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PREFACE

Given the vast array of commercial stomp-box effects, the reader might won-
derwhy anyone believes that we need more. The author sees this panoply as a
hunger for new sound. Unfilled niches remain. And good as they are, canned
effects live with limits imposed by retail viability. Building from scratch breaks
those limits, and that's what this book is about.

The text is written at the level of those who understand basic electronics,
and who have mastered the skills needed to build intermediate to advanced
projects. Writing for an adept audience means not having to reinvent the
wheel. Beginners would profit from building simpler projects than these. The
References listbooks that brief readers from a standing start.

The text offers each project as a paradigm of the possible. The Appendices
detail stomp-box ‘ingredients’ to help the builder create effects unavailable
commercially, or unavailable in a specific form desired. Rolling your own saves
money, and can take a journeyman builder to the next level, besides being
loads of fun.

Good luck—and good stomping!

DISCLAIMER

The author and the publisher presume the reader to be proficientin skills need-
ed 1o build intermediate to advanced electronic projects. These include, but
are notlimited to: wiring, soldering, fabricating printed circuit boards, and drill-
ing and cutting common materials. All instructions are offered on the pre-
sumption that the builder can carry them out competently and safely. Anyone
whois not absolutely certain that he or she can build projects competently and
safely is warned not to attempt to build any project.

The author has vetted information presented herein, to the extent of his
having built functional prototypes largely according to the instructions given.
Nevertheless, the reader is warned that the text may contain errors, both typo-
graphic and otherwise. The author and the publisher disclaim any and all liabil-
ity and responsibility to any party for damage or loss caused, or alleged to be
caused, directly or consequentially, by the use, improper use, negligentuse, or
inability to use the information contained herein; or caused, or alleged to be
caused, by an omission of information from this book. The author and the pub-
lisher make no assurances or guarantees as to any project's performance,
safety, or suitability to a particular application, nor should the reader infer that
such assurances or guarantees have been made. The author and the publish-
erpresent this book "'as-is," and without expressed or implied warranty of any
kind.



AUTHOR'S NOTE
The response to the First Edition of this book confirmed a hunch that many
stomp-box builders were ready for afterburners. It also made clear that
much remained unsaid. This revision fills out the card with technigues
whose simplicity belies their power. A soft-knee compressor with auto-vari-
able attack and decay goes together as easily as a fully manual box.

The texthasn't sought to duplicate specific pedals, classic ornot, though
keys to that avenue abound. The point of the exercise is to take control of
your sound, and to create new sounds. Most analog effects lie within the
builder’s grasp, including many that have no counterpart among commer-
cial products.

To all who sent comments and questions: Thanks. | appreciate your in-
put. This volume answers many of your questions. | will try to answer let-
ters, if brief and to the point, and accompanied by an addressed, stamped
envelope.

For obvious reasons | cannot troubleshoot anybody's projects. As a con-
cession to those who build these boxes sooner than they should, this vol-
ume outlines the procedure | follow when a board fails to work.

Nick Boscorelli



General Considerations

Project discussions cover only the essentials needed Brief wrong-way application of power, as might occur
to build and use each box. The principles underlying during battery replacement with the power switch
design are discussed atlength in the Appendices. ON, will destroy some semiconductors. The diodes

Allresistors are '/sW or VaW 5% carbon film types  prevent this, but will not protect parts that have been
unless otherwise specified. Capacitors' rated working wired incorrectly.

voltages must exceed the greatest AC or DC voltage Several projects specify reverse-audio—taper (RA)
towhich they will be subject. This holds particularly for potentiometers because that taper gives best control
power supply bypass capacitors. in those circuits. Unfortunately, RA pots can hard to

Power feed indications given on schematics and find in hobby channels. Substituting a linear-taper pot
layout diagrams show only connections to V+, V-, for the RA potis generally satisfactory, with some loss
and ground. The necessary power swiltch connec- of fine control at the clockwise extreme. Toregain fine
tions are shown below, control, the builder can substitute an audio-taper pot

Circuit descriptions do not list individual passive for the RA pot, but reverse the connections to the end
components that form alarger functional block; rather, terminals of the pot. This option also reverses the di-

they refer to, for example, "'a precision fullwave rectifi- rection of knob rotation from that which held for the RA
er made up of IC1-b & -c, and associated compo- pot.
nents!” The associated components are the resis- No attempt has been made toimplement noiseless

tors, capacitors, or diodes connected to IC1-b and -c. switching. While some players expect this feature in
Nor do circuit descriptions make note of power supply commercial boxes, it adds at least one chip to the cir-
bypass capacitors, stray-capacitance compensation cuit. The projects use a hardwired bypass that re-
caps, or RF shunt caps. moves the circuit completely from the signal path.
Unless otherwise specified, function of each box is The level-dependent nature of certain effects
described with it running off a pair of freshly charged means they responddifferently toinstruments having
nicad "9V’ batteries. Battery-powered projects incor- disparate output levels. The builder may have to alter
porate polarity protection diodes into the power feeds. the preamp gain to accommodate different levels.

Tominimize clutter on wiring diagrams, power switch and battery connections are not shown. Use this wiring arrangement
fordual-9V-battery-powered projects.

CIRCUIT
BOARD

]‘,-This is what they mean.

‘ RED (+) i /

i /[ VT
; ! P =T ‘ /  GND===  CIRCUIT
= /| | BOARD

R I \VeTTe

v

This is what wiring
== diagrams show.



This simple stepis discussedin an Appendix.

The presence of patented elements in these
projects, whether introduced intentionally or not, does
notrelieve anyone of obligations to patent holders.

Circuit Board Patterns

Printed circuit templates given in this book are shown
full size and are laid out for easy duplication using rub-
on pads and tape. Each board appears inside a box
with labeled dimensions, to let the builder compen-
sate for distortion that might have accompanied the
printing process. The copyright holder grants individu-
al builders permission to copy the printed circuit pat-
terns to build boards for their own personal, non-com-
mercial use. The builder can, of course, build projects
on any platform, such as perfboard or universal print-
ed circuit boards.

Board layout and wiring diagrams appear as X-ray
views in which the foil side of the board is visible in
gray, to aid orientation of parts and identification of
wiring points.

Most boards are designed to fit a traditional stomp-
box-style housing, but the builder should not feel
bound to this enclosure. The projects work equally
well when mounted in small hobby boxes or rack-
mount cases.

Chips appearing in prototype photos are those that
happened to be socketed at the time of the photo, not
necessarily those givenin the parts list.

Necessary Skills & Hardware

The presentation assumes that the reader has consid-
erable experience building electronic projects, as well
as access 10 the necessary construction tools and
electronic test gear. The novice attempting these
projectsis courting frustration.

Assembly and testing require a digital multimeter.
Several boxes are difficult to set up without a signal
generator and oscilloscope; serious troubleshooting
demands a scope.

Initial Checkout
Set volume low when connecting a box to an amp for
the first time. This avoids cacophony in case a mal-
function causes an unusually large output signal.
The player who does not find “the sound" straight
off should feel neither frustrated nor surprised. Most
projects demand familiarization to live up to their po-
tential. Many feature interactive controls. Patient ex-
perimentationis the best way to find the useful control
setlngs.



Project No. I

Sustain-O-Matic

Downward sustain, with variable upward sustain, suit-
able for guitar and bass.

Circuit Function

Signal Path: Instrument feed couples through C2 to
IC1-a, a preamp with gain of 3.7. IC1-a output couples
through R4 to IC2-a, an op amp configured as an in-
verting amplifier whose voltage gain can vary from
+22 dB to -35 dB, depending on the state of the light-
dependent resistor (LDR) in the feedback loop, and
the setting of pot R6.

IC2-a output couples through R7 to IC2-b, aninvert-
ing amp whaose voltage gain is variable from 0 to 5 by
R9. Signal couples through R11 & C8 to the output
path.

Control Path: IC2-a output couples through R8 to
input of IC1-b, an inverting amp with gain variable
0.20-20 by R16. IC1-b output couples through Cll to a
precision fullwave rectifier made up of IC2-c & -d, and
their associated components. The output polarity is
positive and couples through R10 to the anode of the
LED potted with the LDR in the CLM6000. The result
of the control path is for a rise in signal level to gener-
ate a voltage that lights the LED acting on the LDR,
lowering its resistance and reducing gain of 1C2-a.
When signal level drops, the LED dims, and LDR re-
sistance rises, raising gain of IC2-a, that gain being
limited by the setting of R6.

Use
Switches and pots have these functions:

S1 sustain/bypass

R6 upwardcompression limit, 0-22dB

R9 outputlevel

R16 sustain threshold (~70 mvp-p 10 ~4Vp-p)

Fig. 1-1. Sustain-O-Matic prototype boarél.

Initial settings: S1 sustain, R6 fully CCW, R9 straight
up, R16 fully CW. In this state the box acts as a preamp
with gain of about 3.7. Connect the unit to instrument
and amp, establish desired volume.

Turning R16 CCW lowers the downward compres-
sion threshold. The unit's compression ratio is high
enough to qualify as limiting; change R10 to 10K or
15K to reduce the ratio. Increase output level if neces-
sary to bring compressed level back up to match that
of the unprocessed feed. This mode sustains the note
by reducing the amount of gain reduction as the note
decays.

Strike and hold a note, let it decay past the point of
downward compression. Slowly turn R6 CW and note
the boost applied.

The boost limit can be raised to +27 or +33 dB by
changing R6 10 500K or 1M, respectively, at the cost of
runaway gain in the absence of aninput signal.

Sustain-O-Matic takes practice to apply to full ad-
vantage. Avoid the temptation to turn everything up
to max. The sweet spots are between 2 and 8.

SUSTAIN-O-MATIC PARTS LIST
Resistors

R1 150K

R2,17 1K

R3 27K

R4,5 22K

R6 250K audio-taper pot
R7,12,13,14,15 10K

R8,10 4.7K

R9 50K audio-taper pot

R11 100

R16 50K reverse-audio pot
Capacitors

C1,5, 8, 13 10uF electrolytic
C2 10pF nonpolar electrolytic
C3,6,7 12 10pF

C4,9,10 100pF

C11 1uF electrolytic
Semiconductors

D1,2 1IN914 diode

D3, 4 1N4001 diode

IC1 TLO72 dual op amp

IC2 TLO74 quad op amp
Miscellaneous

CLM6000 optocoupler

S1 DPDT switch

enclosure, /4" jacks, wire, knobs, mounting
hardware, 9V batteries, etc.
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OUTPUT (4= Bypass  INPUT

Fig. 1-3. Sustain-O-Matic layout & wiring diagram.

Fig. 1-2. Sustain-O-Matic circuit board.

Fig. 1-4. Sustain-O-Matic schematic.




Project No. 2

Distort-O-Matic |

Enough distortion modes exist to build dozens of box-
es, each giving a singular sound. Distort-O-Matic |
combines a full squarewave fuzz with a soft effect
whose transfer function, at some settings, resembles
tube-stage overload. Clean and distorted feeds can
mix inany ratio.

Circuit Function

Instrument feed couples through C7 to input of IC1-a,
an op amp configured as a noninverting amp whose
gainis variable from 1-11 by R3.

IC1-a output couples through divider R7-8 to R9, to
input of summing amp IC1-b. Signal couples through
R12-C5 to the output path.

IC1-a output also couples through R4 & C4 to input
of IC2-a, a CMOS hex inverting buffer. IC2-a input is
biased through R5 and pot R6. ICl-a output feeds
through two more buffers that square up the signal.
S2 selects output from pin 2 (passage through a sin-
gle buffer; 'soft’) or pin 6 (passage through two addi-
tional buffers; 'harsh’).

S2 center terminal couples through C6-R14 to IC3,
an inverting amp whose gain is variable from 0-1.5 by
pot R13. IC3 output couples through R11 to summing
amplifier IC1-b.

Use
Switches and pots have these functions:

S1 distort/bypass
S2 select soft/harshdistortion
R3 preampgain

Fig. 2-1. Distort-O-Matic | prototype board.

10

R6 hex buffer bias (distortion
threshold)

R8 cleanlevel

R13 distortion|evel

Initial settings: S1 distort, S2 soft; R3, R8 fully CW, R13
fully CCW, R6 straightup. In this configuration the box
acts as a clean preamp with gain of about 11. Connect
unittoinstrument and amp, establish desired volume.

Kill the clean feed by turning R8 fully CCW. Ad-
vance R13 a few degrees, just enough to hear the dis-
torted feed when R6 hits the “sweet spot,” which is
only 10-15° wide. Once the distorted feed is obtained,
raise and lower preamp gain and note the effect on
tone. Lower the distorted output level before taggling
S2to the harsh setting, to avoid an abrupt jumpin vol-
ume. Simple but versatile box.

DISTORT-O-MATIC | PARTS LIST
Resistors

R1 1K Y

R2 150K

R3, 8 10K audio-taper pot
R4,7,10 10K

R5, 11 22K

R6 10K pot

R9 4.7K

R12 100

R13 50K audio-taper pot

R14 33K

Capacitors

C1, 5, 8,9 10uF electrolytic
C2,1 10pF

C3, 10 100pF

C4,6 0.1pF

C7 10uF nonpolar electrolytic
Semiconductors

D1, 2 IN4001 diode

IC1 TLO72 dual opamp

IC2 4069 hex inverting buffer
IC3 TLO71 opamp
Miscellaneous

S1 DPDT switch

S2 SPDT switch

V4" jacks, enclosure, wire, 9V battery snaps,
knobs, etc.
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5 10K
DISTORTION
g L. THRESHOLD

DISTORTION
LEVEL

Fig. 2-3. Distort-O-Matic | layout & wiring diagram.




3" x 2.75" reference box

Fig. 2-4. Distort-O-Matic | circuit board.

Fig. 2-5. DM1 I/O. All photos 1-KHz sinewave; top trace (in-
put) 100 mv/div., bottom trace (output) 500 mv/div. A—Pre-
amp gain max, clean output 50%; box acts as flat preamp.
B—Preamp gain max, clean level 0, distortion threshold in
middle of sweet spot, dirty level 50%, distortion switch in
‘soft’ position. C—Preamp gain minimum, dirty level 50%;
note that low-level input generates sine-like output from
dirty channel, which will gradually change to resemble photo
B as inputlevelrises or as preamp gainis raised. D—Preamp
gain max, dirty level 50%, harsh output selected. E—Same
as D, butclean level has been advanced to 50%, mixing clean
anddirty.



Project No. 3

Parametro-Matic

By enabling continuous control over boost, frequency,
and bandwidth, parametric EQ can apply a touch as
fine as a scalpel or as broad as a scythe.

Circuit Function
Instrument feed couples through C8 to input of pre-
amplCl-a, whose gainis fixed at 3.2. IC1-a output cou-
ples through R16 to IC1-b, an inverting amp with nom:-
inal gain of 1. Boost/cutis achieved by divider action of
R17 passing the signal through a state-variable band-
pass filter comprised of IC1-d, IC2, and associated
components; the signal emerges from IC1-d and cou-
ples through R11 to the input of IC1-b. The result is
that, when R7 is turned fully CW, IC1-b sees an input
impedance reduced by a factor of ~6.5 (1.5K, the value
of R11), but only for the frequencies passed by the
bandpass filter. Gain for those frequencies then be-
comes 10K+1.5K = ~6.5. When R7 s turned fully CCW,
the bandpass is placed in the feedback loop of IC1-b,
lowering feedback resistance to 1.5K, again only for
the frequencies passed by the bandpass filter. Gain
for those frequencies becomes 1.5K+10K = 0.15. With
R7 centered, IC1-b exhibits no frequency emphasis
andpasses all signals at unity gain. R7 varies frequen-
cy over the range ~20-400 Hz; R3 varies bandwidth
from <4 octave to >1 octave. Independent control
over boost, bandwidth, and frequency defines a para-
metric equalizer.

IC1-b output couples through R14 to input of IC1-c,
an inverting amp whose gain varies 0-5 by R12. Sig-
nal couples through R13 & C4 to the output path.

Use
Switches and pots have these functions:

S1 equalize/bypass
R3  bandwidth

R7 center frequency
R12 outputlevel

R17  boost/cut

Initial settings: S1 equalize, R3 fully CW; R7, R12, R17
centered.

