides a 1239Ω load impedance with a
nominal 5Ω secondary, so when an 8Ω
load is connected to this tap, the apparent
primary impedance is 1k98Ω. This fits in
excellently with the recommended load-
ing condition.

It is known that the loadline fits onto
the operating curve with a slope of one-
quarter of the transformer impedance.
Thus you can draw the 500Ω-load imped-
ance line (line m-o-n) over the plate
curves, passing through the point O (Fig.
1) at 0mA plate current. Then the reading
of plate current at the point m (n) is the
maximum, e.g., Imax = 440mA. The maxi-
mum output power is determined by the
following formula: Pomax. = (Imax/2)2 × rL,
giving a value of 48.4W ((0.44 ÷ √2)2 × 500).

CALCULATING AVERAGE PLATE CURRENT
OF FINAL TUBES
Formula 25 shown on page 589 of refer-
ence 1, Ib = Ibo + (Imax + Imin − 2 × Ibo)/4,
gives the average plate current under
Class A1 operation. Since the plate-cur-
rent characteristic shows 0mA for Imin,
this gives Imax = 440mA. And if Ibo =
120mA, the average current is 170mA per
tube. So the total average current of this
amplifier is 350–360mA(170 × 2 + 10–20).
The power-transformer current capacity
of 0.7A AC, with a full-wave bridge rectifi-
er, meets this requirement under the for-
mula IAC = 1.8 × IDC, where IDCmax of the
transformer is 389mA (0.7A ÷ 1.8).

FIGURE 1: 3CX300A1
operating curve.

FIGURE 2: Circuit diagram.
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MAXIMUM REQUIRED DRIVING 
VOLTAGE FOR THE FINAL TUBES
It is good to know the maximum driving
voltage needed to determine the voltage-
driver circuit gain. Since the 42V bias volt-

age was defined by the idle current, this
value forces the peak driving value under
Class-A operation while avoiding positive
drive of the final tubes. Thus the maxi-
mum driving voltage is 29.7V RMS (42/√2). 

VOLTAGE-DRIVER CIRCUIT AND GAIN
I used the Tube CAD software simulator
to determine the parameter values of the
driver circuit that give stable operation.
In general, most existing tube-amplifier
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PART DESCRIPTION NUMBER
Vacuum tube 3CX300A1 Svetlana 2
Plate clip AC-1 Svetlana 2
Vacuum tube 12AX7WA Philips 1
Vacuum tube 6N1P Svetlana 1
Transistor 2SC1815 Toshiba 1
Power transformer Plitron 754709 1
Output transformer Plitron PAT-4008 1
Resistor 1Ω 1W 2
Resistor 100Ω ½W 2
Resistor 1kΩ ½W 5
Resistor 1.5kΩ ½W 1
Resistor 3.9kΩ ½W 1
Resistor 36kΩ 3W 2
Resistor 100kΩ ½W 1
Resistor 430kΩ 1W 2
Resistor 1MΩ ½W 2
Potentiometer 250kΩ Audio taper, panel mount, COSMOS 1
Capacitor 1µF 630V Angela Instruments 2
PTP terminal board Custom made by International Audio Group 2

POWER SUPPLY
Power MOSFET IRFPC40 VGS = 600V, Id = 6.8A, Pd = 150W, 1

RDS = 1.2Ω Shin-Dengen
Three-terminal regulator 7820 (20V1A) 1
Zener diode Z6150, 150V 2W Ishizuka Denshi 3
Zener diode 33V 1W Toshiba 2
Zener diode 15V 1W NEC RD-15F 2
Silicon diode 1000V 1A Schottky type, RG4C Shin-Dengen 4
Bridge diode 100V 1A Shin-Dengen 1
Resistor 1kΩ ½W 3
Resistor 2kΩ 1W 1
Resistor 3kΩ 2W 1
Resistor 5.6kΩ ½W 1
Resistor 75kΩ 5W 1
Resistor 100kΩ ½W 2
Resistor 430kΩ 1W 2
Capacitor 0.1µF 50V Ceramic 2
Capacitor 0.1µF 630V Ceramic 1
Electrolytic capacitor 330µF 63V Nichicon 1
Electrolytic capacitor 470µF 63V Nichicon 3
Electrolytic capacitor 220µF 350V Nichicon 2
Electrolytic capacitor 47µF + 47µF 500V LCR 2
ZNR 14K431U Matsushita 1

PART DESCRIPTION NUMBER
Heatsink to fit 7820 regulator IC 1
Heatsink Mizutani, to fit IRFPC40 MOSFET 1
Pin terminal Teflon insulator 10–20
Printed circuit board 100 × 75mm, epoxy glass, 1.6mm thick 2

CHASSIS
Top plate 400 × 200mm stainless steel, t = 1.6mm. 1

Custom made by San-Ei Musen
Safety cover 65 × 65 × 75mm, stainless steel, t = 1.2mm. 2

Custom made by San-Ei Musen 
Chassis 400 × 200 × 60mm, homebrew 1
Wooden Side panel 430 × 67 × 15mm, 210 × 67 × 20mm, 1

15mm thick, oil-stained, oil-finished
Socket SK-2A, Svetlana 2
Socket, 9-pin minitube QQQ made 2
RCA jack, panel mount Supertron 1
AC power entry module Corcom, made in Mexico 1
Speaker terminal Black & red, San-Ei Musen 1
Metal knob San Ei Musen 1
Pilot lamp 110V red, neon, Sato Musen 1
Cooling fan 109R0812T4B03, 12V 0.19A, Sanyo 1
Electrolytic capacitor 16V 2200µF 1
Bridge Diode 100V 1A 1
Metal feet IAG 4
Stainless mesh 120 × 120mm, S × L 1
Brass spacer 15mm long 3mm screw 8
5/16″ bolt & nut 90mm long 1
6mm bolt 75mm long 2
3mm bolt & nut 35mm long 20
4mm bolt & nut 35mm long 4
Hookup wire as needed as needed
Teflon sheet 73 × 150mm 0.5mm thick, Small Parts Inc. 2
Pin terminal San Ei Musen as needed

MEASUREMENT EQUIPMENT
Audio analyzer, HP-334A
Audio generator, Kenwood AG-204D
8Ω dummy load, 50W, homebrew 2ch.
Oscilloscope, HP-1746A
600Ω attenuator, HP-4437A
AC voltmeter, HP-403B
Digital multimeter, Fluke 8020A

TABLE 3, PARTS LIST
AMPLIFIER, PER CHANNEL

TABLE 1
SIMULATION RESULT OF DIFFERENTIAL AMPLIFIER

USING TUBE MODEL 12AX7

PARAMETERS B++ == 450V B++ == 350V
Plate resistance (Ω) 430k 250k
Cathode resistance (Ω) 1.8k 1.5k
Load resistance (Ω) 2.2M 2.2M
Plate current (mA) 1 1.2
Gain (dB) 85.1 (38.6) 78.5 (37.9)
Common-mode rejection ratio (dB) −3.11 −3.68
Ripple rejection ratio (dB) −5.32 −4.16
Plate-cathode voltage (V) 233 198
Saturated input voltage (V) 2.11 1.72
Maximum output voltage(V) −182/+182 −137/+137
Grid-bias voltage (V) −2.13 −1.76
Input impedance (Ω) 53.4k 53.4k
Output impedance (Ω) 206k 137k
Lower frequency @ −3dB(Hz) 0.07 0.07
Upper frequency @ −3dB(Hz) >1M >1M

TABLE 2
SIMULATION RESULT OF CATHODE 

FOLLOWER USING TUBE MODELS 6N1P 
(MODIFIED 6DJ8) AND 6FQ7

PARAMETERS 6N1P 6FQ7
Plate voltage (V) 450 450
Cathode resistance (Ω) 36k 36k
Load resistance (Ω) 100k 100k
Plate current (mA) 5.75 5.8
Gain (dB) 0.97/−0.3 0.94/−0.5
Ripple rejection ratio (dB) −30.9 −27
Plate-cathode voltage (V) 243 231
Saturated input voltage (V) 147 144
Maximum output voltage(V) −142/+142 −135/+135
Grid-bias voltage (V) −6.71 −8.34
Input impedance (Ω) 5.68M 2.15M
Output impedance (Ω) 90.6 379
Lower frequency @ −3dB(Hz) 1.59 1.59
Upper frequency @ −3dB(Hz) >1M >1M
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designs need a minimum input voltage of
0.5-1.0V RMS to get maximum output
power. So the voltage-driver circuit must
provide voltage gain between 30(=29.7/1)
and 60(29.7/0.5). 

CHOOSING THE DRIVER CIRCUIT AND
VOLTAGE GAIN
I preferred to use cathode followers to
drive the power tubes, since I already
knew their good performance. They pro-
vide fairly low output impedance, but
with a gain of less than 1. Thus the first-
stage amplifier needs to amplify the input
signal of about 0.5 to 1V RMS with a gain
between 35 and 40 (30/0.9), then send the
amplified signal to the cathode-follower
stage, driving the final stage with its pair
of 3CX300A1s. The circuit must have a
phase-splitting feature for proper push-
pull drive.

The first stage is a differential amplifi-
er, which generates complementary sig-
nals to drive a push-pull circuit easily. A
dual-triode tube is ideal for this circuit.
When the other complementary input is
grounded, the total gain is approximately
50% less, so the circuit can work as the
phase splitter to provide push-pull drive. 

First of all, I simulated this differential
circuit using a 12AX7, with its high mu of
100, and with a plate supply of 350V, then
450V. The result showed a gain of 78 and
85, respectively. Once the unused input of
the differential amplifier is grounded, the

total gain would be 35 to 40. Thus, the cir-
cuit will meet the requirement for build-
ing a phase splitter (Table 1).

Once it was defined, I modified this dif-
ferential amplifier by using a small signal
transistor, such as the 2SC1815, as an ac-
tive current source, avoiding the need for
a negative power supply. Also, this circuit
uses the feedback loop from the differen-
tial outputs to control the gain.3 The
power-supply voltage is the same 450V as
for the final stage, simplifying the inter-

nal wiring and assembly. 
The cathode-follower circuit uses Svet-

lana’s 6N1P, which has a higher gain than
the usual choices, the 6CG7/6FQ7 or
12AU7. This gives a higher voltage gain,
closer to 1. The 6N1P also has lower plate
resistance, so it saturates the output stage
more easily than do the other tubes. The
simulation shows a lower output imped-
ance (90Ω) and higher gain (0.97) than
would be obtained with a 6FQ7 (Table 2).

The final circuit schematic (Fig. 2) was

FIGURE 3: PTP terminal board. FIGURE 4: Chassis internal frame structure.

FIGURE 5: Top plate.



completed after the foregoing analysis.
The circuit features a differential amplifi-
er using an active current source made
with a small signal transistor, and a cath-
ode-follower circuit to drive the outputs.
The fixed-bias circuit brings the −42V bias
to the grids of the final tube pair.

COLLECTING THE PARTS
With regard to the parts (Table 3), I prefer
to use Plitron’s toroidal power trans-
former, since it features high efficiency,
low waste-heat dissipation, and low leak-
age flux. I also like the wide frequency re-
sponse provided by the toroidal output
transformer, as well as its good damping
and good phase characteristics.

The final tubes are a pair of Svetlana-
made 3CX300A1s, with their unusual
shape. Since the 3CX300A1 was originally
designed for the high-voltage regulators
of Russian radar systems, the maximum
plate voltage is a very high 1k8V, and the
tube structure itself is, according to Svet-
lana, very rigid, because of the shape of
the ceramic and metal parts. Thus, a final
tube-protection circuit using a timer relay
is not implemented. 

Svetlana’s 6N1P is roughly equivalent
to the 6DJ8, although its maximum plate
voltage is 250V, whereas the original 6DJ8
is only 130V. The 12AU7, 6189W, and 6922
are also similar to the 6N1P, but the out-
put impedances of cathode followers
made with those tubes appear to be high-
er than that of the 6N1P. The first stage
12AX7A is a NOS tube by Philips ECG. 

The PTP terminal boards, made by In-
ternational Audio Group (IAG) in Texas,
are also used to obtain simplified wiring
and easy maintenance. The board is
3.2mm-thick, copper-clad epoxy, featuring
a number of turret posts swaged anyplace
on the board, as specified by the cus-
tomer. This structure provides some con-
venience for simplifying the wiring as-
sembly, as well as shortening the assem-
bly time.

I have suggested to Mr. Atkinson at IAG
that they use a copper-clad board instead
of a plain board, since I needed a ground
plane for easier ground wiring. He accept-
ed this instantly, and the result minimizes
hum without using a star-grounding
wiring scheme. Thus I love this board, and
wish to act as an evangelist. I suggest that
audiophiles try to use the IAG boards at
least once. They are really neat!

If you choose to obtain this board, I
suggest you e-mail (hiag@mail.n-link.com)
to IAG a pin-placement drawing in Mi-
crosoft PowerPoint file (Fig. 3). IAG
prefers a clear computer-graphic file
when programming its machine, allowing

the quickest setup. Even from Japan, I
was able to get prompt service. The board
came to me in ten days via express mail
from Texas. If you would like to use my
own board design, you might specify that
the board must be identical to mine.

FIGURE 6: Shock proof cover.
PHOTO 2: Removing a tube cover reveals
the internal arrangement of the tubes.

FIGURE 7: Wooden side panel.

FIGURE 8: Cross section of final tube installation.
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FIGURE 9: Input versus output characteristic of voltage driver.

FIGURE 10: Distortion of voltage driver.
PHOTO 3: A forced-air cooling fan was installed at the center of the
bottom lid with a stainless mesh.

FIGURE 11: Frequency response of voltage driver.



ASSEMBLY
I built the case myself, using pop rivets
and other tools (except for the stainless
top plate and the protective cover, which
were specially made by San-Ei Musen in
Akihabara). After assembly, I fixed a
15mm-thick wooden plate, oil-stained and
oil-finished, to the sidewall of the case, to
give a manufactured appearance (Figs. 4,
5, 6, and 7). 

Owing to the professional appearance,
the case looks as though it were made by
a major manufacturer. I oil-finished the
wooden cover three times after oil stain-
ing, so that its surface became as smooth
as a furniture finish.

I mounted the power-supply board on
the internal chassis with a 15mm offset
using standoffs. Since the toroidal trans-
former requires only three small holes to
fix it to the top plate, this leaves a lot of
room underneath.

Some might say it is very hard to use a
ceramic tube like the 3CX300A1 in an
audio amplifier, since the tube needs
forced-air cooling because of its unique
design. As I found, it became very easy to
mount these tubes, thanks to the PTP ter-
minal board. 

You mount all sockets on top of the
board, and then fix the board underneath
the top plate with 1cm-tall standoffs. 
A 45mm-diameter hole on the top plate
provides enough room around each
3CX300A1, so that cooling air comes from
the fan installed on the bottom plate, pass-
ing only through the tube fins (Fig. 8). 

To improve cooling efficiency, I put a
0.5mm-thick Teflon sleeve around the
tube’s fins, winding it firmly with #18
stainless wire. The size of Teflon sheet is
approximately 73 × 150mm, so that it cov-
ers the sides of the fins and reaches to the
same level as the stainless top plate. Thus,
no cooling air goes through the gap be-

tween the sleeve and the fin, forcing all
the air through the top of the tube like a
chimney. Over this setup, I used a custom-
designed stainless hood to protect users
against electrical shock and heat (Fig. 6).

The fan generates the forced air. It is
installed over the bottom plate, located at
the center, and is driven by 7 to 8V DC de-
rived from the 6.3V AC line for the tube
heaters in order to reduce fan noise. A
stainless mesh filter is placed over the
bottom plate. The structure of the chassis
is airtight, so that all the forced air exits
through the tube fins.

ADJUSTMENT AND MEASUREMENT
First of all, double-check the internal
wiring carefully before inserting the tubes
or powering on. Then apply AC power and
check the plate-supply voltage with a digi-
tal multimeter. It is OK if the plate supply
is around 450V, the heater voltage is 6.3V
or so, and the fan is working correctly.
(Place your palm over either air outlet on
the top cover. The air-flow rate is very low,
much less than a hair dryer. The tubes
are not running at their full power, so this
is adequate airflow.) Then adjust the grid-
bias trimpot on the top plate so that
the grid-bias voltage (measured at
the test jack) is roughly −50V. Then
temporarily turn off the power
switch. 

After this initial setup, insert all
tubes and turn on the power switch.
Measure the voltage drop across the
1Ω resistor at the cathode pin of each
3CX300A1, and adjust the grid-bias
trimmer so the voltage drop becomes
approximately 120mV. Wait for about
ten minutes to allow the ceramic
tubes to warm-up, since Svetlana
says this tube needs several minutes
of warm up time. During this period,
the cathode-voltage drop is unstable.

Again, measure the voltage drop across
the 1Ω resistor at the cathode pin of each
3CX300A1; it should still be around
120mV. Then observe the stability of the
reading.

A 100Hz square-wave test is all I did for
the final adjustment, although an audio
signal generator could give more detail
and a more precise adjustment. An exam-
ple is the 100Hz square-wave test that van
der Veen has developed. 

An oscilloscope allows precise adjust-
ment. Feed the amp with a 100Hz square
wave, then observe the square wave at the
output, using an 8Ω dummy load. Adjust
the grid-bias volume control so that the
output square wave is a perfect rectangle.
Careful adjustment according to this
scheme results in minimal imbalance of
the idle current, usually less than 1mA
when using a matched pair tube.

Originally I used a nonmatched pair of
3CX300A1s, since Svetlana does not sup-
ply matched pairs at this time. The imbal-
ance of the cathode voltages between the
tubes becomes maximum when the out-
put power is at clipping, which can be
about 5 to 10mA. This can generate
acoustic sound, because the output trans-
former’s toroidal core resonates mechani-
cally at 100Hz. A crazy but workable
method for adjusting tube balance sug-
gests itself: adjust the grid-bias volume
control so that this audible resonance of
the transformer core is minimized.

After adjustment by this method, the
idle current of both tubes was 115mA and
120mA, respectively.

OTHER INFORMATION
I finished the adjustment and measure-
ment on the next day. Prior to the mea-
surement, I needed to warm up one am-
plifier, so I turned the power on. A loud
buzzing sound came out of the speaker
for a short time.

I had no idea why this happened. To
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PHOTO 4: The MOSFET and Zener Diode Ripple Filter.

PHOTO 5: Close-up of tube installation. 



protect my speaker system from possible
damage from the buzzing, I disconnected
it from the amplifier, leaving the amp to
warm up for ten minutes or so. When I re-
connected my speakers to the amplifier,
the buzz had stopped. 

Curious as to why this happened, I sent
an e-mail to Eric Barbour at Svetlana and
received a prompt reply. His explanation
was “Each 3CX300A1 tube has its own
warm-up time. The value varies individual-
ly, so the deviation of warm-up time may
cause imbalance of the plate current. This
can cause most or all of the hum and noise

in the HV DC supply to appear across the
primary of the output transformer, so it
does not cancel. This may cause the buzz
at the secondary.” My curiosity was thor-
oughly cleared up by his reply.

In addition to this evidence, I found an-
other cause for the buzz, which came out
of the MOSFET ripple-filter circuit. I test-
ed this circuit with an external Sorensen
power supply (600V 0.75A DC), which de-
creased the buzz level better than the in-
ternal MOSFET power supply, and also
decreased its duration. 

I found that the root cause was the

MOSFET ripple-filter circuit. It became
“hung up” just after turning on the power.
Approximately 250mA flows out through
this circuit into the amplifier, i.e., the 
output voltage stayed at 420V or so. This
was caused by the pinch-off effect of the
MOSFET, since a 6V zener diode clamped
the voltage across its gate and source
electrode.

To eliminate this symptom, I replaced
the 6V zener with a 15V zener diode. After
this modification, the buzz sound de-
creased to about one-tenth, though it has
not cleared up completely.
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FIGURE 12: Input versus output.

FIGURE 13: Distortion.

FIGURE 14: Frequency response.

FIGURE 15: Damping factor.

FIGURE 16: Output waveform.



After one amplifier is turned on for 20
seconds or so, this buzzing sound ap-
pears, although the other amplifier does
not do this. It is tolerable, though I sug-
gest that anyone who hates this buzzing
should provide a switching circuit to dis-
connect the speakers for 30 seconds or so
by using a timer relay.

VOLTAGE-DRIVER CHARACTERISTICS—
FIGS. 9, 10, 11.
The first stage consists of the differential
amplifier, without any AC balancing resis-
tor as is commonly used on long-tail
phase-splitter circuits. To verify the well-
balanced circuit performance of this driv-
er circuit, I measured the characteristics
of both outputs of the differential amplifi-
er. Figure 9 shows the results.

The difference in output level at the
diff-amp outputs is 1% or less, and mostly
zero in the range of 0.6V-1V input level,
though it will be over 10% when clipping
occurs at approximately 1.5V input. In
fact, this differential amplifier works as
well as any properly balanced phase-split-
ter circuit, at less than 1% distortion. Fur-
thermore, its frequency bandwidth ex-
tends up to 200kHz at −3dB. The gain of
this circuit is about 36, and shows a good
match with the simulation result.

OVERALL CHARACTERISTICS
1) Input-to-output characteristic—Fig. 12
Clipping occurs at 0.9V input level, giving
a maximum power of 35 to 36W. This
does not fit with the calculation result of
48W, but it is close to the initial target.

2) Distortion characteristic—Fig. 13
Measured distortion values are 0.3% at
1W, 1.3–1.5% at 10W, and 3–5% at 30W.
Overall, this is very good performance for
a non-NFB amplifier.

3) Frequency response—Fig. 14
The measured frequency bandwidth was

beyond 100kHz at 1W output, and even at
10W. This characteristic depends mainly
upon the frequency response of the driver
stage. According to van der Veen, the
Plitron output transformer is capable of a
more extended frequency response than
this.

4) Damping factor—Fig. 15
The damping factor is relatively low:
about 1, through the entire frequency
range. In spite of this, the sound is very
powerful at low bass, and highs are clear
and transparent. This is due to the dis-
tinctive characteristic of the Plitron trans-
former, mainly its excellent damping at
frequencies over 100kHz.

5) Output waveforms—Fig. 16
The waveforms are very distinct from
those obtained with a conventional E-I
cored transformer. This Plitron toroid
does not show any overshoot of the
square wave at all. Such performance is
similar to that of rare and costly old trans-
formers, such as the legendary Acrosound
TO series of the 1950s.

As a miscellaneous fact, the output
noise and hum levels of the two mono am-
plifiers, with no input signal, were 0.5mV
and 0.6mV, respectively—a very low noise
floor.

LISTENING IMPRESSIONS
At last, you reach the final stage of the as-
sembly, after fine-tuning the power sup-
ply. During the final listening tests, I used
a homebrew switch box in alternating two
amplifier outputs to compare the sound
against the reference, my homebrew 300B
single-ended amplifier, which also uses a
Plitron output transformer.

The first impression of the sound is the
strong presence in the vocals by female
singers such as Rita Coolidge, Natalie
Cole, and the like. Compared to a 300B
amplifier, I believe the sound of this cir-

cuit is stronger, with crisper detail.
According to van der Veen, the sonic

difference is caused by the profile of the
harmonic distortion (consisting of the
even harmonics produced by a single-
ended amplifier versus odd harmonics
made by a push-pull amplifier), as well as
by the differences in damping factor.

This amplifier shows a very low damp-
ing factor—which is less than one due to
the non-NFB circuit. Yet the sound of this
amp is very strong and vivid. Overall, I
was impressed that this newly introduced
Svetlana ceramic tube works so well with
this stock Plitron toroidal transformer,
and generates such a crisp and powerful
sound. ❖
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PHOTO 6: All of the tubes neatly sit over the rigid board.

SOURCES
Tec-Sol Inc. (Authorized Dealer in Japan)
Hamamatsu-shi, Wada-cho 514
Shizuoka ken, 435-0016
Japan
+81-53-468-1201 
Fax: +81-53-468-1202
http://www.tec-sol.com/
http://www.svetlana.com/
http://www.plitron.com/
Svetlana tubes & Plitron transformers

San-Ei Musen
Chiyoda-Ku, Soto-Kanda 1-15-16
Radio-Kaikan 4F
Tokyo 101 Japan
+81-3-3251-7985  
Fax: +81-3-3251-2343
Top plate & protection cover, various other parts

Angela Instruments
10830 Guilford Rd., Suite 309 
Annapolis Junction, MD 20701
(301) 725-0451
Fax: (301) 725-8823
http://www.angela.com/
Angela coupling capacitor

International Audio Group Inc.
PO Box 10096 
Killeen, TX 76547-0096
Voice/Fax: (254) 699-8702
E-mail: hiag@n-link.com
PTP terminal board, metal feet

Small Parts, Inc.
13980 N.W. 58th Court
PO Box 4650
Miami Lakes, FL 33014-0650
1-800-220-4242
Fax: (305) 558-0509
E-mail: smlparts@smallparts.com
http://www.smallparts.com/
Teflon sheet
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W
hile I have designed and con-
structed several audio power
amplifiers in the past 12 years,
I have never, until recently,

done much preamplifier work. I have con-
sidered attempting to design and con-
struct a preamplifier for several years, but
I find I am usually prompted to begin a
project by need, rather than intent. That is
true of the phonograph preamplifier I de-
scribe here.

THE NEED ARISES
Unlike some audio purists, I have been
very interested in surround sound since
the early ’70s. With the incorporation of
my sound system into an audio/video sys-
tem, I replaced my Krell preamplifier first
by an Adcom and then by a Marantz A/V
tuner/preamplifier. Unfortunately, as with
most modern units, neither the Adcom
nor the Marantz had a phono input. Late-
ly, the Krell has functioned solely as a
pre-preamplifier, that is, as an interface
between the phono cartridge and a high-
level (Tape 1) input on the Adcom.

Having a bulky preamplifier in the sys-
tem was undesirable, however, because I
had no more room for additional compo-
nents in the equipment rack. I wished to
replace the Krell with a dedicated small
phono preamp that I could locate behind
the equipment rack.

It occurred to me that I was probably
not the only one who might need a stand-

alone phono preamplifier that would
allow updating the system preamp with-
out losing the phono option. Thus I finally
developed the impetus to attempt the de-
sign of at least one component of a pre-
amp, the phono stage.

The design I present here allows the
phono cartridge to appear as a high-level
source that you can input into any of the
standard, flat-response, high-level inputs
on an audio or audio/video preamp or re-
ceiver. The few purists left will appreciate
the irony of using the CD input, as I do
with the Marantz. The CD input circuitry
in my 1985-vintage Krell PAM-5 manipu-
lates the signal in some way—perhaps to
compensate for the interchannel time dif-
ference in early CD players—so a tape or
auxiliary input might be better in some
cases.

I specifically designed this preamp for
moving-magnet cartridges capable of at
least a couple of millivolts output at
1kHz. With some minor changes, you
could probably use it with a moving-coil
cartridge whose output was 20dB less. I
make no claims for this, however, be-
cause I did not examine the possibility.

EQUALIZATION
The principles of preamplifier design do
not differ greatly from those of amplifier
design, the major differences being power
and noise considerations. The exceptions
are for preamps intended for tape heads
and phono cartridges. The cartridge 
requires not only more amplification 
(because its output is significantly 
lower than, say, a CD player), but also
equalization.

Equalization involves tailoring the fre-
quency response of the preamplifier in a
manner that exactly compensates for the
frequency response of the signal at the
input. The idea is that the overall frequen-
cy response will be “flat” in the sense that
the original spectrum of the sound is

maintained in reproduction.
The frequency shaping that must take

place in the phono preamp is that of the
RIAA curve. This curve has been the basis
of several previous articles in Audio Ama-
teur, so I do not intend to be overly repeti-
tious. I have liberally footnoted this arti-
cle with references that contain addition-
al information for the reader who seeks
more details.

I shall be slightly repetitious in remind-
ing you that the equalization is required
because neither the recording nor the car-
tridge response is flat. To avoid overly
wide groove excursions on the record, the
low-frequency components are com-
pressed, while, to improve signal-
to-noise ratio, the high frequencies are
emphasized.1

On the reproduction side, a magnetic
cartridge is a velocity-responding device.
If groove amplitude were held constant,
electrical output would be proportional to
frequency. To compensate for these fac-
tors, response is boosted by a factor of
about ten (19.3dB) at the low end and at-
tenuated by roughly the same factor at
the high end (19.6dB), where 1kHz is the
reference (0dB) frequency.

CURVE-SHAPING POLES
Suffice it to say that there are two poles,
one at 50Hz and the other at 2k122Hz, as
well as a zero at 500Hz, that shape the
curve. There are many different ways to
produce these poles and the zero, with dif-
ferent designers favoring different
schemes. The most economical method
uses negative feedback around only one
gain block, with the feedback network
made frequency-dependent by adding two
capacitors and one resistor to the usual
passive voltage-divider feedback network.
You can easily accomplish single-ended
designs with just two bipolar junction
transistors (BJTs) per channel.

Since closed-loop gain is approximate-
ly equal to 1/β, where β is the fraction of
the output fed back to the input, it follows
that a zero in β (i.e., a feedback zero) pro-
duces a closed-loop-gain pole, and a feed-
back pole produces a closed-loop-gain
zero. Thus, there are two feedback zeroes

This small phono preamp design by a noted author solves several prob-

lems inherent in today’s audio systems.  Norman E. Thagard

A Phono Pre-Preamplifier for the CD Era
Part 1
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and a feedback pole at the frequencies
corresponding to the RIAA poles and
zero, respectively.

Achieving great accuracy in RIAA
curve tracking with this method is more
problematical, because the components
in the complex RC feedback network in-
teract.2 It is not a simple case of calculat-
ing the three breakpoints as independent
RC time constants. Mathematically, there
are cross-product terms in addition to the
terms of interest. Then, too, if the amplifi-
er is noninverting, the closed-loop-gain
rolloff due to the feedback zero at
2k122Hz cannot be sustained, because
this gain cannot drop below unity. In ef-
fect, an unintended zero is added to the
response at some higher frequency.

While you can eliminate this latter de-
fect with an inverting configuration, the
ubiquitous 47kΩ moving-magnet loading
resistor winds up in series with the 
cartridge’s own DC resistance instead of
in parallel with it. The upshot of this is
that the considerable noise generated by
this resistor is input into the preamp
rather than being largely shunted to
ground through the source resistance of
the cartridge, as it is in the noninverting
configuration.

DESIGN PHILOSOPHY
You can find a discussion of the topics of
the last paragraph and the philosophy
upon which the design described in this
article is based in National Semiconduc-
tor Applications Note AN 346.3 This de-
sign largely obviates the problems to
which I’ve alluded. Previous articles in
TAA or AE have offered designs based on
this same philosophy. Since that is the
case, it is valid to ask why I offer yet an-
other similar design. The answer is that I
desired to implement a discrete version of
the op-amp-based design from AN 346.

It is a good challenge because the AN
346 design used two op amps. Seeking op-
amp performance with discrete compo-
nents can involve a lot of parts, and imple-
menting two such amplifiers in discrete
form means yet another such group of
parts. Near-op-amp parameters are, in
fact, required because high input imped-
ance, low output impedance, and high
open-loop gain are crucial to proper per-
formance of the circuit.

As an engineering professor, I receive
textbooks for evaluation from time to
time. One of these described a one-stage
op amp,4 realized by using the folded-cas-
code topology. It could be argued that a
cascode, folded or telescopic, is really two
stages. However, from the standpoint of
audio-frequency performance, a cascode

has all the earmarks of a single, albeit
compound, stage. It behaves like a
“super” common emitter or common-
source stage with higher bandwidth and
lower distortion.

I have had a predilection for cascoded
stages ever since reading an article on the
subject by Nelson Pass.5 My very first am-
plifier design was a 100W Class A (at 8Ω)
DC monoblock that featured four tele-
scopically cascoded stages, including the
power output stage.6

In 1992 I designed and constructed a
balanced-input amplifier that featured a
MOSFET-based differential-in, single-
ended-out folded cascode very similar to
the phono preamplifier described here.
That design permitted a CMRR >60dB at
20kHz and will be the subject of a future
AE article. Finally, the Thagard/Pass A75,
the design of which was completely Nel-
son’s, but which incorporated some topo-
logical features that I had suggested, of-
fered the option of a folded cascode.7

COMPLEMENTARY SYMMETRY
In the current application, using a folded
cascode in complementary symmetry re-
sults in sufficiently high open-loop gain,
since the drain of each common-gate de-
vice “sees” the drain of its complemen-
tary partner as its load device. From the
diff-amp input to the single-ended output,
gain is given by ½gmRload, where gm is
transconductance and Rload is the load 
resistance.

If Rload is the intrinsic resistance (call
it Ro) looking into a JFET drain, then the
gain is very high, because Ro often ranges
from 100kΩ to 1MΩ. Of course, the caveat
is that the input of the feedback network
does not load the output node, and that is
not a good assumption here. Similarly,
the following stage must not load the out-
put node, either, and that is a reasonable
assumption here. Apparently, the JFET
transconductances are high enough to en-
sure that the open-loop gain is also suffi-
ciently high. 

I began with the intention of using the
LM394 BJT “superbeta” monolithic
matched pair in the diff amp. JFETs typi-
cally have a transconductance that is an
order of magnitude smaller than that of a
BJT in a given application. Also, the
source resistance of a moving-magnet
phono cartridge is seldom more than
about 1kΩ, so that a low-noise BJT such
as the LM394 actually has an advantage
from the standpoint of noise.8

The lower transconductance of most
small-signal JFETs significantly adds to
their noise voltage output.9 The JFETs
used in this design have values of gm clos-

er to those seen in similar BJTs, so the
LM394 noise advantage will be less. An-
other entry on the negative side is that
the input-voltage offsets and drifts are
higher in JFETs. The interelectrode ca-
pacitances are higher in JFETs, too, but
the cascode largely obviates this negative
aspect.

It was Erno Borbely’s article describing
the 2SK389/2SJ109 high-transconduc-
tance complementary monolithic pair
JFETs that changed my mind.10 For one
thing, I was aware of no pnp equivalent to
the LM394. For another, the BJT input re-
sistance is much smaller than that of the
JFET, although the LM394’s high beta
does result in a respectable resistance.

Thus, this design is mostly a JFET one.
It is entirely JFET-based, if you accept the
notion that the BJT active-load devices
aren’t really in the signal path. I believe
that this is valid, since, ideally, no signal
currents could pass through these devices.

NOISE
I have never given much thought to noise
in my power amplifier designs. Indeed,
there was little reason to do so for a gain-
of-twenty amplifier that requires an input
of around 1V in order to produce full-
power output. This is why one of my de-
signs uses MOSFETs in the input diff
amp. No one can make a good case for
low-noise operation of the MOSFETs that
would be used in a power amplifier.11

Low-noise operation is a major consid-
eration in designing a preamplifier for
moving-magnet cartridges. Gain at 1kHz
is around 38dB, and the input signal
might be about 5mV at best, depending on
the cartridge. The output will be boosted
by another 20dB in the line-level pream-
plifier stage and a final 26dB by the power
amplifier. This is a total amplification of
almost 16,000. Signal or not, any noise at
the input is amplified by this factor, which
is why even my Krell has some audible
noise in the phono position if your ear is
close enough to the loudspeaker.

It should be obvious that the first stage
in this chain is the most critical from the
standpoint of noise. Paralleling devices
reduces noise, so the complementary na-
ture of the circuit helps, since the p- and
n-channel devices are in parallel as far as
the signal is concerned.12 Unfortunately,
a diff-amp stage has 3dB more voltage
noise than a single-ended stage, and the
two effects cancel.13

It may come as a surprise to know that
the biggest contributor to noise in a well-
designed phono preamp is the Johnson
noise generated by the DC resistance of
the cartridge itself. For the V15 Type V
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MR that I use, this resistance is 1kΩ, for a
contribution of about 4nV/√Hz. According
to the PSpice model of the circuit of this
article, total input noise (all noise is, by
convention, referred to the input) is little
more than 5nV/√Hz at most frequencies
in the audio band.

If the model is correct, the preamp it-
self adds little to the total noise output. Al-
though at the time of this writing I have
made no noise measurements, listening
indicates that noise is inaudible unless
the ear is positioned immediately in front
of the high-frequency drivers of the loud-
speakers.

RADIO-FREQUENCY INTERFERENCE
Figure 1 is the schematic of the preamp.
Starting naturally at the input, a series in-
ductor stands out prominently. You just
do not encounter inductors all that much
in audio-frequency design. I had no inten-
tion at the outset to use this inductor.
However, while doing listening tests dur-
ing the breadboard stage, I heard not only
the record that was playing, but a local
radio station as well. I remembered a ref-
erence to this possibility.14 I used the so-
lution suggested in the reference, namely
the addition of a 10mH rf choke.

