
RID YOUR SYSTEM OF SOGGY, FUZZY BASS

Continuing Audio Electronics, Glass Audio & Speaker Builder

www.audioXpress.com

UPGRADING
A QUALITY

SLEUTHS MUSICS 
DISTORTION ILLS

BUILD THIS 

BIC, 
AUTHORITATIVE 
HORN SYSTEM

AMP ACROBATICS 
IN FULL COLOR

—— ... .. .

A Taf

Quality
Microphone 
Preamplifier

(CONSTRUCTING 

A STEREO FM 
GENERATOR

BW ■ 
FIGHTS OFF MORE 
AMP DISTORTIONS

EM STEREO SIGNAL GENERATOR

aflipjjfji 
circuiti

electronic 
circuit 
action

http://www.audioXpress.com


yAy darling, 
you ever leaye 
7 xue again?

MEET’S
—Svetlana

The finest audio power tubes in the world are available again 
in the US and Canada, exclusively from PM of America, Inc.

Svetlana
www. svetlanausa .com

PM
1687 Shelby Oaks Drive / Suite 8 / Memphis, TN 38134 / 901-388-2424 / fax 901-388-2405



The Art of Connection

£ Pole terminals 
in prime shape

Signolure Gold and Signature Plotin;
The new tap cofetlicn of WBT teifiiinJi ha: arrived' The ulhn'inrte 
in form emd forKlian. Ask for the now Signature wriea WBT07D2.

WBTU5A • 2752 SoJh IWfe • Ogden Utah MWl

MI-621-5530 * lax BO1-627-69B0 * www wbtjsp.c&m

**WBT
The Art of connection

Model Simple Termination!

adaptable corti clamp ins«rt

•f Î 7 'J
I t i

terminal tunnels- end hotas

triple plated contati*

contact 
Ung

collar, 
l.loul

cóiTibntabon head; 
stai and *2 Philips

1 audio grade IEC
15 amp/HS volt - 10 ampI25O volt

At last, the connector the world has been waiting tor 
has arrived! Two years of development have produced 
a superior IEC connector specifically for audiophiles.

BLUE STAR 
AUDIO GRADE‘

The WATT GATE 350 features
■ Prrma-LotXru internal contacts feature heavy-duty 

construction for a secure grip on components.
■ Sunpie, Fast installation.
• Adapts to most power cables with diameters from 

0.300" {7.62mm) to 0.655" (16.63mm).
* Durable polycarbonate rear housing (available in black or clear}.
• High-tcmperaturt (root housing.
■ In addition, we add our three-layer plating process:

(1) Oxygen Free Copper (2) Electroless Nickel (3) 24 k Gold

Alien you sw BLUE 8TAH AUDIO OHADE^, you see Hie best'

For more intormtition or a dealer near you, please contact us. 
Distributed by heaiEhrmk.com

WATT GATE-
2752 South 1W0 West - Ogdgfl Utah 34401 

phone 801-621-1501 - lax 801-627-0900 
www.wartgarc.cout

WATT GATE 320 Economy

heaiEhrmk.com
http://www.wartgarc.cout


www.partsexpres s . c o rnj

BOHLENDER GRAEBENER

CORPORATION

disT«expResS
PARTs EXr

Parts Express is pleased to bring you the latest in planar transducer technology from the Bohlender Graebener corporation. 
Years of research have led to the development of a unique line of products ranging from a 2.5-inch neodymium planar tweeter 
to a 6-foot long planar line source element. In the past, these patented drivers were only available to large manufacturers, but 
now everyone can use them to create loudspeakers of unmatched clarity resolution, and dynamic range.

RD Series
The RD line of planar-magnetic ribbon drivers 
represents the ultimate in thin film diaphragm 
technology. The RD drivers are the only 
commercially available products on the 
market that possess true line source 
characteristics. They generate a continuous 
and perfectly coupled wavefront even at the 
highest frequencies, where other discrete 
(multiple driver array) designs exhibit severe
lobing, energy leakage, and chaotic spectrum balance changes 
along the listening axes. All drivers in the RD series have 
useable bandwidths from approximately 200Hz up to 18kHz with 
an 88dB sensitivity. The optional grill socks and paintable grills 
make custom installation in walls or cabinets a snap.

SOURCE CODE: AXM

FREE CATALOG
CALL FOR YOURS TODAY!

Model # PE# Length
RD-28.1 264-708 28"
RD-40 264-706 40"
RD-50 264-702 50"
RD-75 264-700 75"

Neo Series
The Neo series planar transducers feature 
Bohlender Graebener’s latest technology 
in a compact and inexpensive package. 
The Neo series drivers differ from 
conventional dome tweeters in that there 
is virtually nothing between the electrical 
signal and the sound- just an almost 
weightless diaphragm. No wonder the Neo 
series drivers deliver clean, airy, transpar
ent sound that is inherently natural and 
musically pleasing. The Neo technology is 
available in a 3" model in raw dipole form, 
a 3" model with faceplate, and an 8" 
dipole unit. All Neo models have a 4 ohm 
impedance and a sensitivity of up to 96dB 
at 2.83V/1m.

Carver/Genesis 
Replacement 
Element
This unique planar 
element was specifi
cally designed as a 
replacement for the 
Carver planar element. 
The 48" ribbon was 
used in the Carver 
Amazing loudspeakers 
as well as in several 
Genesis loudspeaker 
models. Instructions 
and necessary 
hardware are included 
to make direct drop-in 
replacement possible. 
Mfg. Part # RD48 
PE Part # 264-704
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Neo3 Neo3FP Neo8

PE Part # Mfg # Power Handling Frequency Response Dimensions (L x W x D)
264-718 Neo3 20W 2,000-20,000 3-1/2" x 2-5/8" x 1/2"
264-720 Neo3FP 20W 2,000-20,000 5-1/8" diameter x 3/4" deep
264-712 Neo8 50W 200-20,000 7-7/8" x 3-1/2" x 1/2"

Call or visit our web site for pricing 

1-800-338-0531 
www.partsexpress.com

http://www.partsexpres
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Editorial
audioXpress: The First Year

Our new, combined periodical, audio

Xpress, became one year old with publi

cation of the December issue. It seems 

appropriate to take some stock of what 

has happened during the months since 

we launched this publication dedicated 

to hands-on audio technology.

In one sense, audioXpressis a return 

to our roots in Audio Amateur, whose 

first decade covered audio hardware of 

all kinds. Only with the launch of 

Speaker Builder in 1980 did the maga

zines begin to become more special

ized. Glass Audio in 1988 was a re

sponse to the growing interest evident 

in many manuscripts about the renais

sance of tube audio.

Our goals for aX, resulting from a 

year of planning, were a monthly which 

was balanced in presenting all three 

technologies: solid state, loudspeakers, 

and vacuum tubes. Article ratios were 

2, 3, 2 for each issue, so that over the 

course of the year we intended to pub

lish 24, 36, 24 articles, respectively, for 

the three interest categories.

We redesigned the magazine, up

graded the paper, used more color, and 

set a 100-page per issue target, which 

we maintained for the first ten issues. 

We expected circulation to go to some

where between sixteen and seventeen 

thousand—although we had no guaran

tees from our news dealers, for whom 

this was a “new,” untested magazine. I 

am glad to say we met that target.

In advertising, we had great hopes 

that advertising clients would stay with 

us from the three previous titles. If they 

had done so, we ought to have had 

some fifty pages of advertising per 

issue. On average we have been run

ning 27 to 30 per issue. Now the facts of 

life about ad ratios in monthly periodi

cals require a level between forty and 

fifty percent. We raised ad rates, fairly 

modestly, because we were delivering 

almost twice the circulation level of any 

of our previous magazines.

Gross advertising revenue for audio

Xpress for 2001 was higher than it was 
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for the three previous titles. This de

spite some problems we have experi

enced with sales agencies. I am very 

grateful to those advertisers who recog

nized that we were offering an en

hanced market for their products and 

have taken advantage of this. I can un

derstand the hard business decisions 

others have had to make by keeping 

budgeted amounts level, and going for 

smaller space contracts.

The new magazine’s production is 

more expensive than the three previ

ously published titles. Mailing and 

shipping costs are up significantly, and 

will rise significantly again in 2002.

It is of primary importance for every 

reader to absolutely realize that his or 

her response to the advertisers is cru

cial to the health of this avocation. 

Without the advertisers and the prod

ucts they offer, the audio components 

we build or buy for music reproduction 

will not be available. And the magazine 

will not exist.

Audio reproduction is undergoing 

massive changes these days. Audio is 

now being regarded as just one ingredi

ent in communication media: video and 

home theater, computers and internet 

music as well as music storage and 

editing. Some are prophesying that 

“stereo is dead.”

Does a magazine committed to high- 

quality sound allied to craftsmanship 

still have a place in the world? We at 

Audio Amateur Inc., believe that it 

does. It may become an “old” technolo

gy, but the interest in vacuum tube 

technology and the continuing popular

ity of long-play disks confirm that older 

ways of doing things have a continuing 

life in surprising ways.

We believe that you—in being part of 

life for the first year of audioXpress— 

have confirmed that craft audio is a vi

brant and encouraging success. Al

though for some, the change was a dis

appointment, and they have dropped 

subscriptions. Those have been re

placed, and others attracted, so that in 

www.audioXpress.com

each and every month we registered 

net growth in circulation.

Despite the general downturn in 

business, we are seeing a small growth 

in advertising month by month. Given 

such economic facts, this is undoubted

ly a success story. I am grateful to you 

as subscribers for your response. I 

thank our advertisers for their partici

pation and believe they are benefiting 

from the change.

I thank our wonderful staff who have 

given generously of their intelligence 

and remarkable skills to make aXa re

ality month by month. It would be im

possible to overstate the contribution 

authors have made to the publication. I 

am just amazed, pleased, and delighted 

day after day to receive the excellent of

ferings of the authors whose work fills 

our pages.

The year 2002 brings some new adven

tures for the company. We instituted a 

subscription rate increase from $29.95 to 

$34.95. This makes the subscription 

price less than 50% of the cover price, 

just under $3.00 per month. The change 

went into effect January 1, 2002. In addi

tion to our two annuals, The World Tube 

Directory and The Loudspeaker Industry 

Sourcebook, we plan a special for tube 

lovers: A Glass Audio Special. This will 

feature twelve articles on tube designs 

and will be available in mid-April.

At the end of 2002, we intend to pub

lish a new, comprehensive equipment 

directory, covering loudspeakers, wire, 

crossovers, and equalizers. In 2003, we 

hope to publish Part 2, covering all other 

audio hardware equipment offerings.

We are looking forward toward a new 

year and fresh opportunities for audio

philes and for continued improvement 

in the quality of reproduced sound—of 

every kind. I hope you are as encour

aged as we are about what is becoming 

possible in this changing environment. 

One thing is certain: our love of music is 

immortal and our commitment to keep

ing it as beautiful and untainted as pos

sible is strong and resolute.—E.T.D. ❖
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Enjoy the thrill and excitement 

of building your own audio gear. 

We are pleased to offer quality 

electronic parts and kits for the 

DIY audio enthusiast. You may 

find complete amplifier and 

preamplifier kits your bag.

Or, maybe a few mods with true 

audio grade components to your 

existing components. We have 

what your need at your one stop 

supply source: Audio Electronic 

Supply.

We also have an incredible 

line of Super Amps and 

Preamps in either kit form or 

factory assembled. The 

vacuum tube based Super 

Amp was nominated as one 

of the best buys by Stereophile 

magazine in 2001. Sound 

Stage voted the Super Amp 

as an Editors Choice compo

nent. This is certainly an 

amplifier to love.

Please visit our on line 

shopping mall at www.audio- 

electronicsupply.com for the 

parts and kits, and www.super- 

amp.com to learn about Super 

Audio products.

E-mail or call for the latest 

Audio Electronic Supply 

catalog today.

The Audio 
Electronic 
Supply Source

111A Woodwinds Industrial Court
Cary, NC 27511
919 460 6461
919 460 3828 fax

http://www.audio-electronicsupply.com
http://www.super-amp.com
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Audio News

■ Parts Express Announcements
Peerless Denmark appointed Parts Express as a 
stocking distributor. Parts Express also stocks prod
ucts from Peerless Denmark’s sister companies, Vifa 
and Scan-Speak, under the Danish Sound Technol
ogy A/S umbrella. Parts Express also announces the 
release of their free comprehensive, 316-page cata
log, offering loudspeaker drivers for home and auto
motive applications, as well as home theater and 
home automation products, speaker design soft
ware, stage lighting, pro-sound telephone products, 
wire, connectors, and instructional books. For more 
contact Parts Express, 725 Pleasant Valley Drive, 
Springboro, OH 45066-0611, 1-800-338-0531, 
www.partsexpress.com.

■ Onkyo DW-S500
Onkyo introduces the DW-S500, a high-end desktop CD receiver with slimline speakers and 
USB input for connection to a home computer. This system, with the Internet streaming 
audio and MP3 playback capabilities of a PC, features an extruded aluminum chassis, irides
cent blue display, and backlit vertical CD player with a motorized door. The CR-N1 Desktop 
CD receiver is designed for ease of use, with Fm auto-scan tuning, 30 AM/FM presets, a full
function remote, two-mode acoustic presence, optical digital output, output for the addition 
of an optional subwoofer, and output jacks for connection to other analog components, such 
as TV and VCR. The included Onkyo D-N1 slimline loudspeakers feature a 3.5" Onkyo Mi
crofiber (OMF) cone woofer and 1" soft dome tweeter with a powerful neodymium magnet. 
For more contact Onkyo USA, 18 Park Way, Upper Saddle River, NJ 07450, 201-785-2600, 
www.onkyousa.com.

■ AVS-632

Cerwin-Vega introduces a new compact 
home-theater speaker system package, the 
AVS-632 six-piece home-theater system. 
Included in this system are four compact 
monitors for left/right main and surround 
use, a low-profile, voice-matched center 
channel speaker, and an 8" powered sub
woofer utilizing a 100W RMS built-in am
plifier. The satellites and center channel 
components are housed in durable molded 
polymer cabinets with metal perforated 
grilles, and are finished in a subtle graphite 
color to blend with the surrounding décor. 
For more, contact Cerwin-Vega, 555 East 
Easy Street, Simi Valley, CA 93065-1805, 
805-584-9332, FAX 805-583-0865, 
www.cerwinvega.com.

■ Handbook for Sound Engineers
Focal Press announces the release of the Handbook 
for Sound Engineers (Third Edition). This compre
hensive reference is available for audio engineers 
and is written by many of the top professionals in 
the field, including Glen M. Ballou, Ken Pohlmann, 
Davis Miles Huber, Dr. Eugene Patronis, Bill Whit
lock, Pat Brown, Ray Rayburn, and Dr. Wolfgang 
Ahnert. The audio industry has seen many changes 
since the previous edition, particularly in the digital 
area, all of which are included in this edition. For 
more, contact Focal Press (an imprint of Butter
worth-Heinemann), 225 Wildwood Avenue, Woburn, 
MA 01801-2041, 781-904-2500, FAX 781-904
2640, www.focalpress.com.

■ Imerge SoundServer™

The Imerge SoundServer S1000 hard disk audio server enables users to store and organize en
tire music collections and play them back in multiple rooms. Imerge recently expanded its 
range of S1000 hard disk-based audio servers with the addition of three new models; the 
S1000-80 features a storage capacity of 80GB (up to 1300 hours of music), and the same 
storage capacity is available in the other two new models, the S1002-80 and S1003-80, which 
have two and three discrete outputs, respectively. Also, a software upgrade to be released in the 
near future will add the ability to access XiVA-Net™, a new Web-based entertainment service 
for delivering content onto a TV screen through SoundServer. For more, contact Imerge Ltd, 
+44 (0)1954 783 600, FAX +44 (0)1954 783 601. For more information on XiVA, visit 
www.xiva.com or www.xiva-net.com.

■ CE Distribution Catalog
CE Distribution announces the release of its 
new 56-page wholesale dealer catalog. CE 
Distribution serves the guitar and audio 
markets and offers a full line of parts to 
dealers and OEMs for replacement and re
production. New catalog items include re
placement parts for Ampeg, Dunlop, and 
Gibson, as well as tools, effect pedals, ex
panded offerings of vacuum tubes, sockets, 
capacitors, and so on. Featured items are 
Jensen speakers, including the new Mod 
Series speakers, JJ and Svetlana vacuum 
tubes, transformers, and other electronic 
parts, as well as a large assortment of 
books. For more, contact CE Distribution, 
480-755-4712, FAX 480-820-4643, 
e-mail info@cedist.com, www.cedist.com.
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manufacturer's spec sheets, as well as 
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predicted response in different sealed and 
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Zen Variations
Part 1: Zen-lightenment

This first in a series on Zen amp design will shed some 

light on simple amp performance, aided by light bulbs. 

By Nelson Pass

A
s an exploration into the poten

tial performance of a very sim

ple amplifier, the Zen amplifier 

has succeeded in creating no

toriety and some controversy over the 

last eight years. More important, its 

novel and simple construction appears 

to have encouraged a large number of 

do-it-yourselfers to take up a soldering 

iron and jump in.

ZEN-TRODUCTION
Having only a single gain device, the 

design’s name is a pun on the Zen 

Koan, “What is the sound of one hand 

clapping?”, but the point is quite seri

ous. High-quality sound can be ob

tained with simple and accessible cir

cuits. Conversely, it is quite easy to de

sign a complex circuit which sounds 

subjectively lifeless or even irritating.

This is part 1 of the Zen Variations, 

and each part will illustrate one of the 

many ways to build a single-stage audio 

amplifier. There are many possibilities 

here; I recently counted several hun

dred permutations. After considerable 

meditation, I winnowed these down to 

approximately 30 interesting and non

trivial examples, which we will explore 

one at a time in no particular order.

THE ORIGINAL ZEN AMPS
Figure 1 is the simplified schematic of 

the original Zen amp. Here a single 

gain device, a power MOSFET, operates 

in common source mode, where the 

input comes into the Gate of the device 

and the output, which drives the loud

speaker, comes out of the Drain. The 

MOSFET is biased by a constant-cur

rent source from the positive supply, 

and a small network of resistors and ca

pacitors sets up the oper

ating voltages and pro

vides feedback. You’ll 

find the entire article in 

Audio Amateur 2/94, with 

a revision in 3/94. It is 

also available on-line at 

www.passdiy.com.

I followed up the Zen with Son of Zen 

(Audio Amateur 2/97), whose unsimpli

fied circuit is in Fig. 2. Here a single 

gain stage is formed by a differential 

pair of identical devices, allowing 

greater simplification and the removal 

of coupling capacitors and negative 

feedback. Both these designs also in

spired preamplifying circuits based on 

the same topologies, giving Bride of 

Zen (Audio Amateur 4/94) and Bride of 

Son of Zen (Audio Electronics5/97).

PHOTO 1: Light 
bulb amp.

LET THERE BE LIGHT
Some of the DIYers who built the Zen 

amp were put off by the complexity of 

having a constant-current source com

prised of two additional transistors and 

several resistors. However, you can re

place a constant-current source with a 

high-power resistor in the Zen amp, if 

you are willing to use a higher supply 

voltage and a resistor with a high 

enough value to simulate a constant

current source for practical purposes.

At the same time, others complained 

of the difficulty of obtaining the high

power resistors required for the Son of 

Zen. I received a few such complaints, 

which eventually became a source of 

inspiration.

And so the light came on and I had a 

bright idea: A light bulb is a power resis

tor which is conveniently obtained and 

which can dissipate large amounts of 

power without a heatsink. So what kind 

of light bulb might be appropriate?

I bought all sorts of samples of light 

bulbs. A little measurement revealed 

that common household incandescent 

bulbs are quite useful for this purpose. 

Figure 3 shows the current versus volt

age for a couple of 120V lamps—one 

rated at 150W, and the other at 300W. 

The resistance (in ohms) of each of 

these at any point is simply the volts di

vided by the amps.

SCHEMATIC LITE
Figure 4 shows the simplified schematic 

of a Zen amp using a light bulb instead 

of a constant-current source. The input 

goes into the Gate and comes out the 

Drain. The two resistors R1 and R2 set 

up the bias voltage for the Gate, which 

must operate at approximately 4V above 

the Source, which is grounded. The two 

resistors also provide feedback for gain 

control and distortion reduction.

The Drain voltage of this circuit is 

the operating Gate voltage (Vgs) times 

(R1+R2)/R1. In this case with R2 = 2 x 

R1, and Vgs of 4V, the Drain voltage is 

set at 12V DC. This ratio of 2:1 of resis

tance also sets the gain of the circuit, 

which is approximately R2/R1, or 2X, 

which is 6dB.

This is a perfectly workable circuit 

with a 200 or 300W light bulb and a 

clean 40-80V supply. It has a couple of 
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small limitations: It requires a signal 

source which is direct coupled and 

which can sink about 4mA, and a load 

which doesn’t mind 12V of DC. These 

conditions can be met in quite a few 

cases, but are not to be counted on for 

most systems.

Another limitation is that the AC 

gain setting is the same as the DC bias 

point, and it is often convenient to be 

able to separate these two settings.

FURTHER SCHEMATIC ILLUMINATION
Figure 5 shows a real schematic which 

remedies these shortcomings. The sup

ply voltage is made quieter by inductor 

L1 and capacitor C3, which remove 

noise from whatever supply is represent

ed by V+. C2 capacitively couples the 

input so that you don’t need to worry 

about the DC characteristic of the signal 

source. C1 capacitively couples the out

put to the speaker so the woofer cone 

doesn’t fall out onto the floor. R1 and R2 

are still there, and they set the DC bias 

point of the MOSFET Q1.

A potentiometer P1 (Digikey 

381N252-ND) and two new resistors R3 

and R4 set the AC gain of the amplifier, 

which is variable from approximately 

-20 to +20dB referenced to the input 

voltage. The feedback loop represented 

by this potentiometer encloses the 

input and output capacitors of the am

plifier and imposes correction on dis

tortion they introduce, in addition to 

distortion offered by the MOSFET, the 

light bulb, and noise from the power 

supply. R3 and R4 have been intro

duced to limit the lowest possible im

pedance that can be seen by the Gate of 

Q1 to avoid parasitic oscillation.

For you rabid audiophiles, the elec

trolytic capacitors are bypassed with 

3^F film types. I used 3^F Axons from 

Orca Designs (www.orcadesign.com), 

but you can get comparable Panasonic 

parts from Digikey (www.digikey.com).

None of the values here are critical. 

The electrolytic capacitors should be 

voltage rated at the supply voltage, 

which in this project can vary from 

40-80V DC. All resistors are %W. 

All the parts are available from 

the Digikey catalog except for the in

candescent lamp and inductor L1. For 

L1, I used either MCM #50-1080 (www. 

mcmelectronics.com) or the ERSE 

4.0mH/14 gauge (www.zalytron.com). I 

tested both up to 6A DC current with

out seeing loss of inductance, and I be

lieve the ERSE will do more.

Figure 5 shows the use of a 300W 

Sylvania bulb. You will later see two 

such bulbs in parallel for more bias cur

rent. Depending on the supply voltage 

and the dissipation capability of the 

heatsinks, you can place more bulbs in 

parallel to get the desired bias current. 

Can’t find a 300W bulb? Two 150W 

bulbs in parallel behave virtually the 

same, and two 200W bulbs are perfectly 

workable for a little more bias current.

The light bulbs were set in standard 

Leviton sockets found at the local hard

ware store. The clear 300W bulbs came 

from the McMaster-Carr catalog 

(www.mcmaster.com). I believe you can 

get the sockets there also.

I have specified the IRFP240 MOS

FET transistor in Fig. 5, but a wide 

range of similar N channel devices 

will work fine. The best performance is 

obtained with the IRFP040 or IRFP044, 

but unfortunately they seem very diffi

cult to get. An in-between alternative is
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the IRFP140. When substituting other 

MOSFETs, the Gate to Source pin op

erating voltage becomes an important 

consideration. You will want a Drain 

voltage of about 12-15V, and if the Vgs 

of the MOSFET chosen is very differ

ent from about 4V, you will need to ad

just the value of R1. Decreasing R1 

will raise the Drain voltage, and of 

course increasing R1 will lower the 

Drain voltage.

MOSFETs are sensitive to damage 

with high Gate voltages, most specifi

cally static electricity. Always take mod

est care to avoid static discharge when 

handling the parts. Personally, I take al

most no precautions, and I hardly ever 

have a problem, so don’t become too 

worried about it, particularly once you 

wire the transistor into the circuit.

Unlike some previous projects with 

MOSFETs, there are no zener protec

tion diodes on the input of the amplifi

er. This again means that you should 

use some modest care when attaching 

an input cable, but this simply means 

touching the ground connections first. 

If both the source and amp are earth 

grounded via the wall outlet, you don’t 

even need to think about it.

You may ask, Is there a PC board lay

out for this project? No. The small quan

tity and odd nature of the parts lends it

self better to point-to-point construction, 

and that is how I have built several of 

these. Keep the wire lengths down 

around 6" or less and terminate all the 

grounds of Fig. 5 at one point. If you 

build an unregulated supply for V+ and 

use a large electrolytic capacitor for its 

filter, then connect all of its ground con

nections at a separate single point.

Connect these two ground points, the 

main supply and Fig. 5, with a fat piece 

of wire. In this manner, the large cur

rent pulses going through the main 

electrolytic of the unregulated supply 

will not pollute the nice clean signal 

grounding point of Fig. 5. Later we will 

look at a sample unregulated supply.

SPOTLIGHT ON PERFORMANCE
Figure 6 shows the total harmonic dis

tortion plus noise of the circuit of Fig. 5 

versus output power into 8ft. The gain 

has been set at 10dB, and the supply 

voltage has been varied from 40-80V. 

The lowest distortion accompanies the 
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highest voltage, and this 

effect is due to the high

er bias current going 

through the MOSFET. In 

general, the higher the 

bias current, the lower 

the distortion.

Figure 7 shows this 

same amplifier with dis

tortion versus frequency 

and the supply voltage 

fixed at 60V and an out

put level of 1W. This is 

quite good, as the distor

tion rises only slightly 

at 10Hz and 20kHz.

Figure 8 shows the 

distortion as in Fig. 6, but with a 16ft 

load. For a given output voltage (not 

wattage), notice that the distortion is 

nearly half. This is expected, as the 

dominant source of distortion is varia

tion in current through the gain device.

Keep in mind that the Zen amp is a 

polarity inverting circuit. To keep prop

er signal polarity, the speaker + termi

nal goes to ground.