Connect unit to bass guitar and amp, establish de-
sired volume. Turn R17 fully CCW (full cut), take R7
through full range, note effect on sound. Turn R3 fully

CCW (minimum bandwidth), again take R7 though its
full range and note the effect of narrowed bandwidth.

Now slowly rotate R17 CW past center and explore
boost functions.

In stock configuration, Parametro-Matic provides
versatile bass EQ. It can emphasize the fundamental
on the open E without boosting the octave above. It
can notch out a bothersome peak, or apply quasi-em-
phasis to the low bass notes by notching out their har-
monics.

Boost/cut of the prototype measured £13-15 dB,
depending on frequency and bandwidth setting.

Modifying Parametro-Matic

The 0.1pF values of C1 & C2 give the device a range of

~20-400 Hz, suiting bass. To cover a range suitable

for guitar, change C1 & C2 t0 0.0564F or 0.033uF,
Finer control of center frequency (at the cost of a

PARAMETRO-MATIC PARTSLIST
Resistors

R1,2,4,5,6,8 47K

R3 50K dual pot

R7 100K reverse-audio dual pot
RS, 10, 14, 15, 16 10K

R11 1.5K

R12 50K audio-taper pot

R13 100

R17 10K pot

R18 2.2K

R19 1K

R20 150K

Capacitors

C1, 2 0.1pF polypropylene
C3,6 10pF

C4,7.9,10 10uF electrolytic

C5 100pF

C8 10uF nonpolar electrolytic
Semiconductors

D1, 2 1IN4001 diode

IC1,2 TLO74 quad op amp
Miscellaneous

S1 DPDT switch

V4" jacks, enclosure, wire, battery snaps, knobs,
etc.

13
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Fig. 3—2. Parametro-Matic
prototype board.
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100K-RA DUAL
FREQUENCY

Fig. 3-3.
Parametro-Matic
layout & wiring

: “.ﬂ‘

diagram.

| EQUALIZE

Fig. 3—4. Parametro-Matic
circuit board (below right).

narrower tuning range) can be obtained by making R7
a 50K or 20K dual pot. When R7 is fully CW, center fre-
quency = 1+(6.28 x 4700 x C1), where C1 is in farads.
When R7 is fully CCW, center frequency = 1+[6.28 x
(4700 +value of R7) x C1].

Ideally, R7 should have a reverse-audio taper, bul
dual RA pots are hard to find. One means to get finer
control over frequency is to use a dual audio-taper pol
and reverse the wiring to the pot end-terminals. In this
configuration, highest frequency occurs with R7 fully
CCW.

Parametro-Matic provides enough boost to de-
mand careful level management. If raw instrument
output measures peaks at 1V, it will peak at 3.2V com-
ing off IC1-a. Those frequencies boosted by a factor of
6.5 will clip in a unit running off a pair of 9V batteries.
Lower volume on the instrument if clipping occurs
with boost. Parametro-Matic makes a great candidate
fora 18V supply to extend headroom beyond 30Vp—p.

] ’
— -:!31
BYPASS

[_B_x 3.5" reference box
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Project No. 4

Distort-O-Matic Il

The basic diode clipper can produce an astounding
variety of sounds. Distort-O-Matic llis a clipper-based
box that throws in a sound-fattening frequency dou-
bler. Distorted and clean feeds mix in any ratio.

Circuit Function

Instrument feed couples through C8 toinput of IC1-a,
a preamp with gain of 37 ICl-a output couples
through C7 to input of IC1-b which, with IC1-c and as-
sociated components, forms a precision fullwave rec-
tifier. IC1-c output couples to one throw of S2, whose
other throw ties to IC1-a output. S2's pole couples sig-
nal through C9-R15 to input of IC2-a, an op amp con-
figured as a simple diode clipper, modified by variable
resistance R14 in series with D5-6. This alters ampli-
tude and shape of the clipped waveform, as described
below. IC2-a output couples through R13 10 IC2-b; R12
varies gain applied to the distorted feed from zero to
one. IC1-a output also couples to pot R8 whose wiper
ties through R9 to the input of summing amp IC1-d.
Audio couples through R16-C11 to the output path.

Use
Switches and pots have these functions:

S1 distort/bypass
S2 distortion feed select, x1 or x2

3.25" x 2.5" reference box

Fig. 4-1. Distort-O-Matic |l circuit board.

16

fundamental frequency
R8 clean level
R12 distortionlevel
R14 distortion contour

Initial settings: S1 distort, S1 x1; R8 straight up; R12,
R14 fully CCW. Connect unit to instrument and amp,
establish suitable listening level.

Eliminate clean level by turning R8 fully CCW.
Slowly advance R12 to sample the distorted feed.
Note effect on tone and volume of distortion contour
control R14. Toggle S2 between x1 and x2 frequency,
note the fattening effect of doubling the fuzz frequen-
cy. Either R8 or R12 must be open for any output to ex-
ist. Box suits guitar and bass.

DISTORT-O-MATIC Il PARTS LIST
Resistors

R1 1K

R2 150K

R3 2.7K
R4,5,6,710,11,13,15 10K
R8, 12 10K audio-taper pot
R9 4.7K

R14 100K pot

R16 100

Capacitors

C1,3, 1, 14 10uF electrolytic
C2,12,13 10pF

C4,5, 6,10 100pF

C7 0.1uF

C8 10pF nonpolar electrolytic
C9 1uF electrolytic
Semiconductors

D1,2,5,6 1IN914

D3,4 1N4001

IC1 TLO74 quad opamp

IC2 TLO72 dualop amp
Miscellaneous

S1 DPDT switch

S2 SPDT switch

V4" jacks, wire, circuit board, knobs, 9V battery
snaps, etc.



Ve
[T J;'“ iNdas!

"ot AN —

TCi-a —
< |
= 2 H4 1BE
) 4
L4 @ t_’_/_ _AAA
= f,,--‘l",'l jjL5 1eep
-~ 1
2 ==tz 18, 7 v
4 a'T e
Ei5 : s4
| ic -
' | a
4

=

» 3 Lainapp PR 2Hs i =
155 oo ¥ J ] L- * o
“ 12 10%-
t y - Mo
2| T~ =t
. 1C2-a ™
. ~. B .
LU L/ et o Y-
a < <
BYPASS I_ + --"" I
ca o0 b ] 0% 06 (WB14
[10uF WP -

&1

D D—
0 }[—"Li
DI1STORY N, [

— Iﬁv—ﬂ—

v

||]|I'F'.J|

Fig. 4-2. Distort-O-Matic Il schematic.

Fig. 4-3. Distort-O-Matic Il layout & wiring diagram.

@ SLEEVE i
o -

OUTPUT

DISTORT

17




Fig. 4—4. DM2 1/0. All photos 1 KHz sinewave; top scale (in-
put) 100 mv/div., bottom scale (output) 500 mv/div. A—
Clean level 60%, distorted level 0. B—Clean level 0, distorted
level 40%, R8 fully CCW. C—Same as B, but shape control
R14 straightup. D—Same as B, but x2 selected. E—Same as
D, but shape control R14 straight up.
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Fig. 4-5. Distort-O-Matic |l prototype board.




Project No. 5

Tremolo-Matic

Tremolo contains greater nuance than rate and depth
imply. Tremolo-Matic offers three distinct modes In
onebox.

Circuit Function

Signal Path: Instrument feed couples through C7-R3
to inverting preamp IC1, whose gain varies 0-5 by
trimpot R4. IC1 output couples through C5-R7 to sig-
nal input of IC4, halt an NE570 configured as a VCA
whose gain varies 0—1, according to the control volt
age supplied through R11. VCA output pin 10 couples
through pot R9 to output path R10-C4. The signal path
is noninverting.

Control Path: IC2-a/-b and associated components
form a sinewave oscillator whose frequency varies
~1-10 Hz under control of R21. IC2-b output couples to
depth control pot R16, through R15 to summing amp
IC2-c. Pot R14 varies the DC offset present at IC2-c's
output. Sinewave conltrol voltage couples through R11
to VCA control port, pin 16 of IC4. IC3 and R5-R6 form
afeedthrough trim network.

Use
Switches and pots have these functions:

R4  preampgain

R5  VCAfeedthrough trim
R9 output level

R14  staticgain

R16 tremolodepth

R18 sinetrim

R21 tremolorate

S1 tremolo/bypass

First, trim the sinewave generator. Set R21 fully CW,
connect oscilloscope probe 1o sinewave output pin 7
of IC2. Trim R18 1o give 3Vp—p.

Next, trim VCA feedthrough. Set R14 straight up,
R16 fully CW. In this state the control voltage coming
off IC2 pin 8 clips at both extremes. Apply scope probe
to IC4 pin 10, trim RS for least feedthrough.

If no scope is available, tnm feedthrough by ear.
Configure settings as above, short the signal input,
turn output level pot R fully CW. Connect unit to amp
whose volume is turned all the way down. Slowly in-
crease amp volume until beating is heard. Exercise
care, because the pulses coming off IC4 pin 10 could
measure up to several voltsp-p. Trim RS for least feed-
through.

Initial settings: S1 tremolo, R21 fully CW; R4 cen-
tered; R9, R14, R16 straight up. Connect unit to axe
and amp, establish desired listening level. Clear trem-
olo should be heard with these settings. Trim R4 for
desired preamp gain. Take R21 through its range and
note change inrate.

Specific settings of depth and static gain let Tremo-
lo-Matic provide three distinct types of tremolo:

» With static gain centered and depth at ~40%, the
control feed causes instrument volume to Intensify on
positive control peaks; to soften on negative ones.

» With static gain at maximum and depth at ~50%,
instrument volume softens only during negative con-
trol peaks. Positive control peaks clipinIC2-b and can-

TREMOLO-MATIC PARTS LIST
Resistors

R1,2,8,15 36K

R3 22K

R4 250K trimpat

R5 50K multiturn trimpot

R6 220K

R7 47K

R9 10K audio-taper pot

R10 100

R11,19 47K

R12, 13 100K

R14,16 10K pot

R17,22,23,24 2.2K

R18 200 ohm multiturn trimpot
R20 150K

R21 2M reverse-audio—taper pot
Capacitors

C1,2,5 1uF

C3 10pF

C4, 7,8, 9 10pF aluminum electrolytic
C6 47pF

Semiconductors

D1 1N4001

D2,3 1N914

IC1 MC33171 low-power op amp
IC2 TLO64 quad low-power op amp
IC3 78L05 5V paositive regulator (TO-92)
IC4 NE570/571 dual-channel VCA
Miscellaneous

S1 DPDT switch

V" jacks, wire, solder, 9V battery, circuit board,
etc.
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Fig. 5-1. Tremolo-Matic schematic.

Fig. 5-2. Tremolo-Matic prototype board.

not further affect volume.

» With static gain at minimum and depth at ~60%,
sound pulses from a background of silence, lending
the effect a percussive air.

Notes

TMis a true 9V box, optimized for 7.5V on the positive
power bus. Running off higher voltage requires in-
creasing the value of R7 to accommodate greater sig-
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nal amplitude, and reducing the value of R8 to keep
IC4's output offset near //2V+.

Preamp gain should be adjusted for an average out-
put of 1Vp-p. This leaves plenty of room for peaks. The
system has ~5Vp-p of headroom.

The use of an inverting preamp breaks one of the
rules for low noise, but in this case keeps a noninvert-
ing signal path without having to add an inverting out-
put buffer.



3.25" x 2.75" reference box

Fig. 5-3. Tremolo-Matic circuit board.
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Fig. 5—4. Tremolo-Matic layout & wiring diagram.
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GND __ _ .

M

Signal Qu_'tpm 1Vidiv /  sweep20ms

Fig. 5-5. Tremolo-Matic output displayed with VCA control voltage. Top trace shows control voltage, 2.5V/div.; bottom trace
shows TM output, 1V/div. Inputis a 5-KHz sinewave. A—Control voltage and static voltage at their lower limits; VCA outputis
0. B—Static voltage (determined by setting of R14) rises to about 40%; signal output rises. C—Static voltage is at maximum,
VCA gain is ~1. D—Static VCA gain back to 0; sinewave impressed on static resting gain modulates instrument volume. E,
F—Amplitude of sine feed continues to rise, with resultant effect on signal volume. Pulse artifacts (most visible in photo B,

top trace) result from an external sync generator, not the tremolo circuit.




Fig.5-6. G—Sinewave voltage has reached maximum, clip-
ping at both extremes. VCA gain swings from zero to one
with each cycle. H—Sinewave amplitude still at maximum,
lbut static gain has been shifted upward. Now only the nega-
tive part of the sinewave modulates the signal. | & J—Sine-
wave amplitude is progressively reduced. K—A more typical
tremolo control setting: static VCA gain is ~45%, sinewave
‘amplitude ~60%. Figs. F, |, and K represent three audibly dis-
tinct manifestations of tremolo, attained by specific combi-
nations of static gain and sinewave amplitude.

23



Project No. 6

Gate-O-Matic

Like sophisticated rackmount noise gates, Gate-O-
Matic (GOM) offers independent control of attack, de-
cay, threshold, and ratio.

Circuit Function

Signal Path: Line-level input couples through C1-R1 to
unity-gain inverting buffer IC1-b, whose output cou-
ples through R4-C4 to IC3 signal input. R5-C5 acts as
asnubber. IC3 signal output (pin 4) ties to input of cur-
rent-to-voltage converter IC1-c. R22 varies the output
level; audio couples through R23-C9 to the output
path.

Control Path: IC1-b output couples through R3-C3
to IC3 rectifier input pin 9. Raw level detector output
(pin 2) couples to noninverting amp 1C2-a, which
boosts the voltage by a factor of 40. A variable DC bias
supplied by R20 varies the gating threshold. IC2-a out-
put feeds variable-decay network D3/Q1/C6 and as-
sociated resistors. R11 varies decay from ~5 ms to
several seconds. IC2-b buffers the output of the decay
network and feeds the control voltage to a variable-at-
tack network made up of D2/C7/R16. R16 varies attack
frominstantaneous to ~40 ms.

Output of the variable-attack network feeds buffer
IC1-a, biased through R15 to allow its output to swing
below ground. Control voltage couples through D1 to
R13, which varies the percentage let through to buffer
IC1-d, whose output feeds final divider R12-R7, which
ties to IC3 pin 5, the VCA '+' control port.

The result of this control path is for a strongly nega-
tive voltage to exist at the output of IC1-a in the ab-
sence of an input signal. An input signal generates a
positive voltage that keeps the potential at the anode
of D1 at ground, preventing any control voltage from
reaching the VCA. Only when signal falls below the
level needed to overcome D1's forward drop does a
negative voltage get to IC3 pin 5.

Use

Switches & pots have these functions:
S gate/bypass
RN decay
R13 downward expansion ratio
R16 attack

R20 expansion threshold
R22 output level

Initial settings: S1 gate; R11, R16 fully CCW; R13, R20
fully CW; R22 straight up. In this condition the unit

24

acts as a buffer with gain of about 1. Connect unit to
line-level feed and line-level target device, such as an
amp. Establish desired volume level.

Using program material suitable to detect gating,
turn threshold control R20 CCW until obvious gating
action is noted. Vary attack and release to suit taste.
Note the effect of altering the downward expansion ra-
tio.

Attack controls how quickly GOM opens after clos-
ing. R16 covers the range <1 ms to ~40 ms, longer
transitions sounding less abrupt. Decay controls how

GATE-O-MATIC PARTS LIST

Resistors

R1,2 22K

R3,10 10K

R4 36K

R5 47

R6,7 200

R8 1.5M

R9 10M

R11 250K pot

R12,18 1K

R13 100K pot

R14, 15,1719 39K

R16 250K audio-taper pot

R20 20K pot

R21 2.2K

R22 100K audio-taper pot

R23 100

R24 150K

Capacitors

C1 10pF nonpolar electrolytic

C2,8 10pF

C3,4,9,10, 11 10pF aluminum electrolytic

C5 0.0022uF

C6 0.01uF

C7 0.1uF

Semiconductors

D1,3 IN914

D2 IN34A

D4,5 TN4001

IC1 TLO74 quad op amp

IC2 TLO72 dual op amp

IC3 SSM2120 dual-channel dynamic
controller

Miscellaneous

S1 DPDT switch

V4" jacks, circuit board, wire, knobs, etc.
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3" x 3" reference box

Fig. 6 Gate-O-Matic ototybe board.