A side effect of using the choke is a
slight rise in high-frequency response
that causes an RIAA tracking error of
about 0.1dB at 20kHz. This rise is due to
the interaction between the input capaci-
tance and the inductor. It is possible, of
course, to lower the 2k122Hz pole to in-

crease the 20kHz attenuation and thereby
eliminate the induced error at 20kHz. I
doubt that it is worth the effort.

You can omit the choke if you wish.
For compactness, I ordered a choke with
a DC resistance of nearly 100Ω. This resis-
tance is in series with the DC resistance
of the phono cartridge and will add to the
input noise. There are coils available with
much smaller resistances—for example,
the M5942 from Digi-Key at 7.30Ω. This
coil is significantly larger, though, and
will be difficult to accommodate if you
use the PC-board pattern of Fig. 2.

Since a designer need design only to
the interface conditions specified by the
cartridge manufacturer, I have not been
motivated to research the subject, but I
have the impression from articles and
from cartridge manufacturer-recommend-
ed capacitance values that the frequency
response of a moving-magnet cartridge is,
by design, extended by the resonance of
the cartridge’s intrinsic inductance with
any capacitance in the preamplifier input
circuit. If so, this is similar to the “peak-
ing” that is sometimes used in rf circuits
to postpone high-frequency rolloff.15

The inductance of my cartridge is
425mH, so if peaking is already intention-
ally used, adding approximately 2% to the
cartridge’s own inductance may well be
less than the variation in intrinsic induc-
tance from cartridge to cartridge. It would
not then be reasonable to seek such accu-
racy in an area where other uncertainties
exceed the likely gain.

Since the recommended load condi-
tions for the V15 Type V MR are 47kΩ in
parallel with 250pF, I added 100pF in the
form of C1. That is because I use an SME
3009 Series II tonearm with 135pF of
cable capacitance, and the preamp has
about 80pF of intrinsic input capacitance
by measurement, or 40pF according to
the PSpice version of the circuit.

Even though 100pF is a bit higher than
the calculated optimum, I thought that
this was probably a good all-around value.
You are free to alter the value of C1 for
the particular cartridge at hand. Frequen-
cy response suffers, however, if there is
too much deviation from the recommen-
dation for the particular cartridge used. 

TOPOLOGY
The input stage is a dual or complemen-
tary differential amplifier. I had hoped
that the diff amp input would provide suf-
ficient thermal stability to allow a true DC
design. However, to find the zero tempco
of the JFETs requires a knowledge of their
pinch-off voltages.16 Since this parameter
varies from transistor to transistor, it isn’t
practical to base this design on the zero
tempco. Although I was able to unbalance
the diff amp to achieve zero-output offset
voltage, the drift was excessive.

In the end, I adopted the same DC
servo used by many others before me.17

Even a venerable old µA741 op amp in
the servo gave an acceptably low DC-out-
put offset and drift. However, I accede to
the almost universal use of the LF411 in
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FIGURE 1: Preamp schematic.



specifying that part for
this application. Certainly,
the LF411 is a good
choice, since it is sold as a
low-offset, low-drift compo-
nent.

On the breadboard, the
LF411 required bypass ca-
pacitors near its power-
supply pins, even though
the supply rails were al-
ready bypassed at the
point of entry onto the
board. That is why there
are two bypass capacitors
on the supply rails, one at
the output of each voltage
regulator and another
near pins 4 and 7 of the
LF411. You are welcome
to experiment with elimi-
nating the pin-4 and pin-7
capacitors. I included
them on the prototype as a
conservative measure. The
µA741 did not require ad-
ditional bypassing.

Be aware that the PSpice model
showed considerable low-frequency dis-
tortion because of the servo. Increasing
the integrator and low-pass-filter time
constants corrected this problem in the
model. Since I saw no such distortion in
the breadboarded circuit, I left the compo-
nents at the same 1MΩ/220nF values that
I have seen used in other designs. Howev-
er, feel free to increase the time constant
by increasing the value of C to 1.0 or even
2200nF. PSpice permits perfect device
matching, so the simulated DC-coupled,
servoless circuit had almost no DC-output
offset or drift, facilitating the determina-
tion that the apparent problem was with
the servo.

JFET SELF-BIASING 
As with vacuum tubes, you can use self-bi-
asing with JFETs. That is the function of
resistors R5 and R12. The target drain
current was 3mA, meaning that 6mA
should flow through those resistors. At
3mA, the JFET characteristic curves I ob-
served on a curve tracer suggested that
VGS ≅ 0.27V was required. With R5 =
R12 = 90.9Ω, about 0.55V source-to-source
will be dropped.

Since the DC gate voltages are fixed at
ground potential, the desired VGS for both
n- and p-channel devices is attained, and,
consequently, the desired drain currents
are realized. JFET characteristics can
vary, so if you determine that the drain
currents differ greatly from the design
value, simply change the value of R5

and/or R12 until VR5/R5 ≅ VR12/R12 ≅
6mA. Of course, increasing these resistor
values decreases drain current.

The right-hand diff-amp devices J1B,
J2B, J3B, and J4B are the common-source
halves of a cascode. The more traditional
cascode, originally constructed from vacu-
um tubes, is now sometimes called a tele-
scopic cascode to distinguish it from the
folded cascode. The latter “folds” the cas-
code over toward the opposite voltage rail
by using a device for the common-gate
half of the compound stage that is comple-
mentary to the common-source device.

There were no complementary vacuum
tubes, so it took the advent of the transis-
tor before a folded cascode could be phys-
ically realized. It has the advantage of al-
lowing the cascode output to be at 0V DC
with proper biasing. It facilitates the con-
struction of single-stage op amps and, in
discrete form, is the basis for the current
design.

The folded cascode allows some flexi-
bility in setting bias current in the com-
mon-gate device. This flexibility does not
exist in the telescopic cascode, since the
drain current is necessarily the same in
both halves of the stage. There are rea-
sons for setting folded-cascode common-
gate device bias at various levels depend-
ing upon the design considerations.18 For
simplicity and noise considerations, I
elected to bias the common-gate devices
at the same DC drain current as the com-
mon-source devices.

Each of the four dual BJTs, Q1–Q4, is

configured as a kind of “reverse” Widlar
current mirror in order to establish the
bias currents for the common-gate de-
vices in the cascode. Again, it should not
matter that BJTs are used in this capacity
rather than JFETs, since the whole idea of
a current mirror is to pass as little signal
current as possible.

Some shun the use of active loads in
preamplifier and amplifier designs even
for folded-cascode biasing. The reason, at
least in some cases, seems to be a
claimed adverse sonic effect. I am skepti-
cal that any such effect exists except as a
perceptual alteration induced by knowl-
edge of the material to which you are lis-
tening. I prefer to use active loads be-
cause they ensure balanced diff-amp oper-
ation and, consequently, potentially lower
distortion than you could obtain with sim-
ple resistor loads.19

COLLECTOR CURRENT
In discrete design, it is easier to establish a
given bias current with a BJT-based Widlar
mirror than with a scheme involving
JFETs or MOSFETs. In BJTs, it is really
base-emitter voltage that sets collector cur-
rent. That is why the current ratio between
the transistors in each half of each of the
four mirrors is established by the differ-
ence in base-emitter voltages of those two
transistors. This difference is ∆Vbe = Ie ×
Re, where Ie and Re are the emitter current
and emitter resistor, respectively, of the
left-hand BJT of each mirror.

A 2:1 ratio is required if the common-
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gate JFET is to have the same DC drain
current as the common-source JFET. That
should be evident, since the symmetry of
the two halves of each of the diff amps
guarantees that their drain currents will
be nearly equal at 3mA. Thus, if the col-
lector current in the BJT on the 
right side of the four current mirrors 
is greater than that on the left side, 
the extra current must flow into the com-
mon-gate device.

If the right-side current is exactly 6mA,
then 3mA will flow into the drain of the
diff-amp JFET, while the remaining 3mA
will flow into the source of the common-
gate half of the cascode. From the Ebers-
Moll equation, it can be shown that ∆Vbe =
.0261n(I1/I2) is the difference required to
establish the I1/I2 ratio. If a 2:1 ratio is de-
sired, as is the case here, then ∆Vbe ≅
18mV will do the trick.

Another good rule-of-thumb to commit
to memory is that ∆Vbe ≅ 60mV is good for
a 10:1 ratio. I call these mirrors “reverse”
Widlar mirrors because the more usual
configuration is to have the reference cur-
rent higher than the programmed cur-
rent.20 Here, the left-hand BJT carries the
smaller reference current, and the right-
hand BJT serves as the current source by
“mirroring” a multiple of the reference
current.

Since Ie and ∆Vbe are known, Ohm’s law
dictates that Re = ∆Vbe/Ie = .018/.003 = 6Ω. Ie
is fixed at 3mA, so increasing Re will in-
crease ∆Vbe and, in turn, the current ratio,
and therefore the current through the com-
mon-gate device. Although 6Ω resistors do
exist, they are less common than 5.6Ω or
6.2Ω components, and the latter is closer
to the desired value. However, 6.2Ω resis-
tors are not as common as 5.6Ω or 6.8Ω re-
sistors. You may use any of these three val-
ues, since it isn’t as critical as matching
the value, whatever it is.

Unfortunately, I may have had the last
of the available precision 6.2Ω metal-film
resistors in my own parts bin. Currently
available units have 5% tolerance. It is, of
course, entirely acceptable to parallel two
12.4Ω resistors, which are available in 1%
tolerance. I actually used 6.2Ω resistors in
one channel and 6.8Ω in the other with
no objective or subjective differences dis-
cerned between the two.

GATE-TO-SOURCE VOLTAGE
The common-gate JFETs will assume the
gate-to-source voltage that corresponds to
the drain current according to their
square-law equation. For the complemen-
tary devices, this is the same VGS ≅
0.27V that was seen for the diff-amp
JFETs, because the drain currents are the

same. The JFET self-bias-
ing feature almost allows
J5 and J6 to assume this
gate-to-source voltage
simply by tying their
gates to the appropriate
supply rail. Unfortunate-
ly, this places the right-
hand current mirror BJTs
very close to, if not into,
saturation. The upshot is
that this will work for
some BJTs but not for
others.

For instance, all of 
the 2N3811 and 2N2920
matched dual BJTs that I
tried worked with this
scheme, while none of the
devices specified in the
parts list (Table 1) did so.
Since the 2N3811 is no
longer available and the
2N2920 is hard to find and
expensive, it was not pru-
dent to specify them as
the components of choice.
Besides, the spec sheets
on even these devices in-
dicated that not every ex-
ample could be counted
upon to work correctly in
this application.

To ensure that Q1B,
Q2B, Q3B, and Q4B
would be in their active
regions, I added diode-
connected BJTs Q5 and
Q6, which, themselves,
must be in their active re-
gions. This is because Vcb
= 0 for these two transis-
tors, whereas saturation
is the condition in which
the collector-base junc-
tion is forward-biased.
Thus, the magnitude of the collector-to-
emitter voltage for the four current-mirror
BJTs involved will be VGS + Vbe ≅ 1V.
This is more than adequate to ensure that
they are not in saturation.

I should comment that, although the
vendor of the BJTs specified in the parts
list is an advertiser in Audio Electronics, I
was informed that their usual requirement
is a minimum $100 order per part type. De-
spite this, they did sell me a $50 quantity
of each of three different transistors.

SUBSTITUTING DEVICES
Since the question of substitutions will in-
variably arise, I shall state in advance
that, while low-noise matched dual BJTs
are preferable, you can use matched low-

noise discrete units. NTE, RCA, and other
replacement manufacturers sell matched
pnp and npn complementary devices.
Even unmatched devices may work, espe-
cially with the servo in place.

There is sufficient flexibility so that
somewhere, somehow, you may find ap-
propriate substitutions. It may also be dif-
ficult to obtain the JFETs from US suppli-
ers, although I noticed that Erno Borbely
was offering them for sale. Again, being
an EE professor has its advantages, since
I was able to persuade a wholesaler to sell
to me both the n- and the p-channel de-
vices in quantities of 100. 

Unfortunately, it was necessary to take
what was available, and the n-channel and
p-channel devices that I used are from dif-
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TABLE 1: PARTS LIST
PREAMPLIFIER (one channel only)
Resistors (¼W, 1% metal film unless otherwise specified)
R1 47k0Ω
R2 100Ω
R3 17k8Ω
R4 1k87Ω
R5, R12 90.9Ω
R6, R7, 6.2Ω
R13, R14,R8 2k21Ω
R9, R17 49k9Ω
R10 2kΩ
R11 10kΩ
R15, R16 1MΩ
R18, R19 15kΩ
Capacitors (Panasonic P-Series 50V. Polypropylene unless otherwise 
specified): Four 0.01mF disc ceramics (two for phono-input bypass, 
two for AC line filter of power supply). 
C1 100pF, 5%
C2 180nF, 2%
C3 33nF, 2%
C4 75pF, 5% silver mica
The following capacitors are Philips 63V, 5% metalized polyester film:
C5–C8 220nF
C9, C10 1µF
C11, C12 100nF

INDUCTORS
L1 10mH RF choke

SEMICONDUCTORS
J1, J3, J6 Toshiba 2SK389 low-noise n-channel monolithic dual JFETs
J2, J4, J5 Toshiba 2SJ109 low-noise p-channel monolithic dual JFETs
Q1, Q3 Linear Systems LS 352 low-noise pnp monolithic dual BJTs
Q2, Q4 Linear Systems LS 312 low-noise npn monolithic dual BJTs
Q5 Motorola MPS 6523 low-noise pnp BJT
Q6 Motorola MPS 6521 low-noise npn BJT

INTEGRATED CIRCUITS
U1 LF 411 low-noise, low-drift op amp
U2 µA78L15 +15V, 100mA voltage regulator
U3 µA79L15 −15V, 100mA voltage regulator

POWER SUPPLY

Resistors
R101, R102 220Ω, 2W, 2% metal

Capacitors
C101, C102 2,200µF, 50V aluminum electrolytic
C103, C104 4,700µF, 35V aluminum electrolytic

Transformer
T1 48Vct at 150mA (see text)

Fuse
F1 0.05A (see text)



ferent IDSS groups. I was able to find a
sufficient number of complementary de-
vices, nonetheless, through the use of a
curve tracer. If possible, choose all “V” or
all “BL.” I do not recommend transistors
from the “GR” group because of the possi-
bility that some units have values of IDSS
that are too low for this application.

You should certainly avoid getting one
type from the “GR” and the other from the
“V” group, since there is no IDSS overlap
between the two. In quantities of 100
each, the prices drop to less than $1 per
transistor. I am not at all sure that there
are good substitution alternatives to these
JFETs. Perhaps audioXpress will make
some of these devices available if there is
sufficient interest.

FEEDBACK-LOOP GAIN AND 
FREQUENCY RESPONSE 
Notice that the output of the first-stage
cascode is fed back to the input. No sec-
ond or third stage is enclosed in the feed-
back loop. Also note that the feedback
network is not frequency independent. A
180nF capacitor, C2, is added. At low fre-
quency, this capacitor is effectively an
open circuit, and the gain is

As frequency increases, the capacitive
reactance XC2 will decrease until it equals
R3. This defines the 50Hz breakpoint of
the RIAA curve. This breakpoint is a zero
in the feedback factor because the effect
of decreasing capacitive reactance shunt-
ing R3 is to increase the amount of feed-
back. As frequency increases still further,
it finally reaches a point where an addi-
tional decrease in the capacitive reac-
tance causes very little change in the
feedback factor.

When the feedback factor is within 3dB
of its ultimate and maximum possible
value, the second breakpoint is reached.
This is a function of all three resistors
and the capacitor, and occurs at 500Hz
with the component values used.21 You
will recognize this as the 500Hz zero of
the RIAA curve. It is, of course, realized
as a pole in the feedback factor, since it
represents the point at which the rising
feedback caused by the feedback zero at
50Hz is cancelled.

In the absence of other higher poles
and/or zeroes, the closed-loop response
above 500Hz would be flat. This approach,
then, avoids the unintended high-frequen-
cy zero of the noninverting single-stage
RIAA amplifier that was mentioned at the
outset.

An important design consideration is
the absolute value of resistor R2. After it
is set, the values of R3, R4, and C2 are set
based on the desired closed-loop gain, the
pole and zero frequencies, and the value
of R2. Like R1, R2 can be a major contrib-
utor to circuit noise. Therefore, from a
noise reduction perspective, it should be
as small as possible.

Unfortunately, you are faced with yet
another trade-off, since, ideally, the input
resistance of the feedback network would
be infinite. However, the lower the value
of R2, the lower this input resistance will
be, since R3 and R4 must be scaled ac-
cordingly. Power amplifiers have no prob-
lem driving low-impedance feedback net-
works, but many, if not most, preamps
would.

OPEN-LOOP GAIN
Open-loop gain can also suffer if the feed-
back network loads the output. Low open-
loop gain a or low-feedback fraction β can
lead to deviations from the predicted value
for closed-loop gain if, as a result, the
closed-loop gain formula Afb = a/(1 + βa) ≅
1/β becomes a poor approximation. β = 0
for the no-feedback case, so that Afb ≡ a. 

Open-loop gain is usually quite vari-
able even among apparently identical am-
plifiers. As frequency decreases in the
first stage, closed-loop gain rises, reflect-
ing the decreasing value of β necessary if
the rising low-frequency response dictat-
ed by the RIAA curve is to be realized.
Feedback, which is the difference be-
tween the open- and closed-loop gains, is
being squeezed. This, combined with the
relatively low open-loop gain, means the
assumption that βa >> 1 (which is implicit
in the approximate closed-loop-gain equa-
tion) must fail.

Precise RIAA tracking at low frequency
is predicated upon Afb = β-1(f). Since there
was almost no error, even at 20Hz, the
open-loop gain must still be adequate de-
spite the potential problems just dis-
cussed. There is absolutely no reason you
could not use the component values
given in AN 346, and doing so amelio-
rates the potential problem discussed in
this paragraph. Since performances of

two units were identical and precise, I de-
cided to use the 100Ω value for R2, and I
proceeded from there.

While I don’t intend to repeat the appli-
cations note, I do wish to present the for-
mulas for the component values. This will
allow you to customize the design, should
you desire that. The technique in AN 346
is to set R2 based on the aforementioned
trade-offs, choose a 1kHz first-stage gain
in the range 10 ≤ Afb ≤ 30 (20 − 30dB), and
then, based on these two factors, calcu-
late component values starting with R3 =
8.058R2 × Afb. From there, C2 =
0.00318/R3, and R4 = R3/9 − R2.

The formula derivations, found on the
last page of reference 21, follow directly
from the transfer function. There is al-
most always more flexibility in choosing
resistor values than capacitor values, so
the closest commercial 1% capacitor
value may differ enough that it is neces-
sary to recalculate R3 according to R3 =
0.00318/C2.

The applications note then calls for a
recalculation of R2. I doubt that is neces-
sary, however, because R2 does not affect
the 50Hz RIAA breakpoint at all, and af-
fects the 500Hz zero only slightly. It does
have a major effect on the 1kHz gain, but
this is not standardized, which is the rea-
son a range is specified in the first place.

PASSIVE EQUALIZATION
There is, of course, another pole you must
establish to conform completely to the
RIAA curve. It is provided passively by
the low-pass filter formed by R8-C3. Actu-
ally, the precise calculation of this pole
frequency requires the Thévenin-equiva-
lent resistance seen by C3. C3 sees R8||R9
rather than simply R8, so the technique
used in AN 346 is first to choose a 1% ca-
pacitor value in the range of 10–50nF,
then to compute an Rp = 75µs/C3 =
2k273Ω.

The 75µs in the equation is simply the
RC time constant corresponding to a pole
at 2.122kHz. Since R8 and R9 are in paral-
lel, choose a slightly larger 1% resistor
value for R8. I chose the value of 2k37Ω.
Finally, compute R9 so that R8||R9 = Rp.
This can be done using R9 = 1/(1/Rp −

(46dB) 198  
R2

R4  R3
  1   

R2

R4  R3  R2
  Av =++=++= .

32 audioXpress 1/01 www.audioXpress.com

EVALUATION FROM A FRIEND OF THE AUTHOR:
I got your preamp hooked up this evening into the Tape-2 input. It sounds great—very
quiet and no hum at listening levels. The gain is definitely less than my PS Audio phono
stage: I’m running the volume control at the 11:00 position, whereas it’s normally at 8:00
for phono listening. I tried to match listening levels between your phono stage and my
normal phono setup for a fair A/B comparison. Using Paul Simon’s Graceland album, I no-
ticed a wider and more three-dimensional soundstage, which seemed to be placed a bit
lower. I don’t recall any significant differences in musical detail, and it was definitely a
clear, transparent sound. —Mitch



1/R8) = 55k536Ω. The nearest 1% value is
54k9Ω.

Now I must ’fess up. Resistor R9 was
required in AN 346 because the output of
the first-stage op amp was capacitively
coupled to the input of the second-stage
amplifier, which was an LM833 bipolar op
amp. Without R9, there is no input bias
current path for the LM833. There is no
such requirement in this design because
the first stage is directly coupled to the
second stage.

I left R9 in nonetheless, because I de-
sired a stage that could serve purely as a
phono section driving a separate pream-
plifier line stage through a 50kΩ poten-
tiometer if I should decide to incorporate
the section into such a preamplifier in
the future. I subsequently realized that if
I were to do this, I would still need a
buffer.

At this point, I would keep the current
topology, but make the second stage a
gain-of-ten (20dB) stage and reduce the
1kHz reference gain of the first stage ac-
cordingly. This, of course, would require
recalculating the feedback-network com-
ponent values. Lowering first-stage
closed-loop gain is another way of easing
any problem of low open-loop gain in that
stage.

Omitting R9 seemed to make the fre-
quency response—and consequently
RIAA tracking—more sensitive to compo-
nent-value variations. If you nevertheless
decide to eliminate R9 altogether, PSpice
shows that R8 = 2k15Ω gives the proper
attenuation at high frequency. It also,
however, shows that R3 should be simul-
taneously reduced to 16k9Ω; otherwise
the boost at low frequency is excessive.
Since it is cheaper and easier to use a
number of 1% resistors than 1% capaci-
tors, I suggest that you vary R3 if low-fre-
quency response needs trimming.

Eliminating R9 also ameliorates the
low-frequency, open-loop gain degrada-
tion by increasing the impedance magni-
tude that the first-stage output must drive.
If you need lower output impedance for
either the first or the second stage, you
could easily add a follower/buffer. Of
course, the whole idea was to keep it sim-
ple, and that would be a step in the wrong
direction.

The early PSpice versions of the circuit
used followers at the output of both
stages. I eliminated these when PSpice in-
dicated—and breadboarding confirmed—
that the buffers were not essential.

You should note that R9 = 2k21Ω,
which is less than the calculated value of

2k37Ω. This difference comes about be-
cause the output resistance of the first
stage is not 0Ω, as it very nearly is for the
op amp-based design of AN 346. The out-
put resistance of the first stage must be
folded into the R9 value, or the pole fre-
quency will be lower than anticipated.

Despite the shortcoming of my discrete
one-stage op amp in the area of output im-
pedance, I was able to achieve almost per-
fect high-frequency tracking of the RIAA
curve, with the response dead on at most
frequencies. The maximum errors mea-
sured were 0.1dB more attenuation at
20Hz and 0.1dB less attenuation at 20kHz
than would be ideal. I have already allud-
ed to the reason for the error seen at
20kHz.

The best feature is the reproducibility
of the tracking. Both channels that I con-
structed tracked identically, and their
gains at the 1kHz reference frequency
were the same as the standard 1% capaci-
tors and 1% metal-film resistors used at
the breadboard stage. In one channel, I
had no 1%, 33nF capacitor, so I hand-se-
lected a 10% unit whose measured value
was within the 1% tolerance band.

Since Digi-Key is a convenient source
of parts for hobbyists using 2%-tolerance,
50V polypropylene capacitors, I ultimate-
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ly used Digi-Key components in the proto-
type, and it is those capacitors for which
the PC-board pattern is sized. Again,
claims are made for sonic effects due to
capacitor dielectric material, but I am
skeptical of the existence of such effects.
Even so, polypropylene capacitors are ob-
jectively superior to most others, and they
were the only precision capacitors avail-
able from this source.

Both channels of the prototype still
track the RIAA curve with 0.1dB accura-
cy, but they do differ from one another by
as much as 0.2dB, probably because of
the relaxed tolerance on the capacitors.
Since there is a price break for quantity
purchases, you could order them in lots
of ten, using a capacitor meter to find
units that fall within 1% of the design
value if slight tracking deviation were a
concern.

SECOND STAGE
It is possible to realize the entire 38dB of
gain in the input stage, although distor-
tion would be greater. To do so, it would
almost certainly be necessary to increase
the output-node impedance magnitude by
increasing R2 and scaling the other
equalization-network values accordingly.
In that case, or if you incorporated this
phono section into a control preamp with
a volume control of 50kΩ as previously
discussed, the pot could then replace R9,
and you could omit the second stage.

The increased distortion would proba-
bly be acceptable, but I did not like the
idea of an unbuffered R8-C3 filter output
driving an unknown downstream device.
Therefore, I faithfully followed the
scheme of AN 346 with a second folded-
cascode single-stage op amp realized in
discrete form. In fact, the second stage is
identical to the first except for the feed-
back network.

All the equalization is taken care of in
the first stage and the interstage low-pass
filter. However, an additional flat gain of
10 to 20dB is needed to bring the 1kHz
gain to a level where the output is in line
with that from a tuner or CD player. The
gain used here differs slightly from that of
the AN 346, which is a result of trimming
the second-stage gain by ear.

With an LP as the source, I simultane-
ously fed the same cartridge channel into
the phono input of a Dynaco PAT 5 pre-
amp and my preamp. The output of my
preamp was fed into the tuner input on
the same PAT 5. I varied the gain of the
second stage until the two signal paths
produced the same speaker volume.
Therefore, I can say with certainty that
the output level from this phono preamp

is in line with at least one commercial
preamp.

There is no output level adjustment,
but this should not be a problem. The
overall gain is within the range normally
chosen for interfacing a moving-magnet
phono cartridge with a preamplifier line
stage. You can increase (or decrease) the
value of R11 if you desire more (or less)
gain.

Output Impedance
The magnitude of the output impedance
at the drains of J5B/J6B is around 60Ω.
This reflects the high open-loop imped-
ance at this node that cannot be lowered
below this value despite the large amount
of negative feedback to be found in a gain-
of-6 configuration. Thus, if the preamp
must deliver a lot of current, output volt-
age will fall rapidly. Still, this is not exces-
sive output impedance for most circuits
that would accept this output.

An advantage of the folded-cascode op
amp is that load capacitance does not
contribute to instability; rather, it en-
hances stability by lowering the dominant
pole frequency.22 I added capacitor C4 for
stability of the second stage, since a high-
frequency oscillation existed under no-
load output conditions. I did so even
though the oscillation, as expected, disap-
peared with the output connected to a
preamplifier.

It is poor practice to offer a design that
has even a remote chance of oscillating.
As was discussed elsewhere in Audio
Electronics,23 an excellent method of
compensation, if it works, is to roll off the
closed-loop response with a feedback
zero such as that produced by the addi-
tion of C4. As it turns out in this simple
design, pole spacing permits successful
use of such a scheme. PSpice did not pre-
dict this oscillation, which illustrates that
the CAD tools are useful, but have their
limitations.

I am convinced that running the output
into one additional gain-of-10 cascode
stage that’s otherwise identical to the sec-
ond stage of this preamp will yield a per-
fectly acceptable signal that could direct-
ly drive a power amplifier. In other words,
the additional stage would serve as the
line-amplifier stage, and the control pre-
amplifier could be omitted if this were a
phono-only system. For this, a 50kΩ dual-
potentiometer should be inserted be-
tween the second stage of this circuit and
the new line-amp stage to serve as a vol-
ume control. You could build a complete
control preamp around this topology if
you so desired. ❖
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(Reprinted with permission from Elec-
tronics World)

A
recent article in Britain’s Elec-
tronics World by Ian Hickman
showed how to measure total har-
monic distortion, or THD, down

to levels below 0.001%. This achievement
is worthy of applause for its technical
challenges, yet I cannot help marveling at
the enormous waste of effort that has
been made over the years on such an ir-
relevant, irrational, and completely spuri-
ous figure as THD. 

Irrelevant? Irrational? How so? And
how can a figure used so frequently in
audio design be spurious? The latter is a
very good question, and one which I have
not been able to answer. 

I think I can explain why the standard
definition of THD is completely meaning-
less as an indication of what it purports to
measure and how it is utterly irrelevant to
the uses to which it is generally put. How-
ever, I have no idea why the many engi-
neers with far greater experience of ampli-
fier design than myself should continue to
use the term at all, let alone attach so
much importance to it. Yet they do. 

So what are my objections to it? The
problems fall into several categories.

TOTAL HARMONIC DISTORTION
First, the concept of “total” harmonic dis-
tortion is spurious because it sums a great
many separate components which are not
equal in kind or effect. Anyone who has
experimented with waveform generation
will appreciate that, for example, 1% sec-
ond- or third-harmonic distortion on a rea-
sonably pure tone has a quite different
sound from 1% seventh or ninth harmon-

ic, and is much less audible (Fig. 1). In fact
1% of second- or third-harmonic distortion
is not only not unpleasant but is some-
times positively preferred by those who
like “valve sound,” whereas early transis-
tor amplifiers producing a great deal less
than 1% of higher-order harmonics sound
pretty awful on any challenging music. 

Second, of course, many of these har-
monics will be outside the range of

human hearing anyway. It is common
practice to include distortion figures at
frequencies as high as 5 or 10kHz, but of
what possible significance are they? As a
young man I could (just) hear loud tones
as high as 20kHz, and found the common
TV line-oscillator whistle at 15.625kHz
acutely painful. But I very much doubt
whether anyone can hear the third or fifth
harmonic of a 10kHz tone—even a loud
one—and certainly not one of amplitude
below 1% of its fundamental.

I contend, therefore, that the practice
of adding all distorting harmonics togeth-
er to give a sum total, without any weight-
ing factors, is quite arbitrary and not in-
dicative of the audibility of any harmonic

Looking at audio amplifiers from an RF designer’s perspective, the au-

thor argues that THD figures are irrelevant, irrational, and completely

spurious.  By Anthony New

THD Is Meaningless, Part 1
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Anthony New is an electronics engineer at Wireless
Systems International, currently working on high-linear-
ity RF amplifiers for mobile base-stations.

FIGURE 1: Subjective audibility of THD: which sounds worse—1% of purely second-
harmonic distortion as in (a) or 0.5% of mixed harmonics as in (b)? Probably the lat-
ter, though its THD specification is better. All the spectra that follow have a logarith-
mic Y-axis (amplitude) and a linear X-axis (frequency) even where this isn’t shown.
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distortion produced by an amplifier. 
Since the audibility of a given THD fig-

ure depends heavily on its actual make-
up, the figure is also pretty useless even
as a purely theoretical comparison of two
or more amplifiers, since no acoustic
model of audibility is included.

THD AND THE EAR
However, there are yet worse flaws in the
THD concept which make the previous
problems almost academic. These con-
cern the very nature of harmonic distor-
tion itself. 

In my view one of the central problems
with traditional audio amplifier design is
the insistence on considering the device
as a piece of electronic equipment devoid
of any psychoacoustic considerations.
The extreme of this was the concept of “a
straight piece of wire with gain,” which is
fortunately unattainable, as its gain and
bandwidth would make it seriously less
than optimal and possibly quite unusable
in a real system.

This is not to say I fall into the “subjec-
tivist” camp in audio criticism—far from
it. I have listened attentively to the de-

bates those of this persuasion have had
with such luminaries as Douglas Self and
have been mightily impressed with Self’s
clear—and seminal—analysis of amplifier
distortions. 

The problem I have with these debates
is that neither side seems particularly in-
terested in what the other is saying. On
the one hand, we are told “all the distor-
tions have been correctly analyzed”; on
the other “a difference can be heard.” 

It seems to me that if these opposing
views are to be reconciled, the answer
must lie at least partly in psychoacoustics,
that is—as far as I am concerned here—the
study of how we perceive sounds. 

I don’t claim to have any professional
qualifications in this field, but one thing
stands out about the current discussion of
distortion in audio systems; namely, the
lack of any auditory model. It is as if in de-
signing seats and seat belts for cars, no-
body was prepared to test a human body—
or even a dummy model of one.

I can certainly understand how an engi-
neer is tempted to subtract the input sig-
nal to an amplifier from a linear propor-
tion of its output and declare—by defini-
tion—any difference to be distortion. The
problem I have with this view is that tradi-
tional THD testing methods look at only
one small part of this difference, and as
far as I can see, harmonic distortion isn’t
perceived by the ear as distortion at all.

What is the effect to a listener of
adding a few percent harmonic distortion
to the waveform of a musical instrument
or group of instruments? It is to brighten
the timbre of the instrument. 

Since most of the “distortion” products
will already be present in the undistorted
signal, a similar effect may be obtained by
adjusting the tone controls. Those of you
who have spent much time siting micro-
phones in the recording industry will be
aware how critical their exact placement
is to recording balance—and I don’t sim-
ply mean relative loudness. 

You will also be aware of the dramatic
change in both subjective sound and ob-
jective frequency response obtained by al-
terations in these positions. Even small
movements can have effects far more no-
ticeable than minute levels of THD in the
recording or playback medium.

GOLDEN EARS
It seems quite possible to me that when
those with “Golden Ears” say they can hear
a difference with such-and-such change in
the equipment they may be right.

When I was younger and my ears were
sharper, I listened to many excellent loud-
speakers. Very few sounded as good as a

FIGURE 2: Auditory masking of harmonic distortion: (a) typical spectrum of real signal
with many harmonics; (b) nominal distortion products at 0.01% each; (c) error prod-
ucts due to frequency-response nonlinearity on original signal; note that these are on
the same frequency as the distortion signals and at much higher level, masking the
actual distortion.
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live performance. I heard only one—name-
ly, the Quad electrostatic—that could actu-
ally fool me into thinking the performer
was present in the room. The illusion was
so strong that I was convinced the per-
former was hiding behind a curtain until I
looked. 

Even now in any hi-fi demonstration,
the difference in sound between different
loudspeakers in the same room—even
those produced by the same company—is
so marked as to make a nonsense of the
claim that many of them can really be
“low distortion” in the “blameless” sense
that Self used for amplifiers. It also makes
a nonsense of the idea that state-of-the art
amplifier distortion could be significant
compared with it.

The point is that “being able to sense a
difference” is not equivalent to “sensing
distortion” in any meaningful sense. Nor
is it an indication even that one of the
items being compared is necessarily bet-
ter or worse than another.

Any real musical instrument—including
electronic ones such as keyboards—pro-
duce sounds which, when converted into
analog electrical signals, contain possibly
many discrete tones. Usually they also
contain many harmonics of the tones, the
relative amplitudes of which strongly in-
fluence the “sound.” The relative levels of
these harmonics—both perceived and mea-
sured—vary with many factors, including
auditorium response and the distance be-
tween source and listener. Further factors
occur due to the room where the sounds
are replayed. Even the shape of the ear it-
self has an enormous effect, and the pres-
ence of hair or hat! 

Consequently, even for a particular
note played there is no absolutely “right”
or “wrong” quantity of any of these har-
monics. A slight alteration of the levels of
these does not correspond to an unpleas-
ant “distortion” of the sound but to a
slight change in perceived distance, posi-
tion, or playing by the instrumentalist.

Furthermore, such slight changes in
these levels may be correctable—or at
least adjustable, in part—by variation of
the user’s tone controls. In addition, the
recording engineer may already have
done this to a considerably greater extent
prior to or after mixing the output of sev-
eral microphones.

FREQUENCY RESPONSE
I also contend that most of the apparent
subjective differences that still exist be-
tween different audio amplifiers are not
due to distortion at all but to slight differ-
ences in frequency response. This point
should receive far more attention during

design than it generally does. 
Any deviations from a flat response are

likely to have a greater impact on the level
of high-frequency harmonics present in
the amplifier output than the tiny harmon-
ic distortion products. If noticeable and
uncorrectable with tone controls, these
can also contribute to listener fatigue. 

The human ear/brain combination is
also very good at correlating impressions
over time, so even slight bumps in the fre-
quency response can become noticeable
and even irritating eventually. Since
these real-world variations in the levels of

a signal’s harmonics dwarf any likely dis-
tortion products in a correctly operating
amplifier of moderately good quality, it
seems perverse in the extreme to use any
measure of these tiny “distortions” as a
useful figure of merit. 