EVEN MORE INCANDESCENCE
It is practical to increase the current 

through the MOSFET—and improve the 

performance—by paralleling lamps. Fig

ure 9 shows the harmonic distortion of 

the circuit of Fig. 5 with twin 300W 

lamps in parallel. The distortion drops 

substantially and there is more power.

Figure 10 shows a further improve

ment available with a different MOS

FET, the hard-to-find IRFP040, where

FIGURE 4: Simplified
schematic.

INCANDESCEN

the distortion is seen to drop by about 

one-third.

Figure 11 documents three distortion 

versus frequency curves for the IRFP240 

(top curve at 1kHz), the IRFP040 (bot

tom curve), and matched parallel 

IRF240s (middle). Here you see that the 

IRFP040 is clearly the best choice, but 

note that its distortion at the highest fre

quencies is about the same as the 

IRFP240. The source of distortion rise at 

high frequencies is the nonlinearity in 

the input capacitance of the MOSFETs. 

If you parallel devices you will see the 

greater capacitance and the kind of ef

fect illustrated in this curve, where the 

distortion is lower at lower frequencies, 

but higher at the top end.

This phenomenon tells something 

about the choices of MOSFETs for this 

circuit. Comparing devices such as 

IRF230, 240, and 250, you’ll see current
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_AMP1
300 W

FIGURE 8: THD versus output/4O-8OV/16Q.

FIGURE 7: THD versus frequency/60V/8Q

ratings of 9, 18, and 30A, as well as ca

pacitances of 600pF, 1,300pF, and 

2,600pF, respectively. These figures are 

proportional to chip size, and from ac

tual testing you’ll get similar perfor

mance from two IRF230s in parallel as 

compared to a single IRF240. Also, the 

IRFP250 behaves similarly to a pair of 

IRF240s.

In general, the bigger the chip, the 

better performance through the low 

and mid frequencies, but the higher dis-

tortion at the top end. This distortion is 

affected by the impedance of the net

work driving the gate of the device, and 

as this impedance goes up, so does the 

distortion at high frequencies.

Figure 12 illustrates this with com

parative performance with distortion 

curves for a 2.5k7 potentiometer value 

versus 5kQ value. The curves diverge a 

bit above 2kHz, and at 20kHz the distor

tion of the 5kQ pot is nearly twice.

FIGURE 10: THD versus 
output/4O-8OV/IRFPO4O.

FIGURE 11: THD harmonic distortion ver
sus frequency/60V (see text).

FIGURE 12: Distortion versus frequency 
versus loop impedance.

FIGURE 13: Frequency response

The lower voltage chips of the same 

type will give lower distortion, appar

ently due to their lesser sensitivity to 

voltage fluctuations on the Drain. They 

are generally the preferred parts.

For some unknown reason, the Zen 

amplifiers have been criticized as hav

ing low bandwidth, but I have not seen 

a case where this has been true. Figure 

13 documents the frequency response 

of this Zen amp, showing -1dB at 

100kHz.

The damping factor of the Zen amp is 

quite low, reflecting the paucity of neg-
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ative feedback in the design. With the 

IRFP240 devices, the damping factor 

was about eight referenced to 8ft, and 

about 12 with the IRFP040s.

The circuit of Fig. 5has a substantial 

turn-on thump as the voltage across the 

MOSFET goes from 0 to 15V, and some 

of your more sensitive speakers might 

take offense. Figure 14 shows a simple 

turn-on delay circuit, which will short 

the output of the amp to ground for a 

few seconds. The relay in this case is 

#Z789-ND from Digikey with the switch 

contacts wired normally closed. The 

transistor is a generic NPN device rated 

at 1A and 100V. When the power supply 

is applied, the capacitor in the circuit 

slowly charges up until it turns on the 

transistor, which opens the relay switch.

You will notice a resistor in series 

with the relay coil to adjust the voltage 

across the coil to its rated voltage ver

sus the supply voltage. If you go with 

the 80V supply, this resistor will proba

bly need to be 5W, but with 60V you can 

use 3W. Alternatively, you can simply 

use a switch to short the output to 

ground manually.

Two other solutions: A lower value of 

output capacitor, or a power supply 

which turns on slowly. The circuit does 

not have a substantial turn-off thump, 

and so there is no need to address that 

situation.

LIGHTLY BALANCED
You can operate the Zen amp in bal

anced mode if you have a balanced 

source, such as the output of the Bride 

of the Son of Zen 

(Audio Electronics 

5/97). Figure 15 

shows how you can 

accomplish this 

using two identical 

channels sharing a 

common supply. (If 

you are employing 

both separate Ch 1 

and Ch 2 of Fig. 16, 

you need to attach 

the V+ and ground 

connections of the 

two channels to 

each other.) In the 

stereo amplifiers I 

built, I put an XLR 

connector on the 

amplifier and wired the ground to pin 1, 

and the two inputs to pin 2(+) and 3(-) 

for use as a balanced input.

The loudspeaker is attached across 

the outputs. The advantages to this cir

cuit are mainly cancellation of second 

harmonic distortion and common rejec

tion of any noise from the supply.

By the way, you will probably not 

need the turn-on thump circuit with bal-

LAMP' LAMP4 LAMP2 LAMPS

300 W 300 W 300 W 300 W
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FIGURE 16: Power supply.

anced operation, but it won’t hurt. An

other potential benefit to balanced op

eration is the elimination of the output 

capacitors, as illustrated by the circuit 

of Fig. 17. While the 15V or so appears 

at the loudspeaker, it is the same on 

both sides, and thus is zero from the 

speaker’s standpoint. It is important to 

have these two DC voltages equal, and 

if you match Q1 and Q2 well, the offset 

is about 30mV or so. Lacking that fine 

degree of matching, I have provided po

tentiometers P1 and P2, which allow 

fine adjustment of the DC value.

The performance of this circuit with 

a single pair of 300W bulbs is shown in 

Figs. 18 and 19. Here you can see the 

fairly dramatic distortion reduction due 

to cancellation of second harmonic.

Put two 300W bulbs on each side, 

and the improvement becomes more

SONIC ORAFI
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A Proud North American Distributor of

ACCUTON
P.O. Box 9085, Wichita Falls, TX 76308, USA
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pronounced, as seen 

in Figs. 20 and 21.

With an 80V rail the 

amplifier now makes 

it up to 20W. Figure 22 

shows the frequency 

response of this cir

cuit, which is down 

2dB at 100kHz.

I built some with 

three 300W bulbs in 

parallel also: BWAAA- 

HAHAHAA!

ENERGY CONVERTER 
FOR PHOTONIC
EMISSION BIAS 
BULBS
Figure 16 shows an ex

ample of the unregu

lated supply. This is a 

standard sort of cir

cuit, and the caveats 

and comments from 

the other Zen amps 

apply here. Several of 

the choices in this cir

cuit will depend on 

the supply voltage and 

the number and type of

LAMPI LAMP3 LAMP2 LAMP 4
300 W 300 W 300 W 300 W
LAMP LAMP

FIGURE 17: Balanced operation
without output caps.

light bulbs you will be using.

The fuse should be a slow-blow type 

set as low as possible; that is, one value 

higher than a value which pops often. 

Start at 2A and go up. The on/off switch 

should be a heavy-duty type, rated at 

15A or better for reliable operation.

I have placed a thermistor in the cir

cuit (Digikey KC006L-ND) which re

duces inrush current. The .1^F capaci

tor across the line must be line voltage 

rated, and this one is Digikey P4603- 

ND. Both the thermistor and line capac

itor are optional, as is the power switch. 

The fuse is not optional.

The bridge rectifiers are simply 

generic high-current types. I recom

mend 200V 35A types, but I know that a 

certain number of you are going to run 

out and get exotic Schottky or Ultra-

FIGURE 19: THD versus frequen- 
cy/40-80V/balanced operation.

High-Speed-Recovery or Ultra-Soft-Re

covery types. Feel free to do so, and 

consider some nice RC snubbers across 

the pins while you’re at it. You will 

need to heatsink these bridges, by the

FIGURE 18: THD versus 
output/40-80V/balanced operation. FIGURE 22: Frequency response/bal- 

anced operation.
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way. I simply mounted mine on the 

same sink as the output transistors.

The power-supply capacitors are 

whatever big cans you want to get that 

are rated at the voltages you will be 

using. Big is good, but 1F is too good.

You will notice in Fig. 16 that I have 

shown a supply for two-channel opera

tion which isolates the secondary sup

plies from each other. This is a nice 

touch, but not essential, and if you are 

planning on operating the two chan

nels balanced, you will need to connect 

the V+ and ground connections togeth

er at the main capacitors.

As shown, the two supplies are 

ground isolated, which helps eliminate 

any ground loops. A connection to 

earth ground at the wall outlet is pro

vided for safety and goes through a 

power rectifier bridge. This bridge will 

conduct at voltages above .6V, provid

ing shock protection while raising a 

small voltage barrier to noise.

The transformer is a more tricky 

choice. Many of the commercial stock 

devices from Avel or Plitron or Toroid 

correspond to this configuration, but 

you must select the voltage and power 

rating. The voltage is easy. Figure out 

what DC voltage you want for the sup

ply rail and select a secondary winding 

which is AC rated at 75-80% of that 

value.

For figuring out the VA rating, use 

Fig. 3 to determine the current drawn 

by a single bulb for the DC voltage you 

have chosen (interpolate for a 200W 

bulb). Now multiply this current by the 

voltage and then by the total number 

of light bulbs and then by two. This is 

the VA rating of the transformer. The 

factor of two times the actual power 

draw of the circuit covers the “power 

factor” of the AC to DC conversion and 

allows a little more for margin. You are 

encouraged to consider this as a mini

mum figure.

For example, consider using a 60V 

supply with two channels having two 

300W bulbs each. At 60V the 300W bulb 

draws 1.5A:

VA rating = 1.5A x 60V x 4 bulbs x 2 

VA rating = 720W. Minimum.

If this is too high, use two transformers, 

one for each bridge.

As always, remember that you are 

dealing with potentially lethal voltages. 

If you don’t know what you are doing 

and are unwilling to take personal re

sponsibility for the results, get some 

technically competent help.

You are welcome to consider using 

batteries to power this circuit. This can 

be accomplished by stacking them to 

get the appropriate voltage. If you take 

this approach, you can scrap Fig. 16al- 

together, and also you can eliminate 

the inductor L1 of the main circuit. Use 

whatever capacitor to ground for filter

ing that you like, but I recommend at 

least the 3^F film cap.

CONCLUSION: SOME LUCID 
OBSERVATIONS
Photos 1 and 2 are of the actual amplifi

er. I made the chassis out of baltic 

birch plywood and finished it with a 

couple coats of lacquer.

This amp sounds pretty much like the 

earlier Zen amp. Over the years numer

ous challengers have opined that their 

favorite amplifier, (fill in the blank), 

sounds much better. Probably does.

As I explained first time around, this 

is an exploration into simplicity, and I 

make no claim that the Zens are the 

best-sounding amplifiers you can make. 

They do sound pretty good though, and 

they are a lot of fun.

If you need an argument, I’ll tell you 

that Roger Corman and Stanley 

Kubrick are the greatest film auteurs of 

the 20th century. ❖

Special thanks to Desmond Harrington 

for layout and production, and Karen 

Douglass for the photos.

Buy it.
Sell it.

Revel in it.
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Building a Highly Analytical Horn System

Combine the Altec 805B horn with the 288-8K driver and ES sub

woofer for outstanding sound. By Louis W. Erath

I
use a high-quality set of loud

speakers (Fig. 1) in my stereo sys

tem, which I designed and built 

25 years ago. I recently acquired a 

pair of Sennheiser HD600 headphones, 

and I have been comparing the sound 

of the loudspeakers with the sound of 

the headphones. The loudspeakers 

compare favorably with the head

phones, except that the latter exhibit 

more fine detail, such as the rattle 

of the snares on the snare drum or 

the harmonic texture of horns playing 

together.

My theory about why this happens is 

that the sound from the headphones is 

100% direct to the ears, while that of the 

loudspeakers to my listening position 

(12‘ away) is perhaps 50% direct, with 

the balance reflected from the floor and 

walls. I don’t think my 11‘ ceiling con

tributes much in the way of early reflec

tions, which are delayed 2-5ms, and 

combine with the direct sound to cover 

its fine texture. To prove this, I placed 

my loudspeakers 3‘ apart facing each 

other and listened with my head be

tween them at an SPL (sound pressure 

level) of about 80dB. Voila! Most of the 

fine structure was there.

So, what are my options for reducing 

the early reflections? The floor already 

has a thick carpet and pad on it, and to 

place sound-absorbing panels along the 

walls would interfere with the normal 

use of the room—maybe loudspeakers 

with some degree of directivity? Funny 

that I should think of that, because I just 

happen to have some Altec 805B horns 

and 288-8K drivers that have a directive 

3dB contour of 80°H (horizontal) and 

40°V (vertical). Since these are not easy 

to come by, I will tell you 

how I got them.

Last year, I acquired a 

large number of 288-8K 

drivers from a commercial 

sound company in Hous

ton, Tex. Gerald Ognibene, 

of Marquis Electronics 

here in Abbeville, helped 

me dispose of them 

through sales and barter. 

In the process, we acquired 

a variety of multicellular 

horns. We kept a pair of 

drivers for my use, a pair 

for Gerald, and one spare.

Marquis Electronics cus

tom-builds loudspeakers 

using my ES woofer, and

FIGURE 1: Author’s existing 
sound system.

PHOTO 1: Finished horn system.

we decided to jointly do this project. Ger

ald would build the loudspeakers and I 

would develop and build the crossover 

networks and electronics. And while I 

did not expect it, I needed to finish build

ing a vacuum tube amplifier as well.

PREPARING THE HORNS
The horns were cleaned and the sheet 

metal was straightened and refinished 

to look like new. I measured a free-field 

response on the horn and driver to gain 

the information needed to design the 

high-pass crossover network. I used a 

B&K (Bruel & Kjaer) condenser micro

phone that is flat from 20Hz to 100kHz 

and a General Radio curve plotter.

ABOUT THE AUTHOR
Louis W. Erath studied physics, vacuum tube theory, 
and radio engineering at Louisiana State University. 

For 40 years he was involved in electronics for geo
physical prospecting for oil in Houston, Tex., where he 
is currently a consultant. He also worked on naval ord
nance at the NOL in Washington, D.C. and the Bell 
Labs in Summit, N.J. He holds over 100 US patents, is 
a Life Fellow in the IEEE, and is involved in amateur 
radio (W5BM).
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After fabricating a preliminary net

work, I assembled the horns, drivers,

PHOTO 2: System with grille removed.

and woofers as shown in Fig. 2. Photo 1 

shows the completed system; Photo 2 

pictu res the unit with the grille re

move d, and Photo 3 is the back of the 

syste m. I conducted the preliminary lis- 

tenin g tests using an amplifier claiming 

125W/channel at 8ft with no more than 

.005% THD (total harmonic distortion) to 

drive the horns. I used a pair of 60W am- 

plifi ers to drive the woofers, which 

work ed fine, but the sound from the 

horn s was very bad! I borrowed another 

“good quality” transistor amplifier from 

Gerald, but it sounded even worse.

I knew what the problem was. I had 

meas ured the SPL at 80dB in the listen

ing area using pink noise from an 

Audio Control analyzer. With both 

speakers operating, I found that it 

required only .1V across the voice 

coil of the 288-8K drivers as mea

sured on an HP (Hewlett-Packard) 

RMS AC voltmeter. If power = E2/R, 

then .1 x .1/8 = .00125W, or 1.25mW.

I realized that the horns were like 

an acoustical microscope, or at 

least an acoustical milliscope, look

ing back at the amplifier’s output 

characteristic. What the horn drivers 

saw was a ragged crossover region down 

at the milliwatt level. Feedback cannot 

completely cover one transistor switch

ing off while the other transistor switch

es on; the crossover region will never be 

completely smooth. What was needed 

was an amplifier without a crossover at 

all!

The quickest way for me to achieve 

this was to finish a 75%-complete class 

A vacuum tube amplifier on my work

bench. In a few hours, I had a 

25W/channel class A SET (single-ended 

tetrode) amplifier with a measured .1% 

THD at 8W into 8ft and .03% at 1W. I 

suspect that I could do as well or better 

using class A MOSFETs (metal-oxide 

substrate field-effect transistor), but 

that will come later.

After I installed the vacuum tube am

plifier, the horns sounded great, and I 

proceeded to listen and tweak the 

crossover networks for the next several 

days. The component values I am cur

rently using are those shown. I put in 

the 10pH coil and the 10pF capacitor, 

shunted by the 10ft resistor, to correct
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PHOTO 3: Rear of unit.

for a dip at 12.5kHz. The peak shown at 

that frequency is the result. You could 

reduce the 10O resistor to flatten this 

peak, but it sounds good as it is.

THE ES WOOFER
The ES woofer is not new! I developed it 

in the ’60s and was issued a US patent 

on it in 1969. My design objectives were 

to develop a woofer having ample out

put in the frequency range from 20Hz to 

500Hz for the average room, and to pro

duce a more coherent sound than the 

typical “resonance assisted” woofer.

I had CTS (Chicago Telephone Sup

ply) build a number of 15" 200W woofers 

with a voice coil substantially longer 

than the pole-piece face and with no
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FIGURE 3: The listening room (15‘ x 17‘ x 11‘).

cone breakup below 1kHz. I mounted 

this 27Hz woofer in a sealed box de

signed to increase its cone resonance to 

75Hz. This requires a 9:1 increase in 

stiffness. The stiffness of the air behind 

the cone is very linear compared to that 

of the suspension of the cone and voice 

coil. This linear stiffness 

swamps out the third har

monic distortion produced 

by the cone suspension for 

large cone excursions.

In Fig. 2, L1C1 is adjusted 

to eliminate the resonance 

peak at 75Hz and it also 

happens to minimize any 

third harmonic distortion 

generated by large voice 

coil excursions in the 20 to 

30Hz region. Below 75Hz, 

the movement of the cone 

is stiffness-controlled and 

the frequency response is 

flattened by the negative 

current feedback through 

T1. The ES (Erath System) 

woofer has a good tight 

bass sound without the use 

of a subwoofer, keeping the low bass co

herent and out of the “mud.”

The term, coherent, as I use it here, 

is measured on a scale of 0 to 1 and 

means that if the waveform of the 

sound is exactly the same as that of the 

electrical signal producing it, the coher

ence is one. If they are totally different, 

the coherence is zero.

ANALOGY OF THE RADIATION OF 
SOUND TO THE RADIATION OF LIGHT 
Loudspeakers which use direct radiator 

elements, such as in my existing sound 

system (Fig. 1), essentially radiate 

sound into a hemisphere, in all direc

tions, much as a light bulb mounted on 

the surface of a flat vertical panel. The 

horn system (Fig. 2) does not radiate in 

that sense, but projects sound to the lis

tener, similar to eight flashlights 

mounted like the eight horns in the 

Altec 805B. Very little of the light or 

sound is directed to the floor, walls, or 

ceiling, but the listener sitting in the 

“sweet circle” is fully “illuminated.”

This directivity produces such a 

strong soundstage that the speakers 

may be placed in the corners, 15‘ apart 

without making a “hole in the middle.” 

When playing mono CDs, the sound 

seems to come from the equipment cab

inet (Fig. 3). The transient response is 

excellent and the detail in the sound 

structure is outstanding. ❖
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Big Mike and the Jimmy, Part 2

Last month, you were introduced to Big Mike, a tube-based 

microphone preamp design. This month we meet his power 

supply. By Paul J. Stamler

L
et’s look at the bill of particu

lars for a high-quality power 

supply.

• The supply, obviously, must provide 

adequate voltage and current to the 

active stages. In a tubed circuit, this 

means plate voltage, filament volt- 

age(s), and, for a mike preamp, volt

age for the phantom-power circuit.

• The supply (or supplies) must have a 

low enough impedance—at all fre

quencies within the tubes’ operating 

range—that the voltage does not sag 

when current is drawn. Sagging sup

plies can cause audio stages to sound 

muddy or distort; they can also pro

duce crosstalk between stages or 

channels. In extreme cases, they can 

make the audio circuits unstable.

• The supply must keep AC line 

garbage from leaking into the audio 

circuits. This can include radio fre

quency interference (RFI) from 

neighboring broadcasting stations, 

CB and ham radios, taxi dispatchers, 

or wireless appliances. It can also in

clude hash from fluorescent lights 

and SCR dimmers, digital junk from 

computers or digital audio gear, and 

sudden jumps when the fridge turns 

on. Line garbage can, of course, show 

up in the audio—you’ve all heard 

radio stations or CB calls in phono 

circuits or guitarists’ stomp boxes.

More insidiously, RF signals can inter

modulate with audio to produce distor

tion—less likely with tubes, but it still can 

happen.5 You should also remember that 

one of the worst sources of RF garbage 

can be a power supply’s own rectifier 

diodes, as they switch on and off.

OVERKILL
In designing high-end equipment, I 

think power-supply overkill is appropri

ate. I remember reading an interview 

with one of Krell’s design engineers. He 

said, to paraphrase, that every improve

ment in the supply produced an im

provement in the audio quality—they 

hadn’t yet reached a point where that 

was no longer true.

I built the raw supply outboard 

(Photo 3). This meant that I wouldn’t 

need to worry about radiated hum 

fields in the case with my input cir

cuits. It also let me drive several (sepa

rate) preamp units from a single sup

ply, and left plenty of breathing room in 

the preamp cases themselves.

As readers of my first preamp article 

will remember, I’ve become a disciple 

of Ben Duncan; I design power supplies 

to minimize the possibility of RFI leak

ing into the audio circuits.6 The family 

of rectifier diodes I use has been shown 

to produce significantly less switching 

noise than their standard-issue counter- 

parts.7 Input resistors help damp reso

nances in the filter cap circuits.

I did some lab work on the audio

phile designer’s common practice of by-

TABLE 1 
CAPACITORS, INDUCTANCES, AND ZOBELS

CAPACITOR FREQ. OF EQUIVALENT INDUCTANCE ZOBEL
(pF/DCWV) LOWEST Z SERIES R (nH) CAPACITOR

(kHz) (MILLIOHMS) (pF)
470/450 Nichicon 19 140 150 7.7
470/450 Panasonic 33 83 49 7.2
100/450 Panasonic 330 338 2.32 .021

Zobel resistor is equal to equivalent series resistance; Zobel capacitor is calculated as :

inductance 
C = -----------------------------------------------

(equivalent series resistance)2

PHOTO 3: Power supply for Big Mike preamp.

passing large electrolytic capacitors 

with polypropylene film caps. It’s com

mon, but it turns out not to be simple. I 

measured the impedance of several 

popular electrolytics, and from this de

termined the equivalent circuits (Fig. 7 

and Table 1). Making the close-to-valid 

assumption that the polypropylene by

pass caps I use are almost pure capaci

tance up to, say, 1MHz, I ran PC-ECAP 

simulations of various electrolytic-plus

bypass combinations.

The results surprised me: The induc

tance of the electrolytic, when com

bined with the capacitance of the 

polypropylene cap, produced sharp res

onances. To damp these down, I needed 

a Zobel network to flatten out the elec

trolytic’s high-frequency impedance; a 

polypropylene bypass then rolled the 

top off nicely.

This seemed like a hassle. Luckily, 

one capacitor—the 100pF 450V Pana

sonic I chose for the output cap in this 

supply—had low enough inductance 

and adequate damping that a Zobel 

wasn’t needed. With this cap, and only 

this cap, a simple 470nF polypropylene 

was fine. When I needed more capaci-
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Capacitor
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Network Capacitor

Cbypass

FIGURE 7: Real-world electrolytic capac
itor, showing parasitic components, and 
the Zobel network and bypass capacitor 
used to negate their effects.

tance, I connected more 100pF caps in 

parallel.

SEPARATE CABLES
In the raw supply design (Fig. 8), the 

output voltages may seem unnecessari

ly high, given the final working volt

ages. This is because I wanted the regu

lators to keep regulating even when the 

line voltage drops 10%, which is com

mon during St. Louis summers. There’s 

RFI and spike filtering at the AC input, 

but this preamp will still benefit from 

being plugged into a good line filter 

and surge protector—I use the Monster 

Cable HT800.

I used two filament supplies—one 

grounded, for the input tubes, the 

other floating for the cathode follow

ers. They share a power switch, while 

the plate transformer has a separate 

switch. This lets you turn on the fila

ments, allow a few minutes for them to 

warm up, then switch on the plates, 

preventing cathode stripping. (To be 

truthful, I’ve never observed anything I 

could blame on cathode stripping in a 

small-signal amplifying tube. Power 

tubes, yes, but not preamp or driver 

tubes. Still, it’s worth playing it safe, 

given the price of tubes these days.) 

You can, if you like, design a fancy 

time-delayed switch-on circuit, but the 

manual method works just as well, and 

is much cheaper.

The raw supply box connects to each 

preamp via an umbilicus. In the solid

state preamp, I used a shielded multi

conductor cable to carry the supply

NE1

AC S1 
SPST

Umbilical 
Sockets

400V—i—

100mA

G-2024-8

C16 
10nF 

1KVCD

10nF 
1KVCD

FIGURE 8: Raw supply. Every
thing up to the transformers is 
located off the board, and so 
are the output fuses. Nominal 
DC voltages are circled.

C14-15 
470nF

R5-8
100K2W 1KVCD

voltages. For the tube preamp, howev

er, I ran into a snag.

The plate supply can run as high as 

460V, which is way higher than the 

rated DC voltages for most multi-con

ductor cables. After some searching, I 

found the ideal solution: Canare Star

Quad microphone cable, with excellent 

shielding and a 500V rating. I ran one 

length of Canare and an equal length of 

shielded multi-conductor cable (carry

ing raw voltages for the filament sup-

R10-11
R9 200K 

1 ohm 5W 2W

C12a-d + 
lOOpFdz;

450V El.

C13a-d 
100pF7^

450V El

FIGURE 9: Filament 
regulators. C201-202, 
C206-207, 
IC201-202, and 
LED201-202 are 
mounted off-board (the 
ICs on HS201-202). 
Unless otherwise stat
ed, all resistors are 
1W metal oxide.

plies) to each preamp.

Plugs were a problem. I hesitated to 

use XLR-type connectors with such 

high voltages. Ideally I would use 

Jones plugs, which are easy to solder, 

and extremely rugged. They mount in 

square or rectangular holes, though, 

and my tendinitis told me not to get in

volved with nibbling tools, files, and so 

forth.

So I settled on octal plugs and sock- 

ets—easily available and reasonably
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ï

rugged, though the plugs are a bear to 

solder. There are alternatives. You 

might, for example, decide to use inline 

Jones plugs and sockets.