Fig. 6—4. Gate-O-
Matic circuit board.

SiE LA ey R

Fig. 6—5. Gate-O-Matic's effect on tone burst. Top trace input, bottom trace GOM output; sweep 20 ms/div., scale 1V/div., ex-
pansion ratio maximum. A—Gating threshold is below large pulse but above small pulse. Attackis at minimum, resultingin
instant opening of gate. Decay is at its 5-ms minimum, B—Decay has been lengthened to about 40 ms. Note delay before
gate closes. C—Decay has been extended to maximum. In this case, gate stays open between pulses. D—Decay backto
minimum, attack extended to ~10 ms. Note delay for gate to open after being closed.
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roject No. 7

tial features (and specs) of a rackmount
or, plus an extra seldom found in commer-
oducts, all on a board that fits a stomp box with

Path: Line-level feed couples through C1-R1 to
ain inverting buffer IC1-b. IC1-b output couples
84 C3tosignal input of IC3. R23 & C5 forma

output (as a current) couples to input of IC1-c,
Impconfigured as a current-to-voltage convert-
gain of this path, with no voltage applied to con-
715 1.1C1-c output couples through R18 to input
ling buffer IC1-d, which varies output level ac-
setting of R19. Audio couples to the output
ugh R20-C12.
ontrol Path: The level detector input of IC3 (pin 9)
through C4 to S2, which selects a control
fom the output of the input buffer through R3, or
output of the I-V converter through R21; these
sareparallel and feedback, respectively. Raw lev-
Or output is taken off pin 2, biased through
feeding directly to noninverting amp IC2-a,
gain is fixed at 40. R14 and surrounding resis-
pply a variable DC offset to the output of IC2-a,
hvaries compression threshold.
-a output feeds a positive peak detector made
D3,Q1, R7-9, C6, and buffer IC2-b. R8 varies de-

2-b output feeds a variable-attack network made
2, R6, and C7, buffered by IC1-a.

output couples through D1 to R5, which var-
magnitude of the control voltage applied to
rIC4, and thus varies compressionratio. IC4 out-

ples to the final control voltage divider, R22-24.

lisadownward compressor with variable thresh-
lio, attack, and decay. Unlike most commercial
,this box lets the user select a feedback or a feed-
control path.

iitches and pots have these functions:

queeze-O-Matic

S1  compress/bypass

§2  control path select feedback/parallel
R5  compressionratio, 1:1-25:1 (feedback)
R6  attack

SQUEEZE-O-MATIC PARTSLIST
Resistors

R1,2 22K

R3, 4, 16, 18 36K

R5 100K pot

R6, 19 100K audio-taper pot

R7 21 10K

R8 250K pot

R9 10M

R10, 12 39K

R11 1K

R13, 15 6.8K

R14 10K pot

R17 150K

R20 100

R22 1.5K

R23 47

R24, 25 200

R26 1.5M

Capacitors

C1,12 10pF nonpolar electrolytic
C2,8,9 10pF

C3, 4,10, 11 10uF aluminum electrolytic
C5,6 0.0022uF

C7 0.1uF

Semiconductors

D1,3 IN914

D2 IN34A

D4, 5 1N4001

IC1 TLO74 quad op amp

IC2 TLO72 dual op amp

IC3 SSM2120 dual-channel dynamic controller
IC4 TLO71 opamp

Q1 2N3904 NPN transistor
Miscellaneous

S1 DPDT switch

S2 SPDT switch

V4" jacks, circuit board, enclosure, mounting
hardware, batteries, wire, solder, etc.
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Fig. 7-1. Squeeze-O-Matic schematic.

R8 decay
R14 compression threshold
R19 outputlevel

Initial settings: S1 compress, S2 feedback; RS, R14 ful-
ly CW, R6 fully CCW, R8 9 o'clock, R19 2 o'clock. In this
stale the box acts as a line-level buffer with gain of
about 1. Connect unit to line-level feed and target out-
put device; establish desired audio level.

Turn R14 CCW until obvious compression is noted.
Vary the input level; vary ratio and note the effect on
sound. Using appropriate program material, take at-
tack and decay through their ranges and note the ef-
fects. Note audible distortion of low-frequency feeds
when decay IS at minimum.

Once familiar with feedback operation, return to ini-
tial settings and toggle S2 to parallel control path; re-
peat the checkout sequence. Parallel compression
tends to be more obvious. In fact, with the ratio pot set
past halfway, the device exhibits paradoxical dynam-
ics: the louder the input, the softer the output. The par-
allel control path requires a much lower ratio for natu-
ral-sounding compression. At the proper setting, par-
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allel compression can emulate 'sag’ of some tube
amps.

Notes
The prototype board was hardwired to a discrete ver-
sion of the Append-A-Board power supply (Project:
No. 27), and for that reason does not include the recti-
fier diodes. If you elect to run SOM off batteries, install
the polarity protection diodes shown on the wiring dia-
gram.

Function described above was ascertained with
the unit running off +15V. At +7.5V, the major change
noted is a drop in maximum threshold to about 2Vp-p,
but only with S2 in feedback position. The threshold
range can be restored by reducing the values of R13&
R15. '

The user canreplace R2 with a suitable pot if wi
variant input levels are expected, but this introduces
something of a see-saw effect, because altering t
input level effectively alters the threshold.

Unless extremely rapid decay is needed, keep
decay control at 10 o'clock or higher, to avoid distorti
of low frequencies.



Fig. 7-2. Squeeze-O- Mat:c prototype board

Fig. 7-3. Squeeze-O-Matic curcullboard
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Fig. 7-5. Input/output of bi-level tone burst for selected control settings of SOM. All figures: top trace input, bottom trace
SOM output; scale 2V/div., speed 20 ms/div., compression ratio maximum. A—Bi-level tone burst input, SOM output
trimmed to match input. Threshold is at maximum, feedback mode; box acts as unity-gain buffer. B—Threshold has been
lowered to ~3.8V-p; attack & decay at minimum; no detectable attack lag; decay takes about 3 ms. C—Attack has been
lengthened to about 8 ms. D—Mode switched to parallel; note paradoxical dynamics: the partof the burst above thresholdis
attenuated so thatits amplitude actually falls below that of the low-level burst. E—Back to feedback mode;decay has beenin-
creased to ~20 ms. F—Decay has been increased to ~100 ms; does not have time to decay fully between bursts.
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Project No. 8

Distort-O-Matic Il

Serial fullwave rectification generates progressively
distorted and progressively higher-frequency prod-
‘uets. The process makes a distortion device that
‘sounds distinct from squarewave devices, and that re-
itains dynamic tracking.

\Circuit Function
Jnstrument feed couples through C14 to input of pre-
lamp IC3-a, whose gain is fixed at 3.2. 1C3-a output
‘couples through C10 to a precision fullwave rectifier
Imade up of IC1-a & -b, and their associated compo-
inents. IC1-b output couples 1o a switchable polarity-
linversion block made up of IC2-a, S2, & associated
icomponents. IC2-a output couples to a variable gain
‘block made up of IC2-b and associated components.
~ IC1-b output also couples through C1 to a second
Hullwave rectifier made up of IC1-c, -d, and associated
‘eomponents. IC1-d output couples to a switchable po-
Harity-inversion block made up of IC2-c, S3, & associat
‘edcomponents. IC2-c output feeds to a variable gain
‘block made up of IC2-d and associated components.
IC3-a output (the clean feed) ties to summing node

JISTORT-O-MATIC Ill PARTS LIST

1518 10K
6,7,10,12-14, 20 22K

35"

10,12, 15, 17, 18 10uF electrolytic
3,8,9,11 100pF

4 10uF nonpolar electrolytic
7,13,16 10pF

'_ IC1,2 TL074 quad op amp
=3 TLO72 dual opamp
ellaneous

32, 3 SPDT switches
- solder, wire, 9V batteries, enclosure, elc.

(IC3-b, pin 6) through R19-20; the x2 feed ties to sum-
ming node through R10; and the x4 feed ties to sum-
ming node through R12. R22 varies the output level.
Signal couples through R21-C15 to the output path.

Use
Switches & pots have these functions:
S1 effect/bypass
S2 x2 invert
S3 x4 invert
R8 x4 level
R9 x2 level

R19 clean (x1) level
R22 master output level

Initial settings: S1 effectin; S2 & 3 either position; R8,
Fig. 8-1. Distort-O-Matic ||l prototype board.

il

Fug 8-2. Distort-O- Matlc Ill circuitboard.

x 3" reference box
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Fig. 8-3. Distort-O-Matic Ill schematic.
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Fig. 8—4. Distort-O-Matic Il layout & wiring diagram.
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R9 fully CCW, R19, R22
straight up.

Connect unit to axe &
amp, establish desired vol-
ume. Turn R19 fully CCW,
slowly turn x2 control R9
CW. Note the sound. Return
R9 to fully CCW, slowly ro-
tate x4 level control R8 CW,
note the sound.

Experiment with mix-
tures of clean and distorted
feeds. Invert polarity of pro-
cessed feeds and note the
effect on the output mix.



~5.DM3 1/O. Allphotos: top trace 1 KHz sinewave (input), bottom trace output, scale 1V/div. A—Clean & x4 levels 0, x 2
100%; appearance of output is characteristic of fullwave rectification. B—x2 phaseinverted. C—=x2 & =1 levels 0%, =4
100%. D—=4 phase inverted. E & F—Variable mixtures of x1, x2, & =4,
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Project No. 9

Direct-O-Matic

Going direct demands a clean drive stage and a bal-
anced output. Direct-O-Matic delivers two channels of
clean gain for guitar or bass, with balanced outputand
low-impedance drive capability.

Circuit Function

Both channels are identical; only channel 1 is de-
scribed. Instrument feed couples through C1 to input
of IC1-d, a noninverting amp whose gain varies 1-11
under control of R2. IC1-d output couples through R4-
C4 to one balanced output terminal. IC1-d output also
couples through R5 to unity-gain inverting buffer IC1-
¢, whose output couples through R7-C5 1o the other
balanced output. R8 & R9 act as bleeder resistors to
prevent charge build-up in the output caps, which
could cause a loud 'pop’ in gear plugged into the
charged caps. Both caps couple 1o polarity-inversion
switch S1. S2 provides ground-lift.

Use
Pots & switches have these functions:

R2 channel 1 gain

R11  channel 2 gain

S1  channel 1 polarity invert
S2  channel 1 ground lift

S3 channel 2ground lift

S4 channel 2 polarity invert

Connectunit to axe and target input device, establish
desired level. Use is self-evident. If needed, preamp
gain can be increased by changing R2 & R11 to any

2.75" x 2.75" reference box

N RY

R

z '
© 1998 Boscorell

L

Fig. 9-1. Direct-O-Matic circuit board.
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practical value.

To ensure ground-lift capability, use plastic XLR
jacks with a metal case, or a plastic insert/case with
metal XLR jacks.

While most quad op amps will work fine in this cir-
cuit, the 837 has studio-quality specs and can drive
600 ohms.

DIRECT-O-MATIC PARTS LIST
Resistors

R1,10 1K

R2, 11 10K audio -taper pot

R3, 12 150K

R4,7 14,15 51

R5, 6,13, 18 22K

R8,9, 16,17 100K

Capacitors

C1,4,5,10, 12,13 10uF nonpolar electrolytic
C2, 11 10pF

C3,9,15, 16 10uF aluminum electrolytic
C6, 7,8, 14 100pF

Semiconductors

D1, 2 1N4001

IC1 LM837 quad op amp
Miscellaneous

XLR jacks

S1,4 DPDT switch

S2,3 SPST switch

1/4" shorting jacks, wire, solder, circuit board,
etc.

Fig. 9—2. Direct-O-Matic prototype board.
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Project No. 10

Distort-O-Matic IV

DM4 lurks at the subtle end of the spectrum, definitely
not a box to build if you hanker for flagrant fuzz. It
mightbe a good idea to test the unit on the breadboard
before etching a circuitboard. This box suits only gui-
tar, as its effects are too subtle for bass.

Circuit Function
Instrument feed couples through C8 to input of IC1-a,
configured as a noninverting amp with gain of 3.7.

IC1-a output couples through R4 to inverting amp
IC1-b, whose gain varies from 1-6 by dual pot R6
which, simultaneously, varies gain of inverting amp
IC1-c from 1-V6. Between the output of IC1-b and the
input of IC1-c are interposed four unity-gain inverting
amplifiers in series (IC2). The function of this block is
detailed below.

IC1-a output also couples through R24-25 to IC1-d,
configured by associated components R20-23 and
D1-4 as a variable distortion device whose function is
detailed below.

S2 selects output of either IC1-d (effect A) or IC1-c
(effect B) and couples to input of inverting amp IC3
through C5-R19. IC3 gain is variable from 0-5 by pot
R17. Signal couples through R18-C7 to the output
path.

Use

Switches & pots have these functions:
S1 effect infout
S2 effectselect A/B

R6 effect Bextent

Fig. 10-1. Distort-O-Matic IV prototype board.
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R20 effect A shape
R24 effect Adepth

Effect A generates a deadband with variable shape
(R20) and variable extent (R24), resembling the
crossover distortion seen In certain vintage lube
amps. The etfectis absent with both pots fully CCW.
Effect B takes advantage of distortion introduced
by the LM324 on audio signals greater than 3Vpp.
One type appears related to the 324's low slew rate;
the other to crossover distortion in the output stage of
the op amp. To accentuate these subtle effects, the
signal passes through four 324-type op amps In se-
ries. Because both types of distortion are amplitude-
dependent, dual pot R6 boosts the amplitude of the
signal entering the 324 chain by a factor of up 10 6, and
simultaneously reduces gain by a factorof6 atthe end
of the chain. This stage demands level management

DISTORT-O-MATIC IV PARTS LIST
Resistors

R1 1K

R2 27K

R3 150K

R4, 5, 716,19 10K

R6 50K dual pot

R17 50K audio-taper pot

R18 100

R20 100K pot

R21,22 1M

R23,25 47K

R24 100K dual pot

Capacitors

C1,6,7 9 10uF aluminum electrolytic
C2,4 10pF

C3 100pF

C5 1 pF aluminum electrolytic

C8 10pF nonpolar electrolytic
Semiconductors

D1-4 1N914

D5, 6 TN4001

IC1 TLO74 quad op amp

IC2 LM324 quad op amp

IC3 TLO71 opamp

Miscellaneous

S1 DPDT switch

S2 SPDT switch

wire, printed circuit board, 9V batteries, solder,
1/4" jacks, etc.
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Fig. 10-2. Distort-O-Matic IV schematic.
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Fig. 10-3. Distort-O-Matic IV layout & wiring diagram.
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Fig. 10—4 (this and facing page) DM4 1/O. 1-KHz sinewave; scale top trace (input) 200 mv/div., bottom trace (output) 1V/div. All
photos taken with preamp gain @ 11. High level needed to put effect A in best mode; low input level needed to avoid cli
whenusing effect B. A—Effect A, all controls fully CW. B—Shape control @ 50%. C—Shape control @ minimum, D—Sh
back to max, extent control fully CCW; effectis absent. Facing page: DM4 I/O, effect B. Top trace 100 mv/div. (input), bo!
trace 1V/div. (output). E—1KHz, R6 fully CW. F—1 KHz, R6 fully CCW. G—3 KHz, R6 fully CW. H—3 KHz, R6 fully CCW,
KHz, R6 fully CW. J—10 KHz, R6 fully CCW.




Fig. 10-5. Distort-O-
Matic |V circuit board.

3.5" x 3.25" reference box

© 1998 Boscorelli
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Project No. 1]

Super Play-Along

A play-alongis a mixer thatblends an instrument feed
with a stereo feed from a CD player, tape deck, or other
source, enabling one to "play along'' with the feed;
turns any stereo systeminto a practice amp. Incorpo-
rates switchable highpass filter for bass, and limiter for
bass and guitar. Not exactly a stomp box, but some-
thing many players find handy.

Circuit Function
Signal Path: Instrument feed couples through C1 to

Fig. 11-1. Super Play-Along prototype board.