I also note that conventional methods of
measuring amplifier performance don’t re-
ally satisfy the traditional definition of dis-
tortion—output relative to input. Distortion
tests use only a single frequency source
and cannot monitor either nonharmonic
distortions or frequency-response errors.
Also, the frequency-response tests are

FIGURE 3: Intermodulation distortion showing the lack of auditory masking: (a) pure
multi-tone signal at input to amplifier; (b) third-order IMD products produced by ampli-
fier; (c) amplifier output signal. IMD products are at different frequencies from either
input tones or harmonics, and therefore not masked.
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done differently and are far less sensitive. 
For example, when did you last see an

amplifier’s frequency-response flatness
specified to 0.01%? Plus or minus 1dB is
more usual, which is 12%, and even 0.5dB

is still 6%. Of what possible significance is
the 0.001% harmonic distortion of an am-
plifier when its frequency response con-
tributes an error in harmonic content of
several percent? 

Since the harmonic distortion products
will also lie on existing signal frequen-
cies, they will be effectively masked from
audibility (Figs. 2 and 3).

INTERMODULATION DISTORTION
Does this mean that I join the subjec-
tivists in eschewing measurement com-
pletely? Not at all. It just means I favor
using a sensible measure of distortion in-
stead of a senseless one. Fortunately, one
is conveniently to hand. 

Outside of the parochial and fashion-
conscious world of audio, most amplifier
designers have long since given up mea-
suring or even talking about harmonic
distortion and use instead intermodula-
tion distortion, or IMD, for short. Measur-
ing IMD has three particular virtues over
THD. One is that, unlike THD, IMD is al-
ways a measure of distortion in-band. No
weighting is needed for audibility at dif-
ferent frequencies. 

The second is that it really does de-
grade performance of a system. It does so
regardless of whether it is measured ob-
jectively by such quantities as BER (bit-
error rate), SVE (signal-vector error), or
spectral spread or regrowth, or subjective-
ly by intelligibility of communication. 

A third advantage is that unlike the case
of harmonic distortion, intermodulation
distortion is quite easily measured by stan-
dard laboratory equipment (Figs. 4 and 5).
At a stroke the problem introduced earlier
of distortion of 10kHz tones is solved. If
two tones at, say, 9kHz and 10kHz are sup-
plied to a good but not perfect amplifier, it
is not the harmonic distortion that is audi-
ble but the intermodulation distortion. 

The nonlinearity in the amplifier pro-
duces new tones, not present in the origi-
nal, such as, in this case, 1kHz, 8kHz, and
11kHz (Fig. 6). Although the audibility of
IMD depends on the type of music, in gen-
eral it is much more audible than any har-
monic effects precisely because the dis-
tortion produced is not harmonically re-
lated to the signals of interest.

Intermodulation distortion typically
makes music sound muzzy and indistinct.
The worse case of this is usually heard on
old car loudspeakers, where the cone 
is broken or the voice coil rubs on the
pole pieces, but it can be heard in very
much more expensive and well-cared-for
equipment. This is the reason a blameless
amplifier must be linear—the harmonic
distortion measured is a complete red
herring. ❖

Next month the author takes a closer look
at IMD measurement as a viable assess-
ment of audio amplifiers.—Eds.
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FIGURE 4: Producing multi-tone test signals with standard sinewave signal generators.
Harmonic output of the generators is not critical. The passive combiner and attenuator
should not affect the measurement linearity—their IP3 can be measured in principle
by increasing the generator output level beyond what the amplifier requires, allowing
the effective generator IMD to be calculated at the lower levels for the amplifier test.

A-1746-4

FIGURE 5: Possible distortion measurement circuit. The attenuator, phase shifter, and
time delay are first adjusted on a network analyzer to cancel the input signal as well as
possible across the whole audio range. This reduces the dynamic range of the distortion
signal for spectrum analysis. The residual input tones also reveal the gain flatness of the
amplifier over frequency, which contributes to the amplifier’s output errors. The input
tones may be swept across the frequency range with a constant difference frequency.

A-1746-5

FIGURE 6: Frequency spectrum of two-tone signal showing expected second- and third-
order products due to intermodulation distortion. The lowest frequency component is
the “beat” frequency between the tones; the two small components next to the two
main tones are the “in-band” third-order components; and the rest are a mixture of
harmonic and higher-frequency nonharmonic products. In an audio amplifier all
these—and more—may be audible for some pairs of tones, though they might be out-
of-band in a typical RF amplifier.

A-1746-6



Y
ou’ve all probably had the sensa-
tion of something visual or audi-
ble literally grabbing your atten-
tion because the effect it pro-

duces in your mind is so striking. I re-
member that happening to me the first
time I heard an electrostatic speaker.
Nothing before had ever sounded so utter-
ly detailed or spacious. I was hooked. The
sound was so glorious that it blanked out
the fact that the frequency response and
dynamic range of the sound was limited. 

Over time, after listening to a broad
range of source material, those shortcom-
ings became all too apparent. My dynam-
ic speakers were capable of reproducing a
better physical sense of the performance,
although the romance was missing. The
desire persisted to have the detailed
sound that electrostatics and planer mag-
netics can produce. I kept asking myself
why there were no speakers that could
produce this detail while also having the
frequency range of classical dynamic
speakers.

THE BOHLENDER DRIVER
Enter, stage left, the Bohlender Graeben-
er RD75 driver. It happened while I was
in Boston on a business trip. I stopped in
to visit a member of the Boston Audio So-
ciety with whom I had been discussing
subwoofers. As I walked into his listening
room, I saw these large, thin drivers
standing next to his huge subs. They
were mounted in baffles and operated in
dipole fashion. Hmmm, I thought. This
could be interesting. I asked him what
they were, and he proceeded to explain
that they were planar magnetics manu-
factured by a company called Bohlender
Graebener (BG).

As soon as the music started, it all be-
came clear. Here were drivers that had
the best of both worlds. Detail and spa-
ciousness were wed with dynamic range.
And what a marriage it was. I was hooked

again. To top it off, I’m a real sucker for
dipoles, and here was a pair of dipoles
that could rock. I knew that things were
about to change for me.

Shortly after that, one of the Prairie
State Audio Construction Society meet-
ings was held at the home of a member
who had a pair of RD75s in a monopole
configuration. Although the sound was
different, it was a case of same church,
different pew. The basic character of the
driver was still wonderful. 

Attending that meeting was Audio-X-
Stream’s Rudi Blondia, the distributor of
BG products to the DIY market, and also a
very knowledgeable and helpful guy. To
say that he believes in these drivers is an
understatement. Rudi mentioned that he
had a pair of RD75s with a custom-de-
signed baffle at his house not far from the
Los Angeles airport, and that I should
visit him if I were in the area.

MOUNTING METHOD
The question now was not whether RD75s
were going to be in my future, but only
how. Being a dipole lover, the first part of
the equation was easy. The configuration
would be dipole. But how would I mount
them? Would the baffle be flat, curved,
symmetric, asymmetric, or what? 

Back to Rudi, or rather his website at
www.audio-x-stream.com. He provided
not only a lot of information on the driv-
ers, but also links to work done by John
Whittaker and himself in 1997, testing
various baffles with the RD75 and other
planars. Their results confirmed that the
best response with the RD75s was ob-
tained by using curved, asymmetrical baf-
fles, a configuration which reduces the
tendency for these drivers to have a bump
around 300Hz. For more information on
that research, consult Rudi’s site.

Visions of curved asymmetric baffles
began floating around in my head. I need-
ed to narrow the choices. As luck would

have it, I was going to LA on business, so
I called Rudy to arrange a visit. On 
my way back to the airport, I stopped by
and heard his implementation of the baf-
fle. It sounded great. Then he showed me
a new design that was still in prototype
stage, using multiple curved sections 
of plywood. 

Based on Rudi’s prototype, I decided
on a baffle with a very short distance from
one side of the driver to a small-radius
curve on one side. The other side of the
driver would face a larger baffle made es-
sentially from a 12″-radius curve mating
with a 4″-radius curve and then returning
to the back side on a straight line.

One of the most significant problems I
faced was building a 7′-tall baffle in my
basement. The low ceiling height, cou-
pled with HVAC ducts, plumbing, and
electrical conduits, would make it very
difficult to move large sections without
hitting anything. Then good fortune
struck. I happened to mention the dilem-
ma to my neighbor who is a building con-

Now you can enjoy the best of both worlds by combining the spacious

sound of ribbons with the dynamic range of conventional drivers.

By Tom Perazella

On Angel’s Wings, Part 1

The completed planar magnetic driver.
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tractor, and he mentioned that he had a
millworks in town where he produced
custom cabinets for some of his jobs. He
suggested I contact his manager to see if
he could help. 

Talk about manna from heaven! I went
down to his shop and found that he not
only had a large, well-equipped work-
space, but that his manager, Dave
Coombs, was willing to have me work
there. Now I needed to become serious
about putting my ideas on paper.

AIRPLANE-WING SHAPE
While making a scale drawing of the
cross section of the baffle shape, it struck
me that it resembled drawings I had done
when building model-airplane wings.
Could a speaker baffle be built like a
model-airplane wing? Building a wing re-
quires a series of ribs to determine its
shape, one or more spars for structural
strength, and an outer skin to direct the
airflow. The advantage of this method is
that you can achieve complex shapes by
making a pattern for the ribs and then
cutting them out of flat stock. 

The process of creating the ribs and
spars for the baffle was a simple transfer
from the procedure of making a model-
airplane wing, although on a larger scale.
The difficult part would be finding a suit-
able material for the rib covering. For an
airplane wing, a thin but tough plastic
material is stretched and sealed over the
ribs and spars to keep the airflow (essen-
tially a steady-state pressure) from pass-

ing through the wing. 

That kind of material would not do
for a speaker baffle, however, where
the airflow is not steady-state, but a
varying pressure. The electrical
analogy is the difference between a
DC and AC signal, where the wing
coating behaves like a capacitor,
blocking DC but passing AC. 

Using a wood veneer would not
provide a smooth appearance or
sufficient structural strength if ap-
plied directly to the ribs, and
curved plywood sections would not
do because of the difficulty of
achieving a smooth joint between
sections having different radii. I

needed to find a new material. Dave, after
some checking with one of their suppli-
ers, came up with two possible solutions.

The first was a material called Timber-
flex, which consists of a ¹�₈″-thick sheet
of birch plywood attached to a series of ei-
ther ³�₈″ or ⁵�₈″ stringers spaced about ³�₁₆″
apart for the full length of the sheet. This
results in a thickness of either ½″ or ¾″,
depending on which version is used. The
material is flexible in one direction, and
relatively rigid in the other. At first it
looked promising, but the manufacturer’s
specs give 5″ as the minimum radius, and
the sample supplied seemed more com-
fortable with a 6″ radius. In either case, it
was too stiff to work with the 4″ radius I
planned to use.

THE KERFKORE DECISION
The second material, called Kerfkore,
consists of ½″ stringers separated by
about ³�₁₆″ like the Timberflex, but at-
tached to heavy black paper instead of
plywood. This results in a much more
flexible material that bends to a radius ap-
proaching 2″. It looked as though I had a
winner (Photo 1). 

I then produced a full-size drawing of
the cross section of the baffle, detailing
each piece. In constructing the baffle, I
would use ¾″ MDF for the ribs, spar, and
front driver-mounting plate, and ½″ parti-
cleboard for the back plane. I would cover
the ribs with Kerfkore, and form the baffle
short-end radius with sections of 1¹�₁₆″ quar-
ter-round, since no suitable half-round was
available at the local lumber supply. 

I would fabricate the top and bottom
covers, which would add to the appear-
ance of the baffle and provide mounting
stability, from solid planks of hardwood,
and the MDF and Kerfkore would be cov-
ered with a hardwood veneer. “Roadie
box” carpet would cover the backplate
and back of the spar. I made multiple
copies of the cross-section drawings to fa-
cilitate producing the templates neces-
sary for the ribs and the top and bottom
plates.  

I formed these templates by cutting out
the appropriate sections of the drawings,
gluing them to a piece of ³�₁₆″ Luan board,
and then cutting the board to match the
drawing. In addition to providing an out-
line of the parts to be cut, these templates
provided a way to ensure alignment of the
mounting holes between the frame and
top and bottom plates. Photo 2 shows one
of the templates.  

To prove the concept, I next produced a
prototype consisting of most of the major
pieces. It was made of two ¾″ MDF ribs, a
¾″ MDF spar, a ½″ backplate (particle-
board in this case, but it could as well
have been MDF), a driver mounting plate
made of ¾″ MDF, and a piece of Kerfkore
to cover the ribs. The prototype did not
have top or bottom sections or the short
end radius, as these were relatively
straightforward pieces.

The pieces of MDF and particleboard
were cut and assembled to form the
frame. Photo 3 gives a view of the general
frame construction. I then glued and
nailed the Kerfkore to the frame. The con-
cept worked. Photo 4 shows the complet-
ed prototype.

CONSTRUCTION STARTS
I then started to construct the actual
pieces. One 4′ × 8′ sheet of ¾″ MDF was
sufficient for all the MDF parts. The first
step was to cut out ten rib sections. I
ripped square pieces just large enough
for the ribs from the MDF sheet, and drew
the outline for each rib on those pieces,
using the rib template. I used a band saw
to make a rough cut of the rib shape, and
finished the shaping with a large disc
sander. The ribs had a smooth curve, ter-
minating at one end in the flat section I
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PHOTO 1: Flexible Kerfkore.

PHOTO 2: Basic template. PHOTO 3: Prototype frame. PHOTO 4: Prototype with Kerfkore.



glued to the spar, and at the other end in
a recessed flat section to accept the flat
back plate.

Using glue and a pneumatic nail gun, I
then fastened the ribs to two spars ripped
from the MDF sheet. For those of you who
have not used a nail gun, you’re in for a
real treat. Not only is the assembly a lot
faster, but it’s a one-handed operation,
leaving the other hand free to help main-
tain alignment during the process. Once
the glue is dry, the resulting joint is very
solid. To provide additional stability, I
used corner blocks where the end ribs
joined the spars (Photo 5). 

Once I fastened all the ribs to the spar,
I could visualize the structure of the baffle
a little easier. Photo 6 is a view of a fin-
ished rib/spar assembly. To give you a
sense of scale, Photo 7 shows Dave hold-
ing one of the rib assemblies.  

The next step was to cut and attach the
back plates. I cut these pieces from ½″
stock and rested them in the recesses of
the ribs. This combination of plate thick-
ness, recessing, and the thickness of the
Kerfkore resulted in the plate being about
¼″ below the edge of the Kerfkore, a dif-
ference in height that allowed for the
thickness of the carpet to be added later. 

The plate joined the spar at an angle of
30°, so I needed to cut one edge of the
plate at that angle. I then glued and
nailed the plate into place (Photo 8). Once
the back plate was secured, the whole rib
assembly became quite rigid.

MOUNTING PLATES
The only other parts made from MDF
were the two driver mounting plates. At

first I thought of cut-
ting the plate as one
piece and routing the
opening, but because
of the shape of the
driver, that job would
have been rather com-
plicated. The openings
for the drivers are long
and narrow, which
would require setting
up long guides to
make sure the holes
were straight. I would
need to rout another
groove along one edge
to accept the Kerfkore
sheet. In addition,

some raised areas at the top and bottom
of the drivers allow for the electrical con-
nections, and the plate would need rout-
ing to provide clearance for those areas. 

Dave listened to my plan, looked at the
drawing and the driver, and said, “That
looks too difficult. I think I know an easi-
er way. Let’s build it up from individual
straight pieces of MDF.” He promptly
whipped out a pencil and drew four
straight pieces of MDF. One was the side
of the mount that had the recess for the
Kerfkore. This was no problem to make:
simply cut a straight piece on the table
saw and then make two more passes on
one edge with the saw blade and rip fence
adjusted to the correct dimensions to pro-
duce the relief. 

The second piece was the side of the
mount away from the Kerfkore, and that
was a simple straight cut. The last two

pieces were the top and bottom sections,
which were straight cuts with two addi-
tional passes to make the recesses for the
raised connection areas of the drivers.
Again, it was a matter of two settings of
the rip fence and blade height. 

Then, to ensure strength in the built-up
parts, Dave cut some slots in the edges of
the mating parts and made some splines
to reinforce the joints. We could have
used biscuits, but Dave’s biscuit machine
was out on a job. Photo 9 shows the parts
before assembly. Note the pencil marks
on the pieces, which ensured proper
alignment in case the slots for the splines
were not exactly centered when they were
cut. We then glued and clamped the
pieces and let them dry. The results were
outstanding, showing what you can ac-
complish with a table saw if you know
what you’re doing.

Once the mounting plates were dry, we
glued and nailed them to the rib assem-
blies. The recessed edge of one side result-
ed in a flush mounting surface with the
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PHOTO 8: Backplate attached.

PHOTO 6: Ribs 
connected to spar.

�

PHOTO 7: Dave 
meets ribs.

PHOTO 9: Pieces for front plate.

�

PHOTO 5: Corner
braces.

�



edge of the rib, allowing the
Kerfkore to start at the
mounting plate and smooth-
ly transition to the ribs. The
relationship of the ribs,
spars, backplate, and mount-
ing plate is shown in Photo
10. Photo 11 is another view
of the assembly, with a clear-
er view of the relief groove in
the mounting plate and the
relationship to the rib.

TOP AND BOTTOM PLATES  
Before covering the ribs, we needed to
provide for mounting the top and bottom
plates. To fasten the plates to the top and
bottom ribs, I inserted ¼″ × 20 T nuts into
the ribs to accept corresponding bolts

and screws. For connections to the
mounting plate and end half round, I
would use wood screws, with pilot holes
drilled for them. Photo 12 shows the T
nuts in place. 

If you have ever used T nuts in a blind
hole, you know that there is a risk of
pushing the T nut out of the hole while
assembling the part. To prevent this, 
I glued some scrap pieces of wood over 
the T nuts, which not only anchored them
in place, but also acted as a barrier to pre-
vent the foam insulation that would later
fill the cavities from filling the threads.
Photo 13 shows those retainers in place.  

Next came the moment of truth. Would
I be able to get the full sheet of Kerfkore
to work the way it did on the prototype? I
measured and cut the sheet with about an
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Bohlender Graebener (BG) is a company located in Carson City,
Nev., that produces high-quality planar magnetic audio transduc-
ers. Over 30 years ago, David Graebener and four other speaker en-
thusiasts started a company called Speaker Lab in the Seattle area.
At that time, Mr. Graebener began developing the transducer that
is currently in production. 

Approximately ten years ago, he set out on his own, completed
the development of this technology, and marketed these speakers
under the company name of Applied Technology Engineering. Ac-
cording to Ed Dell of Audio Amateur Corp., David’s involvement in
an earlier company, Speaker Lab, was also the inspiration for Ed
to start Speaker Builder. We therefore must thank David for more
than just producing his line of planar magnetic transducers.

Approximately six years ago, David, Tom Bohlender, and War-
ren Kocmond concluded that this type of speaker technology had
some serious potential in today’s marketplace. They gathered a
group of sophisticated private investors and formed the Bohlender
Graebener corporation for the purpose of further developing and
marketing this unique technology. During these six years, the
technology has been developed to the level where it can be manu-
factured in a repeatable and consistent manner, in various forms
and sizes, using a variety of materials suited for specific perfor-
mance requirements.

Today, the company manufactures drivers under OEM con-
tracts for several prestigious loudspeaker firms. In addition, they
produce two product lines using their planar magnetic drivers, a
line of floor-standing speakers and another of in-wall speakers. Vis-
iting their website, www.bgcorp.com, will give you information on
some of the new materials and design concepts they are investigat-
ing to further the performance of this technology. 

The website also has information on the performance character-
istics of this type of driver in general, as well as specific results from
the different models. For those interested in the in-wall arrange-

ment, you can download a paper on the procedures to follow.
For the DIY person, BG offers four basic models, the RD75,

RD50, RD40, and RD28.1. These model designations indicate the
approximate length of the driver. Figure A gives the detailed di-
mensions of the RD75 I used in my project, and it is pictured in
Photo A. The basic construction of the standard models consists of
a frame made from heavy-gauge painted steel enclosing a push-
pull array of Ceramic 8 magnetic-alloy field pieces. 

The diaphragm resides within the field created by these mag-
nets. It is a thin polyester film with an aluminum voice coil de-
posited on its surface. This design results in a load to the amplifier
that is essentially resistive, with a 6Ω value in the case of the RD75,
making it a very easy load to drive for almost any amplifier.

The rated sensitivity of the RD75 is 88dB/1W/1m. This may
seem low, but since the RD75 is a very long line source, you are lis-
tening in the near field at any distance in a normal room, even one
that is quite large. The decrease in SPL with distance is half that of
a standard small-diameter dynamic driver. 

Therefore, at normal listening distances, the SPL from the RD75
will be higher than an equivalently rated dynamic driver. That’s the
good news. The bad news is that the decrease in SPL will not match
that of a dynamic driver used in the mid- to low-bass region, requiring
some adjustment to get proper balance at a prime listening position.

Another advantage of a long, narrow driver is that it produces a
cylindrical wave launch. The sound dispersion is very wide in the
horizontal direction because of the narrow width of the driver, but
is very restricted in the vertical direction because of its long config-
uration. Unlike small drivers that tend to produce a spherical wave
launch, this cylindrical launch minimizes interfering reflections
from the ceiling and floor, one of the main causes of room prob-
lems. Using the RD series in a dipole format also produces nulls at
the sides, eliminating some of the other nasties you can get from
early reflections.

THE BOHLENDER GRAEBENER COMPANY AND PRODUCTS

PHOTO 10: Side view of
front plate.

PHOTO 13: Securing “T” nuts.PHOTO 12: “T” nuts in base.PHOTO 11: Front view of front plate.



inch of excess beyond the top and bottom
ribs, placed it on the rib assembly, and
checked it for fit. Then I applied glue 
to the mounting-plate recess and rib
edges, and nailed the Kerfkore to the
mounting plate and the leading edges of
the ribs. Finally, I wrapped the balance of
the Kerfkore and nailed all the way
around. Photo 14 shows the operation in
progress. 

After allowing the glue to dry, I
trimmed the excess Kerfkore using a
router, which resulted in a nice flush
edge for mounting the top and bottom
plates. I built up a half-round edge from
two quarter-round pieces and glued and
nailed it to the other edge of the mount-
ing plate. (Normally, I would have pre-
ferred to purchase the half round, but no
suitable sizes were available locally.) I
then drilled holes through the back plate
on both sides of the rib cavities to allow
for inserting sound-absorbing insulating
foam at a later stage. Photo 15 shows the
completed rib assembly.

WOOD SELECTION  
I now needed to make a major decision
before I could fashion the top and bottom
plates. Up to this point, all the wood was
generic, but since I wished to make the
top and bottom plates of solid hardwood,
the choice of wood and veneer type was at
hand. I spent a lot of time looking at vari-
ous rare woods, but the final decision re-
quired that the wood be available and fit
with current other pieces of furniture in
my home. 

Having for a long time been a fan of
walnut, I picked American walnut for its
color, grain, and ability to fit with current
pieces. However, finding local planks
large enough for these plates proved to be
impossible. Instead, I settled for some
very nice pieces of 1″ planks in various
widths and lengths out of which to build
up larger pieces.

The following are points to consider
when building pieces such as this. Use
raw stock pieces that are complementary
in color and grain, making sure the edges
are very square, straight, and smooth. Re-
verse the grain patterns when viewed end
on from grain up to grain down on adja-
cent pieces. Since good hardwood is quite
expensive, you should avoid making
square pieces if the shapes you desire are
not square. Rather, leave only enough ex-
cess to make the assembly and cutting op-
erations easy, with a minimum of waste.

I examined pieces of raw stock, cut
them to length, and placed them next to
each other to make sure all was OK. Then
I made pencil marks across mating sec-
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The other models are essentially just
shorter versions of the RD75. The result-
ing performance characteristics center on
power handling and impedance. For ex-
ample, the RD75 can handle 200W of pro-
gram material, while the RD28.1 can han-
dle 65W of program material. This is un-
derstandable when you look at the radiat-
ing area of both. The RD75 has 144 in2 of
radiating area to the RD28.1’s 48 in2. 

Looking at the RD75, you realize that
144 in2 is not too shabby for a mid/high
frequency driver. Your typical 7″ driver
comes in around 28 in2, and although it
may have a higher XMAX if it is a combi-
nation bass/midrange, I know of no
mid/high driver that can match the
RD75 in terms of volume displacement.
Because of this large area, the RD75 di-
aphragm moves a relatively short dis-
tance even at high volume levels, result-
ing in lower IM distortion. And the most
endearing feature of these drivers is that
they cover the mid/high frequency range
in one driver, including the all-important
human voice range.

The impedance of the RD75 is 6Ω,
while that of the RD28.1 is 4Ω. However,
since they share most of the same
acoustic properties, matching the differ-
ent versions for applications such as sur-
round sound should be easy. For all the
drivers, BG specifies a crossover fre-
quency of 150H at 24dB/octave. For full
power handling, they recommend a
crossover point of 300Hz. For the techni-
cally inclined, the following are some of
the materials you can use to fabricate
custom drivers:

DIAPHRAGMS:
Polyester
Polyethylene napthaliate (PEN)
Polyamide (Kapton)

CONDUCTORS:
Deposited aluminum
Etched aluminum
Etched copper
Various surface applied wound metal 

wires

FRAMES:
Carbon steel
Stainless steel
Various molded plastics

MAGNETIC MATERIALS:
Strontium-ferrite ceramic
Isotropic and non-isotropic alnico
Samarium-cobalt
Neodymium-ferrite-boron

That shopping list should keep you
busy for a while. However, for general
home applications, the standard ver-
sions as supplied to the DIY market
work just great!

FIGURE A: Detail dimensions
for the RD75 driver.

PHOTO A: 
The Bohlender
Graebener
RD75 driver.
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tions to assist in reassembling them prop-
erly, and ran them through a jointer until
smooth and straight. I applied glue to the
mating edges and clamps to hold them in
place. I clamped them lightly at first, and
used a hammer and wooden block to en-
sure all edges were flush with each other.
When alignment was complete, I further
tightened the clamps and allowed the
glue to dry. 

Do not overglue when working with
bare hardwood, because excess glue that
seeps onto the surface of the wood will in-
terfere with the finishing process. Apply
clamp pressure slowly, looking for any
glue seepage. Immediately clean any that
appears before continuing the clamping.
Photo 16 shows one of the assembled
hardwood pieces.  

FITTING BASE AND TOP
To cut the base and top pieces, I used tem-
plates, making the original drawings on
Luan board as for the ribs. For stability at
the bottom, I added an extra 4″ beyond the
frame dimensions, and did not draw the
rear of the base to follow the baffle, but
rather went more directly across the back,
leaving room to mount a terminal block.
Photo 17 shows the bottom template on a
hardwood piece ready for marking. 

After marking the outline of the piece, I
drilled pilot holes and cut the piece using
a band saw. I did the final shaping with a
disk sander, and routed the edges for a
rounded look. Photo 18 shows the bottom
piece after cutting, pilot-hole drilling, and
edge routing.  

For the top, I cut the template to fit the

frame. I cut a small wooden block as a
guide, with a hole drilled 1″ from the
edge. With a pencil inserted through the
hole, I used this to trace an outline 1″ be-
yond the edge of the baffle, except for the
rear, where I left additional material, as
with the bottom. I drilled pilot holes for
mounting and cut and routed the piece.
Photo 19 shows the result.  

To provide a secure and attractive
mount for the electrical connections to
the speakers, I decided to make two ter-
minal-mounting boxes out of the scrap
pieces left over from the bases and tops.
These boxes would hold the heavy-duty
binding posts I chose. As in the past, I de-
cided to use Vampire connectors, since
they have provided the best quality con-
nectors at the most reasonable prices. 

For this project I used two
pairs of the BPHEX connec-
tors. It is very annoying to
have your binding posts ro-
tate when you are tighten-
ing them, but the Vampire
posts are inserted into a
base that prevents this. Part
2 will describe construction
of the enclosure and the
proof of the pudding—listen-
ing tests. ❖

PHOTO 14: 
Applying Kerfkore.

PHOTO 15: Completed wing.

PHOTO 16: Built up base stock.

PHOTO 17: Base stock with template.

PHOTO 18: Cut and drilled base. PHOTO 19: Cut and drilled top.



I
read Louis McClure’s “Exponential
Mid-Range Horn” articles (SB 7/99
and 8/99) with great interest. It’s nice
to see someone else challenging pre-

vailing notions about horns. 
For those of you who missed these arti-

cles, McClure built two midrange horns of
similar length and mouth area, but with
differing throat sizes and taper rates. The
nearly identical response curves of the
two horns defy traditional theory. Listen-
ers’ very different perceptions of the
sound quality of the two horns, despite
similar response curves, were more puz-
zling to McClure. He finished his experi-

ments with perhaps more questions than
answers.

I found his results confirm my own the-
ories that the passband of a horn is most-
ly a factor of its length, efficiency is decid-
ed by mouth area, and that a tighter
throat will give better high-frequency
loading. While the passband and efficien-
cy of McClure’s two horns are very simi-
lar, the smaller throat version has a decid-
ed 6dB hump between 500 and 800Hz. If
you’ll recall the Fletcher-Munson curves,
this is where the human ear is most sensi-
tive. With a peak in that area I would ex-
pect it to sound harsh, as McClure de-

scribed, especially when not sonically
counterbalanced by any fundamental
tones below 200Hz. How curious it is that
those frequencies we are most sensitive
to are also those that grate the most on
our nerves, causing us to desire more and
more bass.

The quest for bass brings me to my
own experiments in throat design. In min-
imizing throat sizes for better midrange
loading, I found that smaller throats also
result in lower fB. To better understand
the relationships between throat size and
fB, I built a 1ft3 test box housing a cheap
10″ driver (Photo 1). To this box I attached
a horn. 

Unlike McClure’s magnificently con-
structed horns, however, my construction
techniques came straight from the “Red
Green Show”: cardboard and duct tape
(Photo 2). I charted the resonant frequen-
cy of the unaltered box and a variety of
horn configurations. The results are dis-
played in Table 1.

The author’s latest series of horn-loaded cabinets is dubbed the Double

Reverse (DR) line and is guaranteed to generate lots of interest.  

By Bill Fitzmaurice

The DR10 Horn
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PHOTO 1: Test box w/10″ driver.

PHOTO 2: The “Red Green” horn.
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TABLE 1
SYSTEM SPECS

RESONANT FREQUENCY OF THE UNALTERED BOX 
AND A VARIETY OF HORNS

CONFIGURATION THROAT AREA LENGTH MOUTH AREA RESONANT FREQUENCY
Box Only n/a n/a n/a 110Hz
Horn 36 in2 16″ 96 in2 95Hz
Horn 16 in2 16″ 96 in2 65Hz
Horn 16 in2 8″ 40 in2 70Hz
Horn 16 in2 4″ 28 in2 83Hz
Constricted Baffle 16 in2 n/a n/a 100Hz



The results were a revelation to me. Ob-
viously, the size of the throat is more im-
portant than either the length of the horn
or the area of the mouth in lowering the
system resonance. I was most surprised
by the constricted baffle configuration,
which was simply a plate with a hole in it,
placed over the driver opening in the baf-
fle. Why did this cause a 10Hz drop in the
box resonance? I realized that the space
between the driver cone and the constrict-
ed baffle opening became a resonant
chamber, turning the closed box into a
simple dual-chamber reflex box.  

How does this relate to horn design?
Consider a horn/reflex cabinet with a de-
sired low frequency cut-off at 40Hz. Maxi-
mum efficiency is achieved if the
driver/horn resonance (the fS of the driver
after mating it to the horn, but prior to en-
closing the rear of the driver) is close to
40Hz. If the driver/horn resonance is sig-
nificantly less than 40Hz through use of
too small a throat, then mid-bass perfor-
mance will suffer. 

On the other hand, too large a throat
will result in poor midrange loading, as
well as too high a system resonance.
Clearly, the proper size throat opening is
critical for maximum performance. With
that fact in mind, I spent more time work-
ing on the throat configuration of my lat-
est design than on any of my previous
cabinets. With the results I achieved I
think I am on the right track.

[Note: I have not seen described a term
which denotes the resonant frequency of

a driver mated to a horn while the rear of
the driver is exposed to free-air, so I have
coined one: fS(h)].

HORN DESIGN
The impetus for this cabinet was an in-
quiry from a manufacturer interested in
my Snail folded horns for bass, keyboard,
and PA. [For a collection of the author’s
work with Snail folded horns, see SB back
issues and Loudspeakers for Musicians,
available from Old Colony Sound Lab, 888-
924-9465 or custserv@audioXpress.com.—
Eds.] He had three design requirements.
First, the design needed to be compatible
with molded construction, most likely
fiberglass. Second, the design must be
suitable for medium-priced drivers, rather
than the premium EVs™ and JBLs™ I’d
used in most of the Snail designs. Last, the
design needed to work full-range as a two-
way system, preferably using piezo drivers
for the high end. (It also wouldn’t hurt if it
blew away anything else currently avail-
able on the market.)

The result of my efforts to meet these
requirements is the 10″ loaded DR10, the
first in a series of cabinets using drivers
from 8 to 15″ (Photo 3). It can be duplicat-
ed in fiberglass, or another molded con-
struction method, by producing sub-as-
semblies (the throat horn, the mouth
horn, and the exterior shell), which would
be bolted together. To make cheaper driv-
ers feasible, the cabinet is larger than a
Snail designed for a ten would have been.
This allows a longer horn path and larger

mouth for better efficiency over a wider
bandwidth; the mid-line driver-equipped
DR10 outperforms the smaller Snail and
MidRanger, despite their being loaded
with premium twelves. 

The mouth opening is square, which is
more efficient than a rectangular one. The
throat section is subdivided to minimize
its cross-section for better mids, while the
mouth is subdivided to provide bracing
between the horn and the exterior shell.
Unlike traditional designs, the horn taper
is not a constant formula from throat to
mouth. 

Waves from the driver first pass
through a rapidly flaring midrange horn,
then reverse direction to pass through the
mouth horn, which has a slower flare
rate. In other words, this cabinet consists
of two separate and distinct horns, which
are coupled in series: a double horn.
Where the two horns join together, the di-
rection of the wave path reverses, thus,
the Double Reverse, or DR, horn. 

Unlike the Snails, this cabinet does not
have driver chamber ducts exiting into
the horn throat. While that technique
works well with shorter horns, doing so
with a longer horn drives fB too low. In-
stead, four ducts exit the driver chamber
very close to the horn mouth, allowing for
easy and precise tuning of the system. As
in the Snails, all interior reflectors are
round to minimize phase cancellations. 

The cabinet’s exterior shell also has a
trapezoidal shape. I included this feature
strictly for cosmetic value, since I once
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PHOTO 3: The DR10, front view. PHOTO 4: The DR10, side view. Note optional side-fire tweeter.



overheard a fellow musician incorrectly
attributing the quality of a commercial
cabinet to its trapezoidal shape. A trape-
zoidal shape in and of itself indicates
nothing of a speaker’s worth, but if it
sells, then why not do it? The cabinet also
features an arced leading edge at the top
and bottom. This will, in theory, make the
box work better, but I included this fea-
ture primarily because it looks cool. 

The tweeter section consists of three
Motorola™ KSN 1176 piezos in a vertical
array, for maximum horizontal disper-
sion. These cut out below 2.5kHz, but the
response dip between the woofer and
tweeters is not severe, since the woofer is
effective to 2kHz. Different drivers could
eliminate the dip entirely. The woofer I
used—because I had it on hand—is an Emi-
nence™ 10″ cast-frame MI driver that is no
longer being produced. Its fS of 55Hz, QTS
of .25, VAS of 1.85ft2, and SPL of 98dB are
fairly typical of medium-quality MI tens. 

In choosing a driver for this project,
stay away from premium drivers such as
JBL™ or EV™ (which have very large mag-
nets), since they might not fit into the
driver chamber. A magnet weight be-
tween 40 and 80 oz will do nicely. The
most important spec is the fS; do not use a
driver with fS less than 50Hz or more than
60Hz. The prototype also features option-
al KSN 1176s on each cabinet side for
side-stage projection. Note that these are
aligned horizontally, since they provide
better horizontal dispersion this way
when used singly.  

CONSTRUCTION
I constructed the cabinet for the proto-
type of ½″ plywood, excepting horn
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FIGURE 1: Top view of cabinet. FIGURE 2: Guide for cutting braces.

PHOTO 5: Cutting angled piece of plywood
to modify panel cutting jig.FIGURE 3: Side view of horn.

B-1753-1 B-1753-2

B-1753-3

PHOTO 6: Cutting cabinet top using modified panel cutting jig.



sheathing (¼″ plywood). You may use
thicker materials for ease of joinery, but
rest assured that additional weight is not
necessary for strength. The self-bracing
design may be lightweight, but it is rock-
solid. 

Glue and seal all joints with construc-
tion adhesive, and secure them with 1¼″
drywall screws driven through drilled and
countersunk pilot holes. For thicker ma-
terials (I wouldn’t recommend more than
⁵⁄₈″ plywood), use 1⁵⁄₈″ screws. Note that all
measurements are nominal, the exact di-
mensions being dependent on the actual
thickness of the materials used. Don’t try
to cut parts much in advance of assem-
bling them; actual part sizes should be
double-checked using the previously-as-
sembled parts as a reference.