IF IT MOVES, REGULATE IT
Figure 9 shows the filament regulator 

circuits. Each uses an additional stage 

of RC filtering to feed the ICs, which

are standard 5V 3-terminal devices. 

Each IC regulator has two diodes in se

ries with the ground lead, raising the 

output to 6.2V.

As I mentioned before, one of the

FIGURE 10: Plate regula
tor. C211-212 and 
LED203 are mounted off- 
board. Unless otherwise 
indicated, all resistors 
are 2W metal film.

D207 
1N4007R215

22 ohms

HS203a

Q202
TIP 50

D208 
1N4007

X1 
B+1

Umbilical 
Socket

R207 
47 ohms

5W @

470|jF ' 
400V El.

C211
10 nF zb 

1KV CD
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C212 
10nF 
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pin 1

C214 
470pF 

400V El.

R208 
200K 
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circuits is grounded (back in 

the raw supply box); the other 

is floated at +220V by a voltage 

divider in the plate supply. The 

resistor and diode running 

from the outputs back to the 

inputs serve to drain the out

put capacitors during turnoff. 

In keeping with Ben Duncan’s 

suggestion, the diodes are low- 

capacitance glass signal de

vices to keep stray RFI from 

detouring around the regula

tor into the filaments. The re

sistors limit current to avoid 

frying the diodes.

I mounted the filament regu

lators and their heatsinks on 

the back of the chassis to keep 

their heat outside the box. Be

cause one regulator’s case 

floats at an unpleasantly high 

voltage, I had to use a plastic

X2
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1K '
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C219 
330pF 
63V El.

R219 
47K 3W

AA 
Phantom 

Power

ZD205 
1N5368B 
47V 5W

G-2024-10

audioXpress March 2002 25

i



G-2024-11

FIGURE 11: Raw 
supply board— 
foil side.

cover for the device. Those aren’t easy 

to find, but Mouser had them.

A LOT ON MY PLATE
Figure 10 shows the plate regulators—one 

for the input stage, one for the output. 

Again, I began with an RC filter stage, re

ducing hum and (one hopes) RFI.

I had the devil’s own time with regu

lators. I tried using a Last PAS regula

tor, but for reasons I don’t understand, I 

could not get the device to work stably. 

I also tried an LM-11C circuit (from Na

tional Semiconductor’s application 

notes), but it wouldn’t regulate.

I finally settled on the old reliable 

zener-fed series regulator, using a pair 

of TIP-50 transistors in Darlington con

figuration for lower output impedance. 

(Oddly enough, when I tried using a 

triple-Darlington, the impedance was 
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G-2024-14

FIGURE 14: Regulator 
board layout—com
ponent side. There 
are four jumpers 
(J202-205) on the 
board.

Ml M2 L B C2 Cl higher than with two—can anyone out 

there explain that?) The zener string es

tablishes the reference voltage for two 

pairs of pass transistors (I calculated 

that crosstalk between them would be 

negligible).

I added a few wrinkles to the standard 

series regulator design, including de

coupling the zener diodes’ bypass capac

itor to improve line rejection and reduce 

zener noise. If I was really ambitious, I 

might try feeding the zener string with a 

constant-current source, but it works 

fine and sounds excellent as is. The zen

ers are 5W units, for reliability.

Each output capacitor is a composite 

of three 100pF/450V Panasonic elec

trolytics and a 470nF polypropylene. 

Above about 600Hz, most of the regula

tor’s low output impedance comes from

(to page 68)
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Load-Invariant Power Amplifiers, Part i

This noted author continues in his efforts to help us understand 

distortion. By Douglas Self

A
udio power amplifiers al- 

ways—without exception— 

give more distortion with 

heavier loading. The lower 

the load impedance, the worse the non

linearity. Loudspeaker impedance 

curves are one of the least standard oc

currences in hi-fi; dips to 4ft or less are 

common, and so must induce increased 

amplifier distortion.

I decided to see whether this in

crease in distortion could be 

eliminated—or at any rate, reduced in 

its severity—in bipolar amplifiers, so I 

needed to understand exactly why it 

happens. Crossover distortion is known 

to increase with loading, but in bipolar 

transistor amplifiers there is an extra 

distortion mechanism that becomes 

more important and eventually over

whelms the crossover products as load 

impedance falls and the output stage 

currents increase. My initial target was 

a load-invariant amplifier—i.e., one with 

the same THD at 4ft loading as at 8ft. I 

have not yet built an amplifier that is to

tally load-invariant, but you’ll see that I 

came pretty close.

Another way to tackle this issue is to 

urge loudspeaker designers to strive for 

flatter impedance curves than we cur

rently get, but you must accept that 

electronic problems are much easier to 

solve than electromechanical ones, so 

it is reasonable for amplifiers to accom

modate themselves to loudspeakers

ABOUT THE AUTHOR
Douglas Self obtained a degree in engineering at Cor
pus Christi College, Cambridge, and went on to study 
experimental psychology and psychoacoustics at Sus
sex University. He has worked in both the professional 

audio and hifi fields for quite some time now. He lives 
in Forest Gate, in East London, and maintains a per

sonal website at dself.demon.co.uk.

rather than the other way around. Thus, 

an amplifier must be able to cope grace

fully with impedance dips to 4ft or 

lower. Such dips tend to be localized in 

frequency, so normal music is not 

going to dwell in them for long, but 

they still need to be handled properly.

THE BLAMELESS AMPLIFIER CONCEPT 
A Blameless Class-B power amplifier is 

defined (by me) as one in which all the 

distortion mechanisms shown in Table 

1 have been eliminated or reduced to 

below the noise floor, except for the in

tractable Distortion 3 in its three sub

categories. I explained these distortion 

mechanisms in my 

series of three arti

cles in Audio Elec- 

tronics.1 I have also 

produced a book or 

two which cover this 

subject in much 

greater detail than 

magazine articles 

permit2,3 and con

tain all the refer

ences from here if 

you can’t get hold of 

the original jour

nals.

I use the word 

“Blameless” to em

phasize that the 

high performance of 

such amplifiers is 

due to avoiding a se

ries of common er

rors rather than 

stemming from bril

liantly innovative 

circuit design. A 

Blameless amplifier

design gives a THD performance into 

8ft that depends very little on variable 

transistor characteristics such as beta, 

because at this load impedance the out

put stage nonlinearity is almost all 

crossover distortion, which is essential

ly a voltage-domain effect, and not af

fected by beta. For minimal crossover 

distortion the quantity to be optimally 

set is Vq, the voltage across both the 

two output emitter resistors Re; the ac

tual value of the resulting quiescent 

current Iq is incidental.4 Mercifully, in 

Class-B the same Vq remains optimal 

whatever the load impedance; if it var

ied the extra complications would be 

serious.

The value of a Blameless amplifier is 

not just excellent linearity; more to the 

point, its clean operation allows intrud

ing distortion mechanisms to be seen 

against a clear background.

0.020

0.010

THD 
%

0.001

0005 L
10

FIGURE 1: The crossover distortion from a Blameless

i6n
zon
32«
48«

50k
A-2040-1

amplifier increases as load resistance falls to 8ft. This is 
not due to LSN. (All THD plots are taken at 80kHz bandwidth, 
RMS sensing.)

TABLE 1
NO. MECHANISM CATEGORY SENSITIVE
1 Input Vin/Iout nonlinearity Inherent No
2 VAS lin\Vout nonlinearity Inherent Yes?
3 Output stage distortions:

a Large-signal nonlinearity Inherent Yes
b Crossover distortion Inherent No
c Switchoff distortion Inherent Yes

4 Nonlinear VAS loading Inherent Yes
5 Rail decouple grounding Topological No
6 Rail current induction Topological No
7 Error in NFB takeoff-point Topological No
8 Feedback cap distortion Inherent Yes
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OUTPUT LOADING AND DISTORTION 
As the load impedance of a Blameless 

Class-B amplifier is decreased from in

finity to 4ft, distortion increases in an 

intriguing manner. Unloaded, the THD 

is not much greater than that from the 

AP test oscillator, but with loading 

crossover distortion increases steadily 

(Fig. 1). This increase is due to the fun

damental nature of Class-B, and is not 

the effect we are stalking here.

When the load impedance falls 

below about 8ft, a new distortion begins 

to appear, dominating the crossover 

nonlinearities. It is low-order, essential

ly third-harmonic, and very easily dis

tinguished from crossover in a THD 

residual. In Fig. 2the upper (4ft) THD 

trace is consistently twice that for 8ft, 

once it clears the noise floor, and most 

of the difference is due to this new dis

tortion.

In my previous writings, I have la

beled this effect as Distortion 3a, or 

Large Signal Nonlinearity. “Large” 

refers to currents rather than voltages. 

Hereafter I just call it LSN. Unlike 

crossover (Distortion 3b), the amount of 

LSN produced is very dependent on de

vice characteristics.5 The distortion 

residual is essentially third-order due to 

the symmetric and compressive nature 

of the output stage gain characteristic, 

but its appearance on a scope may be 

complicated by different amounts of 

nonlinearity in the upper and lower 

output stage halves.

LSN occurs in both emitter-follower 

(EF) and complementary feedback pair 

(CFP) output configurations; this part 

of the article concentrates on the CFP, 

as in Fig. 3. Figure 4 shows the incre

mental gain of a SPICE-simulated CFP 

output stage for 8 and 4ft; the lower 4ft 

trace has a greater downward curva

ture; i.e., a greater falloff of gain with in

creasing current. Simulated EF behav

ior shows a similar increased droop 

with 4ft loads.

The typical result of 4ft amplifier 

loading was shown in Fig. 2for the rel

atively modern MJ15024/25 comple

mentary pair from Motorola. Figure 5 

shows the same test on one of the old

est silicon complementary pairs, the 

2N3055/2955. The 8ft distortion is simi

lar for the different devices, but the 4ft 

THD for the venerable 2N3055/2955 is 

three times higher rather than twice. 

Clearly, device characteristics do affect 

LSN.

Such experiments with ancient tran

sistors give useful perspective to the 

Blameless amplifier concept—from the 

types tried so far you can say that even 

with old silicon, Blameless perfor

mance should not exceed 0.001% THD 

at 1kHz and 0.006% 

at 10kHz, into 8ft. It 

is a sobering thought 

that all the compo

nents existed to build 

sub-0.001% THD am

plifiers in the late 

’60s, had we but 

known how to do it.

Low-impedance 

loads obviously have 

other implications 

beyond worsening 

the THD. Long-term 

4ft operation de

mands significantly 

more heatsinking 

and power-supply ca

pacity if reliability is 
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to be maintained. For economic rea

sons the high peak/average ratio of 

music is usually fully exploited in com

mercial equipment, though this can 

cause real problems on extended tests, 

such as the old FTC 40%-power-for-an- 

hour preconditioning procedure.

The main subject of this article is the 

extra distortion generated in the output

A-2040-2

FIGURE 2: The distortion roughly doubles due to LSN as 
loading increases from 8 to 4ft, using modern output de
vices such as MJ15024/25. (NB: The 4ft THD is less than 
the 8ft above 30kHz solely due to fortuitous cancellation 
of harmonics.)

audioXpress March 2002 29

http://www.tubesandmore.com
mailto:infb@tubesandmore.com


FIGURE 3: The standard CFP output stage, also showing 
how extra output devices will be added in parallel.

A-2040-4
FIGURE 4: The incremental gain of a standard CFP output 
stage. The 4Q trace not only shows lower general gain but 
droops much more as the gain falls off at higher collector 
currents.

stage itself by increased loading, but 

there are other ways in which the in

creased currents flowing may degrade 

the total amplifier distortion. In Table 1, 

Distortions 1, 2, and 8 are unaffected by 

output stage conditions. Distortion 4 

might be expected to increase, as the 

increased loading on the output stage 

is reflected in increased current taken 

from the voltage-amplifier-stage (VAS).6 

However, both the beta-enhanced EF 

and buffered-cascode 

VAS configurations 

cope effectively down 

to 3Q loads at moder

ate powers, without in

troducing extra distor

tion. At high powers 

(say greater than 

80W/8Q), it may be 

necessary to use out

put triples to reduce 

the VAS loading; more 

on this in Part 2 of this 

article.

The greater supply 

currents drawn could 

increase supply rail 

ripple, which will 

worsen Distortion 5 if 

it has not been thor

oughly suppressed by 

RC filtering of bias 

supplies, and so 

forth.7 On the other 

hand, if the supply 

reservoir capacitance 

has been increased to 

permit greater power 

delivery, ripple will be 

reduced again, so this 

tends to cancel out.

Distortion 6 may be 

more difficult to elimi

nate, as the half-wave 

currents flowing in 

the output circuitry 

are twice as large, 

with no counteracting 

mechanism. Distor

tion 7, if present, will 

be similarly worsened 

due to the increased 

currents flowing in 

the output stage 

wiring resistances.

Of these mecha

nisms, Distortion 4 is 

inherent in the circuit configuration 

(though not a problem in practice), 

while 5, 6, and 7 are topological, in 

that they depend on the spatial and 

geometrical arrangements of compo

nents and wiring. The latter three can 

therefore be completely eliminated in 

both theory and practice. This leaves 

only the LSN component of Distortion 

3 to grapple with, so things look en

couraging.

THE LOAD-INVARIANT CONCEPT 
Ideally, the extra distortion component 

LSN would not exist, and an amplifier 

would give no more distortion into 4Q 

than 8. I would call that “load-invariant 

to 4Q.” The loading qualification is re

quired because the lower the imped

ance, the greater the difficulties in as

piring to load-invariance. I am assum

ing that you start out with an amplifier 

that is Blameless at 8Q; it would be logi

cally correct but fairly pointless to 

apply the term “load-invariant” to an ill- 

conceived amplifier delivering 1% THD 

into both 8 and 4Q.

THE LSN MECHANISM
LSN is clearly a current-domain effect, 

dependent on the magnitude of the sig

nal currents flowing in drivers and out

put devices, as the voltage conditions 

are unchanged. A major consequence 

of increased collector current is a falloff 

in current gain (beta). The beta falloff is 

ultimately due to what are called high- 

level injection effects in the transistor. 

However, this is not the place to get 

into semiconductor physics; suffice it to 

say that these effects vary with device 

type, so device characteristics now real

ly do affect performance.

Moving from an 8Q to a 4Q load dou

bles the output device currents, but this 

does not in itself generate significant 

extra distortion. The crucial factor ap

pears to be that the current drawn from 

the drivers by the output devices more 

than doubles, due to beta falloff in the 

output devices with increasing collec

tor current. It is this extra increase of 

current due to beta-droop that causes 

almost all the additional distortion. 

The exact details of how this works are 

not completely clear, but seems to be 

because the “extra current” due to beta 

falloff is particularly nonlinear with re

spect to output voltage, and this non

linear extra current combines with 

driver nonlinearity in a particularly 

pernicious way.

Surprisingly, the output devices do 

not contribute increased distortion 

with increased loading—it all comes 

from the drivers.

There is good SPICE-simulator evi

dence that this explanation is correct, 

and LSN is entirely due to the beta

droop causing extra current to be 
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drawn from the drivers, degrading 

their linearity. Here is the evidence:

• Simulated output stages built from 

output transistors modified to have 

no beta-droop at all (simply by in

creasing the SPICE model parameter 

IKF) show no LSN. This shows that it 

is specifically the extra current 

drawn due to beta-droop that causes 

the trouble.

• Simulated output devices driven with 

zero-impedance voltage sources in

stead of transistor drivers show no 

LSN. This shows that LSN does not 

occur in the output transistors them

selves, but in the drivers.

• If you look at output stage distortion 

as an error voltage between input and 

output, the double emitter-follower 

(EF) stage error is: error = (driver Vbe 

+ output Vbe + Re drop).

A simulated EF output stage with 

the usual drivers shows that of these 

three terms, it is primarily nonlinearity 

in the driver Vbe that increases as the 

load resistance reduces, while the out

put Vbe nonlinearity is hardly 

changed. The voltage drop across Re is 

essentially linear, as it is in series with 

the load.

Understanding the mechanism of 

LSN leads to some solutions. To put it 

succinctly: “Increased driver nonlinear

ity is caused by beta-droop, which is 

caused by increased output device col

lector current.” There are three points 

of attack here.

First, increase the linearity of the 

driver system; this can’t be done if it’s a 

single-transistor, as is usually the case.

Secondly, the output device types 

can be selected for the least beta droop. 

This is very device-type dependent, so 

it’s worth having a good look around 

for promising types.

Third, the per-device collector cur

rent can be re

duced by using 

parallel output 

devices. This in 

turn will reduce 

the beta-droop.

Part 2 will pro

vide practical 

measurements to 

confirm the sim

ulation-based rea

soning presented 

here, and in

cludes a practical 

circuit design for 

a load-invariant 

power amplifier 

that will give 

beautiful lineari-

FIGURE 5: 4ft distortion is three times greater than 8ft for the 
venerable 2N3055/2955 output devices. Compare Fig. 2.
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FM Stereo Signal Generator

Here’s a circuit to generate a frequency-modulated stereo RF signal to

align and test FM receivers. By Charles Hansen

T
his circuit is built around the 

$35 Ramsey Electronics FM10A 

FM Stereo Transmitter kit, mod

ified here for better perfor

mance, and with several additional fea

tures. Total cost of parts is about $78.

FM STEREO BROADCASTING 
OVERVIEW

the left and right 

audio channels 

(the L-R signal). 

Finally, add a 

19kHz pilot tone 

to activate the re

ceiver’s stereo de

coder circuitry.

The 38kHz sig-

The FM stereo modulation method was 

devised after FM monaural had already 

been established, and it was required to 

be backward-compatible with existing 

FM mono receivers. As with black-and- 

white and color TV, the backwards com

patibility came at the cost of additional 

complexity, and lowered the stereo sig

nal quality.

To broadcast a stereo signal that is 

compatible with an FM mono receiver, 

you need to sum the left and right chan

nels to mono, then use this L+R base

band 20-15kHz audio signal to frequen- 

cy-modulate the FM transmitter. Then 

you add a 38kHz subcarrier, which is 

modulated by the difference between 

nal is a suppressed carrier wave that is 

amplitude modulated (AM) by the L-R 

signal. The receiver demodulates the 

38kHz L-R signal and the baseband 

L+R signal and sends them into a 

stereo matrix decoder that restores 

them to the original L and R stereo 

audio signals. This decoding process 

generates a fair amount of noise.

In addition, at 100% stereo modula

tion, the 19kHz tone comprises only 

10% of the modulation signal, with the 

left and right audio comprising 40% 

each. This requires greater RF sensitiv

ity on the part of the FM receiver to 

produce a quiet stereo signal. Many 

FM receivers use a blend circuit to

PHOTO 1: Signal generator front view.

gradually return the audio to the qui

eter mono mode when the signal 

strength is reduced.

A 75ps (13.33kHz) pre-emphasis fil

ter is used to boost the higher audio 

frequencies before they enter the 

transmitter modulator. A 75ps de-em- 

phasis circuit in the receiver restores 

the audio response to that of the 

source material. This improves the sig- 

nal-to-noise ratio, since most of the ma

trix decoder noise is concentrated in 

the higher frequencies. (A 50ps pre-em- 

phasis curve is used in Europe, and 

the Ramsey kit comes with compo-

nents for either curve.)

There are two other sub-carriers 

used with the FM broadcast system. 

One is the subsidiary communications 

authorization (SCA), the paid-subscrip

tion commercial-free “elevator music.” 

This system uses a narrowband 67kHz 

FM subcarrier with an audio band

width of 7kHz, transmitted with just 

10% of the amplitude of the stereo sig

nal. Although it is not illegal to own an 

SCA decoder for noncommercial use, 

FM tuner circuits generally have filters 

to reject the 67kHz SCA subcarrier.

The second system is RDS, the radio 

data system that allows text or other in

formation to piggyback on the standard
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FM radio signal. It uses a 57kHz subcar

rier (triple the 19kHz stereo pilot sig

nal) that is divided by 48 in the receiver 

to recover 1.1875kHz NRZ (non-return 

to zero) digital data. RDS allows you to 

view station call letters on a digital dis

play in RDS-compatible receivers. 

[Some RDS stations also include the 

correct time.—Ed.]

HOW IT WORKS
The schematic diagram for the FM 

stereo generator is shown in Fig. 1, and 

the modification parts list is in Table 1. 

Values for the standard FM10A kit have 

been omitted for clarity, with the modi

fied part values shown. These modifica

tions are based on years of experience 

(by others than myself). The modifica

tion design notes are available on the 

web1. Of course, this modification will 

void the FM10A warranty.

Stereo audio signals are input to J1 

and J2, and pass through RF filters to 

block the RF signal from getting back 

to the external audio source. Trimpots 

are used to set the audio level into U1, 

the FM stereo transmitter chip2. US 

standard 75gs pre-emphasis networks, 

15k in parallel with 4n7, precede the 

aluminum decoupling caps, which 

input the audio into U1 pins 1 and 18. 

The pot at pins 16 and 17 is used for the 

audio balance adjustment.

The early version of the FM10 was 

much maligned for both its frequency 

drift, which prevented modern digitally 

tuned FM receivers from locking onto 

its transmitter frequency, and for the 

poor stability of the 19kHz stereo pilot 

signal R-C oscillator network. The 

FM10A kit addresses many of these 

problems and uses NP0 ceramic capaci

tors in the tank circuit and a 38kHz 

crystal oscillator. I have not experi

enced any drift off the 98.1MHz FM fre

quency with my signal generator.

The 19kHz stereo pilot signal and

38kHz suppressed subcarrier are gen

erated by the 38kHz crystal at pins 5 

and 6. Audio input above 15kHz is 

steeply rolled-off in the chip so that no 

19kHz component exists that would 

confuse the receiver’s pilot signal de

tector. The L-C tank circuit connected 

to U1 pin 10 adjusts the FM “broad

cast” frequency.

Three values of NP0 ceramic capaci

tor are supplied with the FM10A. They 

allow you to select one of three 10MHz 

tuning ranges within the 88—108MHz 

FM band, using the ferrite slug of the 

inductor for tuning. It helps to mount 

the NP0 cap on the back of the PC 

board directly to the inductor PC board 

pins. This greatly reduces the parasitic 

inductance of the capacitor leads and 

improves stability.

The modulated RF output at U1 pin 7 

is sent to the base of Q1, an RF NPN 

transistor, for amplification. This boosts 

the signal for its intended purpose as a 

low-power FM transmitter. It also 

buffers the chip output to the 75ft im

pedance of FM radio. I added a seven-el

ement RF low-pass (LP) filter1 after the 

collector output of Q1 to remove the 

spurious high-order harmonics, which 

can cause radio interference from the 

RF output. I also deleted one of the 1nF 

RF output coupling caps, which was de

signed to couple the FM10A to an on

board whip antenna. The antenna and a 

plastic case are another available kit, 

which you do not need.
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KIT MODIFICATIONS
The FM10A kit still uses three silicon 

diodes in series to provide 1.8V DC Vcc 

to U1 pin 15, another sore-point with its 

users. This power-supply voltage de

pends on the forward voltage drop of 

the silicon diodes and varies consider

ably with temperature. I replaced the 

three diodes with an LM317L ad

justable regulator to bring the chip sup

ply up to 2V DC (2.5V DC is the absolute 

maximum rating).

The higher voltage also provides 

more headroom for the audio signal 

level, which I run at 40-60mV input to 

J1 and J2 with the input trimpots 

turned down about two thirds. Higher 

audio input signals tend to cause ring

ing and overmodulation above 10kHz, 

which causes distortion in the receiver. 

The 10mH choke in series with the bias 

resistor at the base of Q1 helps keep the 

RF out of the power supply.

I added another LM317L, with a 1k 

adjust pot, to vary the collector voltage 

to Q1 from 1.75 to 7V DC. This allows 

me to adjust the RF output to the de

sired level and minimize audio distor

tion. Another 10^H choke blocks RF 

from getting to the variable DC supply.

You must mount the modification 

components to the board with mini

mum lead lengths. You need to do all 

connections to ground at the PC board 

ground plane. Drill small (#58 drill) 

holes, remove the green epoxy solder 

mask coating, and solder the leads to 

the ground plane.

I also drilled holes for some of the 

other component leads to make con

nections shorter. I drilled in areas with

out copper where possible. In some 

cases I needed to drill through the 

ground plane, so I isolated the copper 

from ground using a Vector P138A pad 

cutter, available from Mouser as P/N 
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PHOTO 2: 
Signal generator 
rear view.

574-P138A.

The total current 

drawn from the 9V 

DC battery is about 

30mA, so I put the 

LED power-on indi

cator in series with the battery so I 

would not waste current. The 1007 re

sistor across the LED carries about two- 

thirds of the total supply current, so the 

LED is not overloaded. A recessed pin 

jack on the rear panel lets me check 

the battery without opening the case.

The RF level at the output of Q1 is 

TABLE 1 
MODIFICATION PARTS LIST

VALUE DESCRIPTION VENDOR PART NO. QTY
10pF200V Ceramic X7R Mouser 21RX510 2
4n7 100 V 2% Polyester film Mouser 140-PF2A472F 2
33pF300V 5% Silver mica Mouser 5982-5-300V33 2
56pF500V 5% Silver mica Mouser 5982-10-500V56 2

BNC, 757 bulkhead or type Mouser 523-31-221-75RFX or, 161-0062 1
“F” bulkhead
Phono jacks, gold (pair) RS 274-852 1
Tip jack, red Mouser 530-105-0802-1 1

10jj.H Inductor, molded Mouser 70-IMS5-10 2
120nH Inductor, molded Mouser 70-IM2-.12 2
150nH Inductor, molded Mouser 70-IM2-.15 1
4g7 Inductor, molded Mouser 70-IMS5-4.7 2

LED clip Mouser 593-CLP125 1
Red LED, T-1 % Mouser 351-5110 1

100 5% Carbon film Mouser 29SJ250-100 1
22k 5% Carbon film Mouser 29SJ250-22k 1
1k Cermet 10T trimpot DK 72-T93YA-value 1
107 1% Metal film DK 107XBK-ND 1
143 1% Metal film DK 143XBK-ND 2
15k0 1% Metal film DK 15.0KXBK-ND 2
17R4 1% Metal film DK 17.4XBK-ND 1
1k30 1% Metal film DK 1.30kXBK-ND 2
243 1% Metal film DK XBK-ND 2
267 1% Metal film DK 267XBK-ND 2
26R1 1% Metal film DK 26.1XBK-ND 1
147 1% Metal film DK 147XBK-ND 2
374 1% Metal film DK 374XBK-ND 1
442 1% Metal film DK 442XBK-ND 2
45R3 1% Metal film DK 45.3XBK-ND 1
649 1% Metal film DK 649XBK-ND 2
90R9 1% Metal film DK 90.9XBK-ND 2
10R 5% Metal oxide DK 10W-1-ND 1
8R2 5% Metal oxide DK 8.2W-1-ND 1
DPDT6A Mini toggle PE 060-338 6
LM317L Reg, +Adj, TO5 DK LM317LZ-ND 2

9V battery any 1
Chassis RS 270-274 1
FM transmitter kit Ramsey FM10A 1

Drafting appliqué film (Letraset Letiacopy Creative or Chartpak DAF8), available at art or drafting supply houses.