AR

AR ER o

-----

X

Fig. 11-2. Super Play-Along circuit board.

IC1-a, a preamp with gain of 5.7. IC1-a output couples
through R3 to IC4-a, an inverting amp whose gain var-
ies with the state of the LDR in the feedback loop. IC4-
a output couples through R6 to variable gain stage
IC1-b, whose output couples to inputs of IC3-a & -b.

Each line-level signal path is identical, so only the
left channel will be described. Line-level input couples
through C19 to AC voltage follower IC2-a, whose out-
put couples to one throw of S1, and to a highpass filter
made up of IC2-b and surrounding components. Si
selects between straight and highpass feed to couple
to the inputs of output buffers IC3-a & -b. Audio cou-
ples through R16-C11 to the output path.

Control Path: IC4-a output couples through R8 toa
level detector made up of variable gain stage IC4-b
and a precision fullwave rectifier made up of IC4-c & d
& surrounding components. IC4-d output couples
through R14 1o the LED in the LDR. The result of this
arrangement 1S a downward compressor whose

SUPER PLAY-ALONG PARTS LIST

Resistors |
R1 1K ]
R2, 14 47K ‘.
R3,4 22K q
R5 150K |
RS, 8,10, 11113, 15, 17-20, 22 10K |
R7 50K audio-taper pot i

3.75" x 3.5" reference box

L\

=

O/‘W

NINAEY:

R9 50K reverse-audio pot i
R16,21 100 ]
R23-26 6.8k
R27 28 47K
Capacitors ,
C1,19, 20 10uF nonpolar '1
C2,8,11,12, 21,22 10uF aluminum elecuolyt'*i:;
IC 1
C3,5,6,7 10pF

C4,9,10,13,14 100pF

C15-18 0.1uF

Semiconductors

D1, 2 IN914

D3,4 1N4001

IC1, 2 TLO74 quad opamp

IC3,4 TLO72 dual opamp
Miscellaneous

S1 DPDT switch

Vac-Tec VTL2C2 optocoupler

RCA jacks, V4" phone jack, wire, solder,
circuitboard, etc.

[ S TP LI PN~ AT SR S pecrs W
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. 11-3. Super Play-
Along schematic.

b e
03
M@ |
HE
ed |
AN
~
{ Loa
Bl | ili 120y \I/
: 5 1R ”
~AAS AAN L5 1@ ||“' ey
!'__ " 4.7 ]
r3 2
INGTRUMENT . IC1-» | e (o1 &
(] ' AN, A
I~ B oneK-a
| A =
- K6 ICT1 -k
! T T 18K |+2 niE
g -
i L~
T nuoRmaL
T
4 il o
Ie e 2 [~ HIGHPASS
- i -
L CMANNEL _ _ 1C2-w ™ ) . o ReE | rezen ] ;
swpio iw o139 boe mra g C13 560K A
JE L+
5 ciE &k
| S R2s

Ny Wiy
: 4 - a* .:
|a [~ [ pal HIGHPALL
B OCHANKEL 1ce I = i -
AUDED TH 3 Tl 1T Ls.ek ._._*_I_ B

2 /!
| BuF NP (L g Al -y 148 @74 3] 4
- L ’ X
Wan® 1 > —I—Js—| _J_ L
=5 38

t, R7 straight up,
W. Connect unit
and stereo (e.qg.,
loop of an FM re-
Power up, estab-
ired program vol-
instrument vol-

R9 CCW until lim-
is perceived. If
is too se-
change R14 to 10K

highpass filter
) note effect on
feed. This feature
players kill bass
the stereo feed.

Fig. 11-4. Super Play-
Along layout & wiring
diagram.
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Project No. I2

Pan Tremolo-Matic

Same basic specs as Tremolo-Matic, but generates
stereo output that crossfades between channels.
When one channel intensifies, the other softens. Of-
fers option toinvert polarity of one output, lending the

trim R32 for minimum feedthrough.

If no scope Is available, trm feedthrough by ear
Connect Output 1 to an amp whose volume is turned
all the way down; set R24 fully CW. Slowly advance

sound a phasey air. Special effect that suits many in-
struments, including vacals.

Circuit Function

Signal Path: Instrument feed couples through C16 to
input of IC1, a preamp whose gain varies 1-21 depend-
ing on setting of R36. IC1 output couples through C4-
R34 and C3-R22 1o different channels of IC4, an
NES570 configured as two VCAs, each of whose gain
varies 0-1, depending on the contral voltage input.
IC4's two outputs couple 1o inverting buffers 1IC2-a & -
b that yield a net noninverting signal path. S2 allows
polarity inversion of Qutput 2. Dual pot R24 controls
the output level. Signals couple through R30-C10 and
R29-C11 to theirrespective outputs, R20 and R32 trim
feedthrough for their respective channels.

Control Path: IC5 and its associated components
form a sinewave oscillator whose [requency 1S varl-
able by R1 from ~1-10 Hz. IC5-b output couples to pot
R9which varies the sinewave level feeding two paths,
one of which inverts the control voltage. Pot R14 ap
plies anidentical static DC voltage to the inverting in-
puts of IC6-a & -c. The result of the control path is that
R14 sets an identical resting DC voltage applied to
both VCA control ports of IC4 (R19/pin 16, R35/pin 1).
The sinewave feed is inverted between the channels.
When one VCA sees a peak and increases gain, the
other VCA sees a trough and reduces gain. This
crosslades the signal between channels.

Use

Pots and switches have these functlions:
S1 effect/bypass
S2 output 2 polarity invert
R1 tremolorate
RS9 tremolo depth

R14 static gain of both VCAs
R24 output level
R36 preampgain

Set R36 at minimum; short the input. Set R1 for maxi-
mum rate; trim the sine generator (R7) togive 3Vpp al
pin 1 of IC5-b. Center R14, turn R9 fully CW. In this
state the control voltage clips at both extremes. Al-
tach scope probe to pin 10 of IC4, trim R20 for mini-
mum feedthrough; move scope probe to pin 7 of IC4,

42

PAN TREMOLO-MATIC PARTS LIST

Resistors

R1 2Mreverse-audio pot

Rz, 38 150K

R3,4,8 2.2K

R5, 19, 35 47K

R6 1.5K

R7 1K multiturn trimpot

R9 10K pot

R10, 1, 12,18 33K

R13,15,16,17 100K

R14 100K pot

R20, 32 100K multiturn trimpot

R21,33 220K

R22,34 47K

R23, 31, 38,39 36K

R24 10K dual audio-taper pot

R25, 26, 27,28 10K

R29, 30 100

R36 10K trimpot

R37 470

Capacitors

C1, 2 1pFtantalum, 10%

C3,4,10,11,15,18, 19 10uF aluminum
electrolytic

C5,6 22pF

C7 8 1uF nonpolar electrolytic

C9, 12, 14 100pF

C13 0.1pF

C16 10pF nonpolar electrolytic

C17 10pF

Semiconductors

D1,2 1IN914

D3 TN4001

IC1 0OP-27 low-noise op amp

IC2 TLO72 dual opamp

IC3 78L05 5V positive regulator (TO-92)

IC4 NE570/571 dual-channel compande

IC5 TL062 dual low-power op amp

IC6 TLO64 quad low-power op amp

Miscellaneous

S1 DPDT switch

S2 SPDT switch

salder, wire, circuit board, 9V battery snap

mounting hardware, /4" jacks, etc.
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Fig. 12-1. Pan Tremolo-Matic schematic.

4" x 3" reference box

Fig. 12-2. Pan Tremolo-
Matic circuit board.

jamp volume control until feedthrough artitacts are
;'I!')_aard. Depending on initial setling of feedthrough
jttimmls, this could reach several voltsp-p. Tnm R20
ffor minimum feedthrough. Turn amp volume all the
\way down, connect Output 2 to amp input, slowly ad
vanced amp volume until feedthrough artifacts are
heard, trim R32 for minimum feedthrough
I Initial settings: S1 effect in, S2 normal; R1 fully CW;
R4 straight up; R9, R24, R36 fully CCW. In this state
iStatic gain of both VCAs is about 0.5. Connect unit 10
|axe and stereo amp, turn R24 fully CW, trim R36 for
desired preamp gain.

Slowly advance R9 and confirm that signal cross-

fades between channels. Toggle S2 to note the effect
of inverting phase of one channel. Test the three types
of tremolo effects descnibed under Tremolo-Matic,
note the way stereo dramatizes them

Notes
PTMIis a 9V box designed torunon 7.5V al the positive
supply (alter drop across D3). It canrun at higher volt-
ages, but R23 & R31 will have 1o be changed 10 keep
DC output bias of both VC As near V/2V+

The sinewave oscillator may take a few seconds 1o
starl up. Set R36 1o give an average preamp output of
~1WVp-p. This leaves reasonable headroom.
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Fig. 12—4. Pan Tremolo-Matic prototype board.
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11-5 Pan Tremolo-Matic simultaneous output photos. Scale 1V, sweep 20 ms. Unit generates the same spectrum of
tion modes as Tremolo-Matic. Pulse artifactis due to external sync generator,
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Project No. I3

Tone-O-Matic

Tone-O-Matic duplicates the passive and active tone
control functions of the original Ampeg® SVT.

Circuit Function
Instrument feed couples through C2 to input of nonin-
“verting preamp IC1-a whose gain is, nominally, 3.7
IC1-a output couples through R4-C6 to a switched
passive lone-shaping network made up of R6-9, C7-9,
and S2. S3 and C10 form the ultra-high boost circuit,
pot R10 acts as master volume control, whose output
is buffered by IC1-b.

IC1-b output couples through C11 to passive bass/
treble control network comprised of R11-15 & C12-16.
The outputis taken at the juncture of R14 and the wip-
er of R15. Signal couples through C14 to buffer IC1-c,
biased by R16.

IC1-c output couples directly to a network made up
of IC1-d; R17,18, 20, 21, C17-18, T1, & S4, that mimics the
function of the original SVT ‘midrange’ control.

Signal couples through R19-C1 to the output path.

Use
Pots and switches have these functions:
S1 effect/bypass
S2 bass cut/bypass/ultra-low
S3 ultra-hi
S4 midrange select 3000 Hz, 800 Hz;
or shelf below 220 Hz
R10 master volume
R12 bass
R15 treble

R20 midrange boost/cut

Initial settings: S1 effectin, S2 centered, S3 open, S4
centered; R10, 12, 15, & 20 centered.

Connectunitto axe and amp, establish desired vol-
ume. If possible, bypass or neutralize the amp's tone
circuits.

S1 acts as a straight wire feed when centered. In
"“bass cut" position, it attenuates frequencies below
100 Hz. The "ultra-low" setting engages a 20-dB
notch centered near 600 Hz. Test the effect of the "ul-
tra-hi" switch with volume pot R10 centered, as it will
have no effect with R10 fully CW. Test effect of bass &
treble controls.

Return to initial settings. Take R20 through its full
range, with S4 successively in the three positions.
The control applies roughly 12 dB of boost when fully
CW, 12 dB of cut when fully CCW. The midrange fre-
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quencies are centered near 800 and 3000 Hz; the bass
shelf cutsin below 220 Hz.

The 47K value of R4 preserves some of the loading
found in the original circuit, at the cost of noticeable
signal loss. To compensate for this loss, either in-

TONE-O-MATIC PARTS LIST

Resistors

R1 1K

R2 2.7K (see text)

R3, 6,7 150K

R4 47K

R5 100K

R8 820K

R9 68K

R10, 12,15 1M audio-taper pot

R11 220K

R13 22K

R14 120K

R16 1M

R17,18 10K

R19 100

R20 50K pot

R21 2.2K

Capacitors

C1, 4,19, 20 10pF aluminum electrolytic

C2 10uF nonpolar electrolytic

C3 10pF

C5 100pF

C6, 11 0.1pF

C78,9 0.002uF

C10 500pF

C12 470pF

C13 0.0047uF

C14,16 0.01pF

C15 0.001uF

C17 0.033uF

C18 0.2uF

Semiconductors

D1,2 1N4001

IC1 MC33174 quad op amp

Miscellaneous

T1 600:600 ohm transformer, Mouser
p/n42TL0O16 or equivalent

S1 DPDT switch

S2,4 DP3T switch

S3 SPST switch

wire, jacks, knobs, solder, battery connectors,

circuitboard, etc.



raise preamp gain, or change R4 to 100
The 2.7K value of R2 is nominal. The
dfeel free to change it to suit the output
When the prototype was tested with a
, R2 was increased to 22K, boosting

ontrol and the bright switch are quite
/e The bass control has little effect on the

sound of guitar, kicking in mainly below 60 Hz, apropos
of its bass amp origins. The "ultra-low"" setting of S2
sucks out a lot of signal. The box needs extra preamp
gain if you like the ultra-low sound. The three mid-
range settings sound distinctive; boost & cut are not
subtle. This box likes more headroom than a couple of
9V batteries can supply, making £15V or even +18V an
attractive option.

(W]

Cg .ﬂﬂ{|

I=BASS CUT
2:BYPASS
FULTRA-LOW
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820K "
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3:228 Hr SHELF 3

.| 1-4 %l““g
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Baap D Fig. 13-1. Tone-0O-Matic
=N b LI schematic.
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Fig. 13-2. Tone-O-Matic
prototype board.
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3.25" x 2.75" reference box

"'1?

o/i.,
é
?h

Fig. 13-3. Tone-0O-Matic
circuitboard.

Fig. 13—4. Tone-O-Matic
layout & wiring diagram.
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Project No. 14

Iso-Matic

Ofalldirect boxes, only a transformer provides full iso-
lation that breaks otherwise intractable ground loops.
Iso-Matic offers two channels with gain enough for a
sixties' Gretsch.

Circuit Function

The circuit cansists of two identical segments; only
channel 1 is described. Instrument feed couples
through C1 toinput of IC1-a, a preamp whose gain var-
ies from 1-21 depending on the setting of R2. IC1-a
output couples through R4-C5 to primary winding of
T1,loaded by R5. T1 secondary couples toan XLR out-
put through polarity-reversal switch S1. S2 provides
forground lift.

Transformer Selection
Iso-Matic uses the small audio transformers sold by
Mouser Electronics (Fig. 14-2). While these pieces

ISO-MATIC PARTSLIST
Resistors

R1,9 1K

R2,8 20K audio-taper pot
R3, 10 150K

R4,7 100

R5,6 4.7K

Capacitors

C1, 10 10uF nonpolar electrolytic
C2,6,9, 12 10uF electrolytic
C3,11 10pF

C4,8 100pF

C5,7 22uF electrolytic
Semiconductors

D1, 2 TN4001

IC1 NE5532 dual op amp
Miscellaneous

S1,3 DPDT switch

S2,4 SPST switch

T1, 2 transformer (see text)
V4" shorting jacks, XLR jacks, wire, solder,
circuitboard, etc.

lack the specs of studio standards, they weigh in quite
a bit lighter, in every sense, $2-%3 a pop. Choice de-
pends on anticipated operating level and frequency
range. At 20 Hz, the 42TL016 begins to saturate at
about 800 mvp-p; the 42TMOQ16 at around 2Vp—p; the
42TUO16 just below 4.5Vp—p. None of the three trans-
formers exhibited obvious distortion at 25Vp—p, over
the range 1 KHz — 20 KHz. The circuit board provides
pads for each transformer’s footprint; drill only the
pads thatfit the transformers you select.

Mouser 019-series transformers match 10K to 600
ohms. At 20 Hz, they saturate at significantly higher
voltage than do members of the 016-series, but incur
~12 dB of voltage loss, easily recovered elsewhere in
the gain chain. Choice of -016 or -019 series is a matter
of personal preference.

These transformers lack shielding, making a fer-
rous enclosure helpful. Be aware that the box may be
sensitive to placement and arientation.

3" x 3" reference box

© 1998 Boscorelli

Fig. 14-1. Iso-Matic circuit board.
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While both transformer windings offer nominally
identical impedance, greater consistency results from
using the higher-resistance winding for the primary.
This is marked 'P* on the body of the transformer. The
prototype board used a 42TUQ16 for channel 1, a
42TMO016 for channel 2.

To retain ground-lift capability, use plastic XLR
jacks with a metal case, or a plastic case/mounting
panelwith metal XLR jacks.