Before starting construction, thorough-
ly examine all of the figures and photos.

Note that Figs. 1, 2, and 4 are variations
on the same view; to include all the com-
ponents in one view would be too clut-
tered. Figure 3 shows a cutaway of the
throat horn. The optional side-fire tweet-
ers (Photo 4) are not included in any of
the figures, nor is any hardware shown.

As in all successful projects, you should
understand what you’re trying to build be-
fore you make any sawdust fly.

MAKING THE CUTS
The first step is to cut out the top and bot-
tom (Fig. 1), which requires straight, accu-

PHOTO 7: Checking brace patterns against cabinet top.

PHOTO 8: The throat horn sides and throat divider assembled.

PHOTO 9: Sheathing the throat horn.

FIGURE 4: Cutaway view of throat reflectors.
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PHOTO 11: Attaching the tweeter baffle to the top using a guide-
board for accuracy.

PHOTO 10: The completed throat horn. Note the ¼″ plywood spacer
on the face of the baffle. 

B-1753-4



rate 80° cuts (or 100°, depending on point
of view), instead of the usual 90°. Doing
this on a table saw is easy if you first cut
two pieces of scrap plywood at a 10° angle,
using your miter gauge (Photo 5). Screw
these directly to your panel-cutting jig (if
you haven’t yet made one, do it now), al-
lowing you to feed a panel across the saw
table at a perfect 80° angle (Photo 6). 

To ensure that the top and bottom are
identical, first rough-cut two pieces of ply-
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PHOTO 13: View through the porthole.

PHOTO 14: Horn braces cut in two pieces with stabilizing cauls attached.

PHOTO 16: Installing the back brace.

PHOTO 17: Slicing PVC pipe on the jig.

PHOTO 12: 
Assembly prior to 
horn brace 
installation.

PHOTO 15: Attaching the mouth horn sheathing.



wood slightly oversize, and then screw
the two together with 1″ screws. Now cut
both pieces to finished size simultaneous-
ly. This trick is valuable anytime you need
identical parts.

After cutting the top and bottom, draw
the placement of all mating parts onto
them (Figs. 1 and 2). You can draw the
arcs with an oversized compass, a long
plywood sliver with a drywall screw at
one end serving as a pivot and ¼″ holes
drilled through the plywood at the re-
quired radius distances from the screw,
through which you insert a pencil to draw
the arc. Once the parts locations have
been laid out, make the patterns for the
horn braces, back brace, and side braces
(Fig. 2), comparing them to the layout
drawn on the top and bottom for accuracy
(Photo 7). 

Note that the horn braces are cut to a
23¾″ radius on both the inside and out-
side, so that, when cutting out a number
of braces, the inner edge of one is the
outer edge of the next. I made the proto-
type using ½″ plywood for all braces, but
this is one place where thicker materials,
even ⁵⁄₄ lumber, will make joinery easier
without much of a weight sacrifice. Mark
the cut line on the bottom piece for the
driver access porthole, cutting it out
using a saber-saw (starting with a plunge
cut).

Next, lay out and cut the horn throat
sides, which have a 5° angle on one edge
(Fig. 4). Attach them to the throat divider
(Photo 8). The divider extends ½″ beyond
the side edges; round both its ends over,
either by sanding or routing. Using
clamps and one or two plywood scraps,
cut to 4″ wide, as temporary braces to
hold the throat sides square precisely 4″
apart, while attaching both the divider
and the throat sheathing (Photo 9). 

The sheathing, cut from ¼″ plywood,
must be kerfed on the table saw with cuts
about ¹⁄₈″ deep across the panel at about 1″
intervals, which allows it to be easily bent
to the arc of the sides. Cut the sheathing a
bit longer than required, with the ends
trimmed or sanded to exact size after as-
sembly for a perfect joint with the baffle
and cabinet assembly.

ACCOMMODATING THE DRIVERS 
The baffle is a circle of plywood 11″ in di-
ameter through which is cut a 4″ × 8″ rec-
tangular hole, centered on the baffle’s
axis. Attach a spacer ring of ¼″ plywood
to the baffle to prevent the cone edge
from slapping the baffle in long excur-
sions. Drill the baffle and insert four T-
nuts into it for driver mounting (using
only every other hole on the driver) with
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the holes aligned near the corners of the
hole, not along the sides. Attach the baf-
fle to the throat assembly, after sanding
over the hole opening to eliminate sharp
edges (Photo 10). Where the baffle meets
the throat sheathing no screws can be
used, so use plenty of adhesive for an air-
tight fit.

Cut the tweeter baffle to size, and then
cut holes for the tweeters through it,
equally spaced across its length. The cut
angle for the tweeter baffle sides is 35°. If
you use ½″ plywood for the baffle, cut
some extra strips of plywood at 35° angles
as bracing blocks, which will later be at-
tached to it. For thicker materials, addi-
tional bracing will not be necessary. 

The holes for KSN 1176 frames mea-
sure 5¹⁄₈″ × 2¹⁄₈″, but the driver element
housing will not fit through holes of that
size, so trim a bit of material, as required,
from the holes to allow the drivers to fit.
Attach the baffle to the cabinet top. This
(and all similar joints) is best accom-
plished by first drilling pilot holes
through the top along the joint center and
then clamping a straight guideboard to
the top along the joint line. 

Apply adhesive to the edge to be
mated, and clamp the baffle to the guide-
board (Photo 11). Only when you are sure
that the joint is perfectly aligned should
you drill through the holes, using a
pilot/countersinking bit, and screw the
parts together. Using one drill for piloting
and another for screwing makes this a
fast and easy procedure.

Cut the horn plates to size, paying
close attention to the angles of the edges
(Fig. 4), and in similar fashion attach
them to the top. When the cabinet bottom
is complete, attach it to the assembly.
Trim and sand the throat assembly for a
proper fit with the rest of the cabinet and

secure it in place, again using no screws
and plenty of adhesive where the horn
sheathing mates the cabinet top and bot-
tom (Photo 12).

Tracing from the patterns, cut seven
more horn braces, for a total of eight, and
one more side brace. Attach the horn
braces to the assembly, with four attached
to the top and bottom and the other four
spanning from the sides to the tweeter
baffle (Photo 13). On the bottom, use ply-
wood to fill the gaps between the braces
(Fig. 2), forming a mounting flange for the
porthole. 

Place the spanning braces about 6½″
from the top and bottom. If placed too
close to the baffle, they will interfere with
accessing the driver attachment bolts; if
too close to the top and bottom they will
interfere with the ducts. Cut the two span-
ning braces closest to the porthole into
two pieces to allow the driver frame to
pass between them. 

Use temporary cauls, screwed to the
braces, to hold the braces in position
until after the horn sheathing is in place
(Photo 14). You may need to do some ad-
ditional trimming to these braces, de-
pending on the size of your driver mag-
net. Do this now, making absolutely sure
that you can fit the driver through the
porthole and slide it into position on the
baffle. Once the sheathing is in place fur-
ther trimming is very difficult—which I
can attest to from personal experience.  

Cut the bracing strips (for a ½″ tweeter
baffle only) to length and install them be-
tween the horn braces. Cut the horn
sheaths to size. The radius of the horn is
slight enough that kerfing here is not nec-
essary, but check the plywood for its easi-
er bending axis before cutting the parts.
Cut the sheaths a bit long, to be trimmed
after installation. 

The duct holes, 2½″ in diameter,
should be cut with a hole saw, which can
tear up thin plywood when unsupported.
Drill these before installing the sheath-
ing (with a supporting piece of scrap be-
hind the sheath to eliminate tear-out).
The centers for the holes are 4″ from the
leading edge of the sheaths and 4½″ from
the top and bottom; double-check to
make sure the duct holes don’t hit the
braces. 

Attach the sheathing first to the horn
plates, then pull it into place with long
clamps. At the same time, drive screws
every four inches or so (Photo 15). Once
you have attached both sheaths and the
adhesive has dried, trim and smooth the
joints with the tweeter baffle, and remove
the cauls on the braces. 

Attach the back brace to the horn
plates and throat divider, using a clamp
and two pieces of scrap to align it with the
throat divider while driving screws into it
from the cabinet interior (Photo 14). The
rounded edge of the throat divider serves
as a trough for adhesive; after it has set,
sand the joint smooth. In a similar fash-
ion, clamp the side braces to the back
brace while driving screws into them
from inside the cabinet. 

There is little room inside the cabinet,
so these screws must be driven by hand
(God forbid!), using a short shaft screw-
driver or a small ratcheting driver. This
joint is likely to be ragged, and you proba-
bly will only be able to get a couple of
screws into it, so use plenty of adhesive
on the joint to seal the gaps. After the ad-
hesive has set, install the cabinet sides.

WORKING WITH PVC
Cut the throat reflectors (Fig. 4) from 4″
Schedule 40 PVC. This stuff is very easy
and safe to work with if you use it proper-
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PHOTO 19: PVC throat reflector installation.PHOTO 18: Chamfering quartered PVC on the jig.



ly. First, make a cutting jig (Photos 17 and
18). Screw the PVC right to the jig using
drywall screws. Then push the jig through
the saw, using the saw rip guide to set the
proper distance from the blade. PVC will
bind on a blade if cut all the way through,
so set the blade height to cut not quite all
the way through; finish the job with a util-
ity knife. 

You need to quarter a 24″ piece of PVC;
after quartering, screw the pieces to the
opposite side of the jig for chamfering.
You can use a toothed blade for both cut-
ting and chamfering, but an abrasive
blade is safer and cuts cleaner, as well.
After chamfering one edge of the PVC, re-
move it from the jig and reattach it to
chamfer the remaining side. Use a T-
square to check the angle of the second
cut. You’ll need two pieces cut at 90° an-
gles, and two at about 100° angles, to fit
the 10° flare of the cabinet sides with re-
spect to the back.

Cut the PVC reflectors to length to fit
the mounting locations. Use a hot-melt
glue gun to attach the 90° pieces to the
cabinet, back-to-back, where the throat
opens into the cabinet, and the 100°
pieces where the sides will meet the back
(Photo 19). Cut the back piece and install
it, using plenty of adhesive where it
meets the PVC reflectors; do not drive
screws there. If you plan on putting your
jack on the cabinet back, cut a hole in the
back for it. Cut another hole for the wire
to the driver through a horn plate, run-
ning a piece of wire through that hole
and sealing it with hot-melt glue before
attaching the back.

ASSEMBLY
Using a sander and/or router, trim all ex-

terior joints flush and apply your finish of
choice. If you plan to attach the porthole
with screws, put it in place and drill pilots
for them, about a dozen or so. Alternately,
you can drill for bolts and install T-nuts
on the bottom. 

Vacuum the cabinet clean and install
the woofer. Because the mounting bolts

are difficult to access, it’s best to use ei-
ther Phillips or Allen head bolts, which
are easier than slot-head bolts to drive by
feel. Again, a short-handled driver or a
small ratchet driver works well. 

Install the tweeters, wiring them to
each other in parallel, and then wiring
them in parallel to the woofer. They
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TABLE 2
PARTS LIST (ALL SIZES 

APPROXIMATE—SEE TEXT)
1. Throat Horn Sides 8″ × 24″
2. Throat Horn Divider 4″ × 9″
3. Throat Horn Sheathing 5″ × 12″
4. Top, Bottom 22″ × 24″
5. Baffle 11″ diameter
6. Horn Plates 4″ × 24″
7. Tweeter Baffle 4″ × 24″
8. Horn Braces 4″ × 18″
9. Back 18″ × 24″
10. Back Brace 2½″ × 17″
11. Mouth Horn Sheathing 18¾″ × 24″
12. Side Braces 10″ × 18″
13. Throat Reflectors 24″ × 4″ PVC
14. Sides 20½″ × 25″
15. Tweeter Baffle Braces (see text)
16. Woofer 10″ MI
17. Tweeters
18. Porthole Flange A 2″ × 4″
19. Porthole Flange B 1½″ × 10″
20. Ducts 5″ × 2″ PVC

FIGURE 5: DR10 SPL chart. 
B-1753-5



should be wired in-phase with the woofer.
If you decide to use side-firing tweeters,
cut holes for them in the cabinet sides
and install them, drilling holes through
the horn sheath to wire them up, and seal-
ing the holes with hot-melt glue. 

The ducts (for a driver fS of 55Hz) are
5″ lengths of 2″ PVC; install them now,
using hot-melt glue to seal them in place.
Be careful not to push the ducts in too far
because they will hit the tweeters. Spray-
paint the ducts to color-match the cabinet
finish, and caulk the tweeter frames
tight. 

Fully stuff the cabinet with at least a
pound of poly-fill, being sure to leave no
voids except directly behind the woofer
and near the duct entryways. For PA
usage this box should be pole-mounted
for proper projection, making the port-
hole cover a viable location for both the
jack and the pole mount. Alternately, the
jack may be side mounted. This will re-
quire a hole through the horn sheathing
(caulked tight of course) for the wire. 

If you’re using a pole-mount top hat,
the center of gravity of this box is almost
precisely in the cabinet middle. Install
the top hat and jack, caulking them air-
tight. Solder the wiring to the drivers. 

Rim the porthole flange with ½″-thick
neoprene weather-stripping and install
the porthole cover. You may attach han-
dles using bolts and T-nuts, but I used
screws, driving them through the sides
into the side braces. While reasonably
light at about 50 lbs, the bulk of this box
will make casters a worthwhile option; at-
tach them with bolts and T-nuts. Now
plug it in and rock.

PERFORMANCE
If this is your first horn-loaded cabinet
you’ll be amazed at how loud it is without
needing a mega-watt amp to drive it. If
you’re a bass player you may feel (not just
hear, but actually feel) low tones that
you’ve never experienced before. If you’re
used to playing keyboards through guitar
amp speakers, be prepared to hear those
tweeters cranking out harmonics you
never knew your keys had in them, as
well as low tones reminiscent of a pipe
organ. Be it on bass, keyboards, or PA,
you now have one of the best cabinets
available anywhere, at any price, al-
though this cabinet can be built as de-
scribed for less than $175 per copy.

To back up these statements, look at
the SPL charts (Figs. 5 and 6). In Fig. 5,
the dotted trace is the projected response
from the same Eminence™ woofer in an
optimally tuned T/S box (and keep in
mind that this driver is considerably bet-

ter than most OEM drivers). On average,
SPL from 125Hz to 2kHz is about 98dB;
with 150W input, output is about 118dB. 

On PA, this would work for a small
club, but that’s about it. For electric bass,
the 40Hz to 80Hz (the first octave on the
bass) average SPL is a meager 78dB. To
get 108dB output, a conservative require-
ment for bass, would require over 1kW. 

Your amp probably doesn’t have that
much juice available, but that’s a moot
point, since even four tens couldn’t take
that much power. Using two tens wired in
parallel, or four wired as series/parallel
pairs, will produce another 6dB sensitivi-
ty, but 84dB sensitivity still doesn’t cut it.
The only way you can get the bottom you
desire using tens in a T/S box is to use
eight of them and hope that your amp is
big enough.  

Now look at the solid trace, the DR10.
With average SPL from 125Hz to 2kHz at
107dB, a 150W amp will give 128dB out-
put with headroom to spare. In PA, a pair
of these will easily handle a 500-seat
room. For the bass player, on average,
SPL from 40Hz to 80Hz is 92dB; most T/S
boxes with eighteens can do no better.
108dB output requires less than 50W. If
you love the tone of your old blackface
Fender™ Bassman, but it just isn’t loud
enough, this cab will cure the problem.
On keyboard, the combination of high
sensitivity and wide bandwidth gives per-
formance that no commercial keyboard
cabinet can approach.

Speaking of commercial cabinets, look
at Fig. 6. Here the dotted trace on the
chart is for a commercial 2-way cabinet
using a 15″ woofer and horn loading on

FIGURE 7: Woofer/horn impedance.
B-1753-7

FIGURE 6: EV T251 SPL chart.
B-1753-6
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the mids and highs, the renowned EV™
T251. It is close to the DR10 in size
(about 7ft3), though at 78 lbs, it weighs
over half again as much. Typical of com-
mercial cabinets, it has an average SPL
of 98dB. 

It will handle 400W RMS input, and
you’ll need it, for even with over twice the
input power it still lags behind the DR10
in output by 6dB. That means you’ll need
two of them to match one DR10, plus
800W to drive them. Oh, and they retail at
over a grand apiece, though you can find
them discounted at around $700−what it
will cost you to build four DR10s.

DISPELLING MYTHS 
Like McClure’s midrange horns, the
DR10 proves that some assumptions
about horns don’t ring true. On the sub-
ject of throat size, a popular formula
states that St = .8 × fS × QES × VAS. For the
subject Eminence™ driver this would re-
sult in a throat of about 22 in2. Is this cor-
rect? I beg to differ.

The dotted trace in Fig. 7 shows the im-
pedance of the woofer/horn before seal-
ing the box. The target fS(h) of 40Hz is
achieved with a throat of about 30 in2. A
smaller throat would result in an fS(h)
lower than 40Hz, which would give a re-
sponse dip in the second octave (80-
160Hz). 

Better high-frequency performance
would doubtless accompany a smaller
throat, but since we’re trying to maximize
the bass, the point again is moot. This
throat formula may be accurate when
used in a compression horn, where the
driver is in a sealed chamber small
enough to drive the fB up to the desired
frequency, but as far as a horn/reflex com-
bination is concerned it does not work. I
do not have a formula to replace it. I ar-
rived at the 40Hz fS(h) only through a lot
of experimentation with a lot of plywood. 

A formula to predict throat size for a
given fS(h) would need to include not only
the driver parameters but also the horn
taper, horn length, mouth size, and the
volume of air between the cone and baf-
fle. To calculate it may be impossible.
This could be one area where empiricism
will continue to rule.

Speaking of formulas, I recall a reply to
a reader’s letter a few years back ques-
tioning how to tune the reflex section of a
horn/reflex combination. The reply was
that such a combination had not been
modeled. It has now. I direct you again to
the impedance chart in Fig. 7. 

After sealing the box, I tuned the cabi-
net with the duct length that gave the
highest SPL at 40Hz without degrading

performance at higher frequencies. The
result is seen in the solid trace, with an
impedance null at 40Hz flanked by peaks
above and below it. This is classic ducted-
port tuning. 

Another impedance null occurs at
125Hz, representing the Fh of the horn
(the beginning of the horn passband), fol-
lowed by a peak at 160Hz that represents
the ¼ wavelength resonance of the horn
mouth. Nominal woofer impedance then
settles in at 9Ω, while the three tweeters
paralleled never go below 18Ω. Should
you use a driver that differs significantly
from an fS of 55Hz, measure for fS(h) with
the porthole cover off, and then adjust the
duct lengths for an Fb that matches it.

Like the Snails before it, the DR10
gives high frequency performance that
folded horns are not supposed to deliver.
Louis McClure’s article refers to the
“mass rolloff” of his bass horn, which be-
gins at 390Hz. Not having seen his de-
sign, I cannot comment on why his bass
horn rolls off at 390Hz, but I can state un-
equivocally that mass rolloff is a myth.
Calculated from a formula derived by
Keele (“Low Frequency Horn Design
Using Thiele/Small Driver Parameters,”
AES Reprint #1250, 1977), stating that
Fhm = 2fS/QES, mass rolloff for the Emi-
nence™ driver in the DR10 should occur
at about 407Hz; clearly, it does not. 

I certainly would not challenge the cre-
dentials of the redoubtable D.B. Keele,
but when it comes to denying the exis-
tence of mass rolloff, I have cooked the
pudding in which the proof does lie.
Keele was wrong; the rolloff of high fre-
quencies in a folded horn has no connec-
tion with the driver T/S parameters and is
purely a result of out-of-phase reflections
that occur within the horn. This can be
addressed through careful throat design,
keeping horn bends to a minimum, and
rounding all bends. I plan to experiment
further to see whether alternate construc-
tion methods can achieve even broader
bandwidths and flatter response from
folded horns—based on my results with
the DR10 I think that the outlook is very
promising.

I’m forwarding this article to my poten-
tial manufacturer, to see how he next
wishes to proceed. Be assured that, what-
ever the result, you’ll see it here on the
pages of audioXpress. In the meantime,
don’t wait to buy one of these babies.

Based on what manufacturers are get-
ting for T/S boxes, I’d expect the commer-
cial version to go for at least $800. Head
on out to your workshop and build your
own (Table 2). You won’t be disappointed,
I guarantee. ❖
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Reference 3A, 342 Frederick St.,
Kitchener, Ontario, N2H 2N9 
Canada; 519-749-1565, Fax 519-
749-2863, www.reference3a.com.

I ran a series of impedance, fre-
quency response, and distor-
tion tests on the MM de CAPO

loudspeaker from Reference 3A.
Figure 1 is a plot of system imped-
ance magnitude. At low frequen-
cies the plot displays the double
peaked curve of a vented system.

The impedance minimum of 5.24Ω
at 45Hz indicates the vented-box
tuning frequency. 

There is a second local imped-
ance minimum of 5.04Ω at 210Hz.
Impedance phase lies between
+40° and −47° over the full audio
range. Fortunately, these rather
large phase angles occur at rela-
tively high impedance values.
With minima in the range of 5Ω,
Reference 3A’s 8Ω rating for this
system seems a bit high.

FREQUENCY RESPONSE
The MM de CAPOs are supplied in
mirror-image pairs. The manual
states that the speakers are opti-
mally set up with the speakers fac-
ing forward (no toe-in). The two
speakers and the listening posi-
tion should be set up to form an
equilateral triangle. This implies

an optimum listening axis 30° off
the on-axis position. Polar re-
sponses taken every 10° confirmed
that the 30° off-axis position pro-
duced the smoothest response.

Figure 2 shows the MM de CAPO’s
full-range frequency response at
the 30° position. This response is
obtained as a combination of the
far-field quasi-anechoic response
and properly summed near-field
woofer and port responses. The mi-
crophone was placed along the
baffle centerline at a distance of
1.2m to produce the far-field re-
sponse. The near- and far-field re-
sponses were then spliced togeth-
er at 210Hz to produce the full-
range response.1

The response shown in Fig. 2
has been normalized to 1m to ob-
tain system sensitivity. Sensitivi-
ty averages 86.6dB in the two oc-
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taves between 500Hz and 2kHz.
This is substantially less than the
92dB figure quoted on the spec
sheet for the MM de CAPO. Re-
sponse does reach a level of 91dB
at 680Hz, but it shelves down to
85dB at 2kHz. Relative to the
midband average level, the low
frequency −3dB point is 45Hz.
There is also broad response peak
of about 2dB centered on 90Hz. 

The MM de CAPO has two pairs
of binding posts for bi-wiring. This
allowed me to measure the re-
sponse of the individual drivers.
The result is plotted in Fig. 3.
Crossover occurs between 2.2 and
3kHz. There is no woofer crossover
network. The woofer runs full
range. Woofer response simply
shelves down by about 15dB above
3kHz. Tweeter response is relative-
ly smooth, but the woofer re-
sponse shows a great deal of ripple
above 4kHz. This ripple also shows
up in the overall system response.

CUMULATIVE SPECTRAL
DECAY
The MM de CAPO’s cumulative
spectral decay (CSD) response is
presented in Fig. 4. This waterfall
plot shows the frequency content
of the system response following a
sharp impulsive input at time
zero. On the CSD plot, frequency
increases from left to right and
time moves forward from the rear.
Each slice represents a 0.06ms in-
crement of time. 

The total vertical scale covers a
dynamic 32dB range. Ideally the
response should decay to zero in-
stantaneously. Inertia and stored
energy that take a finite amount
of time to die away, however, char-
acterize real loudspeakers. A
prominent ridge parallel to the
time axis indicates the presence of

a strong system resonance. 
The first time slice in Fig. 4

(0.00ms) represents the system
frequency response. There are two
strong ridges in the plot at 4kHz
and 11.8kHz. The ridge at 4kHz
takes over 2.5ms to decay. Surpris-
ingly, both ridges come from the
woofer. Tweeter decay time is
quite good.

SYSTEM STEP RESPONSE
The 602’s step response is shown
in Fig. 5. The rise time is some-
what slower than many other
speakers I have tested; however,
the woofer and tweeter arrive at
the same time and rise together.
The overall step response is the
best I have measured in this series
of tests. The excess group delay
(plot not shown) is 100µs or less
from 300Hz to 20kHz. The MM de
CAPO is essentially time-coherent.

POLAR RESPONSE
Polar response is examined in Figs.
6–10. Figure 6 is a waterfall plot of
horizontal polar response for the
left-side speaker. The curves are
plotted in 10° increments from 60°
left (−60°) to 60° right (+60°) when
facing the speaker. All off-axis plots
are referenced to the +30° response,
which appears as a straight line.
(Remember the +30° position is the
preferred listening axis.) 

The plotted curves show the
change in response as you move
away from the 30° line. Smaller
positive angles and negative an-
gles move the listener outside of
the primary listening area.

The responses above +30° are
relatively smooth replicas of the
30° line. This should produce good
stereo imaging for listeners be-
tween the speakers. However, the
curves do degenerate rapidly as

one moves beyond the span of the
speakers. This will produce wall re-
flections with a much different
spectral balance than the first ar-
rival sound. I suspect the per-
ceived spectral balance will be
very room dependent. Responses
at 0, +30 and +60° are plotted in
Fig. 7. The 30° curve is seen to be
the smoothest response.

Without building a special jig to
obtain the required compound

angle, I could not measure re-
sponse changes in the vertical
plane containing the 30° off-axis
position. For this reason, vertical
responses were measured in the
on-axis plane. The changes ob-
served should be similar to those
seen at the 30° position.

Figure 8 is a waterfall plot of
vertical polar response. Responses
are shown in 5° increments from
20° below (−20°) the tweeter axis
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TECHNICAL DATA

Type of speaker: Medium-size monitor
Music peak power: 120W peak
Music impulse power: 80W
Continuous power rating: 60W
Frequency response: 44–20kHz ±3dB
Efficiency: 92dB 1W/m
Recommended amplifier: 5–100W
Crossover frequency: 3.000Hz (tweeter only)
Impedance: 8Ω nominal
Woofer: 21cm, direct coupled
(no crossover)
Tweeter: 26mm latex-coated silk dome with closed back chamber
Weight net: 20kg/43 lbs
Dimensions: 38cm/15″ high, 28cm/11″ wide, 33cm /13″ deep at the base
Finish: Gloss black

FIGURE 1: MM de CAPO system 
impedance.

FIGURE 2: Full-range frequency 
response of the MM de CAPO (30°
right).

FIGURE 3: MM de CAPO system and
driver responses.

FIGURE 4: Cumulative spectral
decay.

FIGURE 5: Step response.

FIGURE 6: Horizontal polar response.

FIGURE 7: Response at 0, 30, and
60° right.

FIGURE 8: Vertical polar response.

FIGURE 9: Effect of grille on MM de
CAPO response.

FIGURE 10: Loudspeaker matching.
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�� Reviewed by Ken and Julie Ketler

Located in Ontario, Canada, Reference 3A claims
over 30 years of loudspeaker design and innovation.
Their current product line consists of five models of
loudspeakers, each demonstrating a propensity to-
ward the high end. Although mentioning “high end”
equipment may fend off some budget-minded music
lovers, Reference 3A has produced a “moderately
priced” loudspeaker—the MM de CAPO, which de-
serves consideration from anyone who is passionate
about music listening.

The MM de CAPO is a bi-wireable two-way rear-
vented system, which utilizes an 8″ (203mm) woven
carbon woofer, a 1″ (26mm) soft textile dome tweeter,
and no crossover! Well, almost. This is really a low-
calorie crossover—not quite fat free! 

Although the woofer is designed to require no elec-
tronic filtering to achieve its rolloff slope and frequen-
cy, the tweeter has an impedance-compensated first-
order circuit. Reference 3A claims that this configura-
tion provides a frequency response of 44Hz–20kHz and
a smooth phase response that is constant within
±10°. The rated sensitivity is a healthy 92dB (1W/1m),
which makes this a very good candidate for those
readers with lower-powered amplifiers. Quality versus
quantity, don’tcha’ know?

FIRST IMPRESSIONS
This speaker has a footprint of 15″ (38cm) (H) × 11″
(28cm) (W) × 13″ (33cm) (D). Most reasonable
human beings might be somewhat hard-pressed to
call this a “mini-monitor,” however, it’s a nice size
and should be easy to integrate with any modern
decor. The first thing that a person with an eye for
furniture will notice about the enclosure is its mirror-
smooth glossy black finish. Very attractive indeed.
The front face is sloped in order to time-adjust the
two drivers...and it looks pretty cool, too!

Since the MM de CAPO weighs 60 lbs (27Kg) per pair
(we weighed them), it’s not difficult to see why the de-
liveryman was cursing our name as he walked down our
steep driveway and hopped back into his truck. Such a
heavy enclosure may be bad for the back, but is likely to
be good for music. Such thick walls will tend not to vi-
brate and impose a sonic signature of their own. As a
result, the woofer is allowed to do its own job.

Ah, yes, the woofer—the first noticeable thing was
that the phase plug in the center is anchored to the
driver frame/magnet and not the cone, i.e., it does not
move. The fibrous texture of the woven carbon material
appears to be a great scheme for damping driver reso-
nances and breakup modes. 

The inside of the cabinet is built like a house! It has
plenty of bracing and is just plain solid. Reference 3A’s
choice of internal wiring is a bit surprising. They use what
appears to be just flopsy #18 AWG hook-up wire, not quite
what you might expect from a high-end company. 

Also, the enclosure has a generous amount of
damping material, but when we gazed in, we noticed it

was loosely covering the bass reflex vent of one of the
loudspeakers. 

COMPANY SETUP RECOMMENDATIONS
The user guide accompanying the MM de CAPO loud-
speakers is a mere four pages of text, but it includes 
a great deal of information regarding room position-
ing/acoustics, height, cables, and amplifiers. Reference
3A suggests putting the MM de CAPO on stands ap-
proximately 26″ high and forming an equilateral trian-
gle with the listening position. They do not recommend
toeing-in and stress that “early reflections will collapse
the soundstage.” Reference 3A also mentions that the
MM de CAPO doesn’t “lack bass performance when
placed a meter or two out from the walls.” 

OUR SETUP
We mounted the MM de CAPOs just as Reference 3A
suggested with respect to our listening position. We
drove them with both tube (Valve Audio Laboratory
VAA-100, 30W) and solid-state (AudioSource Amp Two,
80W) amplifiers on separate occasions and compared
them to many different pairs of custom-built speakers.
During casual listening sessions, we played many of
our own personal CDs, but for level matching and criti-
cal evaluation, we used the Hi-Fi News & Record Re-
view’s CD Test Disk III. Here’s what we found:

EVALUATION

TEST 1
TRACK 2—Jerusalem/Parry
JK: The MM de CAPO loudspeakers have a very
smooth and full stereo sound in this piece. All the in-
struments sound bright and clear.
KK: Excellent front-to-back depth, the Philharmonia
Chorus sounds very large.

TEST 2 
TRACK 4—Trumpet Concerto in C/Vivaldi
JK: I am able to place where the trumpets are playing
in this most beautiful piece (simply my favorite,
maybe that makes me biased, nah). When the entire
orchestra joins in with the trumpets, the room is
filled with a very rich and full sound as if I am wit-
nessing the show live.
KK: The string sections have a nice three-dimensional
“silky” quality. But I must disagree with my beautiful
wife, though. To my ears, the stereo placement of the
two trumpets in this piece is slightly smeared amid the
wide soundstage (she’s probably just biased).

TEST 3
TRACKS 5/6—Peter & the Wolf (narr)/Prokofiev
JK: During the clarinet solo, the instruments sound
as though they are coming from the back of the
speakers instead of from the front. I enjoy pre-
dictability, so this “hidden” sound bothered me a bit.
Yet, I know many people opt for this effect.

The tympani and drum ensemble sounds loud and
clear, filling the room with a rich, fat sound. As I listen
very critically, I do find that the tympani sounds a little
“echo-like” as if it’s being “filtered.” Even though this
piece does have a full stereo sound all together, the
stereo placement is difficult to hear.
KK: The sibilance of Sir John Gielgud’s voice is very
smooth and intimate. The oboe, clarinet, and bassoon
all have a realistic breathy quality. The horns, however,
lack the brassy “zing” that is present in this recording.
The tympani and bass drum sound very deep and dy-
namic, but the attack of the mallets hitting the drum

skins is veiled due to a somewhat boomy bass overhang.
The tambourine during the “procession” leaps forward
right out of the speakers!

TEST 4
TRACK 7—Welcome, Welcome/Purcell
JK: The violins appear to be playing on the left and
the singers are rich-sounding in the middle. The
overall sound is very full, filling the space in front of
me in an arch shape.
KK: The vocals sound very nice in this piece and seem
to come from behind the speakers. The smooth drone
of the chamber organ is deep and encompassing.

TEST 5
TRACK 10—Corkhill (piece 2)
JK: The drums sound lower-pitched than they do with
our speakers; both sound very different as if the
drums were playing in different octaves. This piece
proves to be a very interesting comparison with very
contrasting results. Similarly though, in this piece,
both speakers have a great stereophonic effect.
KK: Fourteen seconds into this all-percussion piece,
there erupts a burst of snare and bass drums that
scares the whoopee out of me every time! Very dy-
namic. Again, however, the impact of the bass drum
(left channel) is somewhat softened and the snares
are missing some “bite.” 

TEST 6
TRACK 14—Rio Napo RSS Demo
JK: This funky piece has a full 3-D sound with the
MM de CAPO speakers. The music circles the room
with a pleasant soft sound, which is very enjoyable
to listen to.
KK: The de CAPO really shines on this track. Its 3-D
soundstaging is absolutely super! The somewhat
chubby bass quality of this loudspeaker sounds per-
fect with this pop-style tune.

FINAL THOUGHTS
Overall, the MM de CAPO provides a very wide sound-
stage that appears to originate from far outside the con-
fines of the enclosure. Its response is smooth and unfa-
tiguing while providing great detail in the upper high
frequencies. Low frequencies are definitely prominent,
however, somewhat undefined and occasionally boomy. 

On various rock and jazz tracks, the MM de CAPO
lacks “thwack,” most notably on snare drums. On
rapid bass progressions, it is occasionally difficult to
distinguish individual notes. With more mellow jazz
and various classical pieces, the MM de CAPO sounds
full-bodied and clear with no noticeable flaws.

For listeners who enjoy a larger-than-life soundstage
and are currently set up with an active crossover and
subwoofer, the MM de CAPO will provide you a potentially
wonderful listening setup. Those of you who own low-
powered amplifier configurations (single-ended triodes,
for example) will be pleasantly surprised with the sensi-
tivity and fullness of this comparatively compact system.
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to 20° above it. Response changes
very rapidly as one moves above or
below the horizontal plane. This is
a direct consequence of the broad
driver frequency overlap.

HARMONIC DISTORTION
Harmonic distortion tests were run
at an average level of 90dB SPL.
Ideally, harmonic distortion tests
should be run in an anechoic envi-
ronment. In practice, it is impor-
tant to minimize reflections at the
microphone during these tests.
Out-of-phase reflections can pro-
duce false readings by reducing
the level of the fundamental while
boosting the amplitude of a har-
monic. In order to reduce the im-
pact of reflections, I placed the mi-
crophone at 0.5m from the loud-
speaker.

Second-harmonic distortion was
below 1% over most of the audible
frequency range. Below 100Hz sec-
ond-harmonic distortion did rise
to 3.6%, but this is still a low fig-
ure. Third-harmonic distortion was
1% or less over the full audio
range. This is an excellent result.

INTERMODULATION 
DISTORTION
I next measured intermodulation
distortion. In this test two fre-
quencies are input to the speaker.
Intermodulation distortion pro-
duces output frequencies that are
not harmonically related to the
input. These frequencies are much
more audible and annoying than
harmonic distortion. 

Let the symbols f1 and f2 repre-
sent the two frequencies used in
the test. Then a second-order non-
linearity will produce intermods at
frequencies of f1 ± f2. A third-order

nonlinearity generates intermods
at 2f1 ± f2 and f1 ± 2f2. 

I first examined woofer inter-
mods by inputting 900Hz and
1kHz signals at equal levels. These
frequencies should appear pre-
dominantly in the woofer output.
I adjusted total SPL with the two
signals to 86dB at 1m. Because
steady tones are used in the IM
test, I believed it safer to use a
lower power level to prevent possi-
ble tweeter damage. 

Principal woofer IM products oc-
curred at 800, 1100, 1900, 2800,
and 2900Hz. Total IMD was 1.1%.
This figure is one of the highest
measured in this series of tests.
Much of this distortion arises in
the tweeter due to the slow rolloff
of its 6dB/octave crossover that
lets too much low frequency ener-
gy into the tweeter.