Metal standoffs, hookup wire, shielded audio cable, 757 coax cable, sheet copper or steel (preferred), solder, hard
ware, and so forth.

still well above that needed for a 

“closed-loop” FM tuner test setup. 

With 3V DC to the collector of Q1, my 

FM10A board puts out about 30mV of 

RF. This is 10^W into 757, or 100dBf 

(dB above one femtowatt, one fW being 

10-15W). This will easily overload most 

FM tuner front ends. FM mono sensi

tivity (for 65dB quieting) is in the 

10-15dBf range.

In order to reduce the RF to a useful 

level, I built an RF attenuator into the 

chassis and shielded it from the FM10A 

board with sheet copper. I used eight 

switches in an attempt to provide a 

total of 80dBf attenuation with 1dBf res

olution. This proved to be wildly opti

mistic on my part. At best, I can reduce 

the RF level by about 20dBf, to 80dBf or 

100nW into 757.
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PHOTO 3: Signal generator 
interior view.

switch. Solder the resistors 

going to ground directly to 

the copper sheet. Connect 

the shield to the PC board 

ground using solder wick, 

which makes a great braid

ed cable.

I also recommend making 

the 75Q BNC connection di

rectly to the last switch, 

rather than connecting it 

via coax as I did in my pro

totype. You can also use a video type 

“F” bulkhead connector instead of the 

75Q BNC I used (see parts list).

I use an external 0-70dB RF attenua

tor to get the signal level at the tuner

Figure 2 shows the schematic for a 

six-switch attenuator, for a still-opti

mistic total of 40dBf. Just change the 

resistor values in any of the n-filter sec

tions to change the attenuation for that

LM317L

RF ATTENUATION (75ohms)
(FMRamsFS) 1/16/01 
"FM STEREO SIGNAL GEN" 
SCALE .25, TS .125 
C. HANSEN

a o r
AD__ Q___ CL

FIGURE 3: 
Chassis and 
LM317L outline.

9V BATT TEST

POWER
FIGURE 4: Front and rear 
panel lettering.

8.125

AUDIO IN

PWR

RF ATTENUATION (75ohms) RF OUT

1dB 2dB 3dB 5dB 1OdB 20dB

FM STEREO SIGNAL GENERATOR

down to 10dBf. Apparently, despite the 

copper shielding I used, there is 

enough leakage into the attenuator 

area so that it acts as an antenna. Cop

per is great against electric E-fields, but 

the close proximity magnetic H-field re

quires a ferromagnetic material for ef

fective attenuation.

By contrast, my RF coax attenuator 

unit has a steel chassis with overlaps 

to prevent a slot antenna effect. The in

dividual slide switches have mu-metal 

shields between them, effectively isolat

ing each n section of the filter from the 

other sections. The center conductors 

of the 75Q BNC connectors at each end 

are directly soldered to the adjacent 

switch poles. This is good basic RF en

gineering at work.

Since you will be starting from 

scratch, I think the best solution is to 

use a fixed 75Q n-section 20dB attenua

tor in the signal generator chassis and 

build (or buy) an external RF attenuator 

in a separate metal box, with 75Q RF 

input/output connectors3.

CONSTRUCTION
Photo 1 shows the front view of my pro

totype, with the rear view in Photo 2. I 

used a Radio Shack 270-274 steel chas

sis for this project. Figure 3 shows the 

top and front views of the FM stereo 

generator chassis layout and the out

line for the LM317L IC. Note the differ

ences from the prototype photos, for 

the reasons described previously.

Figure 4 shows the panel lettering 

designations for the front panel. A full

size copy of this lettering was made on 

drafting appliqué film, which is an ad

hesive-backed transparent plastic (see 

note after the parts list). Apply the let

tered film to the front of the unit in the 

proper locations. Cut through the film 

at the drilled holes and then spray it 

with two coats of clear polyurethane 

for protection.

You must accurately locate the hole 

for the power-switch actuator, since the 

switch is soldered to the PC board. In

stall the metal standoffs on the board 

and position the switch in its proper lo

cation on the board. Mark the inside of 

the rear panel at the actuator and drill a 

'Ae," hole.

Be sure the switch actuator is in the 

on position. Locate the board so the ac- 
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tuator protrudes through the chassis in 

its on position and mark the locations 

for the standoff holes in the chassis bot

tom. Drill a hole for the battery test pin 

jack, in line with the rear panel label.

Photo 3shows the interior of my pro

totype signal generator. I mounted the 

FM10A PC board (Photo 4) on four 

tapped aluminum spacers, so it makes 

a good RF connection to the chassis. 

Also mount the audio input jacks and 

RF output jack directly to the chassis.

Single-point star grounding is the rule 

with audio equipment, but RF grounds 

need to be short and direct to avoid para

sitic inductance and wire lengths that 

can act as antennas. Be sure to scrape 

the paint off the chassis wherever a 

ground connection is required, and 

where the two chassis halves meet at the 

cover mounting screws.

Use shielded wire from the phono 

jacks to the circuit board and 75Q coax 

from the board to the internal attenua

tor (if you decide to build one). Wire the 

RF output connector directly to the last 

attenuator switch. You will need to 

shield the attenuator from the transmit

ter board. I used copper foil, but sheet 

steel is much more effective.

TEST AND CALIBRATION
To perfectly adjust the FM stereo gener

ator (Method 1), you need some RF test 

equipment: an RF millivoltmeter or 75Q 

RF power meter, an RF frequency 

counter, and a general-purpose oscillo

scope. However, you can do a decent 

job (Method 2, later) with a high-perfor

mance oscilloscope and a modern (digi

tally synthesized) FM tuner. My NAD 

tuner has 50kHz tuning increments, 

which make it easy to precisely tune 

the stereo generator. The scope must be 

capable of at least 150MHz; more is bet

ter (discussed later).

You must make all connections 

with 75Q coax cable. Cable TV also 

uses this impedance and video “F” 

connectors (probably also used on 

your FM receiver). You can use cable

TV coax with an F-to-BNC adapter 

(Radio Shack P/N 278-251) at the FM 

stereo generator, or build your gener

ator with the bulkhead “F” connector 

in the parts list.

If you find there is no RF output—or 

some other problem—the FM10A kit in- 
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structions include a pretty good set of 

troubleshooting steps. Since you have 

modified the PC board, you may not 

have access to warranty claims. You 

can’t get the BA1404 IC just anywhere. I 

did find a couple of other surplus 

sources, but there are no more BA1404s 

other than those that Rohm made up 

until 1994.

METHOD 1
Turn off all the internal attenuator 

switches. Connect the FM stereo gener

ator to the RF frequency counter and 

RF meter and adjust the L-C tank coil 

slug to the proper frequency. Remem

ber that US FM stations are assigned to 

the odd 100kHz spacings (98.1MHz is 

valid, 98.2MHz is not). You need to load 

the stereo generator with a 75Q termi

nator (in the RF probe or at the 

counter). A good BNC terminator is the

PHOTO 4: Modified FM10A circuit board close-up.

Mouser 523-46650-75RFX.

To adjust the RF power, use the 1k 

pot in the LM317L regulator circuit that 

feeds the collector of Q1. I found I need

ed a minimum of 3V DC for reasonably 

linear RF modulation (<2% THD at the 

receiver). To make life easier, adjust the 

RF to a power level that equates to a 

multiple of 5dBf output (Table 2). You

TABLE 2 
DBF FOR RF REM 

VOLTAGE/POWER INTO 75Q

DBF RFVOLTAGE RF POWER
100 27.4mV 10gW
95 15.4mV 3.16p W
90 8.66mV 1gW
85 4.87mV 316nW
80 2.74mV 100nW
75 1.54mV 31.6nW
70 866gV 10nW
65 487gV 3.16nW
60 274gV 1nW
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will probably not be able to get below 

80dBf. Full FM quieting is usually spec

ified at 65dBf, so some form of RF atten

uation is required. The base level of 

0dBf is equal to 0.274gV or 1fW.

Now turn on each of the internal RF 

attenuator switches and measure the 

RF power reduction as a result of 

adding each RF n-filter. This will allow 

you to make an accurate attenuation 

chart for your FM signal generator.

METHOD 2
Turn on all the internal RF attenuator 

switches. Connect the FM signal gener

ator to the 757 input of an FM tuner, 

and then to a high-frequency oscillo

scope using a Mouser 532-31-208-RFX 

BNC T-adapter. (This is a 507 device, 

rather than the desired 757, but it 

should work okay since the tuner termi

nates the generator properly.) If your 

tuner has only 3007 input terminals, 

use a 757-3007 balun transformer be

tween the generator and the tuner.

The FM10A frequency-adjustment 

slug provides pretty good resolution, 

and you can use the tuner scan button 

to find the frequency where the FM 

stereo generator is actually tuned. 

Once you are close to your desired op

erating frequency, pre-tune the FM 

tuner to that frequency and adjust the 

L-C tank coil slug until the FM tuner 

locks onto the stereo signal. Adjust the 

tuner in each direction, to the points 

where the FM stereo indicator goes 

out, and then point it in the center of 

these two positions. Many tuners have 

a meter or bar graph tuning/signal 

strength display, which makes life eas

ier. You may need an external RF at

tenuator if the tuner overloads.

You can view the FM10A RF voltage 

output on a high-frequency oscillo

scope and adjust the collector supply 

for Q1. Remember two things. First, 

the scope is presenting the peak-to- 

peak RF voltage, so you need to divide 

this by 2.828 to get the RMS value in 

Table 2. Second, depending on the 

scope’s frequency rating, the level dis

played on the scope trace may be less 

than the actual RF output. If you are 

using a 100MHz scope, and the 

FM10A is set to 100MHz, the actual 

RF voltage may be 1.414 times higher, 

since the 100MHz rating of the scope 

is probably its -3dB response point. If 

you are lucky, there will be a re- 

sponse-versus-frequency chart in your 

scope manual.

Once you have made the RF adjust

ments, turn the two 1k audio trimpots 

about two-thirds counterclockwise 

and connect an audio oscillator to the 

two audio input jacks with a Y-adapter 

(Radio Shack P/N 42-2438). Keep the 

signal very low (20mV RMS or so at 

1kHz) and view the audio output at 

the line output jacks of the FM tuner 

or receiver. Increase the audio signal 

level until the signal clips, or be

comes “splatty” with spikes or spuri

ous oscillation.

Now change to 15kHz audio, which 

is the upper bandwidth limit for FM 

radio. Decrease the audio level so you 

have a clean sine wave. A high-quality 

FM tuner will have flat (±1dB) frequen

cy response from 30Hz to 15kHz. When 

the audio level is properly adjusted, the 

FM10A is capable of linear RF modula

tion within this range.

Now, gradually decrease the RF at

tenuation, keeping an eye on the 15kHz 

sine wave at the output of the tuner. 

When the sine wave becomes clipped, 

you have reached the maximum RF 

input level for the tuner. Most quality 

tuners can accept 80dBf or more. Auto 

radios, which have an additional RF 

amplifier stage to cope with constantly 

varying FM reception, usually go into 

overload below this point.

If you have an audio distortion meter, 

you can adjust the RF level with the Q1 

supply trimpot for minimum 1kHz dis

tortion at the tuner’s line outputs.

USING THE FM STEREO GENERATOR
I use the FM stereo generator for mak

ing sensitivity and frequency response 

measurements on FM receivers. I found 

that the FM10A chip’s modulator dis

tortion exceeds 1%, so it is not suitable 

for audio distortion measurements. Re

ally good FM tuners have distortion lev

els below 0.3% for stereo reception. It is 

also useful for measuring stereo separa

tion where you can turn off the tuner’s 

stereo-mono blend circuit.

I preset my FM stereo generator at 

100nW (80dBf) with all the internal at

tenuation switches on. As I stated earli

er, I use an external 0-70dB RF attenua

tor to reduce the RF level to the 65dB 

audio quieting points in mono and 

stereo and to find the minimum use

able FM signal level (sometimes this is 

less than the fully attenuated 10dBf 

level of my test setup).

Figure 5 shows an optional 10.7MHz 

IF (intermediate frequency) marker os

cillator that you can use to align the IF 

strip in older FM receivers having IF 

bandpass tank circuits with adjustable 

slugs. Some of the finest FM tuners 

from the vacuum-tube era use this 

method. This Colpitts oscillator is inde

pendent of the FM stereo generator and 

can be built in a separate enclosure.

C6 and C7 should be silver mica or 

NP0 ceramic caps. C4 is an RF 

feedthrough cap. C5 is used to tune the 

crystal to 10.7MHz. The ARRL Hand

book has many interesting and perti

nent RF circuit designs4. ❖
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Digi-Key Corp.
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www.digikey.com

Mouser Electronics
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Mansfield, TX 76063-4827 
1-800-346-6873
www.mouser.com

Parts Express
1-800-338-0531
www.partsexpress.com

Radio Shack
Local stores, or
Radio Shack Unlimited (RSU) 
1-800-THE-SHACK 
www.tandy.com

Ramsey Electronics
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www.ramseykits.com
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e-Bass: An Application of Phase Linear 
Sub-Bass Equalization

Reprinted with permission from Electronics World, February 2001.

By Graham Maynard

H
i-fi, stereo, semiconductors, 

digital, each of these mile

stone audio developments 

has contributed towards the 

accuracy, miniaturization, and power of 

affordable music reproduction systems. 

However, and in spite of such technical 

developments, today’s low distortion 

tuners, CDs, and 20-20 flat amplifiers 

cannot ensure that we will enjoy “fully 

realistic” sound reproduction. This is 

because their audio outputs are still 

used to drive permanent-magnet loud

speakers in much the same way as they 

did during the twilight years of the clas

sic valve era.

I have no wish to denigrate any quali

ty audio system—whether solid or hol

low state. Most can generally be adjust

ed to perform well, but no matter how 

low their distortion, they cannot proper

ly replicate lower bass sound waves 

with a flat 20Hz to 20kHz hi-fi response. 

This is because

• loudspeaker transduction efficiency 

falls with reducing frequency

• socially acceptable playback levels 

make some low-frequency boost nec

essary to compensate for the natural 

fall-off in human hearing abilities.

EQUALIZER EFFECTS
You can use graphic equalizers and 

electronic crossovers feeding indepen

dently adjustable multi-channel ampli

fiers that drive separate bass, mid, and 

treble loudspeakers to construct the 

most impressive of sound systems. Yet 

no matter how you adjust the controls 

to counter loudspeaker and hearing de

ficiencies, fully realistic reproduction 

remains frustratingly elusive. This lack 
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of fidelity is due to the frequency-selec

tive-amplitude corrections for the natur

al rolloffs that occur within the audio 

spectrum. These corrections lead to our 

hearing becoming subjected to frequen

cy-variable phase changes and time de

lays that affect waveform coherence 

and transient delivery.

Phase changes are why, for example, 

a little necessary bass boost from a 

Baxandall tone control or equalizer 

slider can sound okay. However, the 

greater amounts of amplitude correc

tion that we might ultimately wish to 

correctly apply at lower listening levels 

actually sound somewhat off-putting. A 

“loudness” control is little better, and if 

one is used, in addition, to bass boost, 

then the sound becomes atrociously 

soft and boomy.

Purists might use headphones, or 

stick to a flat amplifier response that 

they know does not alter signal phase 

or waveform coherence. Then, after se

lecting the best loudspeaker equipment 

that they can afford, they simply accept 

FIGURE 1: Using a small cabinet, incorporating a rigid-coned speaker and mounted 
against a wall, offers many benefits over traditional bass enclosures. The drawback 
is that such a speaker needs considerably more power as frequency falls. This filter 
provides boost rising to 20dB at 15Hz.

the natural low-frequency rolloff that 

they can do nothing about.

Fortunately for experienced ears, flat 

amplification has little effect on the re

production of choral works and the mu

sicality of classical string and wind in

struments. Yet, while it is the music 

and not the sound system that we listen 

to, it occasionally becomes obvious that 

some recordings have been made via 

studio equipment that had itself not 

been running fully flat!

REALISM
For most listeners, however, flat ampli

fication and conventional loudspeakers 

will lead to a considerable loss of real

ism at playback. This is especially so 

when attempting to reproduce electron

ic and percussion instruments, full or

chestra and open air performances, or 

the deep lows “ambience” of larger au

ditoria where longer wavelengths have 

had the freedom to develop a “spatial” 

sound that has been “characterized” by 

the building itself. We might not be 

able to hear 10Hz, but infrasound beats 

and standing-wave sensations are phys

ically observed when we attend live 

classical and pop music performances. 

These become essential components of 

our learned experience.
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Optimized T/S parameters for more flexible cabinet design

Distributed by
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When playback is carrying the sub

liminal harmonic and mixed signatures 

of such deep lows but their body-vibrat

ing fundamentals are missing, then we 

cognitively realize that reproduction 

lacks the full set of characteristics that 

are essential to match our known expe

rience, and thus to produce the illusion 

of “being there.” Good recording equip

ment does transfer infrasound frequen

cies to masters. When these are not fil

tered out prior to the disc printing run, 

then good CD players and systems can 

be made to reproduce them. This might 

be a tiny part of the sensory spectrum, 

and it is not always recorded, but it 

does remain very important: If you be

lieve that the bass currently reproduced 

by conventional audio systems is not 

seriously compromised, then take a lis

ten to known good music test tracks 

when played back through quality 

headphones.

EXISTING BASS EQUALIZERS
Many active bass-equalizer circuits 

have already appeared in electronics 

publications. Most are additional in

line stages, though some use the power 

amplifier’s negative feedback loop. 

Those that start to roll off around 20Hz, 

or which incorporate a tuned-feedback 

loop to achieve their boost, make me 
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FIGURE 2: Sub-bass amplitude and phase characteristics for the Fig. 1, and “e
bass” circuits. The a traces result from Fig. 1, while the b traces are the e-bass cir
cuit output characteristics.
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cringe as I imagine the nature of the 

bass sound that would be reproduced.

With any frequency-selective ampli

tude adjustment or turnover, whether it 

be passive, electronic, or loudspeaker 

in origin, there is always a phase 

change about and beyond its turnover 

frequency. If signal phase changes 

occur in the 15 to 100Hz range, then 

low bass sound waves that initially had 

a coincidental starting point can recom

bine differently at playback and make 

an instrument sound as if it has been 

physically altered. Occasionally, combi

nations of loudspeaker and equaliza

tion characteristics so badly affect the 

sound that fundamental tones can run 

into quadrature with their own range of 

reproduced harmonics. Alternatively, 

they can become out-of-phase at fre

quencies that are not too far above and 

below what becomes an effective reso

nant “Q” like turnover well within the 

audio spectrum.

When an amplifier or a loudspeaker 

amplitude response starts to roll off at, 

say, 20Hz, it is generally capable of good 

reproduction above 40Hz. However, 

even though normal musical sounds sel

dom have fundamentals below 30Hz, re

production can still be shown to be 

phase shifted, and thus harmonically 

distorted. This is because a small deficit 

in the amplitude of a low-frequency fun

damental introduces a larger level of 

phase shift with respect to its entire fam

ily of harmonic overtones than would be 

the case if only a few of the upper orders 

had been similarly altered.

It is true that crossover networks 

also cause phase changes. Usually 

though, the aim here is to counter the 

reproduced shift in one driven channel 

with an equal but opposite effect in its 

continuing partner.

WHY IS PHASE IMPORTANT?
At the low-frequency limit of human 

hearing, where no other driver takes 

over, such phase distortions generate 

what we commonly term as a loud

speaker or system footprint. It has been 

said that we are less capable of noticing 

distortion at low frequencies, but I won

der what the reference has been. I also 

wonder whether this conclusion has 

been drawn while listening via conven

tional loudspeakers and amplifiers that 

start to roll off at 20Hz.

When phase changes occur, a range 

of frequency-related time delays devel

ops. Previously accompanying wave 

components become separated at play

back; i.e., they become displaced in 

time. The resultant sound quite literally 

loses its coherence. Occasionally, the 

harmonic “voice” of a bass instrument 

can be perceived before the peak of the 

first half cycle of its fundamental note. 

It is as if the bass loudspeaker cone is 

operating from farther and farther away 

with increasingly lower frequency.

There is thus a most definite need to 

maintain an overall flat phase re

sponse at all audible frequencies. Also, 

the associated amplitude linearity 

needs to extend as far below hearing 

as is stably possible, without risking 

equipment reliability. Filters that alter 

amplitude introduce phase-related ef

fects that extend out to two or three 

times, also to a half or a third of their 

nominal turnover frequency. Because 

of this, I personally consider that an 

amplitude rolloff should not be al

lowed above 5 to 7Hz for amplifiers 

and loudspeakers that are expected to 

perform linearly down to the lower 

limit of human hearing.

From a constructional viewpoint, 

minimizing bass driver and cabinet de-
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bass” compensation circuit provides a much more faithful phase 
encies. A 5Hz input filter removes subsonic effects of CD gain and

rived phase shifts below 100Hz then 

precludes the use of baffles. They also 

preclude large, ported or labyrinth cabi

nets and low-frequency auxiliary bass 

radiators that look like heavily coned 

loudspeakers without magnets. These

preclusions apply even when any of 

these options is driven via a specially 

designed active equalizer element that 

maintains an overall flat audio re

sponse via that particular system. This 

is because air column and mechanical

resonances become independent of sig

nal input once they have been exited.

Resonant displacement can be con

trolled only via physical damping 

and/or motional feedback. Yet the solu

tion is simple.

COMPONENTS:
SOLEN HEPTA-LITZ 
AND STANDARD 
INDUCTORS AND 
CAPACITORS - THE 
CHOICE OF MANY 
HIGH-END SPEAKER 

0 MANUFACTURERS.

HARDWARE:

Solen crossover components - 
used by the most discriminating 

loudspeaker manufacturers.

SOLEN HEPTA-LITZ INDUCTORS
Air Cored Inductors, Litz-Wire Perfect Lay Hexagonal Winding 
Values from .10 mH to 30 mH
Wire Size from 1.3 mm (16AWG) to 2.6 mm (10 AWG) 7 Strands

POWER RESISTORS, 
L-PADS, CABLE, 
ABSORBING AND 
DAMPING MATERIALS,

SOLEN STANDARD INDUCTORS
Air Cored Inductors, Solid Wire Perfect Lay Hexagonal Winding 

Values from .10 mH to 30mH 
Wire Size from 0.8 mm (20AWG) to 2.6 mm (10 AWG)

GOLD SPEAKER 
Q TERMINALS, GOLD

BANANA PLUGS AND 
BINDING POSTS, GRILL 
FASTENERS, PORT® 

TUBES AND TRIM 
RINGS, PAN HEAD 
SCREWS, SPIKES IK 
AND TEE NUTS WITH 
ALLEN HEAD BOLTS 
AND PLENTY MORE...

SOLEN FAST CAPACITORS
Fast Capacitors, Metalized Polypropylene
Values from 0.10 pF to 330 pF
Voltage Rating: 630, 400, 250 VDC

CROSSOVER AND SPEAKER PARTS
Metalized Polyester Capacitors, 1.0 pF to 47 pF, 160 VDC, Non Polar 
Electrolytic Capacitor, 22 pF to 330 pF, 100 VDC, Power Resistors 
10 W, 1.0 Q to 82 Q, 8 Q L-Pads plus all the hardware and supplies 
to complete any speaker project.

[ y

CALL TO ORDER THE SOLEN CROSSOVER 
COMPONENT CATALOG FOR $8.00 PACKAGED 
WITH THE COMPREHENSIVE SOLEN SPEAKER 
DRIVER COMPONENTS CATALOG.

SOLEN INC.
4470 Avenue Thibault 
St-Hubert, QC J3Y 7T9 
Canada

Tel: 450.656.2759
Fax: 450.443.4949

Email: solen@solen.ca
WEB: http://www.solen.ca
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SOLUTION TO PHASE PROBLEM
Take a rigidly coned long-throw driver 

motor, mounted within or against a 

small airtight enclosure. When crossed 

over and used resistively only at those 

frequencies that are below the new rela

tively high resonant frequency, it will 

be more phase linear, more reliable, 

and more compact than the convention

al cabinets that we have come to ac

cept. However, a power transient in

duced resonance within such a com

pact cabinet that is fed by a poorly 

damping L-C crossover can be unpleas

antly distinct when compared to larger 

and conventional cabinets. As a result, 

an electronic crossover with a directly 

damping amplifier to voice coil connec

tion becomes essential.

Also, the use of any resistor-capaci

tor type signal equalization or an elec

tronically resonant circuit that gener

ates necessary sub-bass boost then 

merely introduces other separate but 

additional phase changes and/or a 

rumbly single note overhang effect. 

These distortions are as if the driver 

itself had been made very large, been 

mounted in a much larger enclosure, 

or had itself become under-damped. 

Thus the mechanical phase problems 

due to a loudspeaker being mounted 

in a conventional cabinet could erro

neously be replaced by newly intro

duced electronic ones that sound 

equally undesirable. You simply can

not reproduce a recording of clean 

and tight sounding bass on any sys

tem that is not itself clean and tightly 

damped in every regard; that means 

electronically, electrodynamically, 

and physically.

EQUALIZATION
Of course, this suggested compact 

loudspeaker solution is also seriously 

inefficient at generating sub-bass fre

quency sound waves. A considerable 

boost to signal amplitude becomes 

necessary at 15Hz with respect to 

100Hz; (approximately 20dB). At 15Hz, 

this 20dB boost then places serious de

mands upon amplifiers and drivers. A 

handling requirement of 100W at 15Hz 

becomes necessary to complement 1W 

at 1kHz.

Figure 1 shows a passive multi-stage 

resistor-capacitor filter network capa

ble of providing the necessary boost. Its 

simulated amplitude response is trace 

a in the upper half of Fig. 2. Also note, 

however, that the phase response exam

ination in the lower half of Fig. 2 re

veals a considerable turnover lag at all 

audible bass frequencies. You will ob

serve this same phase lag on any nor

mal combination of active or passive 

equalizer circuits that act with respect 

to ground to provide the same slope of 

sub-bass increase. This degree of phase 

shift runs bass instrument fundamen

tals into quadrature with the rest of 

their characterizing harmonics, and 

renders boosted sub-bass reproduction 

woolly beyond tolerance.