Use
Switches & pots have these functions:
R2 channel 1 gain
R8 channel 2gain
S1 channel 1 polarity
S2 channel 1 ground lift
S3 channel 2 polarity
S4 channel 2 ground lift

Operation is straightforward and self-evident. The
output need not use XLR jacks; V4" TSR jacks work
fine. You can also wire an unbalanced outputin paral-
lelwith the balanced output.

Fig. 14-2. Top photo—Diagonally L-R, 42TL016, 42TM016,
and 42TU016. The -019 series is outwardly similar. Bottom
photo—Iso-Matic prototype board.
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mv/div. A—20-Hz sinewave input (top trace) shows ob
distortion (bottom trace output). B—50-Hz sinewave atsame
level shows much less distortion. Slight amplitude lossisd
mainly to loading effect with 100-ohm series resistor, a
easily made up by gain of op amp. C—Scale changed to 10}
div.; transformer passes 27Vp—p 1-KHz sinewave virtuall
undistorted. The 42TMO016 and 42TUO016 tolerate higher ampl
tudes atlow frequencies due to the higher saturation threshold
of their larger cores. '
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Project No. 15

Split-O-Matic

Parallel processing demands parallel feeds. Split-O-

rentdrain and higher minimum supply voltage.

Matic generates four identical feeds off a variable-

gain preamp.

Circuit Description

Instrument feed couples through C2 topreamp IC1-3,
whose gain varies 1-11 by pot R2. IC1-a output couples
to R4-C6 to one output. IC1-a output also couples di-
rectly to three DC voltage followers, IC1-b/-c/-d. The
nature of the op-amp noninverting input stage means
virtually noloading on the output of IC1-a. The outputs
of the remaining buffers couple through RC networks
to their respective output ports. R5/7/9/11 act as

bleeder resistors.

SPLIT-O-MATIC PARTS LIST
Resistors

R1 1K

R2 10K audio-taper pot

R3 150K

R4, 6, 8,10 100

R5,7,9,11 100K

Capacitors

C1,5,6,78,9710 10uF aluminum electrolytic
C2 10uF nonpolar electrolytic
C3 10pF

C4 100pF

Semiconductors

Use D1, 2 1N4001
The only control is R2, the preamp gain control. Func- IC1 MC33174 quad op amp (see text)
tion of the box is self-evident. The quad op amp speci- Miscellaneous
fied draws <2 ma, and will run off £1.5 to £22V, but suf- /4" jacks, wire, knab, circuit board, enclosure,
fers relatively high input noise. Get quieter results etc.
with a TLO74 or an LM837, at the cost of greater cur-
Fig. 15-1. Split-O-Matic schematic.
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OUTPUT 4 OUTPUT 3 OUTPUT 2 OUTPUT 1

Fig. 15—4. Split-O-Matic
prototype board.

2% é.25" reference box

3
E:
5;

Fig. 15—-2. Split-O-Matic
circuit board.

Fig. 15-3. Split-O-Matic
layout & wiring diagram.
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Project No. 16

Mix-O-Matic

Mix-O-Matic is a four-channel, general-purpose, line-
level mixer, perfect for recombining parallel-pro-
cessed feeds. The unit provides aninverting option for
each channel, and a master level control.

Circuit Description
The four buffer channels are identical; only channel 1
is described.

Instrument feed couples through C1 to unity-gain
AC voltage follower IC1-a, whose output couples to
level-control pot R2, whose wiper ties to a polarity-in-
version block consisting of S1, IC1-c, and associated
components. IC1-c output couples through R5 to
summing amp IC3, whose gain varies from 0-2 by ac-
tion of R6. Audic couples through R7-C11 to the output
path.

Use
Switches & pots have these functions:

S1 channel 1 polarity invert
S2  channel 2polarity invert
S3  channel 3 polarity invert
S4  channeld4 polarity invert
R2 channel1level

R6  masteroutputlevel

Fig. 16—1. Mix-O-Matic circuit board.

3.5" x 3" reference box

1998 Boscorell
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R12 channel 2level
R15 channel3level
R22 channel4level

Useis self-evident.

MIX-O-MATIC PARTS LIST

Resistors

R1,13,14, 23 150K,

R2,12,15, 22 10K audio-taper pot
R3,4,5,9,10,11,16,17 18,19, 20, 21 22K
R6 100K audio-taper pot

R7 100

R8 100K

Capacitors

C1, 7,8, 13 10uF nonpolar electrolytic
C2,3,4,5,6,9,10,12, 14 10pF

C1, 15, 16 10pF aluminum electrolytic
Semiconductors

D1, 2 IN4001

IC1, 2 TLO74 quad op amp

IC3 TLO71 opamp

Miscellaneous

S1-4 SPDT switch

V4" shorting jacks, /4" non-shorting jack
wire, pots, knobs, circuit board, enclosure, etc.

Fig. 16—2. Mix-0O-Matic prototype board.




Fig. 16-3. Mix-O-
Matic schematic.
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Project No. 17

Distort-O-MaticV

DMS5 almost got billed ‘Swirl-O-Matic.' The box is a
distortion device that harnesses the power of a four-
quadrant multiplier (4QM) to create harmonic and
intermodulation distortion.

Circuit Description

Instrument feed couples through C1 to preamp IC1-a,
whose gain varies 1-11 by pot R2. IC1-a output couples
through C10 to IC2-a, halfan LM13600 configured as a
40M that multiplies the input signal against itself. R3
trims multiplier balance. IC2-a output couples to a
gain-restoration block made up of IC1-b/-c & associat-
ed components, which brings level up to match that of
the clean feed and blocks a large DC offset. IC1-c out-
put couples to one side of a panning network made up
of R10-14; IC1-a output couples to the other side of this
network. R12 varies the signal from clean (fully CCW)
todistorted (fully CW). Output of the panning network
couples to IC1-d, an inverting amp that controls the
outputlevel by R15. Signal couples through R16-C7 to
the output path.

Use
Pots & switches have these functions:

S1 effect/bypass

R2 preampagain, 1-11

R3  multiplier balance trim

R12 clean/distorted continuous pan
R15 outputlevel

First, balance the multiplier. Set preamp gain at mini-
mum, outpul level straight up, R3 in center position,
R12 fully CW to give a 100%-distorted output. Feed
the input a 1-KHz sinewave @ 3Vp-p. Connect output
to oscilloscope. Trim R3 to give a clean, even sine-
wave al twice the input frequency (see Fig. 17-5D).

If no signal generator and oscilloscope are avail-

Fig. 17-1. Distort-O-Matic V prototype board.
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able, balance the multiplier by ear. This procedure
takes two people. First, connect unit to axe and amp.
Center R3. Set preamp gain at maximum, R12 fully
CCW. Set the output level at desired volume. Now ro-
tate R12 fully CW. While a helper cleanly picks the low-
E-string at the 15th fret, trim R3 for minimum volume.
The tone at that point might sound an octave above its
expected pitch.

Initial settings: S1 effect in, R2 fully CCW, R3 cen-
tered, R12 fully CCW, R15 straight up. In this condition
the box acts as a preamp with gain near unity. R2 var-
ies distortion from none to complete. Because the axe
outputis usually nota pure sinewave, the 4QM output
is not frequency-doubled; rather, it contains very high
levels of distortion products. The output is doubled in
frequency when the input is a pure sinewave, which
sometimes happens with cleanly picked notes above
the 7th fret. Ring-modulator-like sounds occur when
the player picks two notes together.

DISTORT-O-MATIC V PARTS LIST
Resistors

R1 1K

R2 10K audio-taper pot

R3 200-ohm trimpot

R4,5,8 4.7K

R6 10K

R7 6.8K

R9 15K

R10, 1,13, 14 22K

R12 10K pot

R15 250K audio-taper pot

R16 100

R17 150K

Capacitors

C1 10LF nonpolar electrolytic

C2,7,10, 11, 12 10uF aluminum electrolytic
C3,6 100pF

C4 0.001uF

C5 2.2pF aluminum electrolytic

C8,9 10pF

Semiconductors

D1, 2 1IN4001

IC1 MC33174 quad op amp

IC2 LM13600 dual transconductance amp
Miscellaneous

DPDT switch

wire, pots, knobs, circuit board, enclosure, etc.
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Fig. 17-3. Distort-O-Matic V layout & wiring diagram.
taking on a bit of tube-like distortion as R3 is rotated
R3a 1K panel pot lets the player vary multipli- away from the limit. If R3 is taken the other way, past
This gives a different range of sounds  the multiplier's balance point, the signal retains a high
to mixing wet with dry. With R3 at one ex- distortion quotient but distorts at a lower threshold.

e signal coming off the 4QM is almost clean,
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Fig. 17—-4. DMS5 I/O. Scale 1V/div., 1 KHz sinewave input (top trace), DM5 output (bottom trace), preamp gain @ minimum.
A—Outputlevel trimmed to match input; distortion control fully CCW, giving purely clean feed. B & C—Level of second har-
monicrises asdistortion control is advanced clockwise. D—Panning control fully CW, 100% distortion, Scope display should
look this way when R3 is properly trimmed. Complex sinewave sums do not emerge frequency-doubled, but extremely rich
indistortion products.

3.5" x 2.25" reference box

: w—}g

© 1998 Boscorelli

Fig. 17-5. Distort-O-Matic V circuit board.
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Project No. 18

Envelo-Matic

Envelope followers use instrument dynamics to tune
avoltage controlled filter. Envelo-Matic (EM) fleshes
out the conceptin a unique and versalile way.

Circuit Function

Signal Path: Instrument feed couples through C9 to
noninverting preamp IC1-a. IC1-a output couples di-
rectly to a voltage-controlled parametric equalizer
comprised of IC5-a, IC2, IC3, and their associated
components. IC5-a output couples to highpass filter
IC5-c, which atienuates subsonic control feed-
through artifacts; thence 1o IC5-b and the output path
R17-C6. R16 controls oulpul level.

Control Path: IC1-a output couples to negative full-
wave rectifier IC1-b & -c, thence to variable inverting
gain block IC1-d, thence through D1 to variable decay
network Q1-C3, buffered by IC4-a; thence to variable
attack network D4-R9-C4, buffered by IC4-b; thence
through D5 to inverting buffer IC4-c. S2 selects
straight or inverted voltage feed from this network;
applies it toinverting buffer IC4-d, whose DC offset s
variable by pot R15.1C4-d output couples through R29
to the control port of the voltage-controlled filter.

Power Supply: EM incorporates the Append-A-
Board Power Supply (Project No. 27), whose details
arediscussed under that project’s heading.

Construction Notes

Keep the 5VDC ground separate from circuit ground.
Ametal case will require aninsulated power jack. The
metal tab of the/ TO-220 regulator case lies to the
5VDC ground, so isolate the heatsink from the metal
case. If this is not possible, insulate the heatsink from
the tab using a mica washer and silicone heatsink
compound.

The wall wart must supply no less than 8 volts nor
more than 12 volts, DC or AC, at a current capacity of
atleast 500 ma. Observe proper polarity when wiring
aDCwart.

Use
Switches & pols have these functions:

S1 effect/bypass

S2  frequencydirection up/down
R5  sensitivity

R8  decay(20ms-3sec.)

R9  attack (<5ms— >500 ms)
R15 staticcenterfrequency

ENVELO-MATIC PARTS LIST

Resistors

R1,2,3,710,1,12,22,23,31,32,33,35 10K

R4 2.2K

R5, 16 100K audio-taper pot

R6 10M

R8 250K pot

R9 250K audio-taper pot

R13 20K

R14, 29 15K

R15 20K pot

R17, 19,30, 34 100

R18 36K

R20 22K

R21 68K

R24 10K pot

R25 10K audio-taper pot

R26, 28 1K

R27 150K

R36, 37, 38,39 4.7K

R40 50K dual pot

Capacitors

C1,2,10 100pF

C3 0.0022uF

C4 2.2uF aluminum electrolytic

C5,12,15 10pF

C6, 11,16, 17 10uF aluminum electrolytic

C7.8 0.1uF

C9 10pF nonpolar electrolytic

C13, 14 0.0033uF, 5% Mylar® or similar

C18 330uF 25V aluminum electrolytic

C19 470uF 10V aluminum electrolytic

Semiconductors

D1,2,3,5 IN914

D4 IN34A

D6 1N4004

IC1,2,4,5 TLO74 quad op amp

IC3 LM13600 dual transconductance amp

IC6 LM7805 5V positive regulator (TO-220)

Q1 2N3904 NPN transistor

Miscellaneous

5VDC 10 £15VDC converter, 2 watt, Mouser
p/n 580-NMHO0515S or equivalent

S1 DPDT switch

S2 SPDT switch

heatsink for IC6

circuitboard, V4" jacks, knobs, wire, solder, wall

wart step-down transformer (see text), etc.
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(100 Hz - 6000 Hz)

R16  outputlevel (0 —x3)

R24  boost/cut (+15-20dB; amount
depends on bandwidth setting;
greater boost/cutis available
at wider bandwidth)

R25 preampgain, 1-11

R40 bandwidth, <V4 octave to >1 octave

EM is a level-driven parametric equalizer covering
~100-6000 Hz. As a tool of subtlety and extremes,
harnessing its potential calls for an understanding of
the controls. All eight pots are so responsive that it's
possible to build a functional box that seems nonfunc-
tional due to improper control settings. Give yourself
the better part of a weekend tolearn this box. Labeling
the controls is a good idea.

Initial settings: S1 effect in, S2 either position, R5,
R8, R9 fully CCW; R15, R16, R24, R25, R40 centered.
Connect unit to axe and amp, establish desired vol-
ume.

First, explore the range of the parametric EQ work-
ing under manual control. Turn boost fully CCW, take
R15 through its range to vary frequency. You should
note strong cut that shifts over the approximate range
100 Hz 1o 6 KHz. Vary bandwidth to see how this af-
fects adjacent frequencies.

Next, take R24 into boost territory. Exercise care,
because EM canboost up to 20 dB.

With R24 applying full boost in a conspicuous way,
ease R5 open while plucking a string. The filter's cen-
ter frequency will move in response to the input sig-
nal. How far it moves depends on preamp gain and
setting of R5; which way it moves depends on the po-
sition of S2.

At this point you may note distortion, due to very
fast attack and decay. Advance decay to about 9
o'clock; barely open the attack control, and this distor-
tion should subside. Once you have a handle on how
the box works, take attack and decay through their
ranges and note the effects of delaying each.

‘Wah'-type frequency emphasis occupies a small
partof EM'srange. The user will find it rewarding to ex-
plore EM's effects pre- and post-distortion, to accen-
tuate ormute distortion products under dynamic con-
trol.

DC offsets in the filter limit internal headroom to
about 22Vp. Overload is possible: 3Vp-p out of the
preamp, boosted by 20 dB in the filter, will clip the de-
vice.

If you find EM too responsive, change R4 to 10K or
22K, toreduce the gain of IC1-d, which lowers the sen-
sitivity of the level detector.

’75.25“ x 3.5" reference box

© 1998 Boscorelll
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Fig. 18—-1. Envelo-Matic Circuit Board.
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Fig. 18-3. Envelo-Matic layout & wiring diagram.

Fig. 18—4. Envelo-Matic prototype board.

62




Project No. 19

sides 151-proof distortion, DM6 introduces sounds
W t0 the pedal scene. Not exactly a stomp box, but
100 cool to omit.

Function

smitter: Audio feed couples through C1 toinvert-
g buffer IC1-b, whose gain varies 0-10 by R2. IC1-b
output couples through R3-C4 to the modulation port
15) of IC3, a CMOS 555 timer configured as a fre-
cy modulator whose carrier approximates 40
and which can be trimmed by R6. C5 helps keep
2carrier from feeding back through the FM port. IC3
tdrives an ultrasonic transducer.