I measured tweeter intermods
with a 10kHz and 11kHz input
pair also adjusted to produce 86dB
SPL at 1m. I observed IM products
at 8, 9, and 12kHz. Total distor-
tion was 0.2%. When frequencies
are limited to those the tweeter is
designed to handle, tweeter dis-
tortion performance is quite good. 

The last IM test examines cross-
intermodulation distortion be-
tween the woofer and tweeter
using frequencies of 900Hz and
10kHz. (A 1kHz signal would pro-
duce intermods that fall on har-
monic distortion lines, confusing
the results.) In typical systems
with woofer and tweeter cross-
overs, the crossovers should pre-
vent high-frequency energy from
entering the woofer and low-fre-
quency energy from entering the
tweeter. In the case of the MM de
CAPO, IM products appeared at 8.2,

9.1, and 10.9kHz at a level of
0.2%. In absolute terms this may
be an acceptable figure, but the
majority of the systems I have
tested typically produce values in
the range of 0.05 to 0.07%. 

ADDITIONAL TESTS
I conducted all of the above tests
with the grille off. Figure 9 shows
the MM de CAPO’s system response
with the grille on relative to the
response with the grille off. That
is, it plots the change in response
under the two conditions. Below
1kHz the grille has little effect.
Above 1kHz, however, the grille
causes ragged response deviations
of +2.5 to −3dB. As usual, the
grille has only cosmetic value.

Two samples of the MM de CAPO
system were available for testing.
All of the tests described so far
were conducted on one sample.
Frequency response matching of
the pair is shown in Fig. 10. This is
a plot of the response difference
between the first and second sam-
ples. Between 1 and 10kHz the
two speakers match within 2dB.
Above 10kHz matching degrades
to ±4dB. 

CLOSING COMMENT
The MM de CAPO is the first speak-
er I have tested that is essentially
time-coherent, but this attribute
comes at a price, namely, poor
polar response and somewhat
higher distortion. I leave the audi-
ble consequences of these results
to the reviewer. ❖

Manufacturer’s Response:

Reference 3A (initially known as 3A of
France) has been in the forefront of innova-

tive loudspeaker design for over 30 years.
Some of its complex designs utilized concepts
and ideas not well known 20-30 years ago. A
3-way design with motional feedback technol-
ogy called Master Control is still used in
many homes and studios around the world,
even after 26 years. Also from the same era
is the Triphonic, a self-powered coffee table
sub-satellite system, one of the first of its
kind.

A few years ago, Reference 3A adopted a
simpler approach to enhancing loudspeaker
performance. By removing the crossover from
the main driver, the company addressed the
potential damage complex crossover networks
imposed on the flow of the musical signal. This
required a new, hand-built driver tuned to
cover a wide range. The other approach was
to emphasize the actual listening process and
not rely solely on measurements. Necessary
adjustments to the design would be made
mainly according to listening tests. 

Reference 3A MM de Capo is the latest
model following this approach. It is tuned by
ear to elevate the enjoyment of music. With
coherent and balanced presentation, these
units are crafted to allow the listener to enjoy
music for much longer periods without the lis-
tening fatigue. The drivers are still hand-built
by the designer and founder of Reference 3A,
Daniel Dehay, in Europe.

As for Julie and Ken Kelter’s subjective lis-
tening tests, I like Julie’s (perhaps biased)
comment, describing a crescendo from Vivaldi’s
Trumpet Concerto in C: “When the entire or-
chestra joins in with the trumpets, the room is
filled with a very rich and full sound as if I
am witnessing the show live.” 

I would like to clarify one small point re-
garding the MM de Capo’s internal wiring. The
wires are actually the best and most expensive
16 AWG wire van den Hul, in the Netherlands,
produces. They are MCS-16 matched crystal sil-
ver conductors with high-grade Teflon insu-
lation.
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REFERENCES
1. J. D’Appolito, Testing Loudspeakers,
Audio Amateur Corporation, Peterbor-
ough, NH, 1998.

A note on testing: The MM de CAPO
was tested in the laboratories of Audio
and Acoustics, Ltd. using the MLSSA
and CLIO PC-based acoustic data ac-
quisition and analysis systems. Acoustic
data was measured with an ACO 7012
½″ laboratory-grade condenser micro-
phone and a custom-designed wide-
band, low-noise preamp. Polar response
tests were performed with a computer-
controlled OUTLINE turntable on loan
from the Old Colony division of Audio
Amateur Corporation.
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Manley Laboratories, 
13880 Magnolia Ave., Chino, 
CA 91710, (909) 627-4256,
www.manleylabs.com, 
emanley@manleylabs.com. 
Assembled: $2250. Dimensions:
6.5″ H × 19″ W × 15″ D; net
weight: 30 lbs. Limited five-year
warranty (tubes six months).

T he Manley Laboratories
Stingray is a push-pull stereo
integrated amplifier rated

for 50W per channel. The heavy-
gauge, high-polish stainless steel
amplifier chassis (designed and
signed by EveAnna Manley) is a
square whose corners have been
truncated front and rear—more so
in the front. Pointed solid alu-

minum footers are located on each
side of the chassis, and two more
elastomer footers are mounted un-
derneath, for a four-point stance.
Photo 1 shows the gold-plated
front panel, which has the balance
and volume controls, and a power-
on indicator lamp behind the logo.

CONSTRUCTION
The right rear view (Photo 2) shows
the four-position input selector
switch and four high-quality gold-
plated Teflon-insulated RCA input
jacks, and high-quality gold-plated
³�₈″ hex-nut speaker binding posts.
(RCA jacks and binding post are
Manley’s own design and manufac-
ture.) The amplifier design is opti-
mized for 5Ω speakers. To the right
is a short rear panel with the IEC
power receptacle and power switch. 

On the top/front surfaces, eight
test-point jacks allow you to moni-

tor the bias for the eight EL84 out-
put tubes. A common bias-ground
jack is located front/center at the
tail of the silkscreened Stingray.
The bias for any of the EL84 out-
put tubes (250mV DC optimum)
can be individually adjusted using
trimpots recessed near the front of
the power transformer. 

The unit is furnished with a
heavy power cord. The line fuse is
located in a drawer in the IEC
power receptacle. Two B+ fuses are
located under the bottom cover.
The front-panel indicator lamp
also resembles a 3AG fuse. The
third pin of the AC receptacle is
connected to the chassis. There is
adequate finger space under the
unit to easily lift it. 

Photo 3 shows the amplifier with
the perforated bottom cover re-
moved. The majority of the circuit-
ry is contained on one large PC
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noise and distortion, as well as restoring audio test equipment.

PHOTO 1: Amplifier
front view.

PHOTO 2: Amplifier right/rear view.

PHOTO 3: Amplifier interior view.



board, signed by the constructor.
Three small PC boards above each of
the transformers provide a means of
connection and, in the case of the
Manley-designed power trans-
former, are fitted with four solid-
state 1000V 2A rectifier bridges and
additional passive filter compo-
nents. The 12AT7 and 6414 heaters
receive rectified 12V DC. 

Three additional PC boards carry
the front volume/balance pots and,
at the rear/sides, the input jacks
and selector switches. The few
areas of interconnect wiring are
beautifully dressed, with twisted
pairs and coax used where needed.

The components are all of high
quality, with Cornell-Dubilier, NIC,
and Shoei electrolytics; custom
polypropylene rolled film and foil
caps; and military-style 1% metal
film and 1% to 5% wire-wound 
resistors.  

The illustrated owner’s manual
is complete and entertaining, with
an excellent troubleshooting sec-
tion. There are additional sections
devoted to Optimizing Your Sound
System, Replacing the Tubes, and
Setting the Bias.

The Stingray is shipped with all
tubes installed, held securely by a
form-fitted foam rubber block with
a hole for each tube. Very practical!

TUBE-POLOGY
A schematic was not supplied with
the Stingray, but is available to
registered owners upon request.
The input selectors and the Noble
conductive plastic balance and
volume controls form a passive
stereo line stage. Inputs are la-
beled CD, Video, Tuner, and Aux. 

The input stage for each channel
is a 12AT7 dual-triode, followed by

a 6414 dual-triode phase splitter.
The plates of the 6414 each drive a
pair of parallel-connected EL84s in
ultralinear push-pull. The output
tubes receive grid bias from a nega-
tive bias supply. The output trans-
former secondaries (optimized for
5Ω) can be connected to speakers
with impedances of 3Ω to 10Ω. A
very low level of global feedback is
used in the Stingray amplifier. The
manual cautions against operating
the amplifier without a speaker
load (open circuit).

There are ten Cornell-Dubilier
type 380LX high-voltage elec-
trolytic filter caps protruding
through holes in the top of the
chassis. Four series-parallel con-
nected 330µF 350V DC caps in
each channel provide the main B+
filtering, with a 220µF 450V DC
cap next in the pi filtering string.

Manley supplied the following
tube complement with the Stingray:

2—“Manley” 12AT7WAs from EI
2—GE NOS 6414s
8—Russian “Manley” EL84Ms
(6π14 Military EL84/6BQ5 tube)

The two Manley-designed out-
put transformers do not appear as
large as those of some other power
amplifiers of this rating, but this is
deceiving since the core stack is
fairly high with one end-plate
under the chassis.

PRELIMINARY CHECKOUT
There was no noise during power-
up, and only a slight noise during
shutdown. There was no hiss and a
very low-level hum from both
channels with my ear against the
speaker. This was independent of
the volume-control setting.
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TABLE 1
MEASURED PERFORMANCE

PARAMETER MANUFACTURER’S RATING MEASURED RESULTS
Gain 37dB, maximum volume 38.6dB, 8Ω load
Sensitivity load 185mV for 50W into 5Ω 233mV, 50W 8Ω
Signal to noise 87dB A-WGT
Frequency response 15Hz–40kHz, −1dB 15Hz–42kHz, −1dB
Total harmonic distortion 0.25% 5W, 1kHz (−55dB) 0.26% 5W, 1kHz 8Ω
Volume control tracking 0.25dB L/R 0.2dB max at 11 o’clock
Input impedance 50k nominal 33k8 to 44k8
Power output (RMS) 50Wpc 1.5% THD, 1kHz, 5Ω 50Wpc 3% THD 1kHz

8Ω (45Wpc 1.5% THD)
IMD—CCIF (19 + 20kHz) N/S 0.051% at 12V p-p  out
MIM (9 + 10.05 + 20kHz) 0.043% at 12V p-p  out
Output impedance Load Z 3.46Ω 1kHz
Power consumption 200W min, 370W max
Damping factor 10

FIGURE 3: Spectrum of 50Hz sine wave.

FIGURE 4: Spectrum of 19kHz + 20kHz intermodulation signal.

FIGURE 5: 10kHz square-wave response.

FIGURE 1: THD+N versus output power.

FIGURE 2: Residual distortion.
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MEASUREMENTS
I operated the Stingray at 10W
into 8Ω for one hour. The bias cur-

rent after this run-in was 240mV
in each of the eight output tubes,
which is certainly close enough to

the specified 250mV. I made all
measurements with the level con-
trol at 12 o’clock and an 8Ω load,

unless otherwise noted. The over-
all gain at this setting was 24dB.
The distortion was essentially the
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�� Reviewed by Nancy and Duncan MacArthur

The Manley Stingray arrived in a single, light (30 lbs—
no single-ended output transformers here) box. The
amplifier and tubes, which were already mounted, were
well-protected by custom-made foam inserts inside the
box. The shipping materials were in much better shape
than those of heavier amplifiers we have reviewed.

AESTHETICS
The Stingray immediately caused dissension in our
household. Duncan and I were entranced by its looks.
“Retro,” I breathed. “Beautiful,” said Duncan. Colin,
our ten-year-old, raised his eyebrows. “Ugliest thing
I’ve ever seen,” he said.

Regardless of your opinion of its looks, you probably
won’t find a CD player that “matches” it. On a more
practical note, Manley suggests (and we agree com-
pletely) that the Stingray may not fit in a standard en-
closed equipment rack.

We think the Stingray looks good enough that you
won’t wish to hide it anyway. But this is a tube amplifi-
er that generates a normal amount of heat. As all the
tubes are completely exposed, the usual cautions about
children and pets apply. The Stingray is supported by
two sharp and two rubber pointed feet. We placed pen-
nies under these points, but the machined “footer-
holders” that are widely available (for somewhat more
than a penny) would work as well or better.

Given the price, the “fit and finish” of the entire am-
plifier is excellent. The small front panel holds volume
and balance controls that operate smoothly and flawless-
ly in our sample. The placement of input selector switch-
es on the rear panels would be inconvenient if frequent
source changes were likely. As we only use one source (CD
player), this characteristic didn’t bother us. Similarly, the
Stingray’s power switch is located on the rear panel. 

The location of these switches may be more than an
inconvenience, as the speaker terminals are located on
top of the chassis near the selector switches. Like most
tube amplifiers, the Stingray should not be operated
without a speaker load. Frequent reaching behind the
amplifier to operate the input selectors could cause the
speaker connections to loosen accidentally with poten-
tially disastrous results.

LISTENING EXPERIENCE
All our auditioning was done using Genesis 400
speakers. These three-way floor-standing systems
(not bi-amplified) are rated at 89dB/W efficiency but
are 4Ω designs with a fairly difficult impedance
curve. We directly compared the Stingray with a pair
of VTL “Tiny Triode” amplifiers. The VTL amplifiers
use the same output tube complement (four EL-84s
per channel) but strap these tubes for triode opera-
tion; as a result the output power of the VTLs is only
25W per channel. For reference purposes, the VTL

amplifiers would receive sixes in all four categories
in the ratings box. 

The Stingray changed in small but important ways
during the break-in period. Right out of the box, the bass
and dynamics were impressive; however, the treble was
a bit bright and the Stingray sounded more like a very
good “hi-fi” amplifier and less like real music. About 50
hours of break-in was required before serious listening.

Following break-in we listened to the Hi-Fi News and
Record Review disk III (track 2: Parry’s “Jerusalem,”
track 4: Vivaldi’s trumpet concerto, tracks 5 and 6: ex-
cerpts from Prokofiev’s “Peter and the Wolf,” track 7:
Purcell’s “Welcome, Welcome Glorious Morn,” track 10:
a Corkhill percussion piece, and track 14: Rio Napo RSS
demo). We also played favorite tracks from a wide vari-
ety of musical genres ranging from classical to rock ‘n’
roll. In all cases the Stingray was turned on at least 30
minutes before serious listening. 

This amplifier’s ambiance recovery is impressive.
The Stingray clearly defined the open-air space around
the choir in “Jerusalem” and the acoustic space around
the trumpets in the Vivaldi. In “Misguided Angel” on
the Cowboy Junkies’ The Trinity Session (BMG Music
Canada Inc. compact disk, 8568-2-R), the acoustic
volume of the church in which the song was recorded
stood out clearly.

The Stingray’s lateral imaging is quite good. Its
placement of trumpets in the Vivaldi concerto was pre-
cise and stable, as was its placement of the choir and
trumpets in “Jerusalem.” It gave an astonishing width
of sound, extending well beyond the speakers, to the
Rio Napo demonstration. 

For an unusual imaging experience, try playing The
Charlie Daniels Band’s “The Devil Went Down to Georgia”
(Fiddle Fire, Blue Hat Records compact disk, BLH-9703-
2) on this amplifier and listening for the screech shooting
from left to right across the soundstage partway through
the song. The image depth extended back only a short
distance behind the speakers on most tracks and was, in
our opinion, the Stingray’s weakest characteristic.

This amplifier produces a strong, natural bass. The
bassoon on tracks 5 and 6, “Peter and the Wolf,”
sounded like a real bassoon playing in the listening
room. The sound of the timpani was deep, well-defined,
and almost scary. 

Since our Genesis speakers are “only” flat to 40Hz,
we were unable to check out the Stingray’s capacity to
reproduce extremely deep bass. We tried playing
Tchaikovsky’s “1812” Overture (Cincinnati Symphony
Orchestra, Erich Kunzel, Telarc com-
pact disk, CD-80041). The cannon
shots sounded surprisingly realistic,
although, of course, they lacked the
last octave or more of bass. 

The Stingray’s midrange is excel-
lent. One of this amplifier’s greatest
strengths is its superb reproduction
of the human voice. Whether we
were listening to opera or Bob Dylan,
every note, rasp, and tremor stood
out clearly. Solo piano pieces also
sounded completely realistic.        

As illustrated in the Rio Napo

demo, the Stingray’s highs are very clean and clear. In
“Peter and the Wolf,” the flute sounded like a real flute.
One caution: if your speakers tend towards brightness, a
home audition is definitely in order before you purchase
the Stingray. The Stingray was quite merciless in repro-
ducing poor recordings.

The Stingray provides exceptionally fast transient re-
sponse. The attack on the drum sounds in the Corkhill
piece was fast and dynamic. This amplifier also handles
extreme differences in loudness gracefully. On “Peter
and the Wolf,” the dynamic difference between single
groups of instruments and the entire orchestra was
staggering, as was the dynamic contrast between the
soft and loud drums on the Corkhill piece. The Stingray
never sounded compressed, even at earsplitting levels.

This amplifier consistently delivers a realistic, nat-
ural sound. In “Peter and the Wolf,” Purcell’s “Welcome,
Welcome, Glorious Morn,” and the Rio Napo demonstra-
tion, the individual instruments were easily distin-
guishable and well-defined. The massed strings and
trumpets in track 4, the Vivaldi trumpet concerto,
sounded realistic and never got “steely.” As we men-
tioned earlier, voices and piano were amazingly de-
tailed and realistic. 

A final note: we seldom listen to “sound effects”
recordings, but track 18 of the test disk included a
recording of a dentist’s drill that the Stingray repro-
duced so faithfully at realistic volumes that it always
cleared the room.

FINAL THOUGHT
NM: The nines in the ratings box do not convey the
sheer pleasure of listening to this amplifier. Very highly
recommended, unless depth is your main purchasing
criterion or you own bright speakers.  
DM: Is the Stingray the best integrated amplifier avail-
able? I don’t know—I haven’t heard all of the con-
tenders.
Is the Stingray perfect? No. The imaging, especially the
reproduction of depth, was very good but not “jaw
dropping.” The highs were crystal clear and could be-
come excessive if the Stingray were coupled to bright
speakers.

Is the Stingray the best amplifier I’ve ever had in my
listening room? Yes.

Would I consider buying the Stingray? Yes; and so
should you if your budget allows.

�� CRITIQUE
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same for each channel. The right-
channel test data is presented
here, and summarized in Table 1. 

The Stingray does not invert po-
larity. Input impedance for both
channels measured 44k8 at mini-
mum volume, and 33k8 at the
maximum volume setting. The
full-volume gain at 2.83V RMS
output into the 8Ω load was
38.6dB. The output impedance was
3.5Ω at 1kHz, and 3.7Ω at 20kHz.
The amplifier frequency response
will be affected by any speaker im-
pedance variations.

The frequency response for the
Stingray was within ±3dB from
9Hz to 55kHz, with 0dBr defined
as 2.83V RMS at 1kHz into 8Ω. It
was −0.7dB at 20Hz and −0.3dB at
20kHz. The HF gain rolled off
smoothly to −8.3dB at 80kHz,
then there was a gain “peak” to 
−5dB at 97kHz. When I connected
a load of 8Ω paralleled with a 2µF
cap, the HF peaking shifted down
to 50kHz.

Channel separation measured 
−70dB at 1kHz, −60dB at 10kHz,
and −53dB at 20kHz L-R. Figure 1
shows THD+N versus output power
into 8Ω at 20Hz, 8Ω at 20kHz, 4Ω
at 1kHz, and 8Ω at 1kHz (top to
bottom at 10W). There was ab-
solutely no strain right up to the
point of maximum power. 

The clipping level is normally
defined as that power where
THD+N reaches 1%. However, the
baseline distortion in tube ampli-
fiers is fairly high at low power
levels, so the generally accepted
practice is to use 3% THD+N as the
clipping point. 

Using a 1kHz signal driving
both channels, clipping occurred
at exactly 50W into both 4Ω and
8Ω. The power available at 20Hz
and 3% THD+N was only 5.5W. At
20kHz I measured 15W into 8Ω at
3% THD+N. The maximum power
available at 1kHz was 86W into 4Ω
and 78W into 8Ω, at a high 15%
THD. The clipping was symmetrical
and quite flat-topped for a tube
amplifier (56V p-p). 

Perhaps the designers caused
clipping to occur in the input
stage rather than the output
tubes. Maximum power at 20Hz
was just 21W at 10% THD+N, but
at 20kHz I measured 55W at 10%
THD+N. My test bench 60Hz mains
voltage was 119V AC. After these

tests, the power transformer and
output transformers were fairly
hot.

The distortion waveform for
10W into 8Ω at 1kHz is shown in
Fig. 2. The upper waveform is the
amplifier output signal, and the
lower waveform is the monitor
output (after the THD test-set
notch filter), not to scale. This dis-
tortion residual signal shows only
low-order harmonics, with no evi-
dence of any noise or fuzz.

The spectrum of a 50Hz sine
wave at 10W into 8Ω is shown in
Fig. 3, from zero to 1.3kHz. The
THD+N measured 1.84%, with the
second, third, fourth, and fifth
measuring −36dB, −42dB, −49dB,
and −66dB, respectively. There are
several artifacts of power supply
rectification at 60Hz (−60dB),
120Hz (−84dB), and 180Hz and
240Hz below the −60dB line. 

Figure 4 shows the Stingray’s
output spectrum reproducing a
12V p-p combined 19kHz + 20kHz
intermodulation distortion (IMD)
signal into 8Ω. The 1kHz IMD
product is 0.051%. Repeating the
test with a multi-tone IMD signal
(9kHz + 10.05kHz + 20kHz, not
shown) resulted in a 1kHz product
of 0.043%.

The 2.5V p-p square wave into
8Ω at 40Hz showed a tilt of 45°.
The 10kHz square wave (Fig. 5)
contained ringing at the 97kHz
peaking measured in the frequen-
cy-response test. This ringing was
also noticeable at the leading edge
of the 1kHz square wave. When I
connected 2µF in parallel with the
8Ω load, the leading edge became
more rounded, and the ringing fre-
quency dropped to about 50kHz.❖

Manufacturer’s response:

Thank you all so very much for the hard work
and effort in reviewing our Stingray. We are
very pleased it did so well in your stringent
battery of tests even at less-than-its-optimized
8 and 4Ω. We’ve always been a 5Ω com-
pany for some reason.

EveAnna Manley 
President
Manley Laboratories, Inc.

72 audioXpress  1/01

The First 

Real  

Breakthrough  

in  

Speaker Design 

Since the  

Electrostatic… 

 

MANGER 

Zerobox 103/3 
 

Featuring the Patented, 
World-Renowned 

MANGER Sound Transducer 

75Hz – 35kHz !! 
Ultra-Wide Range 

Flat Response 
Time-Coherent Dynamic Driver 

Impulse Response: 13µµµµs  

Efficiency: 91 dB 
 

Manger-USA 
(949) 770-4457 

www.MangerUSA.com 

MangerUSA@MangerUSA.com 

Buy Right •••• Buy Direct 
 

MANGER …breaking the reality barrier. 

 



audioXpress, PO Box 876 Dept. X1, Peterborough, NH 03458-0876 USA 888-924-9465 or 603-924-9464 
Fax: 603-924-9467  E-mail: custserv@audioXpress.com  Web: www.audioXpress.com

When You Want 
The Best Sound Reproduction 
From Your Audio System.

We’ve gathered the best technologies, tips 

and projects together into oonnee  mmoonntthhllyy  ssoouurrccee.

Whether you’re craving the highest-quality 

amplification possible from the best designs, 

searching for the ultimate solution to your 

unique listening room challenges, or need 

the most comprehensive detail about audio 

components you’re ready to buy . . . 

audioXpress has been designed for You.

•  More Projects
•  More Reviews
•  More Technology Updates
•  More Tips & Techniques
•  More Audio Classroom

GET READY FOR audioXpress—
YOUR NEW MAGAZINE!

Only $29.95 for 
12 monthly issues!
Call 1-888-924-9465 or e-mail custserv@audioXpress.com!
CANADA ADD $12 PER YEAR, OVERSEAS RATE $59.95 PER YEAR.

ORDER ON-LINE AT www.audioXpress.com

Call or E-Mail
Today to Request

Your FREE 
Trial Issue!!



I
n a letter published in the 6/99 issue
of Glass Audio1, Aaron Freed ex-
pressed interest in a vacuum tube
version of Reg Williamson’s tilt con-

trol. I recently built a prototype of such a
circuit, and I thought it might be of gener-
al interest to Glass Audio readers, includ-
ing Mr. Freed.

FILTER CIRCUIT 
Figure 1 shows the IC op-amp version of
Mr. Williamson’s circuit, which is taken
from Fig. 7 of Williamson and Watling’s
article on their “Back to the Future” pre-
amp.2 This circuit allows you to tilt the
audio frequency spectrum up or down
with variable slope around a fixed central
frequency, which is about 950Hz in this
case. With the potentiometer in its center
position, the frequency response is flat.

Rotated in one direction, low frequen-
cies are boosted, and high frequencies are
attenuated by the same amount. Rotated
in the opposite direction, high fre-
quencies are boosted and low fre-
quencies are attenuated. The max-
imum action of the control is lim-
ited to 6dB of boost or attenua-
tion. The control can be taken out
of the signal path by placing SW1
in the flat position, in which case
the circuit has unity gain for all
audio frequencies.

This circuit is a member of a general
class of filters known as infinite-gain sin-
gle-amplifier filters.3 It is also rather inge-

nious because it combines the functions
of conventional shelving bass and treble
controls in a single control with a mini-
mum number of components. Don’t be
fooled by the simplicity of Fig. 1; this is
quite a sophisticated tone control. If the
tilt potentiometer has a calibrated scale, it
is possible to control the amount of tilt
down to a few tenths of a dB.

Tilting With Tubes

In response to a reader request, this author adapted a previously pub-

lished tilt control design for tubes.  By Scott K. Reynolds

FIGURE 1: IC op-amp 
version of the Williamson
tilt control, taken from
Fig. 7 of the Williamson/
Watling article.1 The 
circuit is assumed to be
driven from a low imped-
ance source.

G-1688-1

FIGURE 2: Vacuum tube
version of the Williamson
tilt control, incorporating
an input buffer to provide
low source impedance.

G-1688-2

74 audioXpress 1/01 www.audioXpress.com

ABOUT THE AUTHOR
Scott K. Reynolds has a PhD in electrical
engineering and is presently employed as
an analog and mixed-signal circuit designer
at a large computer-systems manufacturer.
He became fascinated with electricity in
early childhood and learned about vacuum
tube electronics from his father’s WWII-era
textbooks. By the time he was in high
school, he was experimenting with his own
amplifier circuits. Although his work now in-
volves bipolar and especially CMOS transis-
tors, he’ll always like vacuum tubes better.
Reynolds lives in the New York City suburbs
with his wife and seven-month old son.



Infinite-gain single-amplifier filters get
their name from the infinite (that is, very
high) open-loop gain of the op-amp, and
their design equations are based on the
assumption of infinite gain. However, I’ve
found that I obtain results very close to
the calculated responses if the open-loop
gain is 50 or higher. The tilt circuit will
continue to work with still lower open-
loop gains, but the response becomes
asymmetric about the center frequency,
and I observe different amounts of boost
and cut. 

Since the positive input of the op-amp
is grounded, it isn’t necessary to have a
true op-amp; any high-gain inverting am-
plifier with high input impedance and
low output impedance will work as the ac-
tive circuit element. Thus, it is easy to im-
plement the circuit with tubes. As Mr.
Williamson indicates, you must drive the
circuit from a low-impedance source in
order for the response to be symmetric.

TUBE VERSION
Figure 2 illustrates a vacuum tube ver-
sion of the tilt circuit. Table 1 lists the
parts and values. The circuit impedances
have been scaled up from those in Fig. 1
to better match vacuum tube characteris-
tics. A 12AX7 cathode follower (V1) pro-
vides a low impedance source to drive the
filter circuit. A 5879 pentode (V2) provides
the relatively high gain, and a second
12AX7 cathode follower (V3) obtains low
output impedance. 

The 5879 is a low-noise, medium-gain
pentode originally used for microphone
preamps. With the circuit values shown,
it provides an open-loop gain of about 95
with low distortion. With the feedback cir-
cuit in Fig. 2 disconnected, I applied a
21mV RMS, 1kHz test signal to the 5879
grid and measured second-harmonic dis-
tortion of 0.19% at 2V RMS output. No
higher-order harmonics were visible
above the 0.08% noise floor on my spec-
trum analyzer. 

The circuit in Fig. 2 will also work with-
out the cathode bypass capacitor C18, in
which case the open-loop gain of the 5879
drops to 45 and the distortion (still sec-
ond harmonic) rises slightly to 0.22% at
the same 2V RMS output. High-quality
NOS (new, old-stock) 5879s are readily
available4, but other tubes (either medi-
um-gain pentodes or high-gain triodes)
could also be used for V2 (with different
circuit values).

The circuit in Fig. 2 forms a complete
tilt control, but, as a line amplifier, it has
two disadvantages: it inverts the signal,
and it provides no closed-loop gain. Both
of these shortcomings are remedied by

the circuit in Fig. 3, which provides a non-
inverting gain of 3.2 (10dB). Table 2 shows
the parts. It also adds another useful func-
tion, a second-order hiss filter with three
selectable cutoff frequencies of 5kHz,
7kHz, and 10kHz.

MEASUREMENTS AND VALUES
In Fig. 4, I’ve plotted the measured fre-
quency response of my prototype of Fig. 3
for four different settings of the tilt poten-
tiometer (R5), as well as with SW1 in the
flat position. All curves in Fig. 4 were
taken with SW2 in the flat position. 

The seesaw action of the control is
readily apparent. Because of the limited

gain of my vacuum tube “op-amp,” the
curves of Fig. 4 are not quite as symmetri-
cal as they would be if the circuit were im-
plemented with an IC op-amp, but the de-
gree of symmetry I obtained is more than
adequate. Figure 5 shows the measured
frequency response of the hiss filter for
each of its cutoff frequencies.

The circuits in Figs. 2 and 3 are both
suitable for driving loads down to about
10kΩ, but the output coupling capacitor
C6 should be adjusted for best low-fre-
quency performance. The 1µF value
shown is suitable for loads down to about
50kΩ. For 22kΩ loads I recommend 2.2µF,
and for 10kΩ loads I recommend 5.1µF. 
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Solen makes low-cost poly-
propylene capacitors which are ideal for
all coupling capacitors in these circuits.
The frequency-determining capacitors in

Figs. 2 and 3 (C3–4 and C8–13) can be
dipped mica or polystyrene capacitors
with a 50V or higher rating. C7 and C19
can also be dipped mica, with a 500V rat-

ing. All resistors can be ½W unless other-
wise noted.

Closed-loop distortion in the circuits of
Figs. 2 and 3 is very low. At 2V RMS into
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TABLE 1
PARTS LIST FOR FIG. 2 (EACH CHANNEL)

R1 1MΩ, ½W, 5%
R2 680Ω, ½W, 5%
R3 27kΩ, ½W, 5%
R4, R6, R14–15 100kΩ, ½W, 5%
R5 100kΩ linear taper potentiometer, ½W or more, ganged with the corresponding 

potentiometer in the opposite channel. (Two single potentiometers are shown in 
Photo 1, which is less convenient.)

R7, R8 33kΩ, ½W, 5%
R9, R10 150kΩ, ½W, 5%
R11 120kΩ, ½W, 5%
R12 470kΩ, ½W, 5%
R13 1kΩ, ½W, 5%
R16 470Ω, ½W, 5%
R17 10kΩ, ½W, 5%
C1 0.1µF, 100V, film
C2 2.2µF, 100V, film 
C3–4 2700pF, 50V, dipped mica or polystyrene
C5 0.22µF, 400V, film
C6 1.0µF or more, 400V, film (see text)
C7 5pF, 500V, dipped mica
C18 220µF, 16V, electrolytic
SW1 DPDT switch (To avoid an audible “pop” when  throwing this switch, use a shorting 

or make-before-break rotary switch. Otherwise, a toggle switch as shown in 
Photo 1 is adequate.)

V1, V3 ½ 12AX7A dual triode (use half for the right channel
and half for the left)

V2 5879 pentode

TABLE 2
ADDITIONAL PARTS FOR FIG. 3

(EACH CHANNEL)
R18–19, 25 100kΩ, ½W, 5%
R20 33kΩ, ½W, 5%
R21–22 330kΩ, ½W, 5%
R23 470kΩ, ½W, 5%
R24 1kΩ, ½W, 5%
R26 10kΩ, ½W, 5%
R27 4.7kΩ, ½W, 5%
R28 120kΩ, ½W, 5%
C8 1000pF, 50V, dipped mica or polystyrene
C9 680pF, 50V, dipped mica or polystyrene
C10 470pF, 50V, dipped mica or polystyrene
C11 100pF, 50V, dipped mica or polystyrene
C12 68pF, 50V, dipped mica or polystyrene
C13 47pF, 50V, dipped mica or polystyrene
C14 0.22µF, 400V, film
C15 1.0µF, 400V, film
C16 33µF, 350V, electrolytic
C17 220µF, 16V, electrolytic
C19 5pF, 500V, dipped mica
SW2 DPDT switch. (To avoid an audible “pop” when 

throwing this switch, use a shorting or make-before-
break rotary switch.)

SW3 4-pole, 3-position shorting (make-before-break)
rotary switch, 2 poles used for each channel

V4 5879 pentode
V5 ½ 12AX7A dual triode (use half for the right channel

and half for the left)
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10kΩ, total harmonic distortion is below
the 0.08% noise floor of my spectrum ana-
lyzer, and intermodulation distortion is
below the 0.06% noise floor of my IM ana-
lyzer. If you wish to drive resistive loads
below 10kΩ or capacitive loads above
1800pF (i.e., more than 60′ of cable at
30pF/foot), or if you need output swings
more than a few volts RMS into low im-
pedances like 10kΩ, you may prefer to try
higher bias current in the output stage. 

Output stage bias current in Figs. 2
and 3 is about 1.2mA. If you substitute a
12AU7 for V3 and a 22kΩ 3W resistor for
R14, output stage bias current will be
about 6mA, providing five times the drive
current. But there’s no need to do this un-
less you really require high drive current.
In fact, I’ve found that the 12AX7 is a
more linear cathode follower, as long as
the current drive it provides is sufficient.

Before you commit to the complete
line amplifier in Fig. 3, I recommend
building a prototype of the circuit in Fig.
2 to see whether you like the action and
sound of the tilt control. As Mr.
Williamson says, the tilt control is very
convenient for adding a bit of warmth to a
recording that a recording engineer has
made overly bright. You might call it a
“warmth control.”

CONSTRUCTION
I built my prototypes on perfboard, using
PC mount sockets for the tubes (Photos
1–3). I inserted the components and tube
sockets from one side of the perfboard,
just as in printed circuit board construc-
tion, and wired the circuit on the back
side of the board, using the component
leads and short pieces of insulated wire. I
often prototype simple circuits this way
because it is more compact and less ex-
pensive than doing point-to-point wiring
in a conventional chassis. I show a com-
ponent placement diagram in Fig. 6, for
those readers who wish to make a near-
identical copy of my prototype of Fig. 2.

For bench testing and listening evalu-
ations, I mounted the perfboard (along
with the controls and RCA jacks) on a
grounded metal panel salvaged from an-
other project. Either this sort of metal
ground plane or a fully enclosed ground-
ed metal box is highly recommended to
prevent noise pickup. For safety reasons,
some type of enclosure is required to pre-
vent accidental contact with the high volt-
age nodes in the circuit!

When you build your prototype, don’t
forget the frequency compensation com-
ponents R16, C7, and C19, since they are
necessary to prevent high-frequency in-
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FIGURE 3: Complete line amplifier, incorporating a tilt control and a hiss and scratch filter with selectable cutoff frequencies. 
This circuit provides a non-inverting gain of 10dB. G-1688-3
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stability under some conditions. The pur-
pose of grid stoppers R17 and R26 is to re-
duce the chance of radio frequency inter-
ference; these should be mounted imme-
diately adjacent to the socket. Finally, if
the wires leading to and from the controls
SW1–3 and R5 are more than a couple of
inches long, you may wish to use shielded
cable with the shields connected to
ground at one end only (Photos 1–3). 

If you do use shielded cable, the cables
should be no more than 8–10″ long. To

keep the wires short, mount all the con-
trols (SW1–3 and R5) directly on the perf-
board, with shaft extensions (if necessary)
to reach the front panel. (I didn’t do this
because I didn’t think of it until after-
ward.)