During the summer of ’98, I devised 

and test-auditioned many different cir

cuit architectures that were each indi

vidually capable of generating the same 

20dB of amplitude boost at 15Hz. All 

were measured to check that their 

equalization mirrored, and therefore 

compensated for, the natural rolloff of a 

dynamic loudspeaker working against 

a compact airtight enclosure. This 

meant a response that would hold 12dB 

per octave down to 10Hz.

In spite of their identical audio am

plitude responses, each circuit sounded 

different. Some were grossly unaccept

able due to phase distortion. Then I re

alized that my dual-trace oscilloscope 

could be used to display the output 

waveform against signal generator 

input. This would allow me to observe 

any phase shifts that accompanied gain 

directly.

Eventually, I achieved a correct low- 

frequency amplitude boost characteris

tic. It always delivered output in the 

correct sense per sine-wave half cycle.
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This means that it delivered zero cross

ing AC voltage input and output transi

tions that were in phase at all audible 

frequencies. My desire was to deliber

ately counter the more usual trace-a 

like bass frequency lag that I had al

ready heard, measured, and so disliked, 

resulting from filters similar to the one 

shown in Fig. 1. Much experimentation 

and repeated trials led to the develop

ment of my final circuit, Fig. 3. The b 

traces in Fig. 2 show the much flatter 

phase response achieved by my similar

ly boosted e-bass circuitry.

THE CIRCUIT
In Fig. 3, TR1 forms a low-Q 5Hz input 

filter. (Table 1 is the parts list for this 

circuit.) This is necessary to reduce in-

TABLE 1 
E-BASS CIRCUIT PARTS LIST

REFERENCE PART
C1 1mF
C5, C14, C21, C22 1UF
C2, C3, C6 470N
C4, C12 10uF
C7 220N
C8 4u7
C9 220yF
C10, C13 2m2
C11 2g2
C15, C17 470yF
C16 470P
C18, C19 47P
C20 100yF
D1, D2, D3 1N4001
D4 LED ON
D5 1N4148
F1 %A
K1, K3 In & out left
K2, K4 In & out right
P1 10Q LIN
P2 100k LIN
P3 47k LIN
R1, R2, R16 10k
R3 470k
R4, R21, R32, R33 220
R5, R11 22k
R6, R30 470
R7, R9, R20, R29 1k
R8 390k
R10 62
R12 12k
R13, R14, R15, R28, R31 4k7
R17 15k
R18, R22 47k
R19 1k2
R23 330k
R24 1M
R25, R27 120
R26 1k8
R34, R35 2k2
R36, R37 100k
TR1, TR3, TR5, TR6, TR9 BC547C
TR2, TR7 BC557C
TR4, TR8 BC337
TR10 BC327

frasound playback fluctuations. These 

can be caused by digital-audio bias and 

gain level settlement data that should 

not be—but nevertheless occasionally 

is—imprinted upon some CDs. This fil

ter has a negligible effect on amplitude 

at audio frequencies, though it does in

troduce the unavoidably increasing 

phase lead that comes in below 15Hz. 

See trace a in Fig. 4.

All mid-high audio frequencies are 

twice phase reversed—first at TR1 col

lector (trace b), and then again at TR3 

collector (trace d). TR3 output, buffered 

by TR4, is thus shifted back to being 

fully in phase with TR1 base input, yet 

without delay.

Bass frequencies are separately 

taken from the emitter of TR1 (trace a) 

with respect to the 180° phase shifted 

signal at the collector of TR1 (trace b). 

The sub-bass frequencies at TR2 emit

ter (trace c) thus develop an intermedi

ate and frequency-dependent phase 

lead with respect to the higher frequen

cies at TR1 collector. This intermediate 

lead counters the Fig. 2 trace a like lag 

that is caused by the passive resistor-ca

pacitor high cut and thus sub-bass 

boosting networks acting on both TR1 

and TR3 collectors with respect to 

ground.

The outcome at the emitter of TR4 is 

that all audio frequencies now remain 

in phase with the input. Bass frequen

cies have received a 12dB/octave char

acteristic boost through +20dB at 15Hz, 

with respect to 100Hz and above.

Audio output at TR4 emitter is fully 

in phase with the signal at input. As a 

result, a simple potentiometer arrange

ment between it and the first stage, 

VR3, is all that is necessary to tap off 

any desired level of phase-linear sub

bass boost between flat and +20dB at 

15Hz with respect to 100Hz. The 

greater the level of boost, then obvious

ly the more that potentiometer VR1 

might need to be backed off to prevent 

sub-bass power-amplifier overdriving.

During listening tests, it became obvi

ous to me that some CDs had been pro

duced using equipment that had not 

maintained a flat phase response at sub

bass frequencies. Additionally, some un

used equalizer phase shifting ability re

mained available between TR1 and TR2, 

so I introduced the third potentiometer.

ACCUTON
Thiel GmbH has appointed 

Madisound as a North American 
distributor for Accuton
Loudspeakers. The diamond and 
ceramic inverted 
dome tweeters, 
midranges and 
woofers have a 
high reputation for 
accurate impulse response and clarity 
without coloration. The stiffness to 
weight ratio of these membranes is 
unsurpassed. And the balanced 
concave shape yields wide and 
uniform energy distribution.

Madisound provides technical 
assistance to 
help you in 
choosing 
the proper 
product for 
your 
application.

You can use our Leap design service 
for accurate crossover design.

Diamond Dome Tweeter 
Unit 0 dB Price Ea. 

D20-6 3/4” 89.5 $2800
Ceramic Dome Tweeters

C12-6 1” 89.5
C23-6 1.2” 89.5

$159
$189

Ceramic Dome Midranges
C44-8 2” 88.5 $195
C79-6 3” 88.5 $249

Ceramic Dome Woofers
C88-6 5” 86 $235

C89-T6 5” 89.2 $259
C92-6 7” 86 $198

C95-T6 7” 89.1 $225
C220-T6 8” 89.6 $349
All speakers have protective grills.

For complete specifications and 
curves visit our web site at:

www.madisound.com
MADISOUND SPEAKER COMPONENTS, INC. 

8608 UNIVERSITYGREEN 
P.O.BOX44283 

MADISON,WI53744-4283 U.S.A.
TEL: 608-831-3433 FAX: 608-831-3771 

e-mail: info@madisound.com 
Web Page: http:/www.madisound.com
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This potentiometer could prove useful 

in compensating for other undesirable 

loudspeaker and crossover shifts.

I chose a component value that 

would allow a fully variable, but inde

pendent, sub-bass shift of between +60 

and -20° at 25Hz. Thus phase was ad

justable relative to unequalized audio 

that was being reproduced separately 

by the main bass-mid-treble component 

drivers. The result was a uniquely use

ful and user-controllable range of phase 

variation!

Initially, up to -60° had been avail

able, but just as with ordinary bass con

trols, this amount of lag never sounded 

acceptable. Zero degrees is dead center 

on the 100k7 pot, and this turns out to 

be the most common position set by ear.

TR4 stably bootstraps TR3 down to 

7Hz. This optimizes stage gain without 

any need for low impedance compo

nents at TR3 emitter. TR6, 7, and 8 form 

a simple two-stage, self biasing 2V RMS 

output amplifier, which counters equal

ization circuit losses when running flat.

POWER SUPPLY
TR5 isolates the equalizer filter from 

supply-rail ripples. Thus the entire cir

cuit eliminates loudspeaker thumping 

at power-up, which is something that 

op-amp circuitry cannot easily do. TR9 

and 10 form an electronic on-off switch, 

thereby enabling remote DC control 

from a preamp or head unit, but these 

controlling transistors and their associ

ated components can be omitted. If you 

decide to do so, diodes D2 and 3 will 

need to be powered directly from a 

main amplifier supply or via a separate

ly switched rail.

This class-A (constant-current) cir

cuit requires a single, positive, 11V to 

16V (25mA) DC supply. Fed via D2 and 

3, it is tolerant of momentary psu inter

ruptions, ripples, and power-audio in

duced supply rail voltage dips when 

running from a common supply or car 

battery. Actually, D2 and D3 can be con

nected to a raw AC supply. Where the 

equalizer must be installed at the end 

of long cable runs, a separately pow

ered DC to DC converter might be con

sidered. This would be inserted be

tween the diodes plus the signal earth 

line, and TR9 plus the power earth line. 

Adding a converter in this way would 
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isolate audio circuitry from DC rails. I 

have not experienced any supply rail or 

common earth problems with proto

types, mainly due to the sharp rolloff 

below 5Hz.

REMOTE CONTROL
During the design phase, I connected 

VR1, 2, and 3 so they could be con

trolled remotely from the listening posi

tion. I used a six-meter screened multi

core cable for this. No instability, inter

ference, or induced hum pickup prob

lems were encountered.

My thanks to Andy Collinson at 

www.mitedu.freeserve.co.uk for the use 

of his TINA simulator program to gen

erate the amplitude and phase graphs 

directly from my final circuit. His simu

lations confirm exactly my own long

hand measurements made on 1998 pro

totypes. In Fig. 4, amplitude trace e 

shows a sharp turnover between the 

12dB/oct boost and the 20dB/oct cut 

below 5Hz; this sharpness is achieved 

over several stages and thus is not reso

nant. Also note that trace e shows the 

overall phase deviation between input 

and output not exceeding ±13° down to 

20Hz—figures that hold for the zero 

boost trace a phase line: Can any con

ventionally cabinetted loudspeaker do 

better?

REALIZATION
The most significant test bed for this 

equalizer has been my son’s 50Hz elec

tronically crossed over sub-bass chan

nel, feeding a Rockford Fosgate (USA) 

100+100W 47 amplifier that maintains 

output down to 5Hz. This drives a Rock

ford Fosgate 15" diameter double 47 

voice coil bass woofer, sealed inside 

and thus occupying some of the volume 

of a 2.3ft3 sealed enclosure.

With one amplifier channel per voice 

coil, I observed a much superior cone 

control, and the combination is capable 

of displacing up to one liter of air per 

half cycle; that is two liters peak to 

peak! As this amplifier is capable of 

handling down to 17 per channel, I 

tried it in a bridged configuration with 

the voice coils in parallel to form a 27 

load. The bridged setup functioned ex

actly as expected; unnecessarily power

ful with audible degradation in cone 

driving accuracy and damping.

www.audioXpress.com

An equalized power of 200W cannot 

set any SPL records when driving a 

compact sub-bass loudspeaker, but it is 

notably more realistic. The low frequen

cies of beating bowed cellos properly 

resound, and kick drums cleanly and 

tonefully kick air rather than thud- 

boomphing as if not a drum at all. Also, 

reproductions from CD render more 

life-like stage and theater hall acoustic 

ambiences. This aspect is hard to de

scribe, but it produces the illusion that 

your hearing is extended far beyond 

loudspeakers and the listening room. 

Open-air recordings actually become 

more “open,” with distant sounds clear

ly sounding distant because they are 

not modified by those rumbly bass 

loudspeaker colorations that we have 

become so used to, and which we can 

hear being differently exited on differ

ent systems as a result of air distur

bance on a source microphone.

POSITIVE CLIPPING
Another positive attribute of the sepa

rately powered sub-bass channel is that 

when a sub-bass amplifier runs into 

clipping, the rest of the audio system 

remains unaffected. Thus, momentary 

sub-bass overdriving does not distort 

other bass-mid-treble output. With a 

clean clipping sub-bass amplifier it can 

be determined that an insufficiency has 

occurred without it having had any 

mind-catchingly deleterious effect upon 

listening pleasure. This is simply not 

the case with an inadvertently clipping 

main or whole bass amplifier, the ef

fects of which can totally capture your 

attention and ruin your enjoyment for a 

long time after the momentary distor

tion has occurred.

Although this equalizer has proven 

effective with long-throw bass drivers 

as small as 8" in diameter, I trust that 

anyone who seriously attempts to pro

duce realistic results will use a mini

mum single 12" or twin 10" drivers, one 

facing inwards the other outwards and 

wired oppositely. Such sub-bass speak

ers should possess a genuinely continu

ous power rating of at least 100W RMS. 

Also, the driving amplifier should clip 

cleanly and itself be capable of a contin

uous minimum 100W RMS output. Its 

amplitude response should hold flat 

down to at least 5Hz so that its phase

http://www.mitedu.freeserve.co.uk
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response will remain flat through the 

audible spectrum.

7HZ TURNOVER
To ensure that reproduction phase 

changes do not occur at normally audi

ble frequencies, this equalizer’s low-fre

quency boost has been set to turn over 

at 7Hz. While this is similar to a nor

mally specified half-power point, it is 

also the frequency at which the overall 

loudspeaker drive is allowed to fall 

away from a 12dB/oct boost characteris

tic. In other words, 7Hz is the frequency 

at which the equalizer and amplifier 

are no longer expected to provide in

creasing output with falling frequency. 

Fortunately, there are few genuinely 

musical signals that require power 

below 30Hz, so that a rising power out

put is seldom necessary down to 7Hz. 

The 100W at 15Hz to match 1W at 1kHz 

really should be more than sufficient 

for loud sub-bass reproduction, even 

with modern synthesized instruments.

Nor should we forget that all of these 

turnovers—whether from flat to boost or 

cut, or from boost or cut to flat—alter the 

phase response for a factor of two to 

three beyond any nominal turnover fre

quency. Thus the 7Hz rolloff introduces 

a phase advance that adds to the input 

filter below 17Hz. Had the gain charac

teristic merely been allowed to satisfy 

the accepted 20Hz “hi-fi” specification 

limit, then all audible sub-bass frequen

cies could have become phase distorted.

I tested this circuit for several 

months with a 2.5Hz input filter 

turnover, and 5Hz for the boost rolloff. 

The phase integrity was within ±20° 

down to 15Hz before the high-pass lead

ing phase characteristics came in, but 

the resulting higher gain at infrasound 

frequencies then overemphasized pre

viously unnoticed CD flutter errors. Al

though inaudible, these errors did pres

surize the listening room and introduce 

an unnecessary risk of additional non

linearity product generation.

Turnover points of 5 and 7Hz were 

eventually deemed the sensible com

promise between what was possible 

with good CDs and what was realistical

ly acceptable and practical on an every

day basis.

With 100 to 200W of amplifier drive 

and an equivalently RMS rated low-im

pedance sub-bass motor that is properly 

sealed against a compact and adequate

ly rigid airtight enclosure, the cone sim

ply cannot over-travel due to cabinet air 

incompressibility. Here I must empha

size that cone stiffness and cabinet rigid

ity are essential. Normal driver cones or 

cabinets having sides that flex when you 

stand on them can leave a sub-bass sys

tem not necessarily vulnerable to, but 

capable of, occasionally producing a 

most unpleasant and whip-cracking-like 

release of sound energy that can be in

duced by on-going voice-coil drive at

tempting to generate air spring pres

sures that cause reverse flexures in 

cone/surround and/or cabinet side 

walls. Do not use a woofer for sub-bass if 

its entire cone does not move as a piston 

when it is pushed at a single point just 

inside the surrounding edge suspen

sion; the cone must not be flexible.

It is also worth noting that loud

speaker manufacturers have reduced 

bass driver coil impedances consider

ably, thereby enabling longer-wave- 

length air displacements to be generat

ed without risking power amplifier out-
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put devices to failure with higher volt

age supply rails challenging their 

SOAR limitations. Speakers with dual 

voice coils as low as 1.4ft have already 

been manufactured in the US.

To reveal the qualities and weakness

es of your own system, I can recom

mend the highly competent Sheffield 

Labs Audiophile Reference test tracks 

that are supplied with recording plans 

in booklet form. These are compiled on 

the International Auto Sound Chal

lenge Association competition CDs, 

also from the US. Check out the special

ized links to manufacturers at 

www.iasca.com.

For sub-bass loudspeaker construc

tion, a simple starting point is to mount 

the chosen woofer externally against 

(not inside) an already sealed, thick

walled cube, which should be lined and 

half loosely filled with natural fiber 

wadding. It should have internal side 

dimensions that equal the chassis’ out

side diameter. Of course, one internal 

side dimension could be doubled if the 

depth is halved and the wadding is 

placed in line with the driver cone.

There are many “per chassis” Thiele/ 

Small parameter calculations that 

could be made, and I would not wish to 

dissuade constructors from satisfying 

themselves in these regards. However, 

calculated results could lead to the fab

rication of an enclosure that is too large 

and thus not resistive enough for the 

12dB/octave characteristic to be safely 

and smoothly applied. When used 

singly, loudspeakers that are intended 

for sub-bass reproduction actually run 

more cleanly if they are externally 

mounted onto an already constructed 

cabinet. This is because air flow 

through a tapered magnet vent is better 

able to cool the voice coil. As a bonus, 

harmonics that develop at the center of 

the cone are less able to radiate direct

ly. It is as if the crossover has an addi

tional pole at no extra cost.

COMPONENT CHOICES
I did not use any especially close toler

ance components when making and 

testing prototypes. Resistors were sub 

miniature 2%, and all miniature capaci

tors up to 10pF were individually LCR 

metered to use only those that were 

within a 10% tolerance. For neatness I 

used multiples of miniature 470pF radi

als to make up the larger electrolytic 

values. Initial DC testing was complet

ed by checking that approximately half 

of the supply voltage developed at the 

collectors of TR4 and TR8 after DC bias 

levels had been allowed to settle.

As all audio systems are different, 

the sub-bass crossover frequency will 

need to be determined by ear while si

multaneously adjusting the equalizer 

potentiometers and any existing tone 

controls to level out an overall bass 

sound. This is not as difficult as you 

might imagine, and good results can be 

quickly achieved, but don’t wrongly use 

maximum or impressive levels of boost, 

and don’t use too high a crossover fre

quency.

BEING REALISTIC
While this circuit maintains a tolerably 

flat phase response at all audio frequen

cies, it is no better at generating a low- 

frequency amplitude boost at the instant 

it occurs in real time than are any of the 

other frequency selective amplitude ad

justing networks already in use. Here I 

am referring to the ineffectiveness of ca

pacitors below a turnover frequency and 

thus to the leading phase response that 

normally comes in below 30Hz. Thank

fully our brains appear to process wave

forms on an averaging basis, and when 

audible amplitude and phase responses 

are correct, we are much less distracted 

by the relatively few transient induced 

errors that here are now below the 

range of human hearing. I am just being 

entirely open here because most listen

ers are amazed by this equalizer’s im

provement to sub-bass sound when the 

significant phase shifts occur below 

15Hz. Either we put up with larger loud

speakers and their audible weaknesses, 

or we accept equalized audio with occa

sional infrasound phase errors that are 

much less noticeable.

An overall flat amplitude with flat 

phase sub-bass response actually 

sounds different from what is currently 

accepted as being “normal” on conven

tional systems! Of course, VR1, 2, and 3 

can be used to adjust the equalizer out

put towards a more direct and flat re

sponse if some source material already 

seems to be bass heavy or phase shift

ed. Medium boost with a leading phase 

can be applied if hardcore “dance” play

back is required.

Some discs sound disappointing. 

This led me to ask what types of loud

speakers are used in some of the pro

duction suites that monitor our 

prospective purchases. I wonder 

whether producers watch out for or ob

serve the flutter errors that become per

manently imprinted upon their CD 

stamping masters after all dynamic and 

digital compression procedures have 

been completed, but before they go into 

production.

These low-frequency flutterings are 

to CDs what recorded rumbles were to 

some old vinyl discs, only here you can 

see them inaudibly shifting the bass 

driver cone. Take your grilles off and 

watch the bass cone move on some 

tracks. Actually, cone movement can 

occasionally be observed due to level 

compression or badly biased circuitry 

reacting to voice and solo instrument 

tones when no bass is being repro

duced, though at least the vast majority 

of CDs do play satisfactorily.

FINALLY
As far as I am aware, this is the first 

“phase linear” sub-bass equalizer circuit 

to be constructed and published. It was 

born of my unwillingness to accept bass 

phase distortion on everyday systems, 

and it was completed through repeated 

long-term listening tests, with a deter

mined empiricism and an enthusiastic 

disregard for any time that was neces

sary for development or evaluation. I 

have not written about the many de

signs that were completed, discarded, or 

superseded, or those that produced the 

same results but needed 1% capacitors, 

or which were less stable when driven 

with transients, and so forth.

After hearing the cleanly extended 

response and the clear increase in 

sound “dimension” that is achieved via 

a loudspeaker cabinet similar in size to 

those that they already install, many 

car entertainment enthusiasts asked 

for this equalizer circuit to be made for 

them, or for its circuit diagram to be 

supplied. They are amazed at the much 

greater level of low-frequency output 

that is correctly reproduced.

Where an ICE enthusiast can and 

does experience pocketbook depriva
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tion due to the destruction of a driver 

that has been housed in a ported enclo

sure and driven with modern pop 

music tones that are below loudspeaker 

resonance, he or she can be reassured 

of reliability with greater sub-bass out

put when the same driver is used with 

in-line audio equalization and mounted 

against an airtight cabinet, or with tun

ing ports sealed over. Separate black 

box sub-bass equalization units are al

ready available to ICE installers, but I 

have not yet observed phase linearity.

Like other Electronics World readers 

through the decades, I have had many 

opportunities to read about amplitude 

and phase relationships in audio arti

cles. Soon after embarking upon this 

project, I was encouraged by the ap

pearance of John Watkinson’s “Speak

ers’ Corner” series in Electronics 

World. His writing sustained my deter

mination to produce a circuit that 

would not generate the phase shifts 

that are normally introduced by ampli

tude equalization when driving a com

pact and resistively loaded low-frequen

cy loudspeaker, which is otherwise 

much more phase linear in its own 

right. Thus I regard his articles as 

being essential reading for anyone who 

has an interest in this form of bass re

production; especially the October 1998 

notes.

It is also worth noting that directly 

driven resistive loudspeaker enclosures 

that operate below their resonant fre-

AUTHOR POSTSCRIPT
Feedback from my EW article came only from readers who did not actually build and au
dition this equalizer. They suggested that the best approach for sub-bass reproduction 
was by using bass lift with conventional drivers in well-damped cabinets. However, con
ventional drivers need gigantic enclosures for sub-bass, and this leaves them vulnerable 
to over-excursion; cabinet damping does not get rid of driver resonance; and bass lift mud
dies the sub-bass phase response.

In order to try this circuit, there is no reason why an evaluation prototype could not be 
built in an evening using brass pins pushed into thick corrugated cardboard, mimicking 
the breadboard construction of early 1920s tube radios. Test it using a 12V battery without 
the DC switching, and also make sure that the sub-bass channel crossover is sharp and 
below the driver-enclosure resonance, so that the compact combination cannot become 
excited by normal bass drive.

The circuit is not patented, though I can be contacted at graham.maynard1@virgin.net. 
Good luck with the construction, and do please let me know of your results.—GM

quency do not hit amplifier output 

stages with the same momentary and 

transistor popping dynamic impedance 

dips that conventional loudspeakers 

systems do.

I am not claiming that this equalizer 

is the best or only way forward, but it 

does genuinely promote our striving for 

ever more realistic sound reproduction. 

I look forward to seeing other phase 

correction related circuits or letters ap

pearing in future EWand aXpages.

The circuit is straightforward and in

expensive, and is simple to insert be

tween an electronic crossover and a 

sub-bass amplifier. It may even be used 

as the basis for an additional and stand

alone central sub-bass channel for use 

with already existing stereo systems, so 

that the original system might correctly 

be run flat.

Good-sounding cinema, disco, and 

professional loudspeakers need no 

longer be so large, and manufacturers 

could easily integrate an equalizer with 

an electronic crossover and sub-bass 

driving amplifier, to make 20Hz from 

1ft3 the domestic norm. Solid state sub

bass can also be an excellent partner 

for tube amplified hi-fi. Many possibili

ties exist!

Phase linearly equalized sub-bass 

channels inconspicuously add depth to 

the sound stage in a surprising way 

that cannot be appreciated until experi

enced, whereupon all “normal” systems 

seem lacking, even when good and ex

pensive reproducing equipment is al

ready in use. We cannot miss what we 

have not heard from our own CDs, but 

that is not a reason for doing nothing. 

Modern developments in amplifier and 

loudspeaker technologies already 

make the “e-bass” approach a practical 

possibility. So come on—get out your 

soldering iron. ❖

Order online at thetUbeStOrCXOm
□r call toll free 1-877-570-0979
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Harmony and Distortion, Part 2

Reprinted with permission from L’Audiophile, Nov. 1981, pp. 41-55.

Translated from the French by Suzanne Scara. By Jean Hiraga

T
he different propositions re

garding dissonance men

tioned in Part 1 demonstrate 

that music contains a consid

erable number of pure frequencies 

which are knowledgeably combined 

and that the slightest alteration in the 

harmonics of a given frequency can de

stroy the sound harmony. Moreover, 

the ear is an extraordinarily sensitive 

receiver. Despite its size, thickness, and 

mass, a human eardrum vibrating to an 

amplitude of less than 1/10 of the diam

eter of a hydrogen molecule is suffi

cient for a person to perceive a sigh, a 

breath, or the sound of a delicate hand

kerchief falling. We are also aware of 

the ear’s extraordinary acuity concern

ing the perception of frequencies and of 

the respective pitch of numerous fre

quencies emitted at the same time.

In the course of the past several 

decades, we have been able to note an 

improvement—either apparent or real— 

in the diverse components constituting 

systems of high-fidelity reproduction. 

After the era of triode vacuum tubes, 

there was a progression from pentode 

tubes to germanium transistors to sili

con transistors to integrated circuits. 

All the same, in spite of the very clear 

improvement in electronic reproduc

tive performances, frequency response, 

and the different forms of distortion, we 

very quickly took notice of the ear’s as

tonishing acuity regarding the percep

tion of nonlinear phenomena, however 

miniscule.

For amplifiers or preamplifiers, it 

has been recognized since at least 1975 

(Revue du Son, Dec. 1975, Spectral 

Analysis of Distortion by Harmonics) 

that the contents of distortion were 

much greater than its total value, evalu

ated by percentage. Later on, several re

searchers, including Matti Otala, dis

covered the troubling effects of the ac

tive charge represented by the loud

speaker, on one hand, and on the other, 

the different problems of stability and 

dynamic linearity brought on by the 

negative feedback loops. Moreover, this 

author has often spoken of the distor-

FIGURE 9: A complex signal (for example, a musical audio signal) subjected to an am
plifier having an irregular distortion characteristic (A) or a regular distortion charac
teristic (B). You observe that the harmonics of high order, although very weak in level, 
combine to form an envelope of the amplified signal. In this case an irregular distor
tion spectrum distorts the original signal in a more or less pronounced fashion, 
whereas a “soft” distortion characteristic respects the envelope of the original signal,
and hence the timbre of the instrument. 