Receiver: The ultrasonic sensor couples directly to
0fIC1-d, a noninverting preamp whose gain var-
s under control of pot R16. IC2-a output couples di-
toaprecision fullwave rectifier made up of IC1-a,
2-b, and their associated components. IC2-b output
ples directly to a lowpass filter made up of 1C2-c
d associated components. IC2-c output—the re-
vered audio—couples directly to a variable high-
filter made up of IC2-d and associated compo-
Its; dual pot R23 varies low frequency cutoff over
e range ~15-330 Hz. This filter lets the player atten-
elow-frequency artifacts as described below. 1C2-
utput couples directly to inverting amp IC2-a. The
dio signal couples through R26-C16 to the output
th. R25 varies the output level.

isan ultrasonic FM transceiver. Encoding, send-
and decoding an axe feed creates two effects.
overdriving the frequency modulator yields rich
ortion whose personality varies with carrier fre-
ency and drive level. In addition, the ultrasonic sig-
picks up spuriae in transit that decode in ways
ranging from mildly interesting to practically cool.
Pots have these functions:

- R2  modulatordrive level

R6  carriertrim

R16 ultrasonicreceivergain
R23 highpass corner frequency
R25 outputlevel

Initial settings: R2, R6, R16, R25 straight up; R23 fully
'CCW. Connect unit to axe and amp; set amp volume
“atminimum. Place the transducers on a table, aper-
tures facing, a few inches apart. Secure them with

Distort-O-Matic VI

tape if necessary. Power up DM6, slowly turn up the
amp's volume; trim R6 until audio is heard. At this
point the audio should sound distorted.

Take modulation drive control R2 throughitsrange.
The lower the drive level, the less distortion and sus-
tain, the higher the drive level, the greater the distor-
tion and sustain.

Next, explore the effect of altering carrier frequency
(R6). The device exhibits a fairly wide sweet spot, as
well as marginal areas at the extremes of pot rotation
where the distortion threshold rises, giving a punch-
through effect.

Test the sound of altering ultrasonic receiver gain

DISTORT-O-MATIC VIPARTS LIST
Resistors

R1,5,13,14, 15,18, 24 10K

R2 100K pot

R3,21,224.7K

R4 2.2K

R6 10K pot

R7,8,9,11,12,20 22K

R10, 19 39K

R16 10K audio-taper pot

R17,26,27 100

R23 100K dual pot

R25 50K audio-taper pot
Capacitors

C1, 7,16 10uF aluminum electrolytic
C2,15 470pF

C3 220pF aluminum electrolytic
C4,13 1pF aluminum electrolytic
C5 0.01uF

C6 0.0015pF, 5% or better

C8,9 0.001uF, 20% or better

C10, 11 100pF

C12 10pF

C13, 14 0.1uF, 20% or better
Semiconductors

D1,2 IN914

D3 1N4001

IC1, 2 MC33174 quad low-voltage op amp
IC3 CMOS 555 timer
Miscellaneous

ultrasonic transducers (see text)
shielded cable

enclosure, phono jacks, 4" jacks, wire, knobs,
mounting hardware, 9V battery, etc.
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Fig. 19-2.
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VI schematic.
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R16 fully CCW; this gives minimum receiv-
ve the transducers to the point they're al-
ing; vary receiver gain and note the effect
. Now move the transducers about a foot
RI16 through its range and note the effect
distance between the transducers.
transducers about 6" apart and a strong signal
, move your hand over the pair about 2"
, note the whoosh due 1o spuriae from ul-
¢ echoes off the moving hand. Turn R23 fully
ote the change in tone. It may be necessary
p the amp's bass control to perceive the sub-
nent of this signal.

ransducers don't have to face each other. Put
bout 3" apart but facing the same direction.
U have a tiny sonar system capable of detect-
ment of objects in the beam. Place the pair
fom, say, a speaker cone. Movement of the
ters in the ultrasonic mix.

cuit runs off as little as 5V or as much as 15V,
fora CMOS 555. Transducers' leads can sol-
i ly to the board if desired. The transmitter
should measure 6" or less; the receiver lead can
ure up to 3', and should consist of shielded mi-
one cable or RG174/U coaxial cable.
system works with 40-KHz resonant transduc-
h as Mouser p/n 255-400SR16 (receiver) and
00ST16 (transmitter); or Jameco p/n 136653
1139491 (each Jameco p/n designates a trans-
Jreceiver pair). Similar transducers sometimes
in surplus channels; most transducers de-
as "40-KHz resonant” should work in DMB6.
sonant transducers, or those thatresonate ata
ancy other than 40 KHz, will not work. The trans-
rsmay register other sources of ultrasonicener-
uch as video scan oscillators.

ig. 19-5. Wiring ultrasonic transducer (transmitter or re-
to coaxial cable & plug.

insulated terminal
center conductor

tip

sleeve

ors?

RG174/U coax e

“/ PLUG
~grounded terminal

shield lead

"\ % o
Fig. 19-3. Top: Typical 40-KHz ultrasonic transducers. Lead
soldered to case should tie to circuit ground. Bottom: Dis-
tort-O-Matic VI prototype board.

Fig. 19-4. Distort-O-Matic VI circuit board.

3.25" x 2.75" reference box
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Project No. 20

Modu-Matic

.
Modu-Matic places the dynamics of one audio feed
under control of a second audio feed, or lets an instru-
ment 'modulate’ itself.

Circuit Description

Signal Path: Primary instrument feed couples through
C14 to preamp IC1, whose output couples through
R24-25tomixer1C6-a; and also to one throw of S1. The
external input couples to S1's other throw; S1's pole
feeds the signal through C10-R18 to the input of IC4,
half an NE570 configured as a voltage controlled am-
plifier whose output is taken off pin 10 and couples
through R17-C7-R19 to IC6-a. Signal couples through
R21-C9 to the output path. The net signal path is non-
inverting.

Control Path: IC1 output couples directly to a preci-
sion fullwave rectifier made up of IC2-a, -b, and associ-
ated components. The negative output of IC2-b cou-
ples through R4 to inverting amp IC2-c, whose gain
varies by R5. The positive output of IC2-c feeds a vari-
able-decay network made up of Q1, D3, C4, and R6-8,
buffered by IC2-d. IC2-d output feeds a variable-attack
network made up of D4-R9-R29-C5, in turn feeding
IC3, whose output is held at the negative limit by bias
network R10-11. IC3 output—the VCA control volt-
age—couples through R13 to IC4's control port.

The result of the control path is for the output of IC3
to approach ground in the absence of a primary input
signal. In this state the gain of IC4 is essentially 0, so
any signal present in the secondary audio path does
notreach the output. A primary input signal generates
apositive voltage conducted through IC3 to IC4, caus-
ing gain to rise to a maximum of 1 when IC3's output
swings to its positive limit. The setting of R5 controls

Fig. 20-1. Modu-Matic prototype board.
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gain applied to the control voltage and thus varigt
sensitivity. By this means the dynamics of the primary

MODU-MATIC PARTS LIST

Resistors

R1,2,3,7 24 10K

R4 4.7K

RS 100K audio-taper pot
R6 10M

R8 250K pot

R9 500K audio-taper pot
R10 100K

R11,12, 22, 23 39K

R13 49.9K (+500 ohms)
R14 100K multiturn trimpot
R15 220K

R16 20K single turn trimpot

R17, 25, 26 10K audio-taper pot

R18 36K

R19, 20 22K

R21,29 100

R27 470

R28 150K

Capacitors

C1,2,8, 13 100pF

C3 220pF

C4 0.0033uF

C5,9, 11,12, 14, 16 10pF aluminum electrolytic
C6, 15 10pF

C7 1uF nonpolar electrolytic

C10 10uF nonpolar electralytic

C17 0.1pF

Semiconductors

D1, 2,3 1N914

D4 IN34A

D5 1N4001

IC1 OP-27 opamp

IC2 TLO64 quad low-poweropamp /~
IC3 MC33171 low-power op amp

IC4 NE570 or NE571 dual compander
IC5 78L05 positive 5V regulator

IC6 TLO72 dual op amp

Q1 2N3904 NPN transistor
Miscellaneous

S1 SPDT switch

enclosure, /4" jacks, wire, knobs, mounting
hardware, etc.
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Fig. 20-3. Modu-Matic layout & wiring diagram.
input modulate those of the secondary input. R17 secondary output level
Y
s R25 primary output level
Use R26  primaryinputgain
Switches & pots have these functions: S1 secondary input select

R5
R8
R9

sensitivity
decay (50 ms -4 sec.)
attack (1 ms—4sec.)

Initial settings: all pots fully CCW, S1 either position.
First, trim the DC offset of IC4. Apply power, measure
voltage at1C4 pin 13; trim R16 to give /2V+ at IC4 pin
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10. A significant change in supply voltage will require
retrimming R16.

[Feedthrough trim is optional. Untrimmed feed-
through (i.e., R14, R15, C17, & IC5 not installed) mea-
sured ~30mvp—p in the prototype. Performance was
not affected, because the unit usually operates with
attack or decay past minimum, which puts feed-
through well into the infrasonic. Users wishing to trim
feedthrough can follow this procedure: Set attack and
decay at minimum, primary and secondary output
levels at zero. Apply a 20-Hz sinewave to the primary
input; adjust preamp gain to give 5Vp-p at IC1 output.
Place scope probe on output of IC2-c, adjust R5 to give
maximum amplitude short of clipping. This gives
about 3Vp—p of ripple in the control voltage. Move
scope probe to pin 10 of IC4, trim R14 for minimum
feedthrough.]

Connect unit to axe and amp; connect a line-level
feed, such as a signal generator, or an FM tuneror CD
player, to the secondary input. Trim R26 to give de-
sired preamp gain. Turn R25 fully CCW to kill the pri-
mary feed, turn R17 fully CW to open the secondary
audio path; slowly open R5 while plucking a string and
note that the secondary feed is heard only while a pri-
mary input exists. Take R9 through its range and note
the effect of delayed attack. Maximum delay is ~4 sec-
onds. Return attack to minimum. Take R8 through its
range to hear the effect of delayed decay. At maxi-
mum decay, the secondary feed continues to be heard
for ~4 seconds after cessation of the primary signal.
Turn amp volume down, switch S1 to 'internal’ (a pop
accompanies switching), return amp volume to de-
sired level. In this state, attack and decay operate on
the primary input.

Here's a partial list of what Modu-Matic can do:

» Restore dynamic range to fuzz effects. The
nature of clipping strips the signal of dynamic
range. By feeding the line-level output of the

fuzz box into Modu-Matic's secondary input,
fuzz can be made to track instrument dynam-
ics as tightly or as loosely as desired.

» Create special effects. Connect the second-
ary feed to some odd sound source: adigital
sample, FMinterstation hiss, etc. The
secondary effect takes up to several seconds
to emerge after playing commences, or as
long to decay once playing ceases.

» Treat the main instrument as the secondary
instrument, such that the drum kit modulates
the guitar; or use the vocal to modulate the
horn feed; etc.

» By using a digital delay or spring reverb as the
external input, and with Modu-Matic set for
long attack with fast decay, a delay precedes
commencement of playing and the onset of
reverb, which stops abruptly when the player
mutes the strings.

» By switching S1 to‘internal,’ and with the
primary feed at zero, the instrument modu-
lates itself. Advancing attack creates a delay
between picking the string and the emer-
gence of sound from the amp—an automatic
guitar swell. Fastdecay heightens the effect.

Notes

Modu-Matic is optimized for a 15V supply. Significant
departure form this voltage is not recommended. Use
of a regulated 15V supply allows omission of D5, and
replacement of R16 with a 7.5K fixed resistor; the pro-
totype used both options, as well as a 10K fixed resis-
torin place of R26.

While the primary input accommodates instru-
ment-level to line-level feeds, the secondary input is
designed only for line-level feeds, and high ones at
that, preferably averaging at least 2Vp—p. The higher
the level of the raw secondary feed, the better Modu-
Matic's S/Nratio.

4.25" x 2.75" reference box

,ﬂ\yr

Fig. 20—4. Modu-Matic
circuit board.
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Project No. 21

QPMis a four-band parametric equalizer.

cuit Function

al feed couples through C3 to noninverting pre-
ip IC1-a, whose gain varies 1-11 by pot R15. IC1-a
tput couples to IC1-b, a unity-gain inverting amp.
0St/cut is enabled by placing a state-variable filter
the input path or feedback loop of IC1-b. The set-
of R22-25 determine whether each SVF acts in
input path or the feedback loop. If the SVF exists
inantly in the input path, IC1-b sees a reduced
impedance for frequencies passed by the SVF;
2amount of boost depends on the ratio of R20 to the
utimpedance. If R22-25 are changed such that the
s exists predominantly in the feedback loop, gain
uction results from reduced feedback impedance
frequenc:es passed by the SVFs. All four filters
ssess independently variable center frequency
and bandwidth (R7). IC1-b output couples
ough R26 toinverting amp IC1-c, whose gain varies
5 under control of R27. ICl-c output couples
igh R28-C8 to the unbalanced output; the signal
 at that point is noninverting. IC1-c output also
ples through R29 to unity-gain inverting buffer
ICl-d, creating an inverted output that couples
rough R31-C10 to an optional XLR connector.

ts & switches have these functions:

81 equalize/bypass
R15  preampgain

- R22  band-aboost/cut

- R5-a band-afrequency
R7-a band-abandwidth
R23  band-bboost/cut
R5-b  band-bfrequency
- R7b band-bbandwidth
- R4  band-cboost/cut
R5-c  band-cfrequency
- R7¢  band-cbandwidth
R25  band-dboost/cut
RS-d band-dfrequency
R7-d  band-d bandwidth
R27  outputlevel

.]niﬁalsemngs R27 and allboost/cut pots centered, all
_bandwidth pots fully CCW (minimum bandwidth), all
frequency pots fully CCW (lowest frequency). In this

Quad Parametro-Matic

state the box acts as a preamp whose gain depends
on setting of R15. Connect unit to signal source and
target outputdevice; trim R15 to desired level.

Using suitable program material, take each band
through the full range of boost/cut, frequency, and
bandwidth; verify function of each. To avoid interac-
tion, at least at this stage, return each band's boost/
cutcontrol to center before testing the nextband.

The prototype ran @ +15V. Boost/cut was ascer-
tained with a constant 1Vp-p measured at the preamp
output, and with R27 temporarily replaced with a 10K
pot, set for maximum output.

The prototype used these component values in
each band's state variable filter:

Band-a R3,4=68K;R5=50K;C1,2=0.1uF
Band-b R3,4=20K; R5=100K;C1,2=0.01uF
Band-c R3,4=20K;R5=100K;C1,2=0.0022uF
Band-d R3,4 =15K;R5=100K;C1,2=0.001yF

QUAD PARAMETRO-MATIC PARTS LIST
Resistors

R1,2,9,12 47K (x4)

R3, 4,5 (x4, see text for values)

R6 470 (x4)

R7 100K audio-taper pot (x4)

R10, 11 10K (x4)

R13 150K

R14 1K

R15 10K trimpot

R16,17 18,19 1.8K

R20, 21, 26, 29, 30 10K

R22, 23, 24, 25 10K pot

R27 50K audio-taper pot

R28, 31 100

Capacitors

C1,C2 5% orbetter (x4; see text for values)
C3, 8,10 10pF nonpolar electrolytic

C4,7 10pF

CS5, 11, 12 10pF aluminum electrolytic

C6,9 100pF

Semiconductors

D1,2 1IN4001

IC1, 2 TLO74 quad op amp
[semiconductors notindividually identified on
schematic: 3xTL074]

Miscellaneous

pots, jacks, wire, knobs, circuit board, battery
snaps, etc.
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Fig. 21-1. Quad Parametro-Matic schematic.

The prototype's frequency ranges measured as fol-
lows:

Band-a 30-240Hz
Band-b  160-700Hz
Band-c 600-3000 Hz
Band-d 1500-12,000 Hz

All four bands measured close to +14 dB of gain
with bandwidth at minimum. The maximum boost/cut
increased slightly as bandwidth was widened.

Notes
Despite 13 pots, wiring PM2 presents no particular
problem if you take your time. Color-coded wire eases
the process: one color for all the bandwidth pots, one
forall the gain pots, a third for frequency pots. Twisting
wire pairs helps, as does labeling each lead with a
small piece of masking tape.

While the wiring diagram shows individual leads

70

passing from pads to pot terminals, wiring can be
greatly simplified by chaining the ground connection
on bandwidth pots R7a/b/c/d, and the connections to
IC1-a output and IC1-b output on the end-terminals of
boost/cut pots R22-R25.