Proper wiring of the ground connec-
tions is important in any audio circuit. I
made all the circuit grounds to a piece of
14-gauge copper bus wire on the perf-
board (Photo 3 and Fig. 6). The input and
output jacks should be isolated from the

chassis with a nylon washer, and both the
ground and signal connections for each
jack should be run by way of a shielded
cable (or twisted pair, if you prefer) to the
perfboard. The metal chassis or panel
should be connected at one point to the
bus wire on the perfboard. It is easiest to
obtain low noise and hum if your power
supply is in a separate box.

POWER SUPPLY
A suitable power supply for either circuit
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FIGURE 4: Measured frequency response of the tilt control in
Fig. 3 for various settings of the potentiometer R5.

G-1688-4

FIGURE 5: Measured frequency response of the hiss filter in Fig. 3
for each of its three cutoff frequencies (5kHz, 7kHz, and 10kHz).

G-1688-5
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PHOTO 1: Prototype of the circuit
in Fig. 2.

PHOTO 2: Top view without tubes show-
ing component placement. Note that C7
and R16 have changed position slightly
since this photograph was taken, so the
component placement diagram (Fig. 6)
should be followed for those parts.

PHOTO 3: Bottom view
showing how the circuit is
wired using component
leads and short pieces of in-
sulated wire.

FIGURE 6: Parts placement diagram for the author’s prototype of the circuit in Fig. 2. 
This is a top (component side) view corresponding to Photo 2. The double lines around
three sides of the board show the location of the copper ground wire underneath the
board (see Photo 3). G-1688-6
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is shown in Fig. 7. Table 3 is the parts
list. It uses a 250-0-250V at 40mA, 6.3V CT
at 2A power transformer, which I pur-
chased as surplus from Antique Elec-
tronic Supply. I’ve occasionally seen
such small transformers available as sur-
plus from various dealers, so call around
before you buy a new one. The filter
choke L101 can be anything that will
handle the 30mA load current in the
range of 5–20H. 

The capacitor across the voltage regu-
lator tubes (C104) must be limited to
0.1µF to prevent possible oscillation.5 If
your power supply is far from your audio
circuitry, you can place C104 on the
same board as the audio circuits instead

of in the supply. This more effectively by-
passes the power supply at the audio cir-
cuitry, where it is important. I recom-
mend a DC heater supply for lowest hum,
but this is not absolutely necessary if you
just choose to build a quick prototype
and “have a listen,” as I did. For the more
ambitious, a suitable 6.3V DC heater sup-
ply was described in one of my earlier 
articles.6

I hope that some audioXpress read-
ers will build this tilt control. If you do,
let me know how your project turns 
out and what you think of its sound. 
I can be reached by e-mail at skreyn1@
attglobal.net. ❖
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TABLE 3
POWER SUPPLY PARTS LIST 

(FOR TWO CHANNELS)
R101 3kΩ, 10W, 5%, wirewound
R102 270kΩ, 2W, 5%
R103 39kΩ, ½W, 5%
C101 47µF, 450V, electrolytic
C102 100µF, 450V, electrolytic
C103 50µF, 50V, electrolytic
C104 0.1µF, 400V, film
D101–2 1N4007, 1000V, 1A rectifier diode
V101 0B2, 105V gas-filled regulator
V102 0A2, 150V gas-filled regulator
L101 15H at 75mA filter choke, 411Ω DC 

resistance, Antique Electronic Supply 
P-T158L (see text)

T101 250-0-250V at 40mA, 6.3VCT at 2A, 
Antique Electronic Supply P-T995 (see
text)



I
had just purchased (for about $60
from an MCM sale catalog) a 70W
subwoofer amplifier with which to
experiment. I had planned to use it

with a dual-voice-coil (DVC) 8″ unit, but
after reading the fine print that came in
the box—“4Ω minimum load; no warranty
if you blow it up,” or words to that effect—I
knew it wasn’t going to work.

The 8″ DVC woofer was 4Ω on each coil,
and the two in parallel meant 2Ω. I tried
the coils in series, but the amp did
not seem to drive the speaker to realistic
levels. It just didn’t have the needed power.
Then, as I was about to send the amp back,
I remembered the two $10 6″ Martin W-678
woofers I had on hand. They had been in
another pair of cabinets, a two-way design,
and I had replaced them with upgrades to
newer polyfiber units. So now the orphans
were just collecting dust, and they were 8Ω
each! I decided to give them another life.

A SECOND LIFE
Most 6″ drivers work well in a 0.5ft3 box. I
intended to put both speakers and the
amp in the same box, which meant 2 ×
0.5ft3, for a total box size of 1ft3. I didn’t
worry about the volume lost to the amp or
the speakers, and since the box was
small, it would need no braces.

Speaker designers like to use terms
like “golden mean,” “golden section” and
other esoteric names, but they’re just box-
dimension ratios, such as 0.6:1:1.6, or
0.79:1:1.26. The objective of using such ra-
tios is to build an enclosure with dimen-
sions that do not match up with each
other in any way that would cause a rein-
forcement, which simply means an
adding of the sounds inside the box.
Achieving nonresonance is the aim.

For example, a box 12″ × 24″ × 48″
would not be good, since the dimensions,
being exact multiples of one another,

would produce that re-
inforcement of particu-
lar frequencies just
mentioned as being un-
desirable. Following is
a series of rules of
thumb for determining
desirable dimensions.

First, 1ft3 = 12″ × 12″ ×
12″ = 1,728in3. You can
use this for a box of any
volume—2ft3, 3.5ft3, or
whatever. In your calcu-
lator, enter the volume
in cubic feet, multiply
by 1728, and you get the
volume in cubic inches. 

If, for example, you
have a 3.5ft3 box, multi-
ply 3.5 by 1,728, obtain-
ing 6,048in3. Now find
the cube root of 6,048,
which is a bit larger
than 18″. That’s the
middle inner dimen-

sion of the box. Then, using the ratios
0.6:1:1.6, 18″ × 1.6 = 30″ (the long dimen-
sion), and 18″ × 0.6 = 11″ (the short dimen-
sion). So your 3.5ft3 box would have inner
dimensions of 11″ × 18″ × 30″.

Now, using the alternative second
ratio, 0.79:1:1.26, the inside dimensions of
a 1ft3 box are approximately 9.5″ × 12″ ×
15″. To get the outside dimensions, add
the thickness of the material you intend
to use, which results in 11″ × 13.5″ × 16.5″
with ¾″ material. [For another discussion
on this subject, see Louis McClure’s arti-
cle, “Determining Optimum Box Dimen-
sions,” SB 2/00, p. 42. —Ed.]

BUILDING THE BOX
Looking around, I found some old ply-
wood, and quickly measured it. Not quite
enough, but with the amount on hand, the
boxes became 10″ × 12″ × 16″ on the out-
side. This is only about 0.75ft3 on the in-
side, but being a tad smaller may not be a
bad thing, since it might help with the
power handling. Commercial speakers
are often mounted in smaller than opti-
mum boxes. Besides the economics (less
wood, weight, and shipping costs), this
has the advantage of increased power
handling because of the compression of
the air.

I glued the box together using small
finishing nails to hold things in place and
then bar clamps to squeeze the glue out
of all the joints at once (Photo 1). I let it

Here’s the second in a series of quick-and-easy projects to hone your

speaker-building skills, which you can someday apply to your dream 

undertaking.   By Lester Mertz

A Simple Golden Powered Sub
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PHOTO 2: Twin subwoofer, with amplifier
module in foreground.

PHOTO 1: The box glued and thoroughly clamped.



set overnight. The next morning, upon re-
moving the clamps, I saw that two ends
were slightly oversized through my quick
cutting, so, using the router with a trim-
ming bit, I cut them smooth and clean in
about five minutes.

Now I had a completely sealed box, and
I took it to the bench where the speakers
were, and set them on top.  It didn’t look
quite right, so I turned the box around so
the long narrow side was on top, and
placed the speakers on it again. Yes, the
amplifier would look perfect in the center
of the largest panel (Photo 2).

Take your square, mark your center
lines, measure equal amounts, and pencil
in the cutouts. The amp needed an 8.75″
by 6.75″ opening in what would become
the back. The “remote control”—a volume
control on a wire—would be mounted on
the front in a 2.5″ × 3.5625″ opening. For
the speakers, you need to cut 5″ circles
into the top, offsetting them diagonally to
make a good fit.

APPLYING THE FINISH
First drill your start holes. I used a ³⁄₈″
brad-point bit, since it doesn’t wobble
around while you’re getting the bit to bite
into the wood. Then use the saber saw.
Go slowly here—no mistakes at this point!
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Once all the holes are cut, decide on a fin-
ish. Luckily, I had some big scraps of
black Formica, and, laying them on the
panels, I found there was enough. I cut
the pieces about ½″ oversized, so they
wouldn’t need super alignment over the
sides.

Working with Formica is very easy—
just be sure to allow the adhesive to dry.
Coat the back of the material first and
place it in front of a fan or in any drafty
spot. Then coat your clean plywood en-
closure, because the wood soaks up the
adhesive, and the laminate does not.
Once completely dry, looking milky and
with no wet spots, it’s ready to stick 
together.

First, place two dowels across the tacky
plywood panel and carefully position the
laminate on them. Then carefully remove
the dowels, one at a time, with one hand,
while pressing the laminate into position
with the other. Once it’s in place, use a 3″
rubber roller with body-weight pressure
to ensure complete contact. When this is
done, trim off the excess with the router.
Use a mill file, held at a 45° angle, to
break the edges all around. If you don’t do
this, you can get some nasty cuts as you
run your hand over the edges.

Find the depressions where you made
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PHOTO 4: Completed sub-
woofer with protective
screens over the drives. 

�

PHOTO 3: Front view of sub-
woofer, showing “remote vol-
ume control.”

�

Hear what Daniel Queen has to say about this exciting upgrade to the 
popular loudspeaker testing microphone, Mitey Mike, 

“One seldom finds a low-cost microphone that provides 
high quality performance and yet can be used with 
confidence in so many difficult circumstances.” 

—[Voice Coil, 8/99 ]

No longer simply a tool for loudspeaker testing, Mitey Mike II is also a compact 
low-distortion, self-powered microphone suitable for performance, recording and 
sound reinforcement applications. 

Purchase the Mitey Mike II preamp as a kit or assembled in one or two-channel 
versions. The microphone capsule and wand can be purchased calibrated for test-
ing or uncalibrated for performance and field recording applications.

MICROPHONE MICROPHONE
SINGLE-CHANNEL CAPSULE AND WAND
PREAMP Uncalibrated $139.00
Kit (unassembled) $119.00 Calibrated
Assembled $149.00 (disk supplied) $179.00

Call for other purchasing options

Old Colony Sound Laboratory, PO Box 876 Dept X1, Peterborough, NH 03458-0876 USA  Phone: 603-924-9464  Fax: 603-924-9467   
VISIT US ON-LINE AT www.audioXpress.com

To find out more, call customer service at 888-924-9465 
or e-mail to custserv@audioXpress.com



the cutouts, drill a big guide hole, and
rout out the shapes where you’ll mount
everything. If you don’t wish to laminate,
try sanding and spray paint. Use a
primer first (it saves a lot of paint), allow
it to dry, and then sand and add the fin-
ish coat. Sand again if you plan to add a
second coat.

MOUNTING THE SPEAKERS
I had originally planned to mount the
speakers in a push-pull arrangement,
where one faces up, and the other faces
down into the box. They are then connect-
ed so they both move in the same direc-
tion at once. Use a 1.5V battery across
each speaker in turn to test them if you
are not sure of the polarity. The rationale
for push-pull is that most speakers do not
move in and out on their suspension in a
linear way, but mounting them push-pull
tends to cancel this nonlinearity.

However, looking at the old driver’s
backside was not too appealing, so I
mounted them both face up after solder-
ing 10″ red and black leads to each. I used
foam weather stripping to make an air-
tight seal. Then I mounted the volume
control on the front (Photo 3)—it already
had foam seal in place. Plug the connec-
tors together at the amp. Use short, black
sheetrock screws, hand-seated, so you
don’t rip out the MDF. Mark out the am-
plifier holes and predrill, making sure
things are lined up in the center of the
cutout.

Then choose some sort of damping ma-
terial to go inside the box. I prefer using
dacron polyester on small sealed boxes,
but you can also use fiberglass insulation.
Put in enough so that all the interior is
filled, but do not pack it tightly. If you have
a small scale, you can weigh the damping,
using 0.5 lb per cubic foot as a rule of
thumb. For this ¾ft3 box, try ³⁄₈ lb or so.
Once you listen to the speakers, you can
add or subtract filling, note the differences
in the sound, and then make it the way
you prefer.

Fish around to find the speaker leads,
and match them to the red and black of
the amp’s output. Strip the wire and use
standard wire nuts to connect everything.
Then mount the amp and carefully screw
it down to ensure a good seal.

FINAL CONNECTIONS
Now you’re ready to connect to your sys-
tem. You can use either RCA intercon-
nects from your line amplifier, or parallel
leads from the speaker outputs of the
main stereo amp to the terminals on the
subamp. I tried both, but the second
method seemed to give more signal (vol-

ume) to the subwoofer’s amp, so that’s
what I used.

After turning it off, I simply placed the
new dual subwoofer on top of my approxi-
mately 4ft3 box (see “Bessel Box Sub-
woofer,” SB 2/99) and made a judgment
call on the level settings. I put on a CD
and sat back. After a few adjustments,
everything was blending right in. The
used speakers did not require any break-
in period, but sounded good right off the
bat (Photo 4).

The sound does not go as deep as the
bigger unit, but it does fill in smoothly
after a few adjustments of the volume con-
trol. There’s a good, solid response in the

60–160Hz range, and this is where most
smaller stand-mounted speakers begin to
roll off in the bass, because of their dis-
tance from the floor, and usually from the
side walls, too.

The little dual woofers worked their
magic. They are very easy to live with, and
they don’t set the house to vibrating like
the bigger subs. This dual-woofer/
amp setup might be worth considering if
you’re an apartment dweller with neigh-
bors who don’t appreciate your musical
taste. This is not an over-the-top, blow-you-
out-of-the-room “THX certified” sub-
woofer; it just plays music. ❖
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PRICE VALIDITY TO END DEC. 2000 – Ask About Any Type Not On This List

for High Quality Audio Tubes
Everybody in the tube business knows that the justly famous Brand names of yesteryear like BRIMAR.
GEC. MULLARD. RCA & TELEFUNFKEN Etc. Etc. are scarce and often very expensive.
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BURN - IN on all power tubes to improve STABILITY and select out tubes with weaknesses Etc.
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ECC88 5.00
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E81CC Gold Pin 6.80
E82CC Gold Pin 8.00
E83CC Gold Pin 7.50
E88CC Gold Pin 8.00
6EU7 6.00
6SL7GT 8.50
6SN7GT 4.60
6922 5.50
7025 6.50

EL34G 7.70
EL34 (TESLA) 8.20
EL34/6CA7 (Large Dia.) 10.70
EL84/6BQ5 4.80
EL509/519 13.00
E84L/7189A 6.50
KT66 9.50
KT66R 22.00
KT77 12.00
KT88 (Standard) 12.50
KT88 (Gold Special) 21.00
KT88 (GL Type) 30.00
PL509/519 9.00
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845 30.00

EZ80 4.20
EZ81 4.70
GZ32 12.00
GZ33 10.00
GZ34 6.70
GZ37 8.70
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Audio Classroom
Designing Your Own Amplifier: Part 6a: Special Output Circuits
By Norman H. Crowhurst

This article appeared originally in Au-
diocraft, February 1957. ©1957 by Audio-
com, Inc.

T
he part of amplifier design that
has always posed the biggest prob-
lem is the output circuit—how to
get enough power with low distor-

tion and a satisfactory value of source re-
sistance, or damping factor. To illustrate
this problem in more detail, we will try
various methods of connection for the
5881 tube as a basis for comparison.

TRIODE CONNECTION
Consider first the straight triode connec-
tion shown in Fig. 1, with a plate voltage
of 400, a fixed bias of 45V, and a plate-to-
plate load of 4,000Ω. This is the condition
known as Class AB1, or “low-loading.”
The reason for the second name is that
the load resistance is much lower than
the original value intended for Class A op-
eration; its advantage is that a greater
maximum output can be obtained.

Figure 2 shows the load line applied to
the characteristic curves of a single tube.
The solid straight line represents a resis-
tance of 1,000Ω, which is how 4,000Ω
plate-to-plate appears to one tube; the
dashed curved line represents the load
line for this tube, the other tube being
complementary so as to produce the
straight line as a composite. From the
composite line, we can obtain plate-volt-
age swings (for positive grid excursions

from the 45V bias point) of 48V, 104V, and
162V, respectively, for grid swings of 15V,
30V, and 45V.

A peak plate swing of 162V across the
load resistance of 1,000Ω represents an
average power output of

The tube manual quotes a value of 13.3W
for the same operating conditions, which
is near enough to the same answer.

A mathematical analysis of this ampli-
fication, based on the three points ob-
tained, gives the distortion figures as 3.3%
third and 1.25% fifth harmonic. The
method of deriving these figures involves
trigonometry and is too involved to go
into in detail here. Taking the RMS 
combination of these two components,
the total harmonic distortion will be
√(3.3)″ + (1.25)″ = about 3.5%. The tube
manual quotes 4.4% for 13.3W. Later in
this article we will show a simple graphic
method of estimating the amount of 
distortion.

We can calculate the source resistance
from the slope of the −45V curve where it
intersects the dashed load
line. If we draw a tangent
through this point of the
curve it will pass through
340V at 0mA, and 620V at
100mA. This represents a
resistance of 2.8k. As the
slope of the composite
curve will be twice as
steep at this point, this
will become 1.4k at the
center point on the load
line. This is referred to
one half of the output
winding and, referred to
the 4,000Ω plate-to-plate,
would be four times this
value, or 5.6k. So the
source resistance, in this
case, is about 1.4 times the
load resistance.

To produce an output
stage that is acceptable by
modern standards, we

must reduce the amount of distortion
(quoted as 4.4%), and also the source re-
sistance. This output stage requires a pk-
pk swing on each grid of 90V, for which
purpose the previous stage should also be
of a push-pull variety, using a low-mu
twin triode. Therefore, the grid drive to
this previous stage, without feedback,
must be of pk-pk amplitude somewhere
between 5 and 10V.

To obtain adequate feedback over the
two stages (which is recognized to be an
ideal arrangement from a stability stand-
point), we must inject some 10 to 50V pk-
pk in the cathode circuit of this drive
tube, according to the amount of feedback
considered desirable. The cathode resis-
tor of this stage, across which the feed-
back voltage must be produced, is proba-
bly on the order of 2k.

If we take the feedback from the plate
circuit of the output tubes, the resistors
necessary to produce such a large voltage
on the cathode of the drive stage must be
physically large enough to dissipate 1 or
2W. More important, the output tubes will
no longer have 13W available for the ex-
ternal circuit, because 1 or 2W are ex-
pended in the feedback.

( )
13.1W  

1,000  2

 162 2

=
×

86 audioXpress 1/01 www.audioXpress.com

FIGURE 1: Schematic of output circuit,
using two 5881 tubes as triodes. Note
that screens are connected to plates.

FIGURE 2: Characteristics of 5881 tube triode-
connected, with load line to illustrate this method of
operation. The solid straight line is one half of the
composite line for a plate-to-plate resistance of
4,000Ω. The dotted curved line represents the load
component of this composite on the single character-
istics shown. Dots on the composite line are projected
downward from the intersection with the curved line.
The curved line is plotted in the manner described 
in Part 4a (GA 3/00). Also shown is the maximum 
dissipation curve at 26W.



If we consider taking the feedback
from the transformer secondary, using
the 16Ω winding, which is usually the
highest impedance available, the pk-pk
voltage developed by 13W across 16Ω is
just over 40V. This may be sufficient for
the purpose, but it is evident that no se-
ries resistor can be used, so the 16Ω wind-

ing must be directly coupled to the cath-
ode of the drive stage. This, too, can in-
volve undesirable complications.

The problem appears to arise with tri-
odes because the plate-circuit impedance
is too high, and the secondary-circuit im-
pedance is too low.  A compromise some
manufacturers have adopted utilizes a

special feedback winding with an inter-
mediate number of turns. This obviates
the necessity for the large-value blocking
capacitor, and reduces the power dissipa-
tion involved in feeding back from the
plate circuit, yet permits use of some iso-
lating resistance.

The foregoing comparison is illustrat-
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FIGURE 3: Different methods of applying feedback over two stages: at A, the feedback is taken from the plates of the output tubes, re-
quiring a relatively large value of the blocking capacitor, C. Resistor R must dissipate a considerable proportion of the output power
to achieve the desired amount of feedback. At B, the feedback is taken from the 16Ω winding of the output transformer, which is here
center-tapped. Resistors R may be necessary to provide the correct bias for the drive stage, but will not contribute to the feedback
performance appreciably.  C is a better arrangement than either A or B, but this requires a special output transformer.
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SOCKETS
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LOCTAL B8G CHASSIS 2.50
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ed in Fig. 3. An obvious snag is that a spe-
cial transformer must be procured. Conse-
quently, this method is readily available
only to manufacturers having facilities for

producing transformers with custom
specifications. For that reason, we will
not pursue the discussion of this arrange-
ment further.

Before leaving it, however, we may add
that the method is equally applicable to
pentode or other methods of connection
as output stages.  As might be expected,
because the pentode has a higher gain
than a triode, the previous stage needs to
give much less swing to obtain maximum
output, and this in turn means that a
smaller voltage, tapped off from the out-

put, will give a corresponding amount of
feedback.  What offsets this fact is the
high plate resistance of the pentode,
which means that a much larger amount
of feedback must be used to obtain a satis-
factory damping factor.

CATHODE-FOLLOWER OUTPUT
The next circuit we shall consider here is
the cathode follower, because this has
several variants that we can discuss later
in the article. Figure 4 shows the arrange-
ment of the cathode follower for a triode
output.

Since the plate-voltage swing is now de-
veloped across a load connected in 
the cathode circuit, the grid must be dri-
ven by a voltage made up of the former
plate-voltage swing added to the normal
grid swing given by the load line. This 
is a total swing in each direction of 162 
+ 45 = 207V: a pk-pk drive of 414V for each
tube. A drive stage using our assumed
400V plate supply would obviously need a
transformer to produce this much voltage.

The stage now requires a grid-voltage
swing of 207V to produce a grid-to-cath-
ode swing of 45V, which represents a
feedback ratio of 4.6. Thus the original
distortion figure of 4.4% will be reduced to
less than 1%.
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FIGURE 4: Use of triode tubes in push-
pull cathode-follower connection. As
shown, the tubes are assumed to be 
biased by the DC resistance of the 
output-transformer primary halves. 
This may need additional resistance, or
fixed bias can be applied to the center
tap of the drive transformer, instead 
of returning it to ground. A drive trans-
former is the only simple way of getting
sufficient swing for a cathode-follower
stage without using a higher B+ for the
drive stage.

FIGURE 5: Schematic of output circuit,
using 5881 tubes as tetrodes (common-
ly called pentodes, because of the sim-
ilarity of the operating characteristics).

OOlldd  CCoolloonnyy  SSoouunndd  LLaabboorraattoorryy, PO Box 876 Dept. X1, Peterborough, NH 03458-0876 USA 888-924-9465
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This two-LP set contains test sig-
nals, harp music and instructions
for checking and optimizing an
LP system to get the
most out of this analog
technology. The exten-
sive instructions in-
clude a discussion of
the many issues in-
volved in making
the best of LP

components—from stylus to cartridge to tone-
arm to turntable. The making of this LP in-

volved the best of digital technology in sig-
nal production and so is an
excellent source of infor-
mation for the setup and
maintenance of an LP
system. 1999, two LP
records. Shipping wt:
3 lbs.

LPMJ1 ...... $99.95

MJ Technical Disc No. 3
NOW AVAILABLE FROM OLD COLONY!

from MJ Magazine, Japan



Now, how about the
source resistance? Con-
sider the operating point
for 15V positive swing;
that is, the −30V point on
the composite load line.
This gives 354 plate volts
at 48mA. A negative grid
swing of 15V from this
point brings us to the op-
erating point where the
resultant plate current is
zero. 

Assuming that the ac-
tual volts on the grid are

maintained the same (that this change of
condition is brought about by a change of
cathode voltage) the plate-to-cathode volt-
age will now have dropped 15V, from
354V to 339V. Referred to the 1,000Ω load
impedance presented by one half of the
output winding, the source resistance
gives a change of 15V for 48mA, repre-
senting about 312Ω. This is 1,250Ω cath-
ode-to-cathode; the source resistance is a
little less than ¹�₃ the load.

PENTODE CONNECTION
Figure 5 shows a pentode connection of
this same tube. The composite load condi-
tion for one tube is shown in Fig. 6, as-
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FIGURE 6: Characteristics for the 5881 tube operation
in the circuit of Fig. 5. Method of derivation is similar
to that in Fig. 2.

FIGURE 7: This circuit arrangement
can be used to operate the output
tubes as pentode (strictly, tetrode)
cathode followers, with the same 
operating conditions as shown in 
the load line of Fig. 6.

TURBOCHARGING
YOUR  REGA ARM

“nothing less than total dynamite”  HI FI WORLD FEB 99

If you are the proud owner of one of these two arms why not utterly trans-
form it into the league of super arms with the Origin live structural modifi-
cation:- $120 inc post & packing. This modification will enable your Rega to
perform at a level exceeding that of arms costing over $2000. Internal
rewiring with high grade litz cable is also offered at an additional $115 and
external rewiring is $115 .  

“I have to say the Rega modifications turn this humble arm into a real
Giant killer. Gone is the rather grey, sterile sound of the cooking Rega. In-
stead, tonal colour is fresh, dynamics have great speed and impact, and the
sound stage is huge.” HI FI WORLD SUPPLEMENT NOV 97 (structural
modification only to a RB250)
WHAT HI-FI Sept 98 gave this modification a 5 star rating.

For arm modifications we normaly  return your arm in 2 - 3 days

UPGRADE YOUR TURNTABLE
“The single most important upgrade you can ever make to any record
deck concerns the motor drive. Nothing can compare you for the shock of
going DC, in a word Gobsmacking”  COMMON GROUND MAGAZINE

Whether you own a Linn Lingo or a Rega, the results of upgrading to the
Origin Live dc motor and power supply are simply astounding. This high
grade motor kit is designed as a drop in replacement for almost all
turntable motors. Decks benefiting so far from this ultimate of upgrades
include Linn, Roksan, Michell, Systemdeck, Rock etc. With a 6 Volt power
supply it is safe and easy to fit. Guidance instructions are provided. At
$345 (add $35 for fully soldered and tested regulator board) with money
back guarantee this is a bargain out of all proportion to it’s value in terms
of performance.

For further information contact:
Origin live, 87 Chessel Crescent, Bitterne, Southampton SO19 4BT 

Tel: +44 (0) 2380 578877 / 442183  Fax: +44 (0) 2380 398905   E mail: origin.live@virgin.net
web site: http://www.originlive.com



suming a screen voltage of 250 with a
plate voltage of 360. The nearest values to
this given in the tube manual listing are a
plate voltage of 360 and a screen voltage
of 270, with the same bias voltage of −22.5.
Tube-characteristic curves for a screen
voltage of 270 are not available, so we
compute the results from the tube curves
for the screen voltage of 250, using the
plate-to-plate resistance of 6.6k quoted in
the tube manual.

The load-line slope is drawn at 1.65k.

Peak plate-voltage swing is 280, which
represents an average output of 23.7W,
compared to the 26.5W quoted in the
manual. This seems to be consistent with
the difference in screen voltage from 250
to 270.

A mathematical computation from the
points on the given load line yields har-
monic distortion figures of 2.5% third and
1.5% seventh, a total of 2.9%. The tube
manual gives 2% for the screen voltage of
270.

To quote a source resistance for this
form of output is somewhat meaningless,
because the slope of the tube characteris-
tics varies all the way up the load line. We
can, however, apply the cathode-follower
connection to the pentode circuit by the
arrangement shown in Fig. 7,  in which
case the feedback tends to hold the
source resistance more constant. Consid-
er a 2.5V change near the operating point.
From the characteristics, it may be seen
that this gives a current change of 22mA,
for a voltage change of 2.5V, representing
an impedance of about 114Ω, or 450Ω
cathode-to-cathode.

In this case the input swing required is
280V cathode swing, plus 22.5V grid-to-
cathode swing, giving a total of 305, or
610 pk-pk for each tube. This is an even
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FIGURE 8: Schematic of circuit for
operating 5881 tubes in the ultralinear
circuit. This particular arrangement uses
cathode bias, but fixed bias can also be
used. As explained in the text, the ultra-
linear operation is not so critical.
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larger requirement than for triode opera-
tion. But since we are using a 305V peak
to obtain a 22.5V effective swing, the feed-
back ratio is 13.5. This means that the dis-
tortion figure of 2.9% will be reduced to
about 0.22%.

To operate a pentode as a cathode fol-
lower, the screen voltage must swing ex-
actly with the cathode voltage to keep the
cathode-to-screen potential constant. In a
voltage-amplifying stage, this could prob-
ably be accomplished by decoupling the
screen to cathode rather than ground, but
in a power stage the only feasible way to
achieve this end is by using a transformer
with an extra winding, as shown in Fig. 7.

The cathode and screen windings
should be extremely tightly coupled to
avoid any difference in voltage between
cathode and screen at any point in the fre-
quency spectrum. A difference in voltage
at this point would result in serious dis-

tortion, because of the extreme nonlinear-
ity of screen current with screen voltage.
To the best of my knowledge, the cathode-
follower pentode output is not used. But
we will consider later a circuit that is
used, and which may be considered to be
derived from it.

ULTRALINEAR CIRCUIT
The third operating condition for output
tubes is becoming popular for good rea-
son. From discussions of triode and pen-
tode operation, it seems that neither is ex-
actly ideal. It is obvious that a method of
operation lying somewhere between these
two extremes might be optimal. This is
precisely what the ultralinear or tapped-
screen method of operation achieves.

The circuit is shown in Fig. 8. Static
tube characteristics for this connection,
as published by Tung-Sol, are illustrated
in Fig. 9.

Ultralinear operation is fairly simple to
understand by comparison with triode
and pentode operation. In a pentode cir-
cuit, the screen voltage is held constant,
while the plate voltage is allowed to swing
according to the grid-voltage drive. In a
triode-connected pentode, the screen is
strapped to the plate; hence, its voltage
swings by precisely the same amount as
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FIGURE 9: Tube 
characteristics for 
ultralinear operation
with a supply of 400V
(plate or screen to
cathode). The curves
were plotted by reduc-
ing the screen voltage
from 400 by 43% of
the reduction used for
the plate (increase
same way). Composite
and individual load
lines are also shown,
as for triode and pen-
tode operation.
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the plate voltage. Ultralinear operation
splits the difference and, in the case of
the curves shown in Fig. 9, the screen
voltage swings by 43% of the plate voltage.

This is achieved in practice by using
43% taps on the plate winding for connect-
ing the screens. The value of the optimal
tapping for different tube types will vary
somewhat, but 43% has been found ideal
for quite a variety of tubes. The ultralinear
circuit (Fig. 8) uses automatic bias, so the
bias will change somewhat from zero to
full output.

The sloping dashed line in Fig. 9 shows
the condition for zero signal.  The slope of
this line represents a resistance of 800Ω.

Bias-resistor value is actually 400Ω, but
since the current from both tubes passes
through it, this can be regarded as repre-
senting 800Ω per tube. The quiescent op-
erating position is thus found to be about
−40V bias, with almost 50mA plate cur-
rent in each tube.

Bias at the maximum drive condition
rises to about −45V. The plate current
swings from 30mA per tube, or a 60mA
total (where the cycle passes through the
operating point), to a peak of about
190mA, giving an average of about
115mA. This produces 46V across 400Ω.

The solid load line in Fig. 9 represents
a plate-to-plate resistance of 6.5k (or a re-

sistance for the single plate of 1.625k).
The peak plate-voltage swing, 300V, pro-
duces an output power of 28W, which is
higher than either the pentode or triode
method of operation.

Distortion is found to be about 3.3%, al-
most pure third-harmonic. It may be won-
dered at this point why such a method of
operation is called “ultralinear,” since the
distortion is not appreciably better than
either of the other methods of operation.
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FIGURE 10: Schematic of circuit for
operating tubes as ultralinear cathode
followers. For 43% equivalent tapping,
the screen winding must have 57% 
of the turns in the cathode winding.
Extremely good coupling between 
the cathode and screen windings is
essential.
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What the simple figure of distortion does
not indicate is how tolerant the circuit is
of different impedances.

Compared with triode operation, this
arrangement gives more than twice the
power. Compared with pentode operation,
the increase in power is not so great, but
the performance is almost as indepen-
dent of load as with triode operation. The
composite characteristics, if drawn in full,
would prove to be much nearer to a set of
parallel straight lines than any of the
other methods of operation, with the re-
sult that this circuit is not critical of in-
ductance components in the load. That is
very important in the practical working of
the circuit, although it may not be so im-
portant when the amplifier is tested with
a resistance load.

It would, of course, be possible to oper-
ate the ultralinear circuit as a cathode fol-
lower, by so coupling the screen that its
voltage swings by 57% of the cathode
swing while the plate voltage is connect-
ed to B+, as shown in Fig. 10. This would
require an input drive of 300 + 45 = 345V
peak, or 690V pk-pk, which is even more
than the drive required for pentode opera-
tion. The feedback ratio is 345/45 or 7.67,
which would reduce the distortion to less
than 0.5%

The source resistance as a cathode fol-
lower can be obtained by considering 5V
excursion from the operating point at full
output. This is 18mA for 5V, or about
280Ω. There would be about 1,100Ω cath-
ode-to-cathode, or about one-sixth of the
load resistance. The ultralinear circuit op-
erating normally will have over 7½ times
this value, or about 1.25 times the load re-
sistance. As described in Part 5 (GA 6/00),
this would be a good starting point for ap-
plying overall feedback, and it would be
quite permissible to use, say, 20dB of
overall feedback to achieve a damping
factor of about 8. ❖
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IMPROVING A CLASSIC
“The Future of Vacuum Tubes in
Audio, Part 1” (GA 3/00, p. 20) refers to

the highly popular Dynaco Stereo 70
power amplifier. Considering its simplici-
ty, it is a fine unit. However, a few simple
changes may improve it significantly. 

First, the 82pF capacitor in the 7199
pentode plate circuit causes the open
loop gain to roll (−3dB) at about 7 to 8kHz.
If high-frequency stability does not suffer,
reducing this capacitor to 27pF or 33pF,
moving the −3dB point above the audible
range, may give clearer highs. You may
also need to change the 390pF capacitor
between the lower output tube screen
grid and the input tube cathode circuit for
best high-frequency transient response. 

Second, it would be a good idea to pro-
vide for measuring and balancing the indi-
vidual output tube cathode currents. This
is important in any amplifier that uses
fixed bias. Individual 27Ω cathode resis-
tors, with a removable jumper to tie the
cathodes back together during normal lis-
tening use—plus a balance control net-
work where the 270k grid resistors con-
nect to the bias supply—would do the trick.

One concern I have about the Stereo 70
is the single GZ34/5AR4 rectifier tube,
which has a load current rating of 250mA,
used to power two pairs of EL34/6CA7s.
Each pair draws 100–120mA idling and
170–180mA at full output, and each 7199
draws 4–5mA. Adding this up and dou-
bling for two channels, the 5AR4 is run-
ning near full-rated load current at idle
and would be overloaded if the amplifier
is being run full blast.

If the power transformer high-voltage
winding is rated to handle the full output
current, silicon rectifiers with a delayed
soft start B+ turn-on would be more reli-
able. Commercial-duty sound amplifiers
using four 6CA7s generally had two
5U4GBs in parallel.

One commendable feature of the Dyna
Stereo 70/Mark IV is the absence of an
electrolytic bypass capacitor across the
620Ω 7199 pentode cathode bias resistor.

Michael Kiley
Crestwood, Ill.

TUBE IDENTITY
I have constructed the dynamic head-
phone amp described in the premier

issue of Glass Audio (1988), which has all
the clarity that the authors described. A
friend of mine auditioned the amp with
Sara McLachlan’s Surfacing CD. His re-
sponse was, “I have never heard a cello
up close before!”

The design calls for a PCL805, which is
identical to the ECL805 except the heater
voltage is 18. I could find only four
PCL805s and I purchased many PCL85s. I
could hear no difference between them.
According to the RCA tube manual
(RC30), the PCL85 does not exceed any rat-
ings in this circuit. The RCA tube manual
does not list the PCL805. I have used the
PCL85s for a year now without any difficul-
ty, but I would like to know what the differ-
ences are between the PCL805 and PCL85. 

Jim Dungan
Port Neches, Tex.

Rickard Berglund responds:

The Philips tube manual states that the PCL85 is identical to
the PCL805.