FIGURE 10: A square signal, whose spectral analysis is shown, subjected to two am
plifiers—one having a “hard” and irregular distortion characteristic, the other “soft” 
and regular. Note that for B (“soft” distortion) the signal is not distorted. A-hirag-10

tion termed “soft” or “hard,” the har

monic residue being either the predom

inant harmonic 2 (soft distortion) or a 

significant number of harmonics, in

cluding uneven harmonics (hard distor

tion), as well as of their influences on 

the sound quality.

The contents of harmonic distortion— 

weak as it may be—can directly influ

ence the sound quality, or timbre. On 

the other hand, the measurements 

taken are most often carried out with 

the help of pure and fixed frequencies. 

In practice, the conditions are much 

more severe because millions of pure 

frequencies, rather than just a single

A-hirag-9 
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pure frequency, are involved, each hav

ing its own well-determined characteris

tics of frequency, frequency stability, 

phase, level, and level variation. If sim

ple analytical measurements of harmon

ic distortion already show a badly gradu

ated spectrum, unstable in terms of out

put level, frequency, and outgoing 

charge (a loudspeaker, for example), cer

tainly the repercussions are going to be 

very clear regarding the auditory result.

Figure 9 shows a complex signal to 

which has been added a certain type of 

distortion (A). In B, note the addition of 

“soft” distortion, made by a regularly 

graduated spectrum. Observe that in B 

the resulting envelope of the original 

signal is only slightly affected. In A, 

where there is a weak rate of distortion 

that is nonetheless “hard” and unstable 

in transitory terms, the spectral enve

lope will be modified and the timbre 

will be unstable at the time of its tempo

ral evolution.

Figure 10 shows a square signal to 

which is added either a hard distor

tion (A) or a soft and well-graduated 

distortion (B). In the latter, you still 

observe a more perfect respect for the 

original curve.

The spectral analysis of the rate of 

harmonic distortion is thus a very im

portant concept, which bears a strict re

lationship to auditory quality. This is 

not, of course, the only criterion to con

sider, as this measurement is still too 

simple. Yet, for many amplifiers, this 

distortion spectrum is a faithful repre

sentation of the subjective quality.

Figure 11 shows several examples of 

this, with measurements carried out in 

1975 by the Japanese firm NF Circuit 

on behalf of the magazine Radio Gijut- 

su. The different points considered up 

till now concerning the “harmony of 

harmonics” emitted simultaneously are 

sufficient to show just how important 

this characteristic is. With respect to 

“soft” distortion of “well-graduated” 

harmonic spectra, the minimally trou

bling effects of this form of distortion— 

which could be called “linear” distor

tion, or even more appropriately “well- 

tempered distortion”—can be very easi

ly proven by the theories of Wegel and 

Lane, which appeared as early as 1924 

in Physical Review under the title “The 

Theory of Auditory Masking of One

Pure Tone by Another Tone, and its 

Probable Relation to the Dynamics of 

the Inner Ear.”

These research efforts have been re

sumed several times and essentially 

concern the masking effects of pure 

sounds on each other and of complex 

sounds on each other. Since then, we 

have been able to establish definitive 

“standards” of the ear’s characteristics 

when listening to pure sounds slightly 

“dirtied” by harmonics (harmonic dis

tortion).

One of the most important, vis-à-vis 

the famous “beautiful gradations” of 

“soft” distortion, is certainly the mask

ing effect—the exact values of each har

monic’s level in a given condition—giv

ing the ear the illusion of hearing noth

ing but a pure sound. The “beautiful 

gradation,” contrary to what you might 

think, does not add to the sound, like a 

sort of “tail” made up of numerous har

monics, embellishing the sound. Figure 

10, for example, shows that an irregular 

envelope of distortion gradation—even 

very weak in level—is enough to modify 

the envelope of the original signal.
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DISTORTION AND MASKING EFFECT 
With successive masking effects, it 

is possible—despite the presence of a 

fundamental note debased by harmon

ics (harmonic distortion)—to find a 

scheme in the level of each of these 

harmonics which produces by the ef

fect of harmony, of the fusion of 

sounds, on one hand, and by multiple 

masking effects on the other, the illu

sion of hearing only a pure sinusoid. 

In practice, listening to a pure sinu

soid is not very easy, and a pure sound 

is often considered as being, subjec

tively, a sound seemingly of rather av

erage purity. This seems wrong.

In fact, for the vast majority of loud

speakers, even those whose linearity 

and distortion rates appear particularly 

exemplary, we have noticed that the si

nusoid injected into the moving coil ter

minals does not seem to produce a per

fectly pure sound. To this extent, we 

can already detect an instability in fre

quency and level, which will have 

repercussions such as those indicated 

above. The distortion measurement 

gives a spectral purity on the order of 
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only 0.5 to 1%, and the harmonic con

tents are never perfectly regular and 

stable (above all, dynamically). But in 

fact a sinusoidal sound is much more 

pleasant and “sweeter” than what you 

are in the habit of hearing through the 

membranes of current loudspeakers.

Whereas voice produces a very spe

cific sound spectrum—an “imprint” that 

is easily revealed by sonogram (sound 

imprint)—a “whistling” sound of rather 

low frequency produces a sinusoid of 

rather high purity, though mixed with 

some white noise and affected by slight 

instabilities (frequency, level). Nonethe

less, this sound seems purer than that 

reproduced by a loudspeaker and only 

a few rare compression chambers 

(sometimes not loaded by the horn) are 

capable of reproducing a sinusoid of 

great subjective purity. With such loud

speakers, a scanning in frequency pro

duces a sound effect that is quite differ

ent from that of the current type of 

membrane-equipped loudspeaker: the 

sound is mellower, more flowing, more 

melodious, more whistled, and espe

cially more pleasant. On this point, an 

experiment is much more effective 

than words to express these subjective 

impressions.

As early as 1930, Wegel and Lane 

were able to determine with great preci

sion the respective levels of each har

monic able to yield an auditory result 

that—by successive masking effects and 

multiple harmony effects—gave the illu

sion of listening to only a pure sinusoid 

rather than a sound affected by har

monic distortion. For an acoustic level 

of 76dB SPL and a fundamental note of 

400Hz, Wegel and Lane were able to es

tablish that the harmonics required a 

level of:

• 800Hz (harmonic 2) 61dB

• 1,200Hz (harmonic 3) 58dB

• 1,600Hz (harmonic 4) 55dB

• 2,000Hz (harmonic 5) 50dB 

(SPL: Sound Pressure Level)

However, the measuring devices of 

the time were not of a sufficient purity 

to go any higher in the harmonic order.

It was only toward 1960 that you 

were able to go up to high harmonic or

ders, such as the 20th harmonic. For the 

harmonics between orders 2 and 5 in

50 audioXpress 3/02

A 2 x 30W amplifier, moderately priced 
but having good musicality. Note the 
presence of the principal harmonics, the 
presence of H6 and H8, predominating 
slightly in comparison to the harmonics 
of odd-numbered order.
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A 2 x 60W amplifier, of fairly good musi
cality, but having a sound that is a bit 
too “sparkling,” seeming to lack low- 
middle register. Note the predominance 
of H7 and H9, odd-numbered harmonics.

A high-powered amplifier (2 x 300W) 
operating in Class B. Note the absence 
of harmonic 2 and the predominance of 
the harmonics of odd-numbered order. 
The sound, a little more defined than 
that of the 400W amplifier, seems sub
jectively as if “shifted” toward the top of 
the spectrum. In Class B, the origin of 
these flaws seems to be the presence of 
several zener diodes and imperfect com
plementary transistors.

A 2 x 40W amplifier. The very distinctive 
and symmetrical circuit has a tendency 
to absorb the harmonics of odd-num
bered order. The sound produced, pleas
ant and sufficiently defined, seems 
slightly “rounded” and is a little reminis
cent of certain tube amplifiers.

FIGURE 11: Harmonic distortion characteristics of different transistorized amplifiers. 
Effect of the distortion spectrum on the timbre produced. (N.F. Circuit Laboratory, on be
half of the Japanese magazine Radio Gjutsu, June 1975, “55 new amplifiers tested.”)

A 2 x 40W amplifier, moderately priced 
but having excellent musicality. Note the 
slight predominance of the even-num
bered harmonics over the odd-numbered 
harmonics.

A high-powered amplifier (400W) char
acterized by a sound that is dynamic, but 
very harsh and lacking in definition. 
Note the troubling predominance of H3 
(highly perceptible to the ear), the ab
sence of H4 (circuit of partial negative 
feedback in the power stage), and the 
absence of harmonics of high order (high 
overall rate of feedback).

A Class-A amplifier of 2 x 50W. Re
nowned for its musicality and its exem
plary definition. Note the regular grada
tion, in which the top part is masked by 
the background noise (-100dB).

A 2 x 200W amplifier. The sound is es
pecially harsh and unpleasant, “metal
lic.” Note the effect of the “self-compen
sating” distortion circuit canceling out 
only the harmonics of even-numbered 
order.
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referring to the level of 400Hz (88dB in 

current terms, 80dB SL, 76dB SPL), you 

obtained these levels of harmonic or

ders: -22dB, -26dB, -30dB, -37dB, and 

distortion rates of 0.08% (H2), 0.05% 

(H3), 0.03% (H4), 0.014% (H5), respec

tively. For the higher orders, the levels 

obtained were extremely weak, ap

proaching values of 0.0008% for the 

highest harmonics.

All of this clearly explains why the 

current amplifiers, as perfect as they 

seem, still produce too much distortion, 

and produce a form of distortion that is 

too unstable in terms of level, frequen

cy, and the transitory variations of 

each, such that it does not go undetect

ed by the ear.

Figure 12 graphs the ideal spectrum 

of distortion, which goes undetected by 

the ear. You should note that certain tri

ode tubes—and certain directly-heated 

triode tube assemblies such as tube as

semblies of 300 B, PX 4, TM 100, VT 52— 

enable you to obtain a spectrum re

markably close in appearance. If you 

think you have succeeded—by means of 

other techniques and assemblies, in

cluding those with transistors—that only 

remains valid on a static level. On a dy

namic level, this spectrum changes and 

easily becomes unstable. As for the feed

back, you must recognize that apart 

from providing several advantages (a 

broadening of the bandwidth, a reduc

tion in the rate of harmonic distortion), 

its negative effects are manifold:

• dynamic instability (change in distor

tion characteristics with level and fre

quency)

• “hard” distortion

• “hard” saturation (peak of the sinu

soid is “truncated” and not “round

ed”)

• decrease of phase margin (the pres

ence of active charge of the loud

speaker)

• absorption of high harmonic orders

For this last defect, Fig. 13, graph A, 

shows the distortion spectrum of a di

rectly-heated triode tube amplifier (PX 

4, Marconi) without negative feedback. 

In graph B, the application of the feed

back absorbs the harmonics of high 

order while reducing the distortion 

rate. This explains the subjective im

pression of various “deficiencies” on a 

musical level: the sound is less 

“sparkling,” less “airy,” there is less 

perceptible sound from the violin bow 

(a type of white noise), and so forth.

A recent experiment has been con-

Fundamental Note 
(400 Hz , 88 dB ) 

2i H2 (-22 dB)

H3 (-26 dB )

H4 (-30 dB )

H5 (-37 dB)

I
He(-46 dB) 

------ 1---------
H2 H3 H4 H5 H6 "

(Harmonic Orders) . .
Frequency [Hz] A-hirag-12

FIGURE 12: The characteristic of a pure sound debased by harmonics, giving the audito
ry illusion, by harmonic effect and by multiple masking effects, of hearing nothing other 
than a pure sound. This characteristic had been defined around 1930 by Wegel and 
Lane, and has, since 1960, been reexamined by Kuriyakawa, Kameoka (Toshiba Labora
tories, Japan). To be truly “transparent” on a subjective level, this characteristic must be 
not only static, but also dynamic; that is, it must be stable in terms of the frequency, out
put level, and charge—conditions that are quite difficult to obtain in practice.
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clusive about this point. It consists of 

using a generator/synthesizer of very 

high purity (which is quite rare), capa

ble of simultaneously supplying more 

than 20 sinusoids that can be locked in 

phase and in level. The system must
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also have an exceptional signal/noise 

ratio if you want to “imitate” a musical 

signal (most harmonics each represent 

only 0.01 to 0.5% of the total energy).

Figure 14 shows this signal which, 

once composed and locked in phase 

and in level, passes through a level-con

troller of a varying level (an electronic 

level-controller). This signal, sent to an 

amplifier and amplified by it, is then an

alyzed and put in memory. This method, 

complex and difficult to carry out, be

cause it requires a particularly efficient 

generator/synthesizer, is the only one 

capable of proving that in almost every 

case a feedback circuit absorbs the har

monics of high order and with a very 

low level of amplified signal.

On a subjective level, this measure

ment proves that the thousands of con

noisseurs of vacuum-tube amplifiers 

(the majority of Japanese connoisseurs) 

must not be wrong if they prefer simple 

circuits, without negative feedback, and 

triode output tubes in directly-heated tri

ode tube assembly. Figure 11 shows the 

essential causes of distortion or instabil

ity for certain distortion spectra.

CONCLUSION
It seems important to point out that 

turntables, player arms, and loudspeak

ers can easily cause defects that will 

have repercussions, not on the signal/ 

noise ratio, but on the harmony of the 

sounds, on possible effects of disso

nance. For these units, certain mechani

cal resonances of elevated amplitude 

have the tendency to “advance,” to 

“shift” certain frequencies of the audio 

signal, exactly like a “sympathetic” reso

nance of piano strings. Certain turntable 

manufacturers have thus found it easy 

to prove in live demonstrations that a 

record (carefully selected) such as a 

slow-tempo piano and guitar duet could, 

on certain turntables (from rival manu

facturers, of course), give the very clear 

impression of a “beating” during a 

piano/guitar chord, a beating of very low 

but clearly perceptible frequency. On 

the other hand, the turntable in ques

tion would deliver a chord that was 

“well-sustained,” up until the sound’s 

very extinction.

This brings us back to Fig. 7, where 

you see that some pure sounds debased 

by numerous harmonics become partic- 
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FIGURE 13(A): An amplifier with a single output stage, PX 4 tube (Marconi) producing 
5W of power. The very simple circuit does not utilize negative feedback. The triode 
output tube, especially good, produces, in spite of a rather significant distortion rate 
(greater than 1%), a subjective impression of distortion that is virtually nil and, above 
all, a very high level of definition. Note the exceptional regularity of the harmonic 
spectrum, extending all the way to harmonic 13. This characteristic should not be 
confused with a distortion curve near the saturation point producing a high rate of 
odd-numbered harmonics.

FIGURE 13(B): The same amplifier as in Fig. 13(A), but to which has been applied a rate 
of negative feedback of 6dB, which is, in effect, very little. Although the distortion rate 
has decreased, and although the bandwidth is slightly widened, one notes an apparent 
“compression” of the sound, a lack of aeration, of refinement (in the high notes). Note 
that the harmonics of high order have disappeared, absorbed by the feedback loop.

FIGURE 14: Measurement technique illustrating the behavior of an amplifier circuit re
ceiving a complex audio signal, yet precisely predetermined (the composition of this 
signal). The analyzer enables a precise comparison of the level of each harmonic ver
sus the original signal. This method of measurement, which requires the use of a gen- 
erator/synthesizer of very high spectral purity, has permitted the observation that the 
majority of negative feedback loops has an unfortunate tendency to absorb the high 
harmonic orders, with a low level of applied audio signal.
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ularly difficult to harmonize, and that 

even some very weak rates of distortion 

are, nonetheless, sufficient to cause the 

defects described in this article.

To conclude, you may think that if 

very substantial progress has been 

made in the audio field in the last 

years, the work that remains to be 

done seems even more difficult. It in

volves perfectly reproducing all 

sounds, including what is yet almost 

essential—that is, all the bits of micro

information that are necessary to re

spect the timbre of a musical instru

ment and to reproduce the ambience 

of a concert hall, the effect of space or 

direction, and all of the “emotion” that 

is contained in music. The characteris

A-hirag-15
FIGURE 15: A single-stage amplifier with a high-powered triode output tube, with 
high linearity, of reference 300 B. Note the exemplary distortion spectrum curve.

tics of static and dynamic nonlinearity 

of the different components on one 

hand, and the degree of working stabil

ity of these diverse components on the 

other, are the main phenomena that 

hinder the perfect reproduction of 

sounds and of music.

In 1981, it remains virtually impossi

ble to mass-produce violins with the 

sound quality of the best Stradivarius. 

And without doubt it is not only on ac

count of snobbism that certain artists 

will not hesitate to pay a veritable for

tune to acquire a beautiful instrument 

of this vintage.

Now the belief that it must be possi

ble to perfectly reproduce the timbre 

of such instruments with the current 

sound-reproduction components is 

perhaps a fundamental mistake, a 

grand illusion. ❖
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Product Review
The Origin Live Turntable Upgrade Kit

By Edward T. Dell

When your Linn LP12 Turntable system 

develops a sluggish motion at turn-on 

and requires a push to get it up to 

speed, you know that some remedy is 

called for. A small ad in this periodical 

some time back caught my eye. I e

mailed the people at a small British 

company calling itself Origin Live 

(origin.live@virgin.net) and received a 

prompt answer in the form of a half

page of text about their kit for upgrad

ing the Linn LP12 as well as Rega, 

Rock, and Systemdek turntables.

KIT CONTENTS
The kit includes five-and-one-half pages 

of instructions, including several clear 

color photos and a heavier sheet con

taining a cut-out stroboscopic disk for 

setting speeds (33x3 and 45 rpm). It also 

includes a replacement motor and 

mounting plate plus screws, a small 

speed control board, a wired speed 

change switch and mounting plate, and 

a power supply (Photo 1). The Linn bot

tom cover and rubber feet have been re

moved, of course.

The standard power supply for the 

Origin upgrade is a nice black plug-in 

unit with convenient color-coded small 

polarized connectors which match 

leads from the circuit card. The supply 

plugs into any convenient outlet but 

does not have polarized prongs. The 

adapter is 2+" W x 2+" H x 4" L and pro

duces 300mA at 8V DC. I had ordered 

the “special optional power supply” for 

this kit (shown in Photo 1), which adds 

considerably to the cost, but since it 

was billed as “extremely advanced” and 

is said to offer “...improved transparen

cy, dynamics and deeper bass,” I 

thought the quality of the turntable jus

tified the added expense.

Fortunately, Origin included the 

standard supply with the shipment, as 

well, since I had indicated the kit was 

to be the subject of a review. I say fortu

nately since the “special optional” sup

ply promptly blew the wall socket cir

cuit breaker immediately on plugging it 

in. Fortunately, no damage to the con

trol circuit ensued. The standard power 

supply worked exceptionally well with 

no discernible noise or hum. When I re

marked on this surprising failure, the 

company reported that my experience 

was unique, and no other failures have 

occurred.

DISMANTLING THE LINN
The Linn LP12 is beautifully 

made as befits this world-class 

beauty, which deserves its rep

utation. However, the motor 

and its extensive circuitry had 

simply ceased to do their prop

er job. In order to work on the 

unit conveniently and without 

damage to the tonearm or the 

platter, I C-clamped two ply

wood scraps to the wood 

turntable base, which held the 

unit in a vertical position for 

easy access. Photo 2 shows the 

arrangement, which worked 

extremely well.

The original motor, shown at 

the upper left of Photo 2, is eas

ily removed by loosening two 

bolts and the associated 

wedge-type washers which 

hold it in place. The wiring to 

the large circuit card is re

moved simply by unscrewing 

fixing screws in a terminal. The 

instructions suggest that the 

modifier make a record of the 

colors of the wires and the 

numbered terminals from 

which they are removed, just in case 

the user wishes to return the unit to its 

original assembly. I put all the parts re

moved into a plastic bag with notes on 

how to re-install the original parts.

The on/off switch, located in the 

upper right corner of Photo 2, is easily 

removed, as well. I disconnected the AC 

line cord to the Linn electronics and 

packed it away with the other parts. Ori

gin Live suggests that you leave the 

Linn circuit card in place. When all the 

unnecessary parts are removed (Photo 

3), the unit is ready for installation of 

the new motor and control board.

PHOTO 1: The Origin upgrade kit of parts, showing 
the special optional power supply, which comes with 
a bridge rectifier with flying leads, presumably to be 
mounted on the base wall. The turntable is in the 
background set up for modification, held by C-clamps 
and plywood scraps.
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INSTALLATION
I turned the unit end-for-end so that the 

switch and motor mounting openings 

were nearest the worktable. Photo 4 

shows the speed/on-off switch in place at 

the left. The switch is assembled and al

ready attached to the circuit card in the 

assembled version of the upgrade kit.

PHOTO 2: The turntable underchassis before modification.

PHOTO 3: The turntable after removal of the Linn motor and power switch.

Two brushed stainless-steel plates 

are provided to fit over the original 

hole in the main plate of the turntable. 

A standard lock washer and nut sup

plied with the switch are used to hold 

the plates and switch in place. The 

plastic spindle of the switch must be 

shortened to a proper length before 

mounting. The attractive 

black-anodized knob is 

then affixed with a small 

hex-wrench (supplied).

The motor comes 

mounted on a small plate 

with a round hole at one 

end and a slotted one at 

the other. The latter al

lows for belt-tension ad

justment. The original 

mounting screws are 

used to install the new 

motor. The arrangement 

of washers, machine 

screws, and lock washers 

was the only unclear pro

cedure in the supporting 

instructions. I finally 

managed to install the 

motor without too much 

difficulty.

The red and black wires 

from the controller board 

must be soldered to the 

two small lugs on the 

Dutch-manufactured DC 

motor. This is a bit tricky 

since the wires are a tight 

fit for the small lugs, and the plus and 

minus markings on the motor case are 

rather faint stampings into the metal.

Origin advises you to leave mounting 

the controller board to the very last 

step. The reason is the need to set the 

10-turn speed control pots on the board. 

The unit must be unclamped and re

turned to its normal position, with the 

board outside the base, in a good light.

You attach the power line from the 

remote supply, carefully insulating the 

connectors with tape. The power wires 

are visible in the lower right of Photo 4, 

threaded out through the notch previ

ously occupied by the Linn AC cord. A 

top view of the motor in place is shown 

in Photo 5.

ADJUSTMENTS
After the table is returned to its normal 

position, you re-install the outer platter 

and its pad, turn the unit on, and cut 

out the strobe disc. After that you spend 

a half-hour looking for a fluorescent 

lamp to check the proper strobe circle 

for speed adjustment. Four patterns 

cover the two speeds at 50 and 60Hz 

line frequencies.

The strobe instructions are very clear 

and helpful. You need a small screw

driver to adjust the pots. It is a good 

idea to let the motor run for an hour or 

two and re-check the settings from time 

to time. My unit seemed to settle down 

nicely and has remained accurately set 

to the two speeds.

Mounting the speed control board on 

the inner wall of the base is not easy. 

Only one hole is provided. I found a 

suitable wood screw and a small grom

met to keep the board slightly off the 

side wall and carefully drilled a small 

pilot hole. The uneasiness in the 

process was the fear of damaging com

ponents, but all went well.

If the wires to the control had been 

somewhat longer, I might have mount

ed the board on the back outside the 

base, just to make any later speed ad

justment easier. If adjustment proves 

to be needed often, I may replace or 

splice the switch wires to enable such 

a modification.

All in all I would pronounce the mod

ification a very satisfying success, and 

the turntable performs just as it should, 

as good as new.
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related publications
Visit our informative website: 
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KiT88 integrated amplifier kit

300b PSE monobloc kit

The kit is supplied by Origin Live, 87 

Chessel Crescent, Bitterne, Southamp

ton, SO19 4BT UK, 011 2380 442183, Fax 

011 2380 398905, e-mail originlive@ 

virgin.net. The kit may now be pur

chased only with an assembled regula

tor board for £222.98, with air post 

adding an additional £27.00, for two- 

week delivery. The special optional 

power supply is an added £148.94. In or

dering, specify which turntable from 

their list you will be modifying. ❖

Kel84 integrated amplifier kit

PHOTO 4: Completed modification showing speed/power switch at left, the speed control 
board, and the motor. The DC power wires are arranged to exit the base at the right.

Series II modular pre-amplifier kit

World Audio Publishing Ltd. 
12a Spring Gardens. 

Newport Pagnell. 
Milton Keynes. 

MK16 0EE. England 

tel/fax: 00 44 1908 218836 
e-mail:inquiries@worldaudiodesign.co.uk PHOTO 5: Top view of the turntable prior to replacing the main platter, with the new motor 

and control switch in place.
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Book Review
Electronic Circuit Action Series—Amplifier Circuits

Reviewed by Charles Hansen

Electronic Circuit Action Series—Amplifi

er Circuits CD-ROM, Thomas M. Adams, 

Howard Sams, 2nd Edition 1966, 138 pdf 

pages. Reissued by Old Colony Sound 

Lab, PO Box 876, Peterborough, NH 

03458, 603-924-9464, Fax 603-924-9467, 

E-mail: custserv@audioXpress.com ISBN, 

$16.95 US.

This particular title was just one in the 

Electronic Circuit Action Series. Capt. 

Adams (USN, retired) used a unique ap

proach and analysis in describing vacu

um tube circuit actions in his text

books. He identified every electron at 

work in each circuit, then wrote a de

tailed discussion of the movement of 

the electron/current, as well as the sig

nificance of the electron flows.

The circuit diagram (Fig. 1) treats 

electrons as “moving parts,” whose 

multi-color visualization greatly en

hances the understanding of the circuit 

operations. The author uses electron 

flow rather than conventional current, 

which he describes as “electrons which 

travel from cathode to plate become 

plate current.” All waveforms are 

drawn in time domain.

The circuits are general in nature, 

and applicable to public address, radio, 

TV, record player, and tape recorder 

audio amplifiers of the day. The amplifi

er circuits in this CD-ROM reprint are 

classified into three groups:

Audio-frequency voltage amplifiers 

Audio-frequency power amplifiers 

Radio-frequency voltage amplifiers

The circuit descriptions include R-C,

impedance, transformer coupling, and 

positive and negative feedback. Con

ventions of the day were preserved. Fre

quency is in cps (cycles per second) 

rather than hertz, and micro-micro 

farads (mmF) are used instead of pico

farads (pF). Each chapter is followed, 

textbook fashion, by review questions.

The textbook pages are in Adobe pdf 

format, and the Adobe Reader is includ

ed on the CD-ROM. Full pages are easier 

to read on larger monitor screens since 

the pages are vertical and computer 

monitors have a longer horizontal di

mension. You can use the Adobe view, 

zoom and view, and fit modes to obtain 

the text size you desire. I found it best to 

print the table of contents and index 

pages so I could go directly to specific 

topics using Document, Go to Page.