Instability will result under certain conditions; for
example, maximum preamp gain coupled with maxi-
mum gain of overlapping bands placed on the same
frequency, plus maximum output gain. This totals
more than 60 dB. Aside from avoiding such an unmu-
sical setting, separate the input and output leads.
Make the pot leads short.

The SVFs used in PM2 differ from the one used in
Parametro-Matic by sneaking the signal in through
the path normally used to control bandwidth, allowing
bandwidth control by a single rather than a dual pot
(see Ref. 13, p. 191).

Preamp gain resistor R15 can be a trimpot, fixed re-
sistor, or panel pot.
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Fig. 21-3. Quad Parametro-Matic prototype board.

’?’3 x 3.75" reference bo.x

Fig. 21-4. Quad Parametro-Matic circuit board.
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Project No. 22

low feedthrough and tremendous control
, TM2 contains twin sine generators that pro-
the sound of "dueling tremolos "’

cuit Description

| Path: Audio couples through C17 to IC2, a non-
ing preamp with nominal gain of 22. IC2 output
es through R19-C4 to signal input of IC6, half an
0 configured as a VCA. IC6 output couples
hR21-Cé toinvertingamp IC4-b. Audio couples
C8-R23 to the output path; R22 varies the
put level. The signal path is noninverting.

Control Path: IC1-a/-b and associated components
sinewave oscillator whose rate varies ~1-10Hz
and whose output couples through R9-R10 to
ingsummer IC4-a. IC1-c/-d form an identical 0s-
whose output couples to IC4-a through R12-
15 varies the DC offset at IC4-a's output, which
ples through R16 to the control port of IC6. The re-
of this control path is for the static DC offset at IC4-
OUtput to set the resting gain of IC6 at a point be-
en0and 1. Sinewaves impressed on the DC offset
y this gain, modulating the instrument volume.
 sinewave paths possess enough gain to clip if
‘levels are advanced to maximum, giving quasi-
arewave control pulses. IC3-R17-R18 form a feed-
ugh trim network.

switch have these functions:

primary rate
primary sine trim
primary depth
secondary depth
static VCA gain

1. Tremolo-Matic |l prototype board.
Rl

Tremolo-Matic Il

R18 VCA feedthrough trim
R20 VCADC offset trim
R22 outputlevel

R28 secondary sine trim
R32 secondaryrate

S1 effect/bypass

First, trim the DC offset of the VCA output. Mea-

TREMOLO-MATIC Il PARTS LIST

Resistors

R1, 32 2Mreverse-audio pot

R2,31 100K

R3, 4,8, 29,30,33 2.2K

RS, 26 47K

R6,27 1.8K

R7 28 1K multiturn trimpot

R9, 12, 22 10K audio-taper pot

R10, 11 33K

R13,17 220K

R14,36 150K

R15 20K pat

R16 49.9K

R18 100K multiturn trimpot

R19, 24, 25 36K

R20 20K multiturn trimpot

R21,35 10K

R23 100

R34 470

Capacitors

C1,2,12,13 1uF 10% tantalum

C3,7 15 100pF

C4, 8,10, 11, 14,17 10pF aluminum electrolytic

C5, 16 10pF

C6 1pF nonpolar electrolytic

C9 0.01uF

Semiconductors

D1,2,3,4 1IN914

D5 1N4001

IC1 MC33174 or TL064 quad low-power
opamp

IC2 OP-27 low-noise op amp

IC3 LM78L05 5V positive regulator (TO-92)

IC4 MC33172 dual low-power op amp

IC5 TLO71 opamp

IC6 NE570 or NE571 dynamic controller

Miscellaneous

S1DPDT switch

wire, solder, knobs, 9V battery snaps, enclo-

sure, circuit board, etc.
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sure supply voltage at IC6 pin 13. Trim R20 to give
aV+atIC6 pin 7.

Next, trim the primary sine generator. Connect
scope probe to IC1, pin 8. Adjust R7 togive a sinewave
of ~4Vp-p. While scope is still connected, take Rl
throughits range and confirm that rate varies over the
approximate range 1-10 Hz.
~ Move scope probe to IC1 pin 7 trim R28 as above
forthe secondary sine generator.

TurnR9 & R12 fully CCW,; move scope probe to pin 1
of IC4-a; adjust R15 to give V2V+; turn R9 fully CW.
This gives a control voltage that clips at both ex
tremes. Move scope probe to IC6, pin 7. Trim R18 for
minimum feedthrough.

Connectunitto axe and amp; establish desired vol-
ume. Take R9 and R1 through their ranges; vary static
VCAgainby R14; note effect on types of tremolo.

TurnR9fully CCW, advance R12 CW and repeat the
checkout sequence for the secondary sine generator.

Once eachsine generator checks out independent-
ly, test the effect of summing simultaneous control
feeds at various rate, depth, and static gain settings.

Notes
TM2 has been optimized for a 15V supply; significant
(departure from that voltage is not recommended. The

prototype ran off a regulated 15V supply and for that
reason omits the polarity protection diode. If you elect
to run TM2 off batteries, include the rectifier diode
shown an the wiring diagram. The pratotype photo
shows a single-turn trimpot for R7 but a multiturn pot
Isrecommended.

The preamp is configured for fixed gain suitable for
instrument-level feeds. Replace R35 with a 20K au-
dio-laper pot to accommadate inputs ranging from in-
strument-level to line-level. TM2 should run at a high
internal level for best S/N ratio. Average preamp out-
put af 3Vp—p leaves adequate headroom,

Adding a second oscillator to a basic tremaolo re-
sults in more sonic variely than one might expect from
the nature of the change. Patient, methodical experi-
mentation rewards the player with sounds not heard
on existing recordings. Initially, it's wise not to exceed
50% of either depth setting, because clipping of con-
trol feeds tends to mask their interaction. When mix-
ing rates, initially center the static gain control. Once
you find an interesting combination, move static gain
-15% and +15% off center. In many cases this chang-
es the sound significantly. The most practical way to
recall desirable control settings is to provide num-
bered scales for the controls, and note the settings.

Fig. 22—4. Tremolo-Matic Il circuit board.

45" x 3.25" re;ference box_
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Project No. 23

Phase-O-Matic

This six-stager's phase-shift method frees depth from
dependence on rate, and kills the added noise and
feedthrough of the approach through internal com-
panding.

Circuit Function
Signal Path: Instrument feed couples through C9 to
noninverting preamp IC7-a. IC7-a output couples
through C17 to compressor IC2-a, thence through C18
to a six-stage phase-shift network whose output feeds
a highpass filter before being expanded by 1C2-b. Ex-
pander output couples through C3-R15 to IC8-c,
which adds or subtracts clean and phase-shifted ver-
sions of the signal, depending on setting of S3. S2 se-
lects expander output, giving vibrato, or output of IC8-
¢, giving the addition/subtraction characteristic of
phase effects. S2's pole feeds output pot R17, whose
wiper ties to voltage follower IC7-b. Signal couples
through R39-C4 to the output path.

Control Path: IC6 and associated components form
a sinewave oscillator whose rate varies ~0.5-10 Hz by
R1. Sinewave output couples to R2, which varies level.
R6 varies DC offset at output of IC1, which ties through
R7 to the ganged control inputs of six 13600-type
OTAs, each configured as a single-ended voltage
controlled resistor; each simulated resistor combines
with an op amp to give a variable phase-shift network.

(Note: Do not install R23 & R38. Their need will be
determined later.)

Use

Switches & pots have these functions:
R1 rate
R2  depth

R6 static point
R10 sinetrim

PHASE-O-MATIC PARTS LIST
Resistors

R1 5M reverse-audio pot
R2, 6,17 10K audio-taper pot
R3,4,5 100K

R7 3.3K

R8, 22 150K

R9,12,13,20 2.2K

R10 1K multiturn trimpot
R11 1.5K

R14, 15,16 10K
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R17 outputlevel

R19 notchtrim

R38 mistracking (optional)
S1 effect/bypass

S2  vibrato/phase

R18 4.7K

R19 20K pot

R21 470

R23,32 470K

R24, 28 30K

R25, 26 47K

R27,29 62K

R30, 31 36K

R33 39K

R34 33K

R35, 36 330K

R37 47K

R38 50K trimpot

R39 100

[resistors notindividually identified on schemat-

ic: 12x1K, 24x10K, 6x36K]

Capacitors

C1,2 1uF 10% tantalum

C3, 5, 18 1uF nonpolar electrolytic

C4,9,12,13,14,17, 21, 22 10pF aluminum
electrolytic

C6 4.7pF aluminum electrolytic

C7 15,23 10pF

C8 470pF

C10, 19 1uF aluminum electrolytic

CMN, 20, 29,30 0.01pF

C16, 24 0.0047uF

C25, 26,27 220uF aluminum electrolytic

C28 0.1uF

[caps notindividually identified on schematic:

6x0.0022uF; see text]

Semiconductors

D1, 2 IN914

D2,3 3V zener

D5 1N4001

IC1 TLO71 opamp

IC2 NE570/571 dual-channel compander

[semiconductors notindividually identified on

schematic: 3xLM13600, 1xTLO74, 1xTLO72]

Miscellaneous

S1 DPDT switch

S2,3 SPDT switch

circuit board, wire, solder, jacks, etc.
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83  add/subtract slate the box acts as a preamp. Connect unit to axe

and amp, adjust R17 to obtain desired volume.

Slowly rotate depth control R2 CW and note the
sound of vibrato. Take R1, R2, & R6 through their rang-
es and note the variety of sounds obtainable by
changing the static point and the control voltage am-
plitude.

trim the sine oscillator. Set R1 fully CW connect
e probe to IC6 pin 7. Trim R10 for sine amplitude

thitial settings: R1 fully CW; Re, R17 R19 centered;
R2fully CCW, S1 effect in, S2 vibrato, S3 either. In this
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Fig. 23-2. Phase-O-Matic circuit board.
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Turn depth all the way down, switch S2 to ‘phase,’
‘add,’ set R19 at about 11 o'clock. While lightly
gthe open D-string, tune R6 until a nullis heard;
R19 for maximum null. Now turn R2 CW and ex-
the sound of phase, distinguished from vibrato
yaddition or subtraction of wet and dry signals.

isoptimized for a 15V supply. Significant depar-
e from this voltage is not recommended. The con-
I path makes use of the limited negative output
gofthe TLO71. Use of an op amp having a greater
tive output swing than the TLO71's results in
dthrough too severe for the compander to handle.

e preamp’s nominal gain of 57 suits pickups
e average output does not exceed ~400mvp-p.
er pickups may require reduction in the value of
0 avoid clipping, keeping in mind that the addi-
ubtraction stage adds up to 6 dB of gain for some

Ak R

Fig. 23—4. Phase-O-Matic prototype board; R23 & R38 are not installed.

frequencies.

POM attains deep modulation at any speed, at the
cost of significant feedthrough. Highpass filtering at-
tenuates much of the feedthrough, but quieting the
box at rest requires added measures, internal com-
panding in this case. To further reduce noise at rest,
POM includes an option to introduce mistracking be-
tween compressor and expander (patented tech-
nique; see Ref. 45). The prototype was quiet enough
at rest that this feature was not needed, so R23 and
R38 were notinstalled.

Most phase boxes feature variable feedback in the
phase-shift chain. Companding makes this impracti-
cal for POM.

The 0.0022uF caps used in each phase-shift net-
work emphasize a higher band of frequencies than is
usual in phase boxes. The caps are easily changed to
suit different tastes (compare cap values used in Vi-
brato-Matic).
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Project No. 24

Compand-O-Matic Lite

Liteis an external device that allows internal compan-
ding of many effects.

Circuit Function

Compressor: Audio feed couples throughC2to IC1, a
noninverting preamp whose gain varies 1-11, depend-
ing on setting of trimpot R2. IC1 output couples
through C5 and treble emphasis network R4-C6 to
compressor IC4-a's input. Compressor output feeds a
second treble emphasis network, R9-C12, feeding the
internal level detector, compressing treble more than
bass. Compressor output also ties through R10-C13 1o
the output path. The compression control voltage
present at pin 1 ties to voltage follower IC2-a, whose
output ties to one throw of S2-b. Zener diodes D2-3
limit maximum compressor output.

Expander: Signal input couples through C25 to
IC3-a, a noninverting amp configured for gain of 2.
IC3-a output ties to pot R14, feeding buffer IC3-b,
whose output couples through C20 to expander signal
input pin 14, as well as through C22 to treble emphasis
network R13-C21, to one throw of S2-a. When S2 se-
lects 'internal,’ the expander’s control voltage is a
buffered version of the compression control voltage,
and the expander’s rectifier input is open. When S2
selects ‘external,’ the rectifier output pin 16 ties to in-
tegrator cap C23, and rectifier input pin 15 gets the
output of treble emphasis network R13-C21. Expander
audio output couples through C17-R11 to the output
path.

Use
Switches & pots have these functions:

R2 preampgain =11 (trimpot)

Fig. 24-1. Compand-O-Matic Lite prototype board.
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R11  expanderoutputlevel

R14 expanderinputlevel

S1 compand/bypass

S2 expanderdriveinternal/external

Initial settings: S1 compand, S2 internal; R14 cen-
tered, R11 fully CW, R2 fully CCW. Feed the compres-
sor output to the expander input.

Connect IC1 output and expander output to oscillo-
scope. Feed the input a 1-KHz sinewave @ 1Vp-p. Ad-
just R14 so that compressor input and expander out-
putlevels match.

If no scope is available, connect unit to signal

COMPAND-O-MATIC LITE PARTS LIST

Resistors

R1 1K

R2 10K trimpot

R3, 17 150K

R4,12 62K

R5, 6 36K

R7,8 47K

R9, 13 30K

R10 100

R11 10K audio-taper pot

R14 100K pot

R15,16 4.7K

Capacitors

C1,5,7,8,10,11,13,15,17, 20, 22, 25 10uF
aluminum electrolytic

C2 10uF nonpolar electrolytic

C3,26 10pF

C4,24 220pF

C6, 19 0.0047pF

C9 220uF aluminum electrolytic

C12,21 0.01uF

C14,18 10pF

C16,23 1puF

Semiconductors

D1 1N4001

D2, 3 3.3V zener

IC1 MC33171 opamp

IC2 LM358 dual opamp

IC3MC33172dual opamp

IC4 NE570/571 dual-channel compander

Miscellaneous

S1,2 DPDT switch

circuit board, solder, wire, jacks, knobs, enclo-

sure, etc.
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diode limit— -

L scaiew
scale2V . compressor output/ sweep20ms
sweep20ms k. ©xpanderinput i

scale 1V
OHr

scaie 100 mv
sweep20ms

envelope bounce —

Fig. 24—4. Compand-O-Matic Lite /0. A—Composite of
response to tone burst. Compressor output would clip at
headroom limit, but for action of zener diodes; short
duration of clipping makes itinaudible. Expander output
shows minimal deformation. B—Composite of a tone burst
more typical of music. No clipping; expander output closely
resembles compressorinput. C—Scale to 100 mv/div.
Envelope bounce is more noticeable at low levels, but still
notenough to require trimming (which uses the same
method as the 570-VCA feedthrough trim). D—Compressor
input superimposed on expander output at 20 Hz constant
tone. This represents the most extreme pure-tone test of
system; distortionis very low. E—Raw compressor output
reveals distortion neutralized by expansion.

compressor input sgat'e v
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eandline-level amp, such as a home stereo unit.
rup; then, while switching S1 between bypass
compand, trim R14 until no difference in level is
Ibetween bypass and compand.

urnoff amp and Lite. Connect compressor output
tofanoisy stomp box, such as a vintage phase
r, chorus, or other effect whose gain approxi-
one. Feed effect output to expander input.
ver up amp and outboard gear. Repeat the level-
ing sequence, note the reduction in noise at

optimized for a 15V supply, but works satisfacto-

erthe range 12-18V.

ite's companding system is a chopped version of

atics' Databook circuit. Noise reduction com-

tothat supplied by dbx Type II.

companding works best with unity-gain effects. Ef-

1S with gain other than one fare best with S2 in ‘ex-

nal' position, the expander running off its own level
tor. Match levels either by measurement, or by

ming R14 while switching between compand &

ite can effect record/playback companding with
expander in 'external' mode. A 1.0Vp-p 1 KHz test
tthe outset of the recording facilitates later level

2.5" x 3.75" reference box

Fig. 24—5. Compand-O-Matic Lite circuit board.
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Project No. 25

Tone-O-Matic Il

Five-band graphic EQ realized through simulated in-
ductance.