PERFORMANCE MEASURE
I ordered a couple of back issues of
GA to review some amplifier designs,

and also added a new subscription. The
articles were great except for one critical
area. They didn’t have much in the way of
performance testing. Many of these am-
plifiers may cost $2500 or more to build a
pair (monoblocks), not to mention the
time involved. To go through that ex-
pense and time of building them without
really knowing what the outcome will be
seems pretty risky for anyone but the
most wealthy and those with the most
free time.

May I suggest that your authors in-
clude a minimum set of specifications
such as: frequency response at 1W and
full power; distortion at 1W and full
power at, say, 20Hz, 1kHz, and 20kHz; out-
put impedance; and power consumption
at idle and full power. I am sure you have
more ideas about what could be included.

Considering the time it takes the au-
thor to build the amplifiers, the time it
would take to measure its performance
would be minuscule. I think this would
not only be helpful to your readers, but
also enhance the quality and credibility of
your publication.

Michael Adams
Pacific Palisade, Calif.

SURROUND REPAIR
I own four JBL136A 15″ woofers pur-
chased in the mid-1970s. About 12

years ago the surrounds turned to pow-
der. I had them re-coned at considerable
expense. I was told at that time that the
material that JBL used was susceptible to
age, humidity, smog, ozone layer deple-
tion, and so forth. Sure enough, it has
happened again.

Is this repair a procedure that I can do
at home, or should I leave it to a profes-
sional? Does anyone make a surround
that has a longer life?

Clif Penick
Northport, Ala.

Contact Image Communications at
Dave_Armon.woodsind.com for compa-
nies who sell surround repair kits for a
wide variety of drivers.—Ed.

MONARCHY UPGRADE
I just finished reading Gary Galo’s ar-
ticle on upgrading the Monarchy DAC

(AE 2/99) and had a couple of comments.
The first is that while this mod may work
for the parts specified, this does not mean
that you can apply it universally. 

The Analog Devices (ADI) D/A convert-
er chip AD1860 was mentioned in the arti-
cle. There should be a warning. The
AD1860 includes an uncommitted op amp
designed to be used as an I/V converter. It
is not good practice to connect the output
of op amps together. If you are going to
do this mod with the ADI parts, you
should not parallel pins 9, 10, and 11 to
the existing IC. 

Instead, bend them so they are parallel
to the body of the IC. Then jumper the op

Xpress Mail
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amp output (pin 9) to the inverting input
(pin 11). This completes the feedback loop
around the op amp and basically takes it
out of the picture. If you don’t make this
connection, the op amp will be running
open circuit and could inject noise into
the system. 

If you were to just hook up the second
IC, you may not see any problems. After
all, the outputs of the two op amps should
be very close to each other and, therefore,
shouldn’t really be fighting each other.
But for top-end performance, why allow
the potential for problems?

The second issue is with the trim:
specifically, the trim adjusting out of the
differential nonlinearity of the MSB. By
paralleling the ICs, you limit how close
you can adjust out this error. You should
always check the adjustment. Just be-
cause it was set for one D/A chip does not
mean that it will be correct for two. 

The differences, however, should be
minimal. You may need to revisit these
adjustments from time to time because of
changes due to mechanical vibration,
heat, and the like changing the pot set-
ting. Again, the differences will be minor,
but real.

Note that the PCM63 also includes this
adjustment. It just isn’t included in most
designs. Check Fig. 5 of the PCM63 data
sheet.

Hank Zumbahlen
Boulder Creek, Calif.

Gary Galo responds:
Hank’s points are well-taken, and should be heeded by those
who try this modification. Both Monarchy and I ignored the in-
ternal I/V converter, since it is not used in the 18B. When Bob
Adams of Analog Devices replied to my inquiry regarding the
paralleling of the AD1860 DACs, he did not mention these
caveats. In his defense, he may have assumed that I was al-
ready aware of them, and perhaps I should have been.

Regarding the trim, I agree that it is best to check the trim
if test equipment is available, and I pointed this out in the arti-
cle. In my sample of the Monarchy Model 18B, there was no
change in linearity when the second DAC chips were paralleled.
But, this may not hold true for every sample.

Burr-Brown does include a provision for external trimming of
the PCM63, but its implementation is relatively complex, requiring
two external fixed resistors, two trimpots, and two capacitors. As
the PCM63 data sheet notes, “Great care should be taken, how-
ever, as improper adjustment will easily result in degraded per-
formance.” The performance of the PCM63 is so good without ex-
ternal trimming that most manufacturers who use this chip seem
to have concluded that the trim procedure is not worth the
added expense. Unless the trimming is implemented and adjusted
with the greatest of care, performance will actually be worse.

TIME DELAY
I am considering building a pair of the
100W triode amps featured in GA 3/00.

Are there any corrections to the schemat-
ics as printed?  Would the soft-start circuit
using the 6X4 (“Glass Shards,” GA 3/00, p.
70) be appropriate for the amp?

Charles Gutzman
Petersburg, Ill.

Joseph Norwood Still responds:

Good luck on your 100W project, which is a big one but should
prove to be a lot of fun and will certainly give hours of great
listening pleasure.

Per changes: Capacitors C5 and C6 shown on the parts list
as 0.33µF are correct. The schematic diagram (0.15µF) is in-
correct. The 0.33µF value improves the 100Hz square wave. (Be
sure to use Orange Caps.) Capacitors C6 and C7 on the power-
supply schematic should be 47nF, while .047µF on the parts
list is correct. “Available from Antique Electronic Supply” should
appear between S1 and R3 on the parts list.

The soft-start circuit in the same issue is a novel circuit but
would not be able to “handle” the current of the 6-6550s. I
recommend a conventional relay with a time-delay circuit. A
time-delay device manufactured by CEBEK is available from MCM
Electronics (1-800-543-4339), fully assembled, for $19.95,
PN28-5100. 

The time delay is adjustable from 1-180 seconds and has
relay contacts rated at 5A. An external 12V DC, 50mA power
supply is required to power and activate the timer, which is de-
activated when power is removed. You may purchase the power
supply separately or build the one in my article for about $9;
all parts are from Radio Shack. The only modification to my
power supply is that you must use a 12V regulator (7812) in-
stead of the 9V regulator (7809).

I put my “head” and soldering iron to work and came up
with a simple, inexpensive time-delay relay (Fig. 1). Table 1 is
the parts list. You must be careful when using MOSFETs; first
mount all the components on the PC board, then mount the
IFR510. Solder the source, then drain and finally gate to the
appropriate location. Make sure all capacitors are discharged
prior to mounting the IFR510. Note: When you switch on the
IFR510 (after 20 seconds), expect +3V DC at the junction of C3
and R2 and also 0.1V DC at the drain of IFR510.

The cost differential between my unit and the purchased unit
is the cost of the 12V DC 50mA supply required to “energize”
the commercial unit. The CEBEK unit is certainly more sophisti-
cated than my simple design. I leave it up to you as to which
unit you prefer. Personally, I would go with the commercial unit. 
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TABLE 1
MATERIALS

QUANTITY REFERENCE PART
1 B1 100Vpiv/1.4A
1 C1 1000µF
1 C2 100N
1 C3 100µF
1 F1 Fuse
1 IC1 LM7809
1 Q1 IFR510
1 RE1 9V/500Ω

12A contacts, RS 275-005A
1 R1 220k
1 R2 120k
1 TR1 12.6V, 300mA
1 PC board RS 276-158B

Sonicraft
Subwoofers
Madisound is pleased to

introduce the Sonicraft 10” and 12”
subwoofers. Features include:

• Cast aluminum frame

• Coated pulp paper cone

• Die cast T-yoke with heat sinks

• High roll rubber surround

• Conex fiber spider

• Kapton VC former

• All brass gold plated terminals

• Extra long voice coils

SC-1042 10” Sub $99.00

Fs 21Hz, 4 ohm, 89dB, Vas 156 liters,

Qms 6.28, Qes 0.32, Qts 0.31, BL 9.22,

Re 3.5 ohm, X-max 8.5mm, 2” voice coil,

250 watts, Mms 58.2g, 42 oz magnet

In-car response to 20Hz in 1 cubic foot

sealed box. Plus 6dB from 20Hz to 45Hz

in 1.75 cf vented box. Home response of

35Hz in 1.75 cf vented.

Frame diameter 10.3”, cutout 9.1”, depth

5.3”, weight 9 pounds

SC-1250 12” Sub $125.00

Fs 18.9 Hz, 4 ohm, 88dB, Vas 292 liters,

Qms 4.87, Qes 0.50, Qts 0.46, BL 8.40,

Re 3.4 ohm, X-max 13mm, 2” voice coil,

300 watts, Mms 88 g, 50 oz magnet,

vented top plate

In-car response plus 6dB from 20Hz to

55Hz in 2.5 cubic feet sealed box.

In-home response down to 30Hz in 3.5

cubic feet sealed.

Frame diameter 12.25”, cutout 11.1”,

depth 6.3”, weight 14.3 pounds.

MADISOUND SPEAKER COMPONENTS, INC.
8608 UNIVERSITY GREEN

P.O. BOX 44283

MADISON, WI 53744-4283 U.S.A.
TEL: 608-831-3433 FAX: 608-831-3771

e-mail: info@madisound.com

Web Page: http:/www.madisound.com



I can understand your concern with “cathode stripping,”
since many other readers of GA have requested information on
a time-delay circuit. I hope this clarifies the issue and makes
everyone aware that the “bare-bones” cost of a time-delay de-
vice is $20.

Again, good luck on your project. I suggest this fall or the
winter would be an appropriate time for such a massive project.
The amplifier has a great sound, is very stable, and runs quite
“cool” (with the aid of the 65 CFM blower fan). The excellent
10kHz square wave of the amplifier is attributed to the low 
impedance, high-current operation of the 6550s and the excel-
lent design of the Hammond transformers−and, of course, the
triode configurations.

TUBE & GROUND DATA
In GA 2/00, you printed a letter from
John Badalamenti inquiring about

amplifiers using 807 output tubes (p. 67).
Eric Barbour’s reply indicated that a pair
of 807s could not reliably be driven to
100W. I am submitting a schematic for a
Bogen HO-125 amplifier, made around
1950, which used a pair of 807s to obtain
125W (Fig. 2). This unit ran the 807s at
840V, and used parallel 6SN7s as drivers.
I do not know the distortion ratings.
While this was a commercial amplifier,
there was not much distinction between
hi-fi and commercial amplifiers in 1950.

From my experience, 807s are very
rugged tubes. While it is true that they
were rated at 600 plate volts, this was very
conservative. Originally, 807s were used
as transmitting tubes. Later, they ap-

peared in receiving tube manuals with
specifications for use as Class AB-1 ampli-
fiers. Apparently, they can be used at
higher plate voltages and dissipations for
audio applications. New and used 807s
can easily be found at hamfests.

Also, Mike Gustafson’s power supply
schematic in the same issue (p. 32) shows
what I believe to be a very dangerous
error. The indicator lamp is connected
from the hot side of the AC line to ground.
The lamp will work, but only if the unit is
plugged into a grounded three-wire outlet.
If plugged into an ungrounded or two-wire
outlet, 110V AC will appear on the chassis.
The ground wire should never be used as a
current-carrying conductor. Its purpose is
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35V

20 SECOND DELAY
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NO HEATSINK
REQUIRED

35V
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LM7809

C 2
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R 1
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C3
100mF

R  2
120K

RE1

9V/500W

Q1
IFR 510

FIGURE 1: A simple time-delay relay, total cost is $18.50, and all parts are available from Radio Shack. G-Still-1



to carry only fault current, as in
the case of an accidental hot
wire to chassis short.

If wired as shown, you could
receive a nasty shock (through
the indicator lamp) if the unit is
not grounded and you touch it
while you are grounded. If the
lamp has high enough wattage,
the shock could be fatal. The
lamp should be connected
across the transformer primary.
As a wise old electrician once
told me, “It’s better to have a
ground rather than to BE one.”

Al Forbes
Gastonia, N.C.

PVC PIPE
I have been actively in-
volved in audio at the home

level for 40+ years, although I
was unfamiliar with your publi-
cation until I read the SB 6/00
issue. My interests are as var-
ied—both wide and narrow in
scope—as SB appears to be. I es-
pecially enjoyed your piece re-
garding Yoshio Satake and his
“museum” (“Showcase,” p. 50).
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FIGURE 2: Bogen HO-125 amp.
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Power, corruption and supplies.

Don’t hesitate - order your DAC Kit 1.1 today 
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This indicates that your magazine is ca-
pable of an element missing in the other
“rags”: namely, humor. So many audio-
philes and wannabes take themselves
way too seriously...even Lisa Astor in
Stereophile, who, with tongue in cheek, is
rather the Martha Stewart of the genre.

Does anyone fool around with HDPE
sewer pipe, available in quite a few diame-
ters, @ $1,200 for a 40′ section of 8″, for in-
stance. This, a pretty inert material, and
hard to work with in some ways, offers
many advantages and opportunities for
tweakers. For example, a pair of 6′ × 8″
sections sit on my listening room floor.
They are quite tunable by way of a piece
of plywood or potted plant on top, and
varying amounts of glass, foam, or crum-
pled paper inside. It is only available, as
far as I know, in basic black, but I fool ’em
and cover with a sock of sky-blue silk. 

John Thomas
Nome, Alaska

See Scott Wolf’s “A Pipe and Ribbon Odyssey,” in SB 3/91, pp.
28−30. −Eds.

ELECTRONIC SPEED CONTROL 
UPDATE

Since my article “An Electronic Speed
Control” (TAA 1/86) was reprinted in

The LP Is Back!, I have received letters
and telephone calls from several readers
noting that the ILP power amplifier mod-
ule and toroidal transformers are no
longer available. 

Fortunately, I have found substitutes for
all of these parts. Plitron Manufacturing
(www.plitron.com; e-mail: sales@plitron
.com) has suitable transformers, and they
are now a distributor for the Amplimo line
of power amplifier modules, which are
manufactured in The Netherlands. They
can also be contacted at 1-800-PLITRON (1-
800-754-8766) or (416) 667-9914, ext. 236
(Voice); or (416) 667-8928 (FAX). Ask for
Helen Chen, customer service. 

You should change the ILP HY60
power amplifier to an Amplimo A60. Note
that Amplimo’s model numbers refer to
the 4Ω power rating. This module is rated
at 40W into 8Ω, a bit higher than the 30W
HY60. I do not recommend using the Am-
plimo A30, since it is rated at only 25W
into 8Ω, and probably won’t produce suffi-
cient output voltage under load at the sec-
ondary of the step-up transformer. 

All parts for the A60 power supply are
also available from Plitron, which recom-
mends a 037016201, 80VA power trans-
former, and the DE capacitor/rectifier as-
sembly. Note that these power-supply
parts replace the old ILP PSU-410 supply,

which included a 4A027 power trans-
former and the PCB-410 circuit board with
rectifier diodes and filter capacitors. Am-
plimo also recommends that the LRZ out-
put muting relay be used with their power
amp modules. The muting relay may be
optional in this application, but it is so in-
expensive that I recommend using it.

A schematic showing the implementa-
tion of the muting relay is available on
the Plitron website in an applications
note for the amplifier modules. You may
also ask for a copy of this when you place
your order. The step-up transformer was
originally an ILP 1A010, a 30VA unit with
dual 6V secondary windings, which are
used in series to form a 12V primary in
this application. The replacement is the
Plitron 017010201.

The XR2206 function generator chip is
still available from Jameco Electronics
(Jameco 34972; www.jameco.com). The
correct Bourns number for P5, the 10-turn
20k pot, is 3541H-1-203 (Newark 12F5004;
www.newark.com). The Bourns H-491-3
counting dial is also available (Newark
12F9669). Newark notes that this count-
ing dial is available only in the United
States. Outside the US, try Bourns H-492-3
(Newark #12F9670). This is the same part,
but with a break included (so the pot can
be locked into one position). 

Gary Galo
Potsdam, N.Y.

IT PAYS TO ADVERTISE
I really enjoy reading the editorials 
in GA. They’re always insightful and 

informative.
The one in GA 2/99 was right on the

mark, stating that parts suppliers were
not advertising enough. I agree. However,
I would go further, claiming that tubed-
equipment manufacturers also do not ad-
vertise enough.

It seems as though every day when I
open my morning paper I see pages full of
hi-tech (imported) audio gear that sounds
boring and looks cheap and ugly. I have
yet to see even one piece of audio equip-
ment that employs tubes. 

If import audio is the norm, why not in-
clude Chinese tube amps, such as those
appearing in the World Tube Directory?
Could it be that the big shots who own the
audio store chains fear that consumer
confidence in the widely available hi-tech
audio gear just might drop when audio en-
thusiasts see this hi-tech trash for what it
really is? Would including tubed gear, in
short, be “technologically  incorrect”? 

The tube-equipment manufacturers
should catch the wave and really go pub-
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lic with their marvelous innovations. Not
doing this is comparable to Mike Tyson
fearing a shoe salesman. If the tubed-
equipment manufacturers seek more au-
diophiles to road-test their glass, they
must first let them know that it even ex-
ists. Once they show the mainstream au-
diophiles what they have to offer, they
will surely reap their long-awaited re-
wards and be the giants they were some
30 years ago.

Neal A. Haight
Castro Valley, Calif. 

RECTIFIED TUBES
I doubt that it is wise to use a 6×4 rec-
tifier as shown in “Rectifier Tubes as

Soft-Start Controls” (GA 3/00, p. 70). As
mentioned in the RCA manual, the heater
needs 6.3V-0.6A, which is two times the
current mentioned. The maximum posi-
tive cathode to heater voltage is 450V, so
even at a positive supply of 400V there is
no risk of a breakdown. For a higher volt-
age of, say, +460V you can connect all fila-
ments to, say, +60V.

As the high voltage builds up slowly
during warm-up, there is no risk of an
overvoltage when switching on the amp.
But, in this configuration, capacitor C1
will immediately charge up to a high neg-
ative voltage. This greatly surpasses the
specified maximum negative cathode to
heater voltage of 100V and will destroy
the tube and maybe more.

A.J. van Doorn
Amersfoort, The Netherlands

WORD USE
I am the electronics technician at the
COSI Museum of Science and Indus-

try at Toledo, Ohio. Last week, I was dis-
cussing with my supervisor and a friend
an exhibit designed to demonstrate that
W = EI. My friend, a network engineer,
wished to set up a parallel exhibit in flu-
idics “to show that voltage is like the di-
ameter of the pipe, and current is like the
height.” [Funny how computers have al-
most nothing to do with electronics!]

Of course, I explained that the pipe di-
ameter was analogous to resistance, but
when I got to height, or “head,” I had a
problem. I explained that voltage lacks
the parameter “area,” and that the analo-
gy with pressure was therefore inexact,
but close enough for most people. That
was an evasion.

First of all, head is force/unit area.
Since it is normalized to unit area, it is es-
sentially a unit of force. If I had used the
correct terminology, I would have spoken

in terms of electromotive force, and the
conflict would have vanished, but people
understand voltage more readily than
EMF. Thus, the price for avoiding Mr.
Dell’s “pressure of a voltage difference” is
more confusion (SB Mailbox, “More
Words,” SB 5/99, p. 44).

I solved the problem in my exhibit by
making two parallel statements: “Electric
Force × Electric Current = Power,” and
“Volts × Amperes = Watts,” thus separat-
ing usage from measurement. This is the
case in Europe, I believe, where the sym-
bols V and u are both used for “voltage.”
They would say, for example, “a 12V power
supply which measured 11.93u.” Unfortu-
nately, we Americans [well, “Norteameri-
canos”] are not that far advanced.

As for the differences between voltage
and “meterage”—I don’t think your dis-
tinction holds up. Languages are full of
examples of inconsistent patterns of use.
Consider the series: Asians, Canadians,
Africans, Germans, French, Finnish, and
Japanese. And it doesn’t get any better if
we substitute “Frenchmen,” “Deutch-
landers,” and so on.

We have a mixed bag in electronics.
We have voltage, amperage, and wattage,
but we also have the ’ances—resistance,
susceptible impedance, reactance, and so
on. (All of these are French suffixes.
Hmmm.) So we actually have two distinct
patterns. Another fact I find curious is
that while “voltage” is a simple force
often assigned to quality of a rate, “amper-
age” is a rate dressed up as a simple
quantity. Go figure!

Actually, charge is the first quality in
electronics (and is singularly free of suf-
fixes, or even a clear plural form). All
other qualities are derived from charge
and cannot exist without invoking it.
Next come quantity (Coulomb) and differ-
ence (voltage); then the ratios start, cur-
rent, conductance...I absolutely refuse to
go into the mechanics of charge! Chem-
istry ends with the atom, and electricity
ends with charge. 

Bob McIntyre
sideshowbobmac@thesimpsons.com

BUYER BEWARE
I have an assortment of used 12AU7/
T7/X7s and noticed something that

took me aback. Every one of my Mullard
and Telefunken tubes have a defect in the
heaters. When inserted into circuits with
a 6.3V AC heater source, the heaters go
table-lamp-bright when I switch on the
equipment. The surge in brightness lasts
for a second or two. I didn’t pay much at-
tention to it until a couple burned out.
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The strange thing is that this occurs in
all tubes made in either Great Britain,
Germany, Holland, or France. For exam-
ple, if I pick out two Sylvania 12AX7s, one
made in Europe and the other made in
the U.S., the European tube will act this
way while the U.S.-made tube behaves
normally. In DC heater-sourced circuits,
the Euro tubes work well, performing up
to their reputation.

If you’re ready to re-tube a vintage inte-
grated amplifier, put the Euros in the
phono preamp stage, and U.S. tubes in AF
amp and phase-inverter stages. Of course,
certain amps have an AC heater source
throughout the amp, so it may be best to
refer to the schematic, or consult an ex-
pert, to determine which locations are AC
or DC heater-sourced. Back when Euro
tubes cost four or five dollars, it was noth-
ing to really lose sleep over, but today
they go for big bucks—a major supplier is
selling Mullard 12AX7s for $60 a piece. I
believe the defect takes place when the
tubes become older and have been used
for quite a few hours.

Japanese 12AX7s are as reliable,
heater-wise, as U.S.-made NOS tubes. I
hope Chinese tubes are at least equally as
good as the Japanese tubes.

One brand of tubes I always see adver-

tised in Glass Audio are J-J tubes. As I un-
derstand, these tubes are made in Slova-
kia. They look rather nice in the advertise-
ment photo.

Whenever Vacuum Tube Valley com-
pares tube types in their “shootout” arti-
cles, J-J tubes aren’t ever mentioned. I
have tried to obtain information on sev-
eral occasions, but J-J hasn’t responded
so far. I would like to find out how they
perform, which is difficult. 

In conclusion, I’d say that U.S.-made
tubes are a real bargain and should be the
first choice for tube buyers. 

Neal A. Haight
Castro Valley, Calif.

DRIVER CIRCUIT FOR 6AS7 AMP 
Thank you for the recent articles1–3

on low-mu triode push-pull (pp)
power amplifiers. I found them so inter-
esting that I have built one myself. How-
ever, the driver and input circuits are dif-
ferent, and I believe some readers who
have embarked on this project may find
the following information useful.   

Low-mu power triodes usually require
very large drive signals, probably in the
order of 200V peak-to-peak. This may be
two or three times higher than that used
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in a typical pentode or tetrode pp amplifi-
er. To achieve this requirement, Stew-
art1,2 uses a form of positive feedback,
while Cottrell uses an interstage trans-
former. I prefer not to use positive feed-
back*, and I do not have an interstage
transformer. Therefore, I set out to design
an input/ driver circuit that can provide
200V peak-to-peak with “reasonable” dis-
tortions and gain. 

The required devices and components
must be readily available and cheap. The
result is shown in Fig. 3. The complete de-
sign consists of two cathode-coupled
stages, with the second directly coupled
to the first. The first stage utilizes the
most popular triode on earth, and the sec-
ond stage uses the 5687, which is popular
in many Asian designs. Simulations
showed that the 5687 is more linear than
the 12AU7 or the 6SN7 under this operat-
ing condition. 

The output stage is not shown because
it is very similar to those described in ref-
erences 1–4, except that I use paralleled

6AS7s or a pair of 6C33C-Bs. Measure-
ments for this circuit are shown in Table
2 with some additional comments. This
has been successfully used to drive either
8 × ½6AS7s or 2 × 6C33C-Bs in push-pull
mode. I have not implemented the drivers
of references 1 and 3 and cannot make di-
rect comparisons. I would like to hear
comments from others. 

Using 6C33C-Bs instead of 6AS7s may
be another alternative that readers can try
and comment on. I tend to prefer the
6C33C-Bs. Reference 4 gives a good de-
scription on the use of these very power-
ful Russian triodes.
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FIGURE 3: 6AS7 amp driver circuit.
G-Wong-3

TABLE 2

OPEN-LOOP CHARACTERISTICS
• Gain ≈ 300 (50dB)
• Vout ≈ 70V RMS @ around 1% THD (50Hz to 15kHz)
• Vout ≈ 80V RMS before clipping
• Frequency response ≈ 40kHz, −3dB

NOTE:
• Voltages indicated are not exact and may vary slightly.
• The main adjustment is to vary the two VRs of the first stage such that the two output voltages are identical (or as

close as possible) and as symmetrical as possible−this can be easily done using a two-trace CRO.
• The 1k resistor is used to measure the bias current.
• Using well-matched input valves may eliminate the 200R VR and will extend the frequency response and increase

the overall gain.
• 12AX7 may replace  5751 in the front stage.
• The overall open-loop gain of the complete amp is around 36dB (this is dependent on the output transformer used)

and is ready to take a negative feedback of up to around 12dB. I believe 6−10dB will suffice.



* I believe the proper use of positive feed-
back will work, but there are other prob-
lems in addition to stability that I would
like to avoid.

CC Wong
Dept. of Communication & Electronic
Eng.
RMIT University
Melbourne, Australia

John L. Stewart responds:
It is gratifying to know that someone is reading your stuff and
then trying something new. As with all designs there are trade-
offs. My objectives in regard to the “Different Triode Power
Amp” were to sidestep some of the more serious problems asso-
ciated with higher power triode amplifiers.

I intended the design to:
1) Avoid dangerous high-voltage power supplies
2) Use readily available, inexpensive components
3) Eliminate frills such as driver transformers, DC heater sup-
plies, and so on
At this point, I would like to propose another class of amplifier
as follows:
CLASS USA
U—understandable
S—safe
A—affordable
With regard to CC Wong’s amplifier, I have the following obser-
vations.

The first stage using the 5751 (or 12AX7) may have prob-
lems when feedback is connected to close the loop. Using a
semiconductor as a current source is a good idea. However, in
the proposed circuit there is not enough common mode toler-
ance*. A 9V battery is being used here; 4.5V are used in passing
through the biasing resistors. That leaves only 4.5V to operate
the 2N5459 and provide current to the 5751 differential pair.

Using my development amplifier, I connected feedback to
give an overall gain of 6 from the input to the 8Ω output ter-
minals. I measured 1.62V RMS at the cathodes of the first differ-
ential pair while the amplifier was delivering 20W. That would
be 4.58V peak-to-peak. If the 2N5459 bias circuit were used,
there would be lots of distortion. I would use another 9V bat-
tery to get 18V and a margin of safety. The development ampli-
fier avoids this problem by using a −150V supply.

The 5687 is a very good twin triode and can easily deliver
large output as a driver to a power stage. The 7119 is another
twin triode that could serve equally well.

In my library I have data covering the 5687 but no curves.
In order to make a comparison with the 6SN7GTB I had used in
the development amplifier, I needed, in particular, a plot of the
zero bias curve to overlay this onto the 6SN7GTB curves and
from that determine how much more voltage swing to expect
from the 5687.

To get that information I haywired a simple circuit with
suitable load resistors (Fig. 4). Power was supplied by a variable
regulated power supply set to 365V. The load resistors mea-
sured 21.6k. These conditions are a close match to that of CC
Wong’s circuit. I tried four 5687s. Voltage measured at the test
points for the eight triodes was from 48 to 51. If anyone tries
this, the load resistors should be 10W.

Using the 3/2’s power law, I plotted the zero bias line for
the 5687 onto the plate characteristics for the 6SN7GTB family
(Fig. 5). You may notice the graph is labeled 6J5. The 6SN7
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family is actually two 6J5s in the same bottle. Scaling on this
graph was more convenient than that given for the 6SN7 family.

The 5687 can turn on about 63V farther than the 6SN7
with a 20k loadline. Needless to say, I can’t go any farther the
other way. If you assume cutoff to be at 350V, the 5687 can
swing 300V. The 6SN7 will be good for 235V. The 5687 gives a
28% improvement. These numbers are rather ideal since they
assume a DC load line. In practice, both will be reduced by ro-
tation clockwise of the loadline under AC load conditions.

Both swings are extended 100% in the development ampli-
fier by bootstrapping, which acts like a tracking power supply
that makes available extra voltage when required. For those
who are concerned that it is positive feedback, it measured
1.38dB in the development amplifier.

Total DC across the driver stage in CC Wong’s amplifier is
495V. He will need an extra power supply either separate or
piggybacked to the 260V supply. Either way would require an
extra HV winding on the power transformer. I managed to avoid
that complication by using a negative supply for part of the
power requirements. It uses the same winding on the trans-
former as the positive supply. He may also need an extra
heater supply to avoid heater cathode insulation problems.

*Common mode tolerance—ability of the amplifier to respond
when both inputs are driven in the same direction. This is limit-
ed by the supply voltages.

Matthew Cottrell responds:
CC Wong raises some interesting points here, to which I would
add a few comments, as follows:

1. Yes, low-µ power triodes require large drive signal ampli-
tudes. In my example, a near-copy of McProud’s amplifier, the
interstage transformer provides about 190V peak-to-peak grid
voltage to the 6AS7 output tubes. When I first pro-
posed this article to Ed Dell, his initial comment was along 
the lines of “...I will be interested to see how you drive the
somewhat difficult 6AS7 output stage....” As I remarked in my ar-
ticle, I only built this monstrosity because I had happened upon
some interstage transformers. I probably wouldn’t build it again.

2. While quality interstage transformers are fine, classic solu-
tions to high drive requirements, they are very difficult to source
nowadays, so using an active solution is a really good idea. In my
opinion, the differential amplifier—and other cathode-coupled
variants—shown by Wong is perhaps the best alternative.

The differential amplifier is, I believe, sadly under-utilized in

audio in general. It can serve as a gain stage with really good
common-mode (and power supply) rejection, as a phase splitter,
as a balanced amplifier, as a null indicator, and so forth. It has
good gain and impedance characteristics, and can be improved
even further by the addition of a constant-current source as the
cathode resistor, as Wong does in his first stage. 

In addition, one of its best features is that it provides a
second input at ground potential for the application of feed-
back, as Wong shows. This eliminates one more capacitor, as
compared to applying feedback to the cathode of a single-ended
input stage, as is frequently done. 

3. The 5687 appears to be an acceptable dual triode for
this application, although I am unfamiliar with it in practice. I
still prefer the 6SL7 and 6SN7 for almost all such applications (I
just don’t like miniature tubes). If Wong has proven to himself
that the 5687 is a more linear device, then I stand corrected.

Again, though, regardless of the tubes employed, I think
Wong’s circuit is a marvelous way of developing the high drive
voltage required for the low-µ output stage, be it 6AS7s,
6C33C-Bs, or other choices. I will probably breadboard his cir-
cuit to try it myself!

4. In general, I agree with Wong that the use of positive
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feedback is difficult to implement at best—I have built far too
many [inadvertent] oscillators in my time, and don’t care to
tempt fate by deliberately introducing positive feedback into an
otherwise stable circuit.  

CIRCLOTRON
My notes in GA 4/00 on selection of
the load impedance for the 6AS7/6080

bootstrapped amplifier when compared to
Monny Nisel’s amplifier are incomplete
(Letters, p. 62). I somehow managed to
overlook that his amplifier uses the Cir-
clotron circuit (Fig. 6).

The Circlotron has an important advan-
tage when compared to an ordinary push-
pull amplifier. The output tubes are dri-
ving the load in parallel rather than series
as they do in common push-pull. That
means the output transformer required to
properly match to the load needs to be just
one-quarter of the impedance of that used
in the common push-pull configuration.
His amplifier using a 1kΩ load impedance
translates to a 4kΩ load impedance if it
were in the common push-pull hookup.
The advantage conferred here is that it is
easier to build a good output transformer
as you lower the impedance.

Since nothing comes free, there is as
well an important disadvantage. The Cir-
clotron needs two identical high-voltage
supplies. Also, the amplifier output must
drive the stray capacitance of the power
supply. Luckily, output is taken from the
cathodes, which are a low impedance
drive point. With enough power triodes,
you can drive a loudspeaker directly with-
out an output transformer.

Power transformers with the required
two HV windings and output transformers
with matching impedances of one-quarter
that commonly found have never been eas-
ily available as standard catalog items. As
a result, few amateurs or experimenters
have tried this kind of circuit. That in-
cludes yours truly. Perhaps next year?

John L. Stewart
King City, ON 
Canada

HELP WANTED
I have four ribbon horn tweeters from
Decca, or more precisely, the “Decca Lon-
don Horns.” Where can I find replace-
ment ribbons? Money is not an issue. 

Harry Timmerman
HTI@joco.nl

Several years ago, we published an article by a man whose
hobby is rebuilding microphones—including ribbons. He had a
method of finding industrial-type film, aluminum sputtered,
which he formed in a jig and installed in ribbon mikes. I don’t
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know whether his current address is valid or whether he can
help, but you might try him and learn to make replacements
yourself. His address is: David Royer, 628 W. Amerige Ave.,
Fullerton, CA 92632. −E.T.D.

I have acquired a valve TV and need a
schematic. I cannot find anyone who can
help. The set is an HMV Boston Model PP-
AE.

Peter Laurence
laurence@intercoast.com.au

I have a tube preamp made by GSI musi-
cal electronics model 5tp. In my search, I
have been informed that the company no
longer exists. Where can I locate a
schematic or any available information
on this unit? 

Scott Cromwell
kronell@wans.net

Where can I find the Quad Cap for the Dy-
naco MkIII mono amp? Is there an accept-
able replacement? I’m also looking for a
diagram on how to add a second bias ad-
justment to individually adjust the tubes.

D. Sherfy
thx1326@swbell.net

I am looking for someone—preferably in
California—who can modify my Dynaco
ST-70 per Norman L. Koren’s article in GA
1/92 (“Modifying the Dynaco ST-10 with
Triode Mode”).

Alberto Sarmiento
2837 Galena Ave.
Simi Valley, CA 93065

I’m searching for a cabinet builder for a
vintage pair of Tannoy 12″ dual con-
centrics. Might you be able to recommend
someone?

D. Milch
dmilch@bellatlantic.net

Which of the various types of phase split-
ter circuits is the one also known as a
“Loyez” phase splitter? This seems to be a
colloquial term for one of the types that
uses a double, or two single, triodes. If it
is not a commonly known type, then I
would be most interested to see a basic
sketch of its circuit, as may other readers.

Chris Logan
1/14 Brodie Street
Paddington
N.S.W. 2021
Australia

I am looking for PSpice models on valves,
especially small-signal types such as
ECC81/82/88 which I can import into Mi-
crosim 8 in order to simulate in a hybrid
design of my own. I have managed to pro-
duce the symbol and the template within
the software, but now need the subcircuit
information to go with it. I have found
several relevant references to previous ar-
ticles in GA on the Web, so I know there
must be something out there. ❖

Paul Bailey
Paul.Bailey@theseed.net

Readers with information on these topics
are encouraged to respond directly to the let-
ter writers at the addresses provided.—Eds.
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As featured in Audio Reality
By Bruce Rozenblit
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Book Reviews
GEC Audio Tube Data
Reviewed by Larry Lisle

GEC Audio Tube Data: Data and Ampli-
fier Designs KT66, KT77, & KT88, 
Old Colony Sound Lab, PO Box 876, Peter-
borough, NH 03458, (603) 924-9464, 
FAX (603)924-9467, e-mail custserv@
audioXpress.com, $16.95. BKAA46

It wasn’t that long ago, back in the “gold-
en age,” that the only tube manuals most
people knew about were the RCA and the
GE. They were the ones sold or given
away by your friendly neighborhood tube
and electronic parts distributor (Remem-
ber them?). If a tube wasn’t in one of
those manuals, we never thought about
using it, which was why RCA and GE
made their manuals so widely available in
the first place!

Well here’s at least one way in which
the present “silver age” is superior:
There’s a lot of tube data readily available,
thanks to the efforts of the publishers of
reprint editions. Of course this material
was around in the old days, but it didn’t
do us any good if we never heard of it.

An excellent example of a reprinted
tube data book is GEC Audio Tube Data.
It begins with a preamble, written in
1979, comparing audio valves to semi-
conductors. I knew some of this informa-
tion, but there was some I had never
read before.