CHAPTER 1—BASIC VACUUM-TUBE 
ACTIONS
This covers diode, triode, tetrode, and 

pentode tubes. The author gives plate 

curves for the 2X2A diode and the 6BN4 

triode. This chapter covers the basic con

cepts of grid action, gain (g), transcon

ductance (gm), and plate resistance (rp).

CHAPTER 2—R-C COUPLED AF 
VOLTAGE AMPLIFIERS
Here we have circuit descriptions of R

C coupled audio amplifiers, electron 

“current” flows, the cathode circuit 

(with filter actions and time constants, 

a topic common to all the cathode cir

cuit descriptions in each chapter), 

waveform analysis, frequency response 

(with LF and HF limitations), voltage 

and current feedback, amplitude distor

tion, and phase distortion.

CHAPTER 3—TRANSFORMER- 
COUPLED AF VOLTAGE AMPLIFIERS 
The author describes transformer ac

tion, frequency response (again with LF 

and HF limitations), frequency distor

tion, and negative voltage feedback. 

Cathode filter action is included in the 

feedback section.

CHAPTER 4—AUDIO FREQUENCY 
POWER AMPLIFIERS
Transformer-coupled power amplifier 

circuits include both input and output 

transformers, beginning with a descrip

tion of permanent magnet speaker op

eration. The single-ended Class-A am

plifier stage is described first, followed 

by push-pull Class-AB amplifiers, with 

their “advantages” (second harmonic 

cancellation, smaller output trans

former, smaller power supply filter 

caps). The push-pull circuits’ descrip

tions evaluate “grid-leak bias” and cath

ode bias. The final section presents the 

Class-B push-pull circuit.
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CHAPTER 5—AUDIO PHASE-INVER
SION CIRCUITS
Since the push-pull amplifier requires a 

phase inverter, two types of tube phase 

inverter circuits are presented: the sin

gle-triode cathode follower (split-load 

phase splitter), and the two-triode invert

er (cathode-coupled phase splitter). Both 

use electrolytic bypass capacitors 

around part or all of the cathode resis

tance. The latter circuit has its inverting 

tube’s grid connected to the grid circuit 

of the output tubes rather than being re

turned to ground through a capacitor.

CHAPTER 6—IMPEDANCE-COUPLED 
RF VOLTAGE AMPLIFIERS
These last two chapters depart from 

audio amplification, and present RF pen

tode circuits. The purpose of this text

book was, after all, to discuss vacuum 

tube amplifiers in all forms. The sections 

of this chapter are untuned impedance- 

coupled amplifier, tuned impedance-cou

pled amplifier, RF alternating currents, 

filtering currents (screen-plate positive 

feedback and oscillation are covered 

here), and unidirectional currents. The 

latter refers to the plate and screen cur

rent in a tank oscillator circuit, and “cur

rent,” as always, refers to electron flow 

rather than conventional current.

CHAPTER 7—TRANSFORMER- 
COUPLED RF VOLTAGE AMPLIFIERS
The sections of this chapter are 

untuned-primary-tuned-secondary cou

pling, tuned-primary-tuned-secondary 

coupling, the bandpass amplifier (this 

circuit is a tuned circuit with damping 

resistors to lower the Q, and thus 

spread the bandwidth out), and a dis

cussion of series versus parallel imped

ance in tank circuits.

The two brief pages of the index are 

not really comprehensive but, in con

junction with the table of contents, will 

get you to any topic on the CD-ROM.

CONCLUSION
I really enjoy historical electronic text

books. I found this one to be a fascinat

ing and technically valuable book, with 

some unusual vacuum tube circuits. 

The CD-ROM format is not as conve

nient as a paper book, but it was the 

only practical way to preserve and offer 

this book to you. ❖
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Xpress Mail

SUPERFLUOUS TUBES

B
The articles that Bill Chater has 

written for your magazines over the 

years have intrigued me, although I 

haven’t always cottoned to his overall 

circuit approaches. My preferences for 

audio circuits lean in a different direc- 

tion—toward pure tube topologies 

rather than solid-state or hybrid cir

cuits. I have, nevertheless, benefited 

from reading Mr. Chater’s prolific and 

imaginative circuit ideas, and have ad

mired the high levels of diligence he 

must possess to make these complex 

topologies actually work! Having just 

read his most recent article in the Oct. 

’01 issue of audioXpress (“The Trouble 

with Screen Grids,” p. 24), I have a cou

ple of observations and questions.

The major point of his article was to 

disclose a technique for removing the 

deleterious effects of screen current 

variations in output beam tubes, with 

the goal of reducing distortion—a re

sult he effectively proved. By adding 

back the screen current to the cathode 

using an op-amp-based feedback cir

cuit, plate current is made more nearly 

constant, or at least is more tightly 

slaved to the current demands of the 

driven MOSFET at the bottom of this 

cascode.

I designed a similar circuit for a dif

ferent application a while back. I need

ed a high-voltage DC current source to 

pull current out of another tube’s plate 

circuit, without materially reducing the 

impedance of that node. While a pen

tode or beam tube will show relatively 

high plate impedance (which is the 

basic measure of a current source), as 

plate voltage swings low with signal 

variation, the screen’s current will in

crease, stealing it from the plate.

This effect explains the downward 

slopes at the left of characteristic plate 

curves for a pentode. A beam tube aims 

to be better in this regard, but eventual

ly its curves droop as well. The plate im

pedance, represented by the inverse 

slope of these curves, falls precipitously 

at these lower voltages.

In my application, I employed double 

current mirrors to “measure” the 

screen current and to add back to (or 

sink from) the cathode that same cur

rent value. I also connected a low volt

age current reference to the cathode to 

complete the cascode circuit. As expect

ed, the plate curves flattened all the 

way down to the “diode line.”

The dynamic plate impedance was 

markedly increased, as desired for my 

application. In Mr. Chater’s application 

for his audio output circuit, the effec

tive plate impedance is bound to be 

enormous, not only because of the 

screen current compensation, but also 

because the beam tube sits on top of 

the drain of a MOSFET, effectively mul

tiplying that device’s large drain imped

ance through the cascode tube. What 

you have here is a push-pull pair of two 

extraordinarily high impedance current 

sources driving a 1239Q transformer 

primary. This scenario seems to be a 

far-from-ideal impedance match.

The excellent Plitron PAT-4008 trans

former was intended to be driven from 

low impedance triode tubes. In Mr. 

Chater’s application—at least in the 

open-loop case—the usual bass rolloff 

ought to occur at a higher frequency 

than usual due to the high driving im

pedance interacting with the primary 

inductance, not to mention possible 

transformer distortion and high-fre

quency response effects. And the out

put impedance from the secondary to 

the speaker must be unusually high 

(implying a very low “damping factor”).

Mr. Chater’s circuit uses negative 

feedback, which will tend to improve 

these concerns, but by how much? 

Would Mr. Chater care to share any 

measurements he has made of the fre

quency response and output imped

ance, both in the open-loop and closed- 

loop cases?

Finally, given these concerns and 

Mr. Chater’s willingness to use op-amps 

liberally, I wonder why he even both

ered with output tubes. Why not re

place the output stage with MOSFETs 

or bipolar power transistors, and skip 

the expensive output transformers, the 

tubes, and the high-voltage supplies? I 

accept the design for its thought-experi

ment value, but I must admit to wonder

ing whether it makes sense for some

one just wanting to build an amp that 

plays music beautifully.

I do not want my observations to be 

taken as an attack on Mr. Chater or his 

clever circuit design; rather my com

ments are made in the spirit of an open 

exchange of ideas about our shared 

hobby, where each of us can teach and 

learn from one another.

Brian Beck

Melbourne Beach, Fla.

Bill Chater responds:

Mr. Beck’s cordial comments are appreciat-
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ed, and I can assure him I am not offended 
by his attempts to share experiences.

The subject of output impedance has 
often been mentioned in connection with the 
cascode amplifier, as the essential current
source character of the cascode output stage 
is bound to produce this effect. It does this

Adire Audio
MASSIVE DISPLACEMENT, MASSIVE PERFORMANCE

Over 3L of low distortion 
high efficiency 
displacement

Fs 20 Hz
Znom 4 ohms

Qts 0.29
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Xmax26mm p-p 
Sd 1180 sq cm

Pmax 1000W RMS
SPL 96 @ 2.83V

Price $299 each
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in the high sensitivity (96 dB SPL), and it 
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Ideal for powering from low powered 
tube amps, or 500W solid state units.
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and other specialty items.
For more information on our products and services, 

please contact us at:

www.adireaudio.com
PHONE: 206-789-2919 

FAX: 800-437-2613 or 630-839-6192 

even with a triode output tube, let alone 
when using a beam-power tetrode.

In one of his letters to the editor (GA 
1/98, page 39), Menno van der Veen made 
the observation that this circuit was a cur
rent-source. In response, in my article on 
Cascode Power Amplifier Circuits, Part I (GA 
5/98), I included the idea of using a local 
feedback connection around the output 
stage, so as to control the output stage im
pedance. I described the conversion of the 
circuit from pentode to triode action in that 
article. The output stage then exhibited an 
effective plate resistance of 57007 as far as 
the output transformer was concerned. This 
makes the stage attain a more satisfactory 
match of tubes to OPT, if you choose to 
achieve that adjustment.

In Part II of the same article (GA 6/98), I 
supplied more complete design details of the 
cascode circuit. In that circuit, which used 
6C33 output triodes, the output transformer 
was a Plitron PAT4128-00. This unit, which 
is a member of the Plitron family of OPTs, 
was designed especially for use with a cur
rent-source type of output stage. Mr. Van der 
Veen has told me that he deliberately adjust
ed the OPT winding parameters so as to 
make the transformer have essentially the 
same damping and bandwidth when driven 
from low, normal, or large output imped
ances. Such adjustments are possible, evi
dently, and tend to suggest that the toroid 
line, at least, can be made to accommodate 
these variations.

As to the gain and bandwidth of the de
sign, as well as the output impedance, there 

is a plot of these characteristics in Part II 
(GA 6/98, page 48). This data applies to the 
circuit offered in Part II, which is not the 
same as that of Part I, because of the intro
duction of a discrete version of the driver 
stage. Still, the circuit bandwidths and gain 
are designed to provide identical results. 
Thus, you can apply the data shown in the 
Part II article to the Screen Grid article with 
small error.

In particular, there is a sidebar (GA 6/98, 
page 50) that describes the analysis for gain 
and output impedance for such an amplifier 
topology. With feedback, the amp has a 
damping factor of about 13 over the audio 
band. (I am sorry the figure 35 detail is diffi
cult to read, and the scale of ohms is miss
ing. The plot shows an essentially constant 
0.67 Zout versus frequency, which rises to 
0.77 at 20Hz and at 50kHz.)

In Mr. Beck’s letter, he suggests the tubes 
are actually almost superfluous. I quite 
agree! In fact, I made such an amp version, 
using larger power IGFETs in cascode with 
the driver units, instead of tubes.

This has some interesting advantages: The 
power supply voltage is more efficiently 
used, because the minimum tube drop of 
around 100V now can be developed across 
the OPT primary. This results in more output 
power. Another advantage is the removal of 
the tube’s inaccuracies from the signal path, 
as well as its warm-up time. The arrange
ment does indeed make a perfectly accept
able amplifier design. So, why did I choose 
to publish the circuit with the tubes?

The answer is that there is a hidden flaw 
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in the all-semiconductor approach. This flaw 
announced itself with a meltdown in the out
put devices. It turned out that here was, un
intentionally of course, a turn-on transient in 
the preamp connected to the amplifier’s 
input. This particular preamp had the nasty 
turn-on habit of outputting a long time-con
stant charging event in its output wiring.

The result was a long offset from ground 
in the DC level at the amp’s input. This DC 
pulse got through the amp’s input R-C with 
sufficient amplitude to cause the amp to 
drive an ever-rising current into one of its 
output transistors. The DC impedance of the 
OPT being only the winding resistance, there 
was no reasonable limit to the resulting cur
rent in the output transistor. The meltdown 
was quicker than the fuse.

After puzzling over this phenomenon, I 
decided the tube wasn’t such a bad idea 
after all. It was good insurance against these 
meltdowns, and probably better than the ef
fects of a servo riding herd on the input. Per
haps there is a reader who can suggest a 
safe solution to this problem, and breathe 
life back into the all-semi version?

CLASSIC DESIGNS
I thoroughly enjoyed John Stewart’s 

article (“The Circlotron Amp”) in 

Aug ’01 aX. It brought back memories 

from those years, long ago, when I start

ed to become interested in DIY audio. I 

have actually built a few of these amps, 

which at the time we called parallel 

push-pull (PPP) in contrast with the 

“normal” Series Push-Pull (SPP) config

uration, for obvious reasons.

At that time, PPP was pushed (no 

pun intended) by Philips, which, in fact, 

designed a speaker to go with this 

amp—the 9710-series speaker. It was a 

wideband driver with a nominal imped

ance of 800Q! (later they also produced 

a 400ft version).

You can see in Fig. 1 that the two DC 

currents through the Za loads are oppo

site and (if well designed) equal in mag

nitude.

Therefore, the two loads can be con

nected. The benefit of the 800ft driver 

was that no output transformer was 

needed, only a center-tapped choke for 

the sole purpose of providing a ground 

reference. We used tiny little chokes— 

10 or 20H—for a DC current, I think, of 

some 50mA (Fig. 2). Very cheap.

In his article John refers to boot

strapping the driver stage so that it can 

provide the required high drive voltage, 

which is needed because each output 

half, in fact, receives negative feedback 

at its cathode of half the output voltage. 

However, the anode voltage to the driv

er tubes also is in series with half the 

output voltage.

This output voltage will divide itself 

over the driver tube’s Ra and Ri, and 

the part over Ri contributes to the drive 

voltage to the output tubes. Isn’t it a 

neat and elegant circuit?

To use this amp with a normal 8ft 

driver, you would provide an “8ft tap” 

at one side of the choke as shown. This 

part of the winding would need heavier 

gauge wire, of course, but it would be 

an auto-transformer rather than an iso

lating transformer. This would still 

make it easier and less expensive for 

the same performance. I still have some 

winding data for such an autotrans

former for 2x EL84 and 2x EL34 if any

one is interested.

This configuration will also provide 

more output power for the same supply 

voltage, because there is no DC loss in 

the output transformer. In a SPP, each 

half of the output transformer carries 

the DC for one output tube, which de

creases the supply at the anode. In the 

PPP, there is zero net DC through the 

choke and the full anode supply is 

available at the tube.

Jan Didden 

diddenj@wxs.nl

John L. Stewart responds:

Thank you for your letter in regard to my arti
cle in audioXpress. It is responses like yours 
that keep this activity alive and far from bor
ing. There are still many challenges in vacu
um tube design.

I suspect from your comments that you 
are about the same age as I. Also by your e
mail address I was able to determine that 
you live in Holland. Many years ago while 
working in the development lab, we used 
many fine products developed in Holland by 
Philips. Their tubes and semiconductors 
were a great help in completing our various 
projects.

Like many at that time, we were on the 
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mailing list for the “Philigram,” an excellent 
technical journal published by Philips. It 
kept us up to date with the latest new prod
ucts and developments at Philips. I, too, re
call reading about the Philips development 
of circuitry and loudspeakers that would 
allow a vacuum tube amplifier to drive a 
loudspeaker directly without the help of an 
output transformer.

For some reason, I had always thought 
they had used the so-called “series push
pull” (Fig. 3), or totem-pole arrangement de

FIGURE 1: Parallel push-pull amp 
speaker configuration.

veloped by Futterman, perhaps to get around 
the patent on the Circlotron configuration. It 
would be interesting to hear from anyone out 
there who might have the real story on what 
happened.

About the time these circuits and loud
speakers were showing up, another factor 
sealed their doom, at least for a time. The first 
successful germanium power transistors were 
on the market. In North America these were 
the complementary pair, 2N68 and 2N95, I 
believe. I recall Philips followed close behind 
with their OC series. I have some OC26s and 
OC28s still in their containers in my junk box. 
Are there any collectors out there?

Another problem for either version of 
these low-impedance tube circuits would be 
the difficulty of building a reliable matching 
high-impedance loudspeaker. Speaker build
ing is difficult enough without having the 
complication of high impedance (for a 
speaker). For the Circlotron (parallel push
pull), the need for two completely indepen
dent and floating high-voltage power sup
plies didn’t help much either.

I did try a version of the Futterman Amp 
(series push-pull) at that time. It successful
ly drove a 16Q loudspeaker, although I don’t 
recall how well. My testing of amplifiers in 
those days was nowhere as sophisticated as 

it is now. You can read about that 
circuit beginning on page 10 of 
Volume 3 of the Audio Antholo
gies, available from Old Colony 
Sound Lab, PO Box 876, Peter
borough, NH 03458, 888-924
9465, FAX 603-924-9467, 
e-mail custserv@audioXpress.com.

It used 40dB of negative voltage 
feedback to get things under con
trol. That was needed since the dri
ving circuitry was not properly de
signed so that the top and bottom 
parts of the output stage would get 
the unequal drive required to get a 
symmetrical output.

As you can see in the SPP
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schematic, the top tube V1 is connected as 
a cathode follower and has no gain. The bot
tom tube V2 may have gain depending on 
its plate impedance in relation to the load. 
With equal drive you will usually get an 
asymmetric output.

One of the desirable properties of the Cir- 
clotron (PPP) is that the output stage is com
pletely symmetrical. The Futterman (SPP) is 
not. That’s what is called 20/20 hindsight. 
Everyone has some!

Another good reference to the Futterman 
Amp (SPP) is found beginning on page 60 of 
Audio Anthologies, Volume 5. That article is 
by one of the all-time best audio gurus, Nor
man Crowhurst.

For anyone who is interested in delving 
even further into the mysteries of the series 
push-pull amp, see the article by Peter Sulz
er in Volume 2 of the Audio Anthologies. It 
begins on page 25 and is an excellent 
overview of various output configurations 
(but he missed or ignored the Circlotron).

I recommend you avoid the topology 
shown in Figure 2 (c) of that article. In that 
circuit only the lower grid is driven (refer to 
Fig. 4). The upper grid depends on voltage 
developed across a resistor between the 
tubes. That way the upper tube manages to 
amplify any distortion produced by the lower 
tube as well as generate its own!

Output balance and distortion depend 

very much on parts, and it still needs 
two high-voltage supplies. Aging will do 
terrible things to its performance. It 
looks and works similarly to the famous 
mu-follower. However, it is not recom
mended for a power output stage.

A better alternative is shown in Fig. 2 
(b) of the same article. It was also 
briefly mentioned in Glass Audio 3/95, 
p. 54. I have taken the liberty of repro
ducing it here as Fig. 5. It is a very 
clever rearrangement of the various 
parts so that only one high-voltage 
power supply is needed. I did some pre
liminary work on that in 1995 but ran 
out of time. I intend to have another 
look at it soon. Most of what I will need 
is here and ready to go.

Finally, around 1960 I did build a se
ries push-pull amp to drive a synchro
nous motor (not a loudspeaker). It uses 
20 (count them) 6AQ5s and needs plus 
and minus 300V power supplies. It has 
a bootstrap for the driver of the upper 
row of tubes. The same bootstrap is 

used to run the upper row of screen 
grids. That way the 6AQ5s run in the beam 
tetrode mode. The output looked quite good, 
but again I have no figures.

It was able to generate more than 100W 
with ease. It used negative current feedback 
from the load. That way the amp looked like 
a current source to the motor which formed 
the load. I could then control the motor 
speed by simply varying the frequency of the 
input to the amplifier. Since the motor im
pedance rose as the frequency was in
creased, it needed to have the applied volt
age rise simultaneously. Hard to believe, but 
I still have that amp all covered in dust! I 
may get it running again!

As you have pointed out, another property 
of the parallel push-pull amp is that there is 
little or no DC current flowing in the output 
circuit so that you will avoid some power 
losses. However, if you were to use an output 
transformer here as many do, you would still 
have both copper and core losses in the 
transformer due to the audio current flow. 
You could have the output wound as an au
totransformer, but as you have also pointed 
out, the loudspeaker part of winding would 
need to be of larger gauge wire.

My own preference is to have all of the 
leads brought out, which allows for more flexi
bility. Some regulating authorities require that 
an electrically isolated winding be provided for 
the loudspeaker. You would see this in some
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PHOTO 1: UL-approved test leads from Circuit Specialists.

PHOTO 2: UL-listed multimeter costing $29.

public-address systems. You will also find it in 
the famous McIntosh amplifiers.

DMM TEST REPORT
In the October issue Gary Galo re

viewed a $19 DMM (“Product Review,” 

p. 78)! No mention of it meeting even 

the minimal UL listing requirements 

for safety. If the test leads and meter 

are not UL listed to Class 1, 2, or 3 envi

ronments, why on earth would anybody 

risk their life using a dangerous piece 

of test equipment?

Have you ever seen what a meter can 

do if it is not properly protected for all 

forms of misuse? Such as leaving the 

64 audioXpress 3/02 

meter on the ohm scale and inadvertent

ly reading, say, a line voltage? It hap

pens. A quality piece of test equipment 

will save your life—such as products 

from FLUKE, Simpson, HP, Tektronics.

A $19 piece of test equipment is al

most always not UL listed, nor would it 

meet the most minimum standards for 

safety. Recommending such a tool is a 

grave disservice.

Please read up on UL safety require

ments for test equipment. I wouldn’t be 

caught using a test tool that does not 

meet IEC and UL standards. It’s your 

life; if it’s worth only $19, so be it. Do 

some research on UL listing standards 

for test equipment. PLEASE! That arti

cle is enough to almost make me can

cel my subscription.

Carl Engebretsen 

Hamilton Square, N.J.

Gary Galo responds:

Mr. Engebretsen has assumed that just be
cause a product is inexpensive, it is by defin
ition unsafe. All test leads I have received 
from Circuit Specialists are UL listed. Photo 
1 shows the test leads supplied with four 
meters I have purchased from them, and all 
bear the same UL logo. The $29.95 
CSI9903 multimeter is also UL listed. Photo 
2 shows the rear panel of the meter.

The $19 9300GP does not bear the UL 
designation, nor does their $29 Techmeter 
(which was not part of my review), so I e
mailed Circuit Specialists and inquired as to 
whether or not these meters meet UL safety 
requirements. Here is the response I re
ceived from John Ruff, General Manager of 
the company:

“In a general sense, they do. They are man
ufactured in the same factory with the same 
basic safety features as the CSI9903. Howev

www.audioXpress.com

er, UL is a private testing company. We are 
not able to say that they meet UL standards 
unless we submit the meters to UL for exten
sive testing. This is not practical for a low-cost 
DMM. (Note: The reason the CSI9903 was 
submitted is because it was originally de
signed and marketed by Sears in the Crafts
man line. With Sears and the huge quantity 
they purchased, the manufacturer was able to 
submit the item for UL approval).”

Mr. Engebretsen is mistaken when he 
says that a $19 meter is almost always not 
UL listed, and can’t meet basic safety re
quirements. Radio Shack sells a digital mul
timeter for $17.99 that is UL listed (#22- 
810), and MCM Electronics has a UL-listed 
DMM for $9.95 (#72-5070).

I have seen products bearing the UL logo 
that I would not use. Sears sells a UL-listed 
DMM for $19.95 (#82015). However, the 
banana plugs on the UL-listed test leads are 
not fully safety-shrouded—about 7/" of bare 
banana plug is exposed on both test leads. 
This is true on all of the in-store samples I 
looked at, and can also be seen by enlarging 
the image of this meter on the Sears web 
site (www.sears.com; search for “digital mul
timeter”). What if either test lead is acciden
tally unplugged from the meter as you are 
about to read the AC line voltage? How did 
these test leads get a UL safety rating?

If I were to purchase this meter, I would 
not use it without replacing the test leads. 
Radio Shack sells test leads with fully- 
shrouded banana plugs for $4.99 (#278- 
708). These test leads are not UL-listed but, 
in my opinion, they are safer than the Sears 
leads bearing the UL logo. All of the test 
leads on the Circuit Specialists meters have 
full safety shrouding on the banana plugs.

I’m sure that Mr. Engebretsen is well 
aware that static discharge can damage sen
sitive digital circuitry. This does not mean 
that the product is unsafe. Drawing a spark 
when connecting the negative test lead 
(which is what happened with one of my 
9300GP meters) probably won’t blow the 
meter’s fuse, but it was certainly enough to 
render mine nonfunctional.

A friend of mine is a technician—and an 
outstanding one, at that—for a local 
audio/video store. He tells me that he fre
quently repairs name-brand, major-manufac
turer, UL-listed televisions that have failed 
due to a lightning strike. He says it is com
mon to find such sets with destroyed transis
tors in the switching power supply, but with 
the line fuses intact!
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Circuit Specialists has sold over 16,000 
of the 9300GP meters, and I am not aware 
of any safety-related issues with this prod
uct. It is indeed sad for American jobs, but 
labor rates in China allow them to make dirt
cheap DMMs that are safe. I am satisfied 
that the 9300GP is safe. Nonetheless, if 
readers are uncomfortable with a product un
less it bears the UL stamp, then I recom
mend spending another $11 for the 
CSI9903. As I stated in the review, the 
CSI9903 has to be the best value in test 
equipment from any supplier.

There is no question that test equipment 
from the name manufacturers mentioned by 
Mr. Engebretsen—and I would add Wavetek, 
Triplett, and B+K Precision to his list—offer 
superior construction and long-term durability 
for the professional user. Many electronics 
suppliers also offer more expensive “house 
brand” test equipment that competes favor
ably with the higher-priced national brands in 
this regard. The higher-priced offerings in 
MCM Electronics’ Tenma line are a case in 
point (also sold by Newark Electronics). But, 
there is now affordable—and safe—test equip
ment within the reach of electronics hobbyists, 
and that is why I reviewed these products.

SERIES CROSSOVERS

B
I am very complimented by your ref

erence (“Xpress Mail,” Aug. ’01, p.

76) to the letter that mentions my name 

in the May 2001 issue of audioXpress 

(p. 74). However, the real credit for the 

letter goes to G.R. Koonce. I was merely 

a conduit, passing on to the readership 

the wisdom that G.R. had been so kind 

to share with me.

I very much appreciate your further 

thoughts on the subject as well. I am 

very much fascinated by the series 

crossover network. As it turns out, not 

too long ago, I was reflecting on how all 

the schematics and writings I’ve ever 

seen on the matter of series crossover 

networks never included discussions of 

Zobels and other response-shaping net

works that could be added to series net

works. As you know, these networks 

abound in parallel crossovers.