EUROPEAN STYLE
The book continues with specifications
for the KT66. If you’re not familiar with
European tube data sheets, you’re in for a
surprise. The American manuals just
don’t compare. For example, not only is
total distortion provided under various
operating conditions, but intermodula-
tion distortion information is listed as
well—and the method is specified. No less
than eight sets of curves are included for
just one tube type.

GEC Audio Tube Data continues with
several complete amplifier circuits for the
KT66. It provides complete data, curves,
and parts lists for the circuits as well! If
you don’t happen to have a couple of
KT66s on hand, the book offers plenty of
ideas that can be used with other tubes.

The next section follows the same for-
mat in 38 pages of data for that wonderful
tube, the KT88. I’ve long been a fan of the
6L6 and its relatives when it comes to
beam tetrodes, but to think that no one
could improve upon them in the years
after their introduction (in 1936) isn’t a
good bet. The KT88 is still in production

and probably will be available for a long
time.

There is too much information in this
book to cover in detail, so I’ll just mention
a cute little 30W ultralinear amplifier that
produces only 1% distortion with no feed-
back. A complete description of the cir-
cuit is given, along with a parts list.

One aim of the European tube books is
for the hobbyist to build—and be happy
with—circuits using the manufacturers’
tubes. The circuits tend to be easy to make
without much in the way of test equipment
and without hard-to-find components.

I DIDN’T KNOW THAT
A number of other circuits are also de-
scribed, including a 400W giant that uses
multiple pairs of output tubes. Interest-
ingly, the book points out that, with in-
creasing pairs of output tubes, it becomes
easier to balance the current between the
halves of the push-pull circuit. I never
thought of that.

These days, there’s a lot of interest, es-
pecially among amateur radio operators,
in “old fashioned” AM transmitters and
good audio. This book might be exactly
what they’re looking for.

The section closes with an appendix
on intermodulation in ultralinear ampli-
fiers. Did you know that the triode con-
nection doesn’t give the lowest inter-
mods, except below 10W? I didn’t. I
haven’t done anything with ultralinear
amps in a while but I’m going to have to
look into this.

The section dealing with the KT88 is
followed with similar information on the
characteristics of the KT77. Following
this, though, is information on the PX4
and the PX25 triodes. Information on
these tubes is just not available in a lot
of places! In fact, information on any of
the tubes mentioned is certainly not
common. 

Sooner or later, this little book will
also go out of print. You might not be in-
terested in building a push-pull KT88 or
a single-ended PX25 amplifier now, but
you might be kicking yourself later on if
you don’t pick up a copy of GEC Audio
Tube Data while you can. ❖
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Modern High-End Valve Amplifiers
Reviewed by Larry Lisle

Another very interesting modern book
about tube amplifiers has just been 
published. It’s Modern High-End Valve
Amplifiers by Menno van der Veen 

of the Netherlands, (available from 
Old Colony Sound Laboratory, PO
Box 876, Peterborough, NH 03458,
603-924-9464, FAX 603-924-9467,
custserv@audioXpress.com, $59.95).

This book has a different slant
than many tube amp books, empha-
sizing the use of a toroidal output
transformer, but most of the materi-
al applies to conventional IE core
transformers as well. The wealth of
material here about transformers is
not available elsewhere in such a
readable format. There’s also a lot
of math, but unless you choose to
design and build your own trans-
formers, you can skip these parts
and still understand the important
points of each chapter.  The book
also contains many circuits that
you can simply copy or analyze
from the accompanying text.

In this review I’ll concentrate on the
first part of the book, the theory part,
since I think it will be of the most inter-
est. The second part puts the theory into

practice in a number of very interesting
amplifiers for a variety of power levels
and purposes.

EARLY CHAPTERS 
The book begins with a couple of pages
about the author, who says he has written
360 articles for Dutch audio magazines,
and whose work has appeared in many
American publications, including Glass
Audio. The introduction outlines the orga-
nization of the book and states its pur-
pose as a “textbook as well as a do-it-your-
self guide.” 

Chapter 1, titled “Why Valve Ampli-
fiers?” begins with a comparison of tube
and transistor amplifiers and comes
down strongly on the side of tubes. This is
followed by a brief section that answers
the question, “How do valves work?”—cov-
ering about four pages and cutting very
neatly to the heart of tube amplification.
The author then goes on to discuss vari-
ous types of valves, why an output trans-
former is needed, and the topology of a
basic push-pull and basic single-ended
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amplifiers, and closes with a bibliography
of books and articles relevant to the chap-
ter. A complete bibliography is also found
in the appendix.

In Chapter 2, which discusses output
transformer specifications, the author
does an excellent job of making a com-
plex subject quite understandable and re-
ducing the specifications sheet to the fol-
lowing: the turns ratio, the primary induc-
tance, the primary leakage inductance,
the effective internal capacitance of the
primary, the total resistance of the prima-
ry winding, and the total resistance of the
secondary windings. He closes with spec
sheets of transformers he has designed,
which will be used in circuits in later
chapters.

Chapter 3 starts with a description of
the variable nature of loudspeaker im-
pedance. The author continues with a
discussion of triode, pentode, and ultra-
linear configurations and the effect of
these on plate resistance. He then ex-
plains the damping factor in a very clear
and concise fashion. If you’ve wondered
about damping factor but been afraid to
ask, the answers are here. The chapter
concludes with a discussion of the –3dB
high-frequency limit. The author shows
it’s dependent on the tube configuration

(triode, ultralinear, pentode) and speaker
impedance.

MATH SKILLS
Chapter 4, “The Output Transformer in
the Complex Domain,” is just as complex
as it sounds, but van der Veen does an ex-
cellent job of making the material usable
by the average DIYer. He starts by show-
ing the current through a coil, such as a
transformer primary, produces an oppos-
ing current. He then explains real and
imaginary components at different fre-
quencies, phase angles, and different
phase distortions. 

A phase difference in the sound com-
ing from a speaker system that’s the same
at all frequencies is of no concern (we’re
not talking feedback here); it’s when dif-
ferent phase responses occur at different
frequencies that problems arise. He says
that, with a good transformer, this won’t
happen until well above the audio range,
and you won’t notice any degradation of
transient behavior. However, in the real
world there are some limitations: with
pentodes, errors may just creep in at the
upper end of the audio range; in the ultra-
linear mode it is still possible to stay in
the error-free domain if you use the prop-
er coupling; the best behavior is obtained
with triodes or triode-configured tubes.
I’ve never read a better presentation of
this material than the author provides
here.

For light reading, turn to Chapter 5 for
“Frequency-Domain Calculations for
Toroidal Output Transformers.” The au-
thor really gets into the math of trans-
formers. Although he uses only algebra,
the equations become quite complex, and
he recommends the use of a computer for
complete solutions. He also suggests
some simplifications that will give good
approximations. It’s well to remember
that you don’t always need to solve equa-
tions to get information from them. Just
knowing that increasing “this” causes
“that” to go down, for example, is often all
you need to know.

Chapter 6, “Theory of Overall Negative
Feedback,” is full of information, but,
again, there’s some serious math in-
volved. Here’s a sample of what you can
calculate: How the phase splitter and pre-
amp can significantly restrict the frequen-
cy range to less than that obtainable
when only the output tubes and trans-
former are considered; how a given
amount of negative feedback changes the
transfer function; how stabilization in the
frequency domain prevents ultrasonic os-
cillation; and how series grid resistors re-
ally work.
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FINAL CHAPTERS
Chapter 7, “Output Transformer Low-Fre-
quency Tuning,” considers the low-fre-
quency behavior of a tube amplifier. This
is an important chapter. Although
there’s some math, you don’t need to
solve the equations to understand the
main points. 

Did you know that if you use a trans-
former with a very large primary induc-
tance, the bass actually might sound
weaker? This is because there’s less dis-
tortion in the bass with a large trans-
former, and bass distortion has a different
effect on our ear/brain system than does
mid- and high-frequency distortion. The
author leaves it to you to decide whether
extra harmonics of low bass tones are de-
sirable or not, but points out that you
should never use oversized transformers
with guitar amplifiers because the warm
sound character produced by a trans-
former with a small primary inductance
is a major factor in producing the specific
guitar sound. If you like bass, you’ll need
to read this.

In Chapter 8 the author describes “Spe-
cial Output Coupling Techniques” and
deals with special transformers, such as
those with cathode feedback windings,
separate screen grid windings, and unity-
coupled transformers, and how to use
them.

Chapter 9, “Single-Ended Toroidal Out-
put Transformers,” will be of great inter-
est to many readers, but contains a major
gaffe in a circuit diagram: a 300B is
shown with a cathode. I’m sure the author
is aware that a 300B contains only a fila-
ment, grid, and plate, so perhaps he uses
the cathode symbol as a kind of short-
hand or stylized way of drawing a
schematic (the cathode resistor and ca-
pacitor being connected to an imaginary
cathode for clarity, instead of to the cen-
ter tap of a transformer or resistor across
the filament). Maybe it’s just a gaffe that
snuck in while the book was in produc-
tion and nobody caught it. 

In Chapter 9, the author designs an am-
plifier output stage using a 300B. If you’re
planning to build such an amp, this mate-
rial can be very useful, since everything is
presented clearly. “With the calculation
tools given here, you can choose any com-
bination (of parameters) you like.” He
then discusses the design of a trans-
former for single-ended output stages and
says the factors obey the law of “conserva-
tion of aggravation” because most of the
factors represent diametrically opposed
requirements.

The author then extensively discusses
low-frequency behavior, high-frequency

behavior, high-frequency behavior and
fine-tuning, insertion loss, maximum al-
lowable primary direct current, and, fi-
nally, phase distortion and differential
phase distortion. This is well worth read-
ing if you’re planning any single-ended
amplifier projects.

The rest of the book is devoted to build-
ing practical amplifiers; including both

high-end and guitar applications. There is
a wealth of information on practical de-
sign and construction that will be of bene-
fit to anyone building amplifiers. This is
an excellent book and will be useful
whether you are considering using
toroidal transformers or plan to stick with
conventional models. ❖
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Audio Aid
Improving DVD & Video Performance

I recently bought a budget Sony DVD
player, connecting the sound directly to
my stereo preamp. In an effort to obtain
all that the DVD player could offer, I did
the following:

1. Applied lead foil to the tops of the RF
shielding cans covering portions of the
DVD player circuitry and adhered a
damping layer inside the metal cabinet.
This removed vibration-induced hash
from high-frequency audio.

2. Reconverged the tube of the 27″ Zenith
color TV to improve sharpness.

3. Studied the schematic for the TV set—I
have always received excellent treat-
ment from the Zenith service person-
nel, who offer very good literature at
fair cost. This material also documents
the adjustment of the gun cutoff volt-
ages and gains, using the remote in
the service mode. This welcome re-
source is thoroughly described in the
manual.

The picture quality of my Sony comput-
er monitor leaves commercial TV in the
dust, so, to even up the situation, it
seemed that a little tweaking in the TV set
was in order. Editor’s note: Use extreme

caution in working on a TV chassis! Make
sure the unit has been unplugged for at
least 4 hours.—Ed.

It appears that Zenith uses surface-
mount devices where possible, and elec-
trolytic capacitors where large values are
needed. Due to the well-documented
faults of electrolytics, I decided to help
them with film-capacitor bypasses.
Zenith uses electrolytics in the following
situations:

• To couple audio signals between de-
vices and to the output jacks.

• To couple video signals between de-
vices and to the high-voltage gun driv-
ers on the picture tube.

• To provide AC grounds in amplification
stages and filters.

• To filter the DC power-supply voltages.

I settled on paralleling small-value
electrolytics with 0.027µF polyester caps,
and using 0.47µF caps on the large elec-
trolytics, to simplify my Digi-Key order. I
used 300V caps for the high voltages at
the gun drivers. I don’t have the skill to
remove and replace components from del-
icate foil traces, so I leave that option to
more adept readers.

I drew up a list of subject caps from the
schematic and removed two PC boards
from the set. I carefully identified the
electrolytics and soldered their helper
caps onto the back of the boards, which I
then reinstalled. So far, everything was
fairly easy, if painstaking.

I carefully reconverged the picture
tube. If you don’t have a test-pattern gen-
erator, DVDs that serve the same purpose
are available. I always end with converg-
ing one dot in the center of the picture,
which I view with a 15× magnifying glass.
This close, no white dot is seen, but
rather a series of vertical bars of the three
colors.

Adjust the 4-pole and 6-pole tabs (well-
documented in your service literature) to
line up the bars and give them equal
height at the same locations in the dot
(an ellipse, up this close). Tweak the
focus control, then button up the set.
Now you can adjust the usual options,
such as tint, color intensity, and bright-
ness, using the remote from the comfort
of your couch.

Is this all worthwhile? For the audio,
a very strong yes. Music and voice, even
over the set’s own speakers, are very 
enjoyable, free from hashy highs and
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spitty voices, and containing enough
musical overtones to give a hint of high-
end sonics.

For the video, a resounding yes. Al-
though the Zenith is still not a computer
monitor, stunning gains are present.
More complete realization of the broad-
cast television standards makes for a de-
lightful picture as viewed from a sofa. Pic-
ture sharpness is hugely improved, and
colors are rendered with delicate shad-
ings and hues. Details are clear and crisp,
particularly on the black/white DVD ver-
sion of “Casablanca,” but also on broad-
cast program material, a big winner from
these changes.

This has been a great adventure—easy
and inexpensive to achieve—and has re-
sulted in picture and sound quality only
surpassed by very expensive moni-
tors...and HDTV. ❖

Darcy E. Staggs
Orange, Calif.
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New Chips on the Block

The Analog Devices AD1885 AC’97 en-
coder-decoder (codec) is bundled with
third-party applications for the latest iter-
ation of its v2.0 Sound-MAX motherboard
sound system. The AD1885 provides
stereo analog I/O on PC motherboard
and peripheral devices as part of a high-
quality PC audio signal chain. The
AD1885 includes high-fidelity A/D, DAC,
and sample-rate converters, as well as
power amplifier and programmable gain
blocks. 

Technology from partners Sensaura
and Staccato Systems delivers more real-
istic audio for Internet, voice-recognition,
audio-synthesis, and 3D-gaming applica-
tions to the complete spectrum of PCs.
Sensaura handles the 3D positional

audio functions, employing a reverb-
based model that requires less computa-
tional power than the reflection model.
Staccato Systems supplies wavetable
audio-synthesis that supports General
MIDI (GM) and Downloadable Sounds
(DS) standards.

The AC’97 features include variable
sample rate audio, multiple codec config-
uration, and external audio power-down
control. The AD1885 has greater than
90dB dynamic range, four analog line-
level stereo inputs, a mono mike input
with 20dB preamp, two analog line-level
mono inputs for speakerphone and PC
BEEP, a high-quality digital CD input
with ground sense, stereo line-level out-
puts, and power-management support.

Enhanced features include full-duplex
variable sample rates, supported from
7040Hz to 48kHz with 1Hz resolution. Up
to three codecs can be chained on a sin-
gle 5-wire interface. Jack sense pins pro-
vide automatic output switching. A mo-
bile low-power mixer mode, extended 6-
bit master and headphone volume con-
trols, digital audio mixer mode, and
Phat Stereo 3D stereo enhancement are
also included. ❖

Analog Devices: www.analog.com or 
781-329-4700, Norwood, Mass.
Sensaura Ltd: www.sensaura.com or 
+44-20-8848-6636, Middlesex, UK
Staccato Systems: www.staccato.com or
650-254-1971, Mountain View, Calif.

AKM Semiconductor (www.akm.com)
announced three digital-audio transmit-
ters to support the emerging 192kHz dig-
ital-audio sampling rates. The chips sup-
port standard formats such as the con-
sumer audio S/PDIF and pro audio
AES/EBU. 

The AK4101 8-channel transmitter has
four RS-422 differential drivers integrated
on a single chip. This device is ideal for
digital mixers, set-top boxes, surround-
sound applications, and effects proces-
sors with multiple digital outputs. The
small 44-lead LQFP package allows for a
very space-efficient board layout. A com-

mon clocking scheme and programming
interface reduces the component count.

The AK4102 4-channel transmitter
provides two output channel pairs, an
S/PDIF, and an AES/EBU output using
only one device. The AK4103 offers a
stereo transmitter in a 24-lead VSOP
package. 

The device family allows eight audio
input formats, including IIS, Right Justi-
fied, Left Justified, and Master/Slave
modes of operation with 16- to 24-bit word
sizes. These devices, which are compati-
ble with industry-standard audio re-
ceivers, can operate with a microproces-

sor or in stand-alone hard-wired mode.
Contact Richard Kulavik at 888-256-

7364, or icinfo@akm.com for prices and
engineering samples. ❖

AKM Semiconductor AK4101, AK4102, and AK4103 
By Charles Hansen

The successful introduction of the MP3
flash player midway through 1997 estab-
lished a new digital-audio standard. It
also marked the introduction of the Mi-
cronas MAS 35xx audio processor family.

Micronas is now the world leader in MP3
decoder-ICs. Their MAS 3507D MP3 de-
coder powers many of the first-generation
MP3 players. 

Music titles compressed in MP3 format

are downloaded from the Internet onto
home PCs and, from there, transferred to a
portable MP3 audio listening device. The
MP3 player has an integrated or plug-in
flash memory chip with a capacity of 32 or

Analog Devices AD1885 Codec
By Charles Hansen

Micronas MAS 3509D MP3 Decoder 
By Charles Hansen
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64MB. This is sufficient for a playing time
of 30 to 60 minutes. The compressed data
is decoded and played back in real time.

The latest Micronas codec, the MAS
3509F, adds several capabilities. It inte-
grates the D/A converter, headphone-out-
put amplifier, S/PDIF I/O support, and
clock-generator circuitry that previously
required the separate DAC 3550A chip. A
DC/DC converter provides dual supply
voltages that you can independently con-
figure within a 2.0 to 3.3V range. The con-
verter includes a programmable-thresh-
old, low-battery (<0.9V) warning indicator.

Unlike the earlier chip, the MAS 3509F
also encodes analog mike and stereo-line
inputs to a 16-bit A/D adaptive-differential
PCM stream with 60dB signal-noise ratio,
which Micronas calls FM-radio quality.
(The quality-limiting Secure Digital
Music Initiative, SDMI, prevents higher
fidelity.)

The MAS 3509F runs up to 70MHz with
a lower average power consumption of
65mW, and dynamically scales its RISC
and DSP CPU core operating frequency to
the incoming sample rate.

Micronas’ “Perfect Audio” covers a set
of various baseband features to enhance
audio quality. Thus, the MAS 3509F is
equipped with a virtualizer (pseudo-3D

sound synthesis), an equalizer (paramet-
ric or 5-band graphic), dynamic bass
boost, and automatic volume control. 

Micronas supplies IC products and
software for the key digital-audio coding
processes and associated applications.
Table 1 lists the IC products that are cur-
rently available. You’ll find more detailed
information in the individual product de-
scriptions at www.micronas.com.

In response to the continuing minia-
turization of equipment, Micronas also
supplies its digital-audio ICs in a particu-
larly small housing (ball grid array,
BGA).

The chief applications for Micronas’
video and audio IC families are television

receivers, covering a broad performance
range:

MP3 devices—MP3 players with a flash
memory (Smart Media Card, MMC,
Compact Flash Card), Clik! (Iomega),
or Microdrive, audio home servers.

MP3 integration in existing devices—e.g.,
CD players, mobile telephones, car
radios, in-seat audio systems for
cars, minivans, and public transport.

Voice recording and playback—lan-
guage trainers and electronic dic-
tionaries.❖

TABLE 1
AUDIO DECODERS
MAS 3507D MP2/3 decoder, voice codec
MAS 3509F Single-chip MP3, AAC decoder, 

voice decoder, A/D and DAC
integrated Dolby Digital decoder

MAS 3528E Decoder for AC3 and MPEG-1 
layer 2, A/D, DAC, power
management G.729 codec

MAS 3504D G.729 encoder/decoder

D/A CONVERTER
DAC 3550A D/A converter IC for data rates 

from 8–50kHz

TD–15  15” LF Driver

Many other models available...Complete specs and 

product information online at www.lambdacoustics.com

UNITY HORN

The entirely new Unity multi-driver

approach to HF horn design yields

super low distortion, extreme high-

efficiency, and a natural presenta-

tion quality that has to be heard to

be believed.

With the patent-pending Unity

design, traditional horn colorations

are no longer an issue! Visit our

website for detailed technical info

and application notes.

Speakers always were the hardest 

part of building a good tube audio system…

PO Box 971, Melbourne, FL  32902

321-751-9750 • 321-751-9751 fax

96 dB@1W, 8 ohms

20 Hz-4kHz

Copper Faraday motor

Pro-grade paper cone

Explosive dynamics!

20mm+ Xmax!

Handcrafted in the USAWe’re making it easy.

110 dB/1W, 8 � nominal

300-22000 Hz +/- 3 dB

LAMBDA ACOUSTICS   

NOW YOU CAN

ADVERTISE ON OUR

WEBSITE RESOURCE PAGE

LISTINGS ARE AVAILABLE

TO PRINT ADVERTISERS

IN audioxpress
See page 107 for more 

information!
Don’t Miss Out! 
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VENDORS
High-End phono, line, poweramp, crossover
kits, ladder attenuators, audiophile components.
www.borbelyaudio.com

SERVICE/ALIGNMENT and operating manu-
als, $12.50; many original parts. Expert restora-
tion/repair service. “The Fisher Doctor”, Al
Pugliese, 27 Daleham St., Staten Island, NY
10308, (718) 948-7489, AOL: “FISHERDOC.”

The LP track carries both stereo channels vs.
alternating pits on the CD. The LP remains su-
perior with “tight coupling for audio,” $15; using
an “OTL amplifier circuit,” $35; driving efficient
“Bass Horn” plans, $50. Visa, MC. STEEN
AUDIO LAB, PO Box 2185, Vancouver, BC
V6B 3V7, CANADA.

AD INDEX
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Affordable Loudspeaker
Testing for the Hobbyist.
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(516) 249-9632

Electrostatic
Loudspeaker
Components &

Information
Parts for the DIY ESL

Enthusiast
From: Barry Waldron's

ESL Information eXchange
2820 Miller Way

Placerville, CA 95667
(530) 622-1539

Website: www.jps.net/eslinfo.

WE MOVE AIR DIFFERENTLY!
This new driver technology generates 
accurate, high definition bass. These 
efficient Compound Drivers couple 
more effectively with the air in your 
listening environment than a similar 
diameter conventional subwoofer. 
For design details and specs go to:         

www.codrive.com
18 Johns Lane, Topsfield, MA 01983
ph:978-887-8899 fx:978-887-3732

Pure Silver Cables
Finest Quality - Amazing Prices - D.I.Y. Projects

www.homegrownaudio.com
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All types of audio tubes. 300B 6DJ8
ECC81 ECC83 KT88 Mullard GEC
Sylvania. Discount for large quantity.
Minimum order £100 Export (£50UK)
Billington UK. Tel (0)1403 784961.
Fax (0)1403 783519.
Email/website www.bel-tubes.co.uk

Senior Transducer Engineers
Pioneer Speakers, Inc. in San Diego has immediate openings for
experienced transducer engineers. Responsibilities include design-
ing transducers and managing projects from prototyping through
production. Requires experience with advanced, computerized
speaker analysis and modeling software, background in project
management, strong knowledge of materials, and excellent commu-
nication skills. BSEE, BSME or equivalent and minimum 5 years ex-
perience in the design, development, prototyping, testing and man-
ufacturing of loudspeaker transducers. We offer competitive salaries
and a benefits plan that includes health and life insurance and 401
(k). Reply with resume, including salary requirements, to:

Pioneer Speakers, Inc.
Attn: Human Resources
132 Mile of Cars Way
National City, CA 91950
Fax: (619) 477-1702
Email: hr@pioneerspeakers.com EOE

Assistant Transducer Engineers
Pioneer Speakers, Inc. in San Diego has immediate openings for as-
sistant transducer engineers. Responsibilities include assisting in the
design and development of transducers and components, building
loudspeaker samples, performing acoustical tests and analyzing test
data, producing component drawings, BOM's and other documents,
and the management of design projects from prototyping through pro-
duction. Requires experience with CAD, computerized analysis and
simulation. BSEE, BSME or equivalent, minimum 3 years experience
in audio, and excellent communication skills. We offer competitive
salaries and a benefits plan that includes health and life insurance
and 401(k). Resume and salary requirements to:

Pioneer Speakers, Inc.
Attn: Human Resources
132 Mile of Cars Way
National City, CA 91950
Fax: (619) 477-1702
Email: hr@pioneerspeakers.com EOE
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YARDSALEFOR SALE
Wool batting for audio insulation. Measures
18″wide × 3′long, 4-6″thick. $12/1lb, $23/2lb
plus S&H. Contact (540) 254-6691 or rebecca@
crescentmoonfibers.com

Tubed Altis D/A, latest modifications by Jerry
Ozment. Warranty, $2,200. 610-291-5339.

AMPLIFIER SCHEMATICS: 7 class A schemat-
ics for $12 U.S. or 3 class AB schematics for
$8, send payment by check to: Jean Tarzi,
5894 Grande-Allée, St-Hubert, P.Q. CANADA,
J3Y-1B3

WANTED
TUBE HIFI, HORN SPEAKERS, and HIGH
END. Altec, Marantz, JBL, Mcintosh, Elec-
trovoice, Fisher, Scott, Dynaco, Leak, Eico,
Audio Research, CJ, Quad, Bedini, etc. Sonny,
Phone: 405-737-3312 Fax: 405-737-3355, 
sonnysound@aol.com.

Classifieds
Continued

1. For subscribers only. Include your account number with

each personal ad submission.

2. This service is for subscribers to sell or find audio-related

personal equipment or supplies. Submissions not related to

audio will be discarded. Businesses, organizations, and non-

subscribers should contact the advertising department to

place their paid ads in the classified advertising section.

3. All personal-ad submissions must be printed out via type-

writer or computer. Illegible or questionable submissions will

be discarded.

4. We will not be responsible for changing obvious mistakes or

misspellings or other errors contained in ads.

5. We will not handle any submissions over the phone.

6. Please do not call to verify acceptance, or inquire about the

status, of your submission. We cannot personally acknowl-

edge receipt of submissions.

7. It is entirely up to the magazine’s discretion as to when your

free ad will appear. 

8. Each ad submission will be used one time only. It will be dis-

carded after publication.

9. Maximum 50 words (no accompanying diagrams or illustra-

tions or logos will be used). Submissions over 50 words will

be discarded. A word is any collection of letters or numbers

surrounded by spaces.

10. Each submission must be clearly addressed to “Yard Sale”.

11. Submit your ad to audioXpress, Yard Sale, PO Box 876,

Peterborough, NH 03458. Or send by Fax to 603-924-9467

(Please be advised that smudged, illegible faxes will be dis-

carded.) Or, by E-mail to editorial@audioXpress.com.

12. Noncompliance with any of these guidelines will result in your

free personal-ad submission being refused for publication.

Yardsale guidelines
To publish your free personal ad in audioXpress, simply follow these guidelines:

www.audioXpress.com

WANTED
Schematics of Ron Sutherland amplifiers, Audio Re-
search LS5MKIII, LS16, and LS25, AR Reference
Phono and PH1, Convergent Audio Technology SL
1, and Ultimate. Will pay for copying, handling, and
postage. If you have the above or other interesting
schematics of high-end equipment, please make 
an offer. Reinhard Hoffmann, Wiembecker Str. 1,
32657 Germany, FAX 05261 87586, e-mail:
in.audio@t-online.de. 

FOR SALE
NOS Tubes: RE-604, AD-1/Ed, EB-III, PX4/25,
KT-66, KT-88, EL-34, RGN-2004/2504, and so
on. Klangfilm poweramps KL408/502, KL402,
KL32609 (RE-604PP + RE-304SE) KL-711
(ED/PP), Eq.: KL-002 (Neumann SEV2!), KL-RZ-
057 (all phonocurves), Maihak V41 (best micro-
phone tube pre amp ever), Telefunken V-74 tube

microphone pre amp, Neumann MC-input trans-
formers, Germany, FAX +49 6544-990715, e-mail:
old.school@t-online.de.

Musical Fidelity X-24-K DAC—used 2 mos., $300;
X-PSU power supply—used 2 mos., $150; X-CANS
Headphone Amp, never used, $200. Shipping not in-
cluded. All three for $600. All include original manu-
als, boxes, and accessories. Chris, (918) 663-9565
or HAL84CH@cs.com.

Tube amplifiers: Stromberg 21, 22, AU36, Bogen
M120, Challenger. DuKane 1A360, 435, 475, S/S
803 with 5-mike mixer. School system, 120W
AM/FM tape tone alert call back, 1931 Class-“A”
final stage uses 845/866s DuKANE 13-mike mixer.
Send SASE Edward Scribner, PO Box 279,
Schoharie, NY 12157, (518) 295-8819.

A private collector sells a few thousand fine and rare
tubes. Send $5 for catalog and postage to M. Hall,
62 Bombar Rd., Toronto ON M1C1C9, Canada,
(416) 282-0358.



Glass Shard
Taming High Line Voltage

During my efforts to restore an old Har-
man Kardon stereo amplifier and a couple
of old H.H. Scott mono integrated amps, I
noticed that all of my voltage measure-
ments were consistently 5–10% higher
than in my schematics. This was a con-
cern to me because those old power-sup-
ply capacitors are under plenty of stress.
After a quick bit of detective work, I identi-
fied my home’s line voltage as the culprit.

I monitored my line voltage for a week
and discovered that it consistently ran at
121–123V AC. This is significantly higher
(about 5%) than the 115–117V AC line volt-
ages common in the 1950s. So I was deter-
mined to find a way to lower the line volt-
age supplied to my amps. (All of my
schematics indicate that the measure-
ments were taken with a line voltage of
117V AC.)

WIRING SOLUTION
My first thought was to use an auto trans-
former to drop the 123V AC to 117V AC;
however, these are heavy, hard to find,
and expensive. A Variac is an alterna-
tive, but I certainly wasn’t going to dedi-
cate one to this application. The approach
that I came up with is simple, elegant,
less expensive, and much lighter.

My solution was to wire the output of a
6.3V AC 20A filament transformer in se-
ries with the line voltage, making certain
that it was in reverse phase with the line
voltage (Fig. 1). By wiring the transformer
output in series and reverse phase, the

line voltage is reduced by an amount
equal to the filament transformer voltage.

Select the filament transformer output
voltage and current rating to suit your
needs. The primary winding of the fila-
ment transformer does not need to be
rated for the full current load, just the sec-
ondary. (This cuts down the weight.) My
transformer had a center tap so I could
have used it to drop the voltage by 3.5V
AC instead.

I added a line cord, a switch, and a
GFCI receptacle to a small electrical
breaker box to complete the project. The
end result is a 6–7V AC reduction in the
line voltage. My vintage amplifiers are
now supplied with 115–116V AC, and I am
sleeping much better.

CAUTIONS
The transformer should be of good quality
and must be overrated for the application
so that it doesn’t become hot. All of the
components in my voltage conditioner
are rated for 20A with the exception of the
line cord, which is rated for 13A. Al-
though I don’t expect to ever pull more
than 10A from the supply, I will be replac-
ing the cord with a 15A one.

Watch out for transformers that hum.
My transformer has a very low hum that
is barely audible. Encasing it in the heavy
steel breaker box has virtually eliminated
all traces of the noise.

The switch and the fuse or circuit
breaker are optional; however, I recom-

mend that you use a fuse if your filament
transformer is rated for less than 15A
since you can’t expect your home’s 15A
circuit breaker to protect it. You could
also add electrical noise filters and a
neon lamp wired to the GFCI receptacle.

I think the GFCI receptacle is essential
even though all of my old amps have only
two-wire plugs. It is a good idea to replace
those old unpolarized two-wire cords with
modern two-wire polarized cords. If neces-
sary, rewire the amp’s switch, fuse, and
transformer so that there are no breaks in
the neutral conductor. I like to put the fuse
in the circuit first, ahead of the switch. ❖

Michael Sciascia
Livingston, N.J.

TO 6.3V
10--20A

OPTIONAL,
SIZED APPROPRIATELY

HOT

NEUTRAL

GROUND

BLK

WHT

GRN

115--116 VAC
OUT

OUTLET

TO
POWER
CORD

122-123 VAC IN

G-1692-1
*FUSE RECOMMENDED FOR
TRANSFORMERS
RATED LESS THAN 15 AMPERES.

oo

F1

FUSE*

SW1

SPST

1 2

TR1

120VAC

J1

GFCI

FIGURE 1: Line voltage conditioner.

Sound Clearing House

130-page Online Catalog
Other High-Quality Kits Available

www.speakerpage.com
1-888-3-SPEAKER

Kit K05C22
• $110 basic kit
• Vifa parts
• Assembled 8-element

crossover

 Center
Channel
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Test Tracks

Featuring reader-submitted music selec-
tions used to test audio systems.

1. Taj Mahal, Recycling the Blues and
Other Related Stuff, Columbia 31605
(LP), “Texas Woman Blues,” “Sweet
Home Chicago,” “Cakewalk in to Town.”  
This is my favorite recording for judging
the natural reproduction of the human
voice. The Pointer Sisters provide back-up
vocals on the first two tracks, and Taj ac-
companies himself with only a resophon-
ic guitar (“Sweet Home Chicago”),
acoustic bass (“Texas Woman Blues”), or
tuba (“Cakewalk in to Town”). The sparse
arrangements allow you to easily hear the
quality of the voice or instrument being
reproduced. The acoustic bass is great for
judging bass response and speed.

2. Cassandra Wilson, Blue Light ’Til
Dawn, Blue Note CDP 0 777 7 81357 22
(CD), “Come on in my Kitchen.”
Today’s best jazz vocalist? I love the
unique quality of her voice and the very
unusual instrumentation on this break-
through CD. In addition to Cassandra’s
voice and hand claps, I listen for the re-
production of the acoustic bass, tran-
sients of the plucked mandolin, and im-
pact of the drum tracks on this fine
Robert Johnson cover.

3. Leon Parker, Belief, Columbia CK
67457 (CD), “Close Your Eyes.”
Another spare instrumentation (acoustic
bass, alto sax, and drums) allows you to
clearly hear how natural the reproduction
is. Can you identify when Leon switches
to playing with his hands during his short
drum solo?

4. Ricki Lee Jones, Pirates, Warner Bros.
BSK-3432 (LP), “We Belong Together.”
Dynamics! The soft to loud range on this
track is a challenge for hi-fi audio sys-
tems. The explosive drum break and cym-
bal crash are some of the most realistical-
ly recorded percussion I’ve heard.

5. Hampton Hawes Quartet, All Night
Sessions, Volume 1, Contemporary
OJCD-638-2 (S-7545) (CD), “Jordu.”

This is the first of three volumes from a
legendary ’til daybreak LA recording ses-
sion with Jim Hall (guitar), Red Mitchell
(bass), and Bruz Freeman (drums) in addi-
tion to Hawes on piano. It is very difficult
for an audio system to get piano right
with the percussive attack and decay, and
complex harmonic overtones. This is one
of my favorite piano recordings. I also like
the quality of the stereo on this recording,
which allows the instruments space with-
in a defined room.  

6. Aaron Neville, Warm Your Heart,
A&M 75021 5354 2 (CD), “It Feels Like
Rain,” “Louisiana 1927,” “Everybody
Plays the Fool.”
One of rock’s most unique and beloved
voices sings great songs by John Hiatt,
Randy Newman, and others. In addition
to the quality of Aaron’s falsetto, I like to
listen for the deep bass and Ry Cooder’s
slide guitar (“It Feels Like Rain”), massed
vocal choir (“Louisiana 1927”), and the va-
riety of percussion (“Everybody Plays the
Fool”).

7. Take Six, Take Six, Reprise 0-25670-1
(LP), “Goldmine,” “Get Away Jordon,”
“Mary.”
Who doesn’t enjoy the virtuosity and
verve of this gospel/jazz a cappella sextet?
Even though the recording is somewhat
“processed,” the vocal qualities of each
singer still come through. I listen for how
well a system can keep the six vocal lines
distinct and deliver the rhythmic drive of
these tracks. ❖

Paul Spiegal
South Pasadena, Calif.

Let’s  hear from you. Simply describe
your seven favorite pieces (not to exceed
1000 words); include the names of the
music, composer, manufacturer, and
manufacturer’s number; and send to
“Test Tracks,” Audio Amateur, Inc., Box
876, Peterborough, NH 03458. We will pay
a modest stipend to readers whose sub-
missions are chosen for publication.
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Testing 
Loudspeakers
by Joe D’Appolito

The most comprehensive book 
yet on the subject of loud-
speaker testing. Author Joseph
D’Appolito, loudspeaker design-
er and consultant and frequent
contributor to Speaker Builder
magazine brings his consider-
able experience and knowledge
to the professional loudspeaker
designer. More than a simple
“how-to” approach, the book
demonstrates the principles in-
volved in loudspeaker testing by
specific examples.
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