I have been modifying a pair of 

speakers for a friend and decided that I 

would use series networks for the 

crossovers and incorporate Zobels to 

see what, if any, advantage they would 

offer. You can’t imagine my joy at see

ing that someone of your caliber had 

considered, and actually already imple

mented, the same. I believe I am in very 

good company, indeed.

I wish that you had depicted in 

schematic form the “cascaded series 

first-order sections” you refer to in your 

letter. Would you kindly submit to au

dioXpress schematics of the same for 2

way and 3-way systems? I would love to 

see what these look like, and I’m cer

tain the readership would too!

Angel Luis Rivera 

alrivera@tampabay.rr.com

Victor Staggs responds:

Unfortunately, it is no longer practical for me 
to provide readers with my series crossover 
network design using cascaded first-order 
sections. The woofer was the CTS 12W54C 
made by CTS in Paducah, Ky. It is long out 
of manufacture, and I don’t believe that 
there is a comparable replacement. It was a 
large-magnet heavy-cone design resembling 
a 12" JBL woofer in its functioning.

The filler driver was a Pioneer 5'/ 

woofer-midrange, now long out of manufac
ture (I designed this system in the middle 
1970s). The 2" dome midrange was the 
Philips AD0211/SQ8, also long out of manu
facture, used as an example in my article 
about measuring and modeling loudspeaker 
voice-coil impedance1. Finally, the tweeter 
was the venerable Electro-Voice T35B horn 
tweeter, used as an anonymous example by 
Richard Heyser in his monumental AES 
paper about measuring loudspeaker phase2, 
and now fetching upwards of $250 for a 
good used 8Q pair on eBay, exclusive of the 
dividing networks.

I would need to start all over again assem
bling the drivers for a more modern rendition 
of the design. It took a couple of years to pro
duce a finalized version of the first pair, and I 
don’t have that kind of spare time now for 
making a new version of this concept. So, I 
must leave it up to the imagination of the 
readers to proceed on their own if they wish. ❖

REFERENCES
1) Victor Staggs, “‘Exploring Loudspeaker Impedance,” 
Speaker Builder 5/94.

2) Richard C. Heyser, “‘Loudspeaker Phase Character
istics and Time Delay Distortion: Part 1,” JAES, Janu
ary 1969, Figure 8; also in “Loudspeakers—An anthol
ogy of articles on loudspeakers from the pages of the 
Journal of the Audio Engineering Society—Vol. 1-Vol. 
25 (1953-1977).”
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Audio Aid
The Self-Balancing Phase Inverter

I have an Eico HF-86 14W stereo power 

amplifier that utilizes the common 

split-load phase-inverter circuit to drive 

the push-pull output stage. Refer to the 

schematic of this circuit in GA4/99 (p. 

68). The first stage of the 12DW7 dual 

triode tube is the voltage-amplifier, 

which drives the splitter where the bi

phase outputs are taken from the plate 

and cathode.*

I was not happy with the phase-split

ter circuit for two major, critical rea

sons: The output impedances for the 

two signals are dramatically different.2 

And the frequency responses of the two 

outputs are not the same, either.3

In an ideal phase-splitter the two 

outputs would be better balanced in 

impedance and frequency response if 

they were both taken from plate cir

cuits. This is where some kind of a 

cathode-coupled circuit with the com

bination common-cathode stage and 

grounded-grid stage would be best. 

But this topology has the disadvantage 

of one-half the gain, and I did not wish 

to add another tube stage to compen

sate. My goal for this project was a cir

cuit that features the same gain as the 

original voltage-amplifier with the 

same negative-feedback input arrange

ment, but with the two outputs taken 

from two plates, like a cathode-cou

pled circuit.

SELF-BALANCING SOLUTION
I came up with a variation of the “float

ing paraphase” inverter circuit, some

times also called a “self-balancing para

* The 12DW7 was a tube made especially for Eico; 
one section “is a medium-mu triode of the 12AX7 

type and a low-mu triode of the 12AU7 type.” Eico 
said, “the 12DW7 conveniently provides significantly 
better performance characteristics in the familiar volt
age amplifier and split-load phase inverter of the Wil- 
iamson-type circuit.”1 Although the manual did not 

specify, I assume the gain stage is the medium-mu 
and the splitter is the low-mu section.

FIGURE 1: The new self-balancing inverter has better high-end performance 
characteristics than the old split-load inverter.

phase” inverter.4 This circuit (Fig. 1) al

lows the original style for the input of 

the negative-feedback signal to remain, 

and also retains the same plate and 

cathode-biasing scheme.

I finally settled on using a 12AT7 for 

this design because it matched the orig

inal gain and output power and had the 

lowest distortion at the speaker output. 

Using the old 12DW7 was out of the 

question due to the two different mu 

sections. I tried 12AU7, but the gain 

was less than desired, and then I used a 

12AX7, but found that although the 

gain was good, there was intolerable in

stability and distortion.

The outputs of both sections of this 

paraphase inverter should be quite bal

anced as far as impedance and fre

quency response, and the two output 

voltages are very close. This topology 

is a self-balancing type, which means 

that any difference in the gain of the 

individual triodes is effectively neutral

ized so that equal output voltages are 

produced, as long as R8 and R9 do not 

vary. This feature comes in handy if 

the tube changes with age, or if you re

place the tube with others of different 

gains.5 The resistors I used were +W 

±2% metal films, the two coupling ca

pacitors were 600WV DC Mylars, and 

the by-passes were mica because they 

were easily available, but any of those 

popular “poly-plastic” caps would be 

fine.

The secret of circuit operation in

volves the just-mentioned voltage-di

vider resistors, R8, R9, and R10, which 

also double as the grid-bias resistors for 

the power output tubes. For the cir

cuit’s exact operation, see reference 3. 

The selection process for the three re

sistors was arbitrary because I could 

not find any guidelines governing value 

selection. I also did not experiment 

with R8, R9, and R10 for optimal use, 

because from the circuits I examined, 

the values did not appear to be very 

critical.6
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I have seen some designs that use 

separate voltage-divider resistors and 

grid-bias resistors, but I figured I could 

make it more efficient by combining 

their operation. My only goal here was 

to make the grid-bias resistance to 

ground for each side the same as the 

original circuit (R8 + R10 and R9 + R10 

should equal 330kW).

I added a unique feature to this cir

cuit, positive feedback.7 The resistor, 

R7, between the two cathodes provides 

a small amount of positive feedback 

that increases the gain of the triodes. 

This allows R8 to equal R9 for equal 

output voltages.

The feedback resistor is actually op

tional. If it is not used, then you will 

still obtain excellent results, but the 

value of R9 would need to be around 

20% less than R8. One final note, if the 

value of R7 is too small, then oscillation 

will occur, so, some fine-tuning of its 

value will be required.

TESTING
With the new circuit and amplifier up 

and running, I applied a square wave 

and noted some minor anomalies. 

With a 1kHz input, the 4W output, with 

a 4W load, looked just as good and 

square as did the original circuit out

put. However, there were some spikes 

on the rising edges of the output 

square wave and some ringing at the 

beginning of the leading edge. But I 

cleaned this up by adding small capac

itors across the plate resistor of the 

second triode. This fix also cured simi

lar problems on the output signal at 

20kHz.

The output at 20kHz looked better 

than before, due to the above-men

tioned capacitor, with squarer corners, 

less ripple on the tops and bottoms, no 

spikes or ringing, and less slewing on 

the rising and falling edges. The phase

shift of the output compared to the 

input was also a little better.

The output at 100Hz, however, 

showed a severe case of deficient low- 

frequency response on one of the chan

nels. After troubleshooting, I discov

ered an output tube was bad, which I 

confirmed on a tube tester. A new tube 

fixed the problem.

Another problem I found with the 

other channel was a distorted output on 

the 8ft tap. It showed a small stair-step 

on the square wave half way up and 

down the rising and falling edges. I sus

pect a shorted turn in the transformer 

secondary, but I’ll just have to live with 

it for now. The amplifier has 4, 8, 16, 

and 32ft taps on the transformer.

The test on the other taps, properly 

loaded, looked fine with no steps, and 

the other channel looked fine on all 

taps, too. The funny thing about these 

two problems is that I never would 

have found out about them unless I 

had done this frequency response test, 

because with music, everything sound

ed normal.

Sine-wave testing showed perfectly 

beautiful sine waves on the output at 

all frequencies. Unfortunately, I do not 

have an harmonic distortion meter, so 

I cannot supply any THD data. Listen

ing tests validated my bench testing. 

The power output was very close as be

fore, and not only did the bass sound 

good, but the highs were a tad more 

crisp and clean.

Although this modification showed 

characteristics in the low- and medium-
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frequency response similar to the origi

nal split-load circuit, it demonstrated a 

quantum improvement in the high end 

frequency response. I am very pleased 

with this project because with just a 

few minor changes to the split-load cir

cuit, the self-balancing paraphase cir

cuit turned out to have much better 

performance. ❖

Michael Kornacker

Palatine, IL
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3. Daniel P. Norman, “Understanding Tube Phase In
verters,” GA 1/90, p. 14.

4. Amplifier Handbook Richard F. Shea, Ed, McGraw
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5. Ibid. p. 42.

6. Gray, Truman S., Applied Electronics, 2nd edition, 
MIT Press, Massachusetts Institute of Technology, 
Cambridge, MA 1965, p. 532.

7. Radiotron Designer’s Handbook, F. Langford-Smith, 
Ed., Wireless Press, RCA 4th Ed., 1953, p. 352-355.
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the caps, rather than the active devices, 

so it’s important that the composite im

pedance be smooth, with no peaks.

A pair of resistors in series (R217- 

R218) forms the current-limiting resis

tor for the plate regulators’ pilot LED; 

the junction between them is also the 

float point for the second filament sup

ply. R219 feeds the 47V zener diode 

that regulates the phantom supply. It’s 

not a particularly elegant regulator, 

but I’ve decided that a fancier one is 

superfluous, as every phantom-pow

ered microphone in my experience re

regulates its supply anyway, using a 

zener.

R201, R204, R207, R210, R211, and 

R219 dissipate a good deal of heat, as 

do the various zener diodes. It’s a good 

idea to mount them about Vz" above the 

circuit board, giving air a chance to cir

culate and cool them. Q202 and Q204 

are mounted on a common heatsink, 

and remain relatively cool.

Figures 11 and 12 show the circuit 

board design and parts layout for the 

raw supply. Figures 13 and 14 show de

sign and layout for the regulator board.

It’s worth noting here that this raw 

supply and regulator form a useful gen

eral-purpose power supply for high-qual

ity tubed equipment; you get two fila

ment supplies (one floating) and two 

regulated plate supplies, plus a supple

mental zener-regulated supply for less- 

critical circuits. With a little modifica

tion, you could use this supply to drive 

most tubed preamps, line amp or signal 

processing circuits, or the input and 

driver stages of a power amp.

Next month I’ll look at construction 

and possible configurations of the final 

project. ❖

REFERENCES
5. Paul Milter, "Resonances and Repercussions," Hi-Fi 
News & Record Review34:6 (June 1989), p. 35.
6. Ben Duncan, “A State-of-the-Art Preamplifier: AMP- 
02, Part 2,’’ Hi-Fi News & Record Review 34:11 (Nov. 
1989), p. 45.
7. Rick Miller, "Measured RFI Differences Between 
Rectifier Diodes in Simple Capacitor-Input Power Sup
plies," The Audio Amateur 1/94, p. 26.

LANGREX SUPPLIES LTD
DISTRIBUTORS OF ELECTRONIC VALVES, TUBES & SEMICONDUCTORS AND l.C.S. 

1 MAYO ROAD, CROYDON, SURREY, ENGLAND CRO 2QP
PHONE 24 HOUR EXPRESS MAIL ORDER SERVICE ON STOCK ITEMS FAX

44-208-684-1166 E-MAIL: LANGREX@AOL.COM 44-208-684-3056

A SELECTION OF OUR STOCKS OF NEW ORIGINAL VALVES/TUBES MANY OTHER BRANDS AVAILABLE
STANDARD TYPES AMERICAN TYPES SPECIAL QUALITY TYPES

ECC81 RFT 3.00 5R4GY RCA 7.50 A2900/CV6091 G.E.C. 17.50
ECC82 RFT 6.00 5U4GB SYLVANIA 10.00 E82CC SIEMENS 7.50
ECC83 RFT 8.00 5Y3WGT SYLVANIA 5.00 E83CC TESLA 7.50
ECC83 El 3.00 6BX7GT GE 7.50 E88CC G. PIN TESLA 8.50
ECC85 RFT 5.00 6FQ7 SYLVANIA 7.50 E188CC MULLARD 20.00
ECC88 BRIMAR 6.00 6L6GC SYLVANIA 20.00 ECC81/6201 G.E. 5.00
ECC88 MULLARD 10.00 6L6WGB SYLVANIA 15.00 ECC81/CV4024 MULLARD 6.00
ECL82 MULLARD 5.00 6SL7GT USA 5.00 ECC81/M8162 MULLARD 7.50
ECL86 TUNGSRAM 7.50 6SN7GT USA 7.50 ECC81/6201 G. PIN MULLARD 10.00
EF86 USSR 5.00 6V6GT BRIMAR 7.50 ECC82/CV4003 MULLARD 7.50
EF86 MULLARD 15.00 12AX7WA SYLVANIA 6.00 ECC82/M8136 MULLARD 10.00
EL34
EL37
EL34G

El
MULLARD
SOVTEK

5.00
30.00

5.00
12BH7 
12BY7A 
211/VT4C

BRIMAR
G.E.
G.E.

12.00
7.00

85.00
SOCKETS

B7G CHASSIS 0.60
EL84
EL519
EZ80
EZ81
GZ32

USSR
El
MULLARD
MULLARD
MULLARD

3.00
7.50
5.00
7.50

25.00

807 HYTRON 7.50 B9A CHASSIS 1.00
5687WB
6080
6146B

ECG 
RCA 
G.E.

6.00
10.00
15.00

OCTAL 
OCTAL 
LOCTAL

CHASSIS
MAZDA
B8G CHASSIS

1.00
2.00
2.50

GZ33/37 MULLARD 20.00 6973 RCA 15.00 SCREENING CANS
PL509 MULLARD 10.00 7027A G.E. 25.00

ALL SIZES 1.00UCH81 MULLARD 3.00 7308 SYLVANIA 5.00
UCL82 MULLARD 2.00 7581A SYLVANIA 15.00

MANY OTHER BRANDS AVAILABLE
These are a selection from our stock of over 6,000 types. Please call or FAX for 

an immediate quotation on any types not listed. We are one of the largest 
distributors of valves in the UK. Same day dispatch. Visa/Mastercard acceptable. 

Air Post/ Packing (Please Enquire). Obsolete types are our specialty.
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Classifieds

VENDORS

usedcable.com

We buy used cables. 
We sell used cables. 

Good advice.

BILLINGTON
EXPORT LIMITED

All types of audio tubes. 300B 6DJ8 
ECC81 ECC83 KT88 Mullard GEC 
Sylvania. Discount for large quantity. 
Billington UK. Tel (0)1403 784961. 
Fax (0)1403 783519.
Email/website www.bel-tubes.co.uk

The BassZilla has landed! Finally, a high-effi
ciency and affordable loudspeaker kit by Dick 
Olsher. Kit plans at: 
http://www.blackdahlia.com

Audiophile components, High-End KITs 
www.borbelyaudio.com

Cabinets for North Creek Okara 2 or other 
design using Vifa P13WH. EBS alignment, 
-3dB @ 56Hz. Cabinets for ACI SVC10. Both 
customizable, starting at $175. 505-280-8829. 
E-mail: kennethmartinez@earthlink.net.

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.

Principles of Power, tube audio books, kits, 
FAQ www.londonpower.com.

Audioclassics.com buys, sells, trades, and re
pairs high end audio. 607-766-3501, 3501 Old 
Vestal Rd., Vestal, NY 13850.

Check our growing line of audio test instru
ments: data sheets, user guides, software. 
TDL Technology, Inc., www.zianet.com/ 
tdl/ppage2.htm

FOR SALE
Beautiful original 1978 Linn Sondek LP-12 Belt 
Drive Turntable. Perfect condition. Grace tone 
arm with Grace F9-L Moving Magnet Cartridge. 
Stored for 20 years $ 1,000.00. Phone 509
585-9377. bdms@televar.com
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Yard Sale
FOR SALE

AUDIO AIDS—

Dynaudio mini monitors, 15W75, D28/2, Madi
sound crossover, cast aluminum enclosure, Au
dioquest wiring, 5-way binding posts, $800 pair, 
503-769-6632.

New Scan-Speak drivers: four 7" 18W/8545K 
mid/woofers, two D2905/9900 Revelator tweeters, 
$650 ($1000 Parts Express), will include D’Appoli- 
to-style crossover at no charge, Allen 732-846
0973, hahax@rcn.com.

WANTED

CONTRIBUTORS WANTED!
Whether your thing is solid or hollow state. 

Crossovers, power supplies, or transformers. You have experience and
know-how others could use. Why not share that information with audio
Xpress readers? We encourage short (several hundred words) tips and 
hints for other electronic DIYers and will pay a modest stipend for your 
efforts. Contribute to the wealth of information in this industry by send
ing your “Audio Aid,” and any accompanying photographs or artwork, to:

audio PRESS
Editorial Department

PO Box 876
Peterborough, NH 03458

FAX 603-924-9467
E-mail editorial@audioXpress.com

Schematic and parts list of Audio Research PH1 
Phono Stage. Reinhard Hoffmann, Wiembecker 
Str. 1, 32657 Lemgo, Germany, phone/FAX 
05261 87586, in.audio@t-online.de.

One Empire 880p phono cartridge in good cos
metic condition, regardless of stylus, $10. Carlos 
E. Bauza, e-mail: bauzace@netscape.net.

TEST TRACKS— What are your favorite music selections you use to 
test audio gear or to show off some special capability of your system? Share 
your favorites with others. Simply describe your seven top pieces (not to exceed 
1000 words); include the names of the music, composer, manufacturer, and 
manufacturer’s number; and send to the address above. We will pay a modest 
stipend to readers whose submissions are chosen for publication.

Yardsale guidelines
To publish your free personal ad in audioXpress, simply follow these guidelines:

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 dis

carded. Businesses, organizations, and non-subscribers should contact the advertising department to place their paid ads in the classi
fied advertising section.

3. All personal-ad submissions must be printed out via typewriter 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 acknowledge 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 discarded after publication.
9. Maximum 50 words (no accompanying diagrams or illustrations 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 ad

vised that smudged, illegible faxes will be discarded.) 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.
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CLASSIFIED 
INFORMATION

Three classified advertising categories are available in audioXpress

O VENDORS: For any business or professional private party 
selling equipment, supplies or services for profit.

© FOR SALE: For non-subscribers to sell personal equipment or supplies.
© WANTED: For non-subscribers looking to find equipment or services.

HOW TO ORDER AN AD
REGULAR CLASSIFIED (ads without borders): 

$1.50 per word. $15.00 minimum. 
Deduct 5% for a 12X contract.

CLASSIFIED DISPLAY (all ads with borders): 
1" $100.00, 2" $150.00, 3" $200.00 

Deduct 10% for a 12X contract

I PAYMENT MUST BE ENCLOSED! with your ad and mailed to audioXpress, c/o AAC Classified Dept., PO
Box 876, 305 Union Street, Peterborough, NH 03458-0876. Ads can also be submitted by FAX (603) 
924-9467 or by E-mail, advertising@audioXpress.com (faxed and E-mailed ads must include MC, Visa, 
Discover or AmEx payment).

SUBMITTING COPY: A word is any collection of letters or numbers with a space (a slash (/) is counted as a 
space) on either side. All hand-written ads must be block printed on the classified order form (please 
contact us to obtain a form). Please circle or underline all words to appear in bold. Submit copy by mail, 
fax, E-mail or on disc (QuarkXPress, Microsoft Word 6.0 or Word for DOS). If submitting by disc, include a 
list of fonts and graphics used and a printout of your ad.

CLASSIFIED ORDER FORM
Please check what type of ad you will be running.

■ VENDORS FOR SALEWANTED
Advertisers are required to use this convenient form when hand printing your ad. Use block letters. No 
abbreviations.

CARD NUMBER

1 2 3 4 5

6 7 8 9 10

11 12 13 14 15

16 17 18 19 20

21 22 23 24 25

26 27 28 29 30

31 32 33 34 35

36 37 38 39 40

41 42 43 44 45

46 47 48 49 50

Please charge to my: Q DISCOVER Q MASTERCARD Q VISA Q AMEX

EXP. DATE

Q Check/Money Order Enclosed

Subscription Account Number: A ■■■■
NAME

COMPANY

STREET & NO.

CITY STATE ZIP

PHONE

AAC Classified Dept., PO Box 876, 305 Union Street, Peterborough, NH 03458-0876 FAX 603-924-9467

ALL ADS SUBJECT TO RUN AT DISCRETION OF PUBLISHER / AD DIRECTOR
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EMAIL

Electronic Crossovers 
Tube 

Solid State 
Powered 

Passive Preamps 
46 Step Attenuator 

Power Amps 
100% MOSFET

XM126 tube xover, available 2,3 and 4 way

All available as kit also 
Free Catalog: 

Marchand Electronics Inc. 
PO Box 473 

Webster, NY 14580 
Phone (716) 872 0980 

FAX (716) 872 1960 
info@marchandelec.com 
www.marchandelec.com
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Test Tracks

I do most of my listening on three audio 

systems I have set up at this time. One 

is my 6550 single-ended amp directly 

driven by a Dynaco CDV-1 vacuum tube 

CD player. The second has my “little 

amp,” a 12V6 push-pull, directly driven 

by a McCormack CD transport SST-1 

with a McCormack DAC-1 converter. 

The third, my favorite, is equipped with 

a Mac 70 project amp controlled by a 

VTL PR-1 preamp with analog inputs 

from a Linn turntable and a very 

POOGEd Magnavox CD player.

All three systems have their own spe

cial sonic signature, and each has its 

own unique way of dealing with a par

ticular recording. The results are al

ways very enjoyable, and the following 

recordings are the ones that I use to 

evaluate the performance of these or 

any audio system I may be building or 

modifying.

1. Charlotte Church, Enchantment, 
Columbia CD CK897120, track #8, 
“From My First Moment.”
This album contains some fine work 

by a young soprano who seems to pos

sess the voice of an angel. I hope she’s 

around for a long time to bring us 

more beautiful music. This album is a 

fine recording with a medium-wide 

soundstage. Her vocal on this track 

will demand a lot from your midrange 

drivers.

It really sounds magical on a single

ended amp and will almost bring tears 

to your eyes. If a system can’t convey 

the delicate beauty of this lady’s voice, 

it is in need of some adjustments. This 

album is recorded, edited, and mixed 

by Bill Whittington, who did a fantastic 

job.

2. Jane Monheit, Never Never Land, N- 
Coded Music CD NC-4209-2, track #2, 
“Detour Ahead.”
If you love smooth jazz, performed by a 

young lady with a great voice, this 

album is for you. This new jazz artist, 

combined with some experienced jazz 

musicians, will give you your money’s 

worth and will also give you a great 
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soundstage to test your system. The 

saxophone, bass, and piano are ren

dered in a superb fashion on this track 

and the microphone placement is just 

right. My hat comes off to engineer 

Tom Shick and mastering pro Gene 

Paul for the great job they did here. 

Gentlemen, and lady, take a bow!

3. Stan Getz, Joao Gilberto, Getz/ 

Gilberto, Verve CD 314521414-2, track 
#1, “The Girl From Ipanema.”
Originally recorded in March 1963, this 

jazz album dominated the charts and 

was inducted into the Hall of Fame for 

Recordings by the National Academy of 

Recording Arts and Sciences. And right

ly so! If there is a better studio recording 

of saxophone, guitar, and vocals, I 

would love to hear it. This reissue, mas

tered by Chris Herles, is among the best 

to date. The original analog sources 

were very carefully restored to obtain 

the finest clarity. This track is a perfect 

example of that restored clarity. This 

transfer to CD is so well done that it pro

duces a great test for instrument place

ment and separation. Bravo!

4. Three Blind Mice, The Misty Mood 

of Three Blind Mice, TBM CD 
GSCD006, track #8, “Alone Together.” 
This track is one of the ultimate tests 

for the accurate string bass reproduc

tion of an audio system. The great 

recording techniques of Mr. Yoshi Kan- 

nari are very obvious here as he cap

tures the sound of the plucked bass 

strings with loads of air around them! 

As an audiophile and a jazz fan, he 

knows what the quality of the final 

sound should be. This one will give 

your woofers a real workout!

5. Dave Brubeck Quartet, Dave 

Brubeck’s Greatest Hits, CBS LP 
62910, track #1, “Take Five.”
A wonderful recording of one of the 

most famous jazz quartets in history. 

Great for testing the accuracy of any LP 

playback system. The music itself is 

jazz perfection with some very unusual 

rhythms. What more can I say?
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6. Royal Philharmonic Orchestra, 
Bizet and Tchaikovsky, Chesky LP 
CR7, track #2, “Andante (Adagio).” 
This is a very good recording of the 

Royal Philharmonic in the Waltham

stow Town Hall near London. You can 

almost see conductor Charles Munch 

in action as this group of musicians 

sets a very wide soundstage with the 

perfect execution of this piece. This se

lection is a very good test of the track

ing accuracy of any tonearm and car

tridge combo. Proper tracking will re

veal the violins in all of their splendor. 

I still have a hard time believing that 

this album was actually recorded in 

April 1963!

7. Cincinnati Pops Orchestra, Grofe- 
Grand Canyon Suite, Telarc CD 8006, 
track #12, “Cloudburst.”
Excellent full digital recording of the 

Cincinnati Pops. Hold on to your sub

woofers on this track and the one just 

before it. And please heed the warnings 

contained in the album notes! This digi

tal recording of real thunderstorms can 

devour any woofer which is overdriven 

and has a weak suspension system! 

Don’t listen to this one with head

phones! I like my Grado RS-1s (and my 

ears) too much to even try it.

As audiophiles, we expect a lot from 

our audio components. As audio hobby

ists, we realize that part of what we 

hear depends on the effort we put into 

building and modifying our equipment. 

With even a small amount of hands-on 

time, we can give our preamps, ampli

fiers, and speakers a special and per

sonal vocal signature. (Think POOGE.)

I thoroughly enjoy all of the time and 

effort I invest in my own audio systems, 

especially when it brings an even 

greater enjoyment to the music I am lis

tening to. So, fellow audio hobbyists, re

joice in the knowledge that we are 

among the very few that can really have 

it our own way. ❖

Rick Spencer

Clovis, Calif.
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