Circuit Function

Signal input couples through C8 to noninverting pre-
amp ICl-a, whose gain varies 1-22 depending on set-
ting of R2. Preamp output couples to IC1-b, a nonin-
verting amp whose gain depends on settings of gain
control pots R7-R11. When pots are fully CW, a series
resonant network with one end tied to ground appears
predominantly at IC1-b’s inverting input, raising gain
for resonant frequencies. When pots are fully CCW,
series resonance forms a divider with R4, reducing
gainfor the resonant frequencies. The signal output at
the end of R4 is buffered by I1C2-a; signal couples
through C5-R5-R6 to the output path. The signal path
is noninverting.

Use
Switches & pots have these functions:

R2  preampgaintrim
R5  outputlevel

R7 64 Hz boost/cut
R8 250 Hz boost/cut

3.25" x 3.5" reference box

1999 Boscorelli

<]

Fig. 25-1. Tone-O-Matic Il circuit board.
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TONE-O-MATIC Il PARTS LIST
Resistors

R1 470

R2 10K trimpot

R3,4 22K

RS 10K audio-taper pot

R6 100

R7,8,9,10, 11 100K pot

Ra, b (x5 see schematic for values)
Capacitors

C1 10pF

C2 10uF aluminum electrolytic
C3,4 100pF

C5, 8 10pF nonpolar electrolytic

C8, 7 220pF aluminum electrolytic
Ca,b (x5; see schematic for values)
Semiconductors

D1,2 IN4001

IC1 TLO72 dual op amp

IC2, 3,4 LM833 dual low-noise op amp
Miscellaneous

circuit board, wire, solder, 9V battery snaps,
jacks, pots, etc.

Fig. 25-2. Tone-O-Matic Il prototype board.
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Fig. 25—4. Tone-O-Matic Il layout & wiring diagram.

2KHz boost/cut
4 KHz boost/cut
equalize/bypass

‘settings: R7-11 centered; R2,
CCW. Connect unit to audio
and target device, such as
recorder. Adjust R2 & R5 to
ired monitoring level. Take
boost pot through range and
2cton tone.

P output should not exceed
to avoid overloading the simu-
nductors. Boost/cut in the pro-
measured ~+8 (+18 dB) one
at a time; a few dB more when
tbands are engaged.

eal caps for Ca and Cb are
ter types rated 100V and with
better tolerance. Pads on the
board accommodate two cap
. R2 can be a trimpot, a fixed
or an externally mounted
{ eprolotype used a fixed resis-

| 100K J'IDDK 100K
| 250 Hz 2 KHz
_)_ "' ' “l Jﬁ.ﬂ ‘ A t\; ;g)
" - ’

BOOST/CUT POTS
uT =
1KHz boost/cut : - r

IOIJK
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Project No. 26

Tremolo-Matic Il

TM3 gives the player control of waveform symmetry
and duty cycle. The result, in a sense, spans the gap
between tremolo and analog synth.

Circuit Description

Signal Path: Instrument feed couples through C19 to
input of IC1, a noninverting preamp whose gain is
fixed at ~48, nearly 34 dB. Preamp output couples
through C20-R38 to signal input of IC3, half an NE570
configured as a VCA whose gain varies 0-1, depend-
ing on the control voltage applied through R46. IC3
output couples through R43-C23 to inverting buffer
IC8-a, thence through R45-C25 to the output path.
R44 varies the output level. The signal path is nonin-
verting.

Tremolo Control Path: IC2 is an XR2206 function
generator configured to generate squarewaves and
triangle waves. S2 selects waveform shape; R28 var-
ies the squarewave duty cycle over the range
~10-90%, or varies the triangle function smoothly
from ramp to triangle to negative ramp. Oscillation
rateis controlled by the capacitor selected by 12-posi-
tion rotary switch S3. Function output couples to am-
plitude control pot R31, thence through R30 to invert-
ing buffer IC9. R32 varies the DC offset at IC9's out-
put, which varies the VCA's resting gain. Control volt-
age couples through R46 to the control port (pin 1) of
IC3.

Noise Gate Control Path: IC1 output couples
through R1-C1 to modified AC log amp IC5-a, whose
outputis rectified in IC5-b/-c; boosted in IC5-d, where
avariable DC offsetis applied by R8 to vary the gating
threshold. IC5-d output feeds a positive peak detector
made up of D5-Q1-C6, which gives a linear decay of
about 2 seconds when R49 sees 1/2V+; decay acceler-
atesif voltage applied through R49 drops below 1/2V+.
IC6-a output feeds an auto-variable attack network
made up of R13-D6-R14-C7. Output of the attack net-
work is buffered by IC6-b, whose outputis held at the
negative limit by the positive potential applied
through R10. IC6-b output couples through R12 to the
base of Q2. In the absence of a positive voltage flow-
ing through R12, Q2 is held ON by R39, shunting IC3
pin 1 to ground, muting the VCA. When the preamp

TREMOLO-MAT__IC HNIPARTS LIST
Resistors i,

R1,3,4,5, 12, 24, 25,43 10K

R2, 13,18, 33, 34 100K
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R6 1K
R7,22,23,29,30,37 22K
R8, 44 10K audio-taper pot
RS, 10, 11, 15, 20 39K
R14, 16, 26, 27,39 4.7K
R17,19 1M

R212.2K

R28 100K pot

R31,32 10K pot

R35 470

R36 150K

R38 33K

R39 220K

R40 100K multiturn trimpot
R41 220K

R42 7.5K

R45 100

R46 47K

R47, 48 36K

R49 10M

Capacitors

C1,5,7,8,9, 11,14 0.1uF
C2 220pF

C3, 4,10, 17,24 100pF
C6, 21 0.001uF

C12,16, 19, 25, 27 10puF aluminum electrolytic

C13,15 0.01uF .
C18 10pF

C20, 23 1pF nonpolar electrolytic
C22 22pF

C26 220pF aluminum electrolytic
Ca—Cl see text

Semiconductors

D1,2,3,4,5,8 9 IN914

D6, 7 red LED

D10 1N4001

IC1 OP-27 low-noise op amp

IC2 XR2206 function generator

IC3 NE570 compander

IC4 LM78L05 5V positive regulator
IC5, 7 TLO64 quad low-power op amp
IC6 TLO62 dual low-power op amp
IC8 TLO72 dual op amp

IC9 MC33171 op amp

Q1 2N3904 NPN transistor

Q2 2N3906 PNP transistor
Miscellaneous

wire, solder, circuit board, jacks, knobs, etc.
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Fig. 26—-2. Tremolo-Matic Ill supplemental schematic.
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Fig. 26—3. Tremolo-Matic lll circuit board.

output reaches ~200 mvp-p, the output of IC6-b
swings positive enough to turn Q2 OFF, and VCA gain
become a function of the static/dynamic voltages con-
veyed through R46. When preamp output drops be-
low ~200 mvp-p, the output of IC6-b swings negative
enough to turn Q2 ON, muting the VCA.

Slow decay of the primary level detector gives low
distortion as notes (especially bass) decay; but beat-
ing may be heard for several seconds before Q2 turns
ON. This makes itdesirable that the gate close swiftly
when the player mutes the strings. TM3 includes a
second level detector to this end: IC5-c output feeds
scaling amp IC7-a, feeding an integrator made up of
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D9-C10, buffered by IC7-b, whose output feeds a fall-
ing-edge detector made up of IC7-c/-d and the associ-
ated components. This detector generates a voltage
below /2V+ only when the program decays rapidly.
The voltage flows through R49, causing Q1 to source
anegative current that neutralizes the positive charge
in C6 in less than 40 ms. With gate threshold properly
set, TM3 mutes when the player mutes the strings,
with no audible lag, yet allows uninterrupted decay of
held notes and chords.

Use
Switches & pots have these functions:
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Fig. 26—4. Tremolo-Matic lll layout & wiring diagram.
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SV/div., sweep 20 ms

2V/div.

Fig. 265 (this and facing page). TM3 control voltage top trace, music envelope bottom trace., A—Ramp, B—triangle, C—
negative ramp, Ramp and negative ramp sound significantly different, especially at slow rates, D/E/F—Control voltage
switched to quasi-squarewave, duty cycle varies 10%/50%/90%. These, too, change the sound distinctively. Duty cycles in
the 30-70% range sound musical; those outside that range better suit special effects. G/H/I (facing page)—Additional wave-

forms generated by TM3.




R8 noisegate threshald

R28 triangle symmetry/squarewave duty
cycle

R31 tremolodepth

R32 VCA staticgain, 0-1

R40 VCAfeedthrough trim

R44 outputlevel

S1 effect/bypass
§2  waveformshape (square/triangle)
S3 tremolorate

First, trim feedthrough. Short the input. Toggle S2 to tri-
angle, turn R8 fully CW to deactivate the noise gate;
centerR28 and R32, turn R31 fully CW. Set S3 for maxi-
mum tremolorate. Inthis state the control voltage clips
atboth extremes. Attach scope probe to IC3 pin 7. Trim
R40 for minimum feedthrough.

If no scope is available, trim feedthrough by ear
Configure settings as above, connect unit 10 amp
whose volume is turned all the way down. Slowly ad-
vance the volume until feedthrough artifacts are heard.
Depending on the initial setting of R40, these could
measure up to several voltsp-p. Trim R40 for minimum
feedthrough.

Without changing the settings, connect axe to unit;
establish desired amp volume. In this state deep trem-
olo should be noted. Take rate control S3 through its
range. With a slow rate selected (e.qg., rate cap 104F),
explore the sounds of ramp to triangle 1o negative
ramp.

Toggle S2 to squarewave (actually, a quasi-square
wave;rising and falling edges are slowed by C13/14/15).
Maximum depth occurs with R32 fully CCW, R31 fully
CW. In this state gain varies 0—1 with each pulse. Vary
the duty cycle and note the different types of sounds
produced. Minimum duty cycle gives a percussive
sound; maximum duty cycle gives the effect of double-
picking.

Next, adjust the noise gate threshold. Turn R8 CCW
untilgating occurs. Properly sel, the gate lets noles or

chords hang as long as the player likes, yet mutes in-
stantly when the player mutes the strings.

Notes

TM3is optimized for a 15V supply. The nature of the cir-
cuitmakes departure from this voltage imprudent. The
prototype was lested with 15.0V on the positive supply
bus (15.6V into D10).

The 2206 configuration allowing varnation of square-
wave duty cycle and ramp slope happens to make con-
tinuously varniable rate difficult to achieve, so changing
speed requires a bank of switched capacitors. Hall the
pads on the circuit board accommodate two caps, tolet
the builder realize marginal values. The prototype con-
tains only two caps, 2.2uF to 10uF, for the approximate
rates 4.5Hz & 1 Hz. The board holds space for caps giv-
INgup o 12 speeds.

Feedthrough trim of the 570 VCA is so good that gat-
Ing 1s not needed when using the triangle waveforms,
including those that clip. Squarewave control results in
audible artifacts. Gating proved the most practical
means toquiel the effectatrestwhile retaining square-
wave-like modulation capability.

The unit gives best S/N ratio when the level coming
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Fig. 26—6. Tremolo-Matic Ill prototype board.

off the preamp averages at least 3Vp—p. The inputs of
most amps will require a good bit of gain reduction by
R44 10 avoid overload, adding a quasi-companding as-
pect to the system. The prototype's preamp gain was
fixed at a very high level to suit a specific guitar. Lower
the value of R37 to suit other instruments.

Net gain of cascaded signal and control stages ex-
ceeds 60 dB, so keep wiring short and neat. The proto-
type did not require shielded input or output leads, but
this could change depending on the builder's mounting
arrangement. Input and output signals are in phase,
with enough gain to cause oscillation if their leads are
juxtaposed.
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Appendices

Stomp Box Ingredients

Builders cooking up their own effects need the raw fixin's
for tone shaping, compression, distortion, and a lot more.
While nothing special surrounds these ingredients, they
seldom surface in a heap, cut and sorted for the stomp-box
scene. Libraries bulge with circuit compendia, but few cir-
cuits advertise their stomp-box attributes. Only a sea-
soned builder sees that a frequency-doubling ramp gener
ator belongs in a thrashmetal pedal.

To help adventurous builders advance their craft, the
tex1 has gathered a nucleus of stomp-box building blocks
and related lore. The presentation assumes the reader to
have reached the stage of breadboard debugging and fine
tuning.

Good luck—and great stomping!
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Anatomy of a Stomp Box

Stomp box defines a discrete, floor-dwelling effect for
electric guitar or bass, typically housed in a wedge-
shaped case and powered by batteries. No one seems
to know when the term took hold, but it had to have
trailed the dawn of fuzz in the fifties, and prefaced the
proliferation of effects in the seventies. By 1980 the
flying door-stop had given way to signature pedals
whose aspect declared their pedigree. Evolution con-
tinues. Some of the current crop can't seem to decide
whether they belong on stage or in the Museum of
Modern Art.

In the early days a single box fit between axe and
amp. As new effects appeared, players tested the
sound of fuzzed wah and wahed fuzz. So began the
practice of chaining. Manufacturers encouraged this
market by adapting their pedals to series wiring. Mad-
ern guitar setups routinely chain effects.

Though born of distortion, stomp box grew to em-
brace any effect, preamp, or switching function. Evo-
lution has come full circle in a reissue craze fueled by
the quaint view that at least some of the old boxes had
itright.

Analog functions now available include:

» compression/sustain

» direct/isolation box

» distortion

» envelope follower/auto-wah
» EQ

» flange/chorus/phaser

» frequency divider/multiplier
> mixer

» noisegate

» pedal volume

» pedal wah

/signal =\
i v ‘ 9V |

Effect/Bypass
Switch
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» preamp

» reverb

» splitter

» tremolo/vibrato

» tube-sound emulator

» boxes combining effects

Culling a recent issue of a guitar buyer's quide, the
author counted 111 boxes by 10 manufacturers. The
profile comprised 30% distortion, 22% flange/phase/
chorus, 13% wah-type effects, 9% compression/sus-
tain, 5% EQ, 21% ‘other’, including preamps, switch-
es, and miscellaneous effects. Most run on 9V batter-
ies; power from a wall-wart is a common option.

The outward hallmarks of a stomp box flow from
convenience in use and conformity with ritual. Inter-
nally, pedals differ little from any small electronic de-
vice, enabling use of standard construction tech-
niques, with the general rule to keep wiring as short
and direct as possible. Low gain, short signal paths,
and shielding offered by a metal box obviate shielded
cable for mostinternal connections.

The nature of the stomp-box signal path inflicts the
issue of clickless switching. Clicks that haunt CMOS
and JFET switches stem partly from leakage of the
control voltage into the signal path. ‘Clickless' elec-
tronic switches, like the SSM2402/2412, combine low
charge injection with networks that slow the edges of
the squarewave control pulse, generating much less
audible energy than typical electronic switches.

Bleederresistors prevent a charge from accumulat-
ing in coupling capacitors, avoiding a plug-in pop.

Mostbuilders will find it prudent to hardwire the by-
pass using a DPDT rather than a SPDT switch. The
DPDT switch takes the effect completely out of the

Output

Fig. Al. Diagrammatic
rendering of exterior and
interior of a typical stomp

Volume Tone  Effect box. Signal enters
8 through input jack, which
a ‘ usually contains the
£ 1" powerswitch. The stomp-
switch selects the output
of the circuitboard, or
bypasses the inputto the
output.
(/_h
O
Effect/Bypass



Generic stomp-box enclosure. A & B—Blue-toned aluminum pre-punched with six holes big enough for full-size pots,
over-size hole for a large stomp switch. Jacks are not supplied with the enclosure. C & D—Pots & stomp switch
ted. E & F—Drilling the top of the enclosure allows more efficient use of space; in this case, 13 full-size pots, two jacks,
stomp switch are mounted, with room left for the Quad Parametro-Matic circuit board, a power switch, and maybe a
9Vbatteries. See Parts Sources for availability.
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signal path, replacing it with straight wire. This lets the
player bypass the box even if the batteries fail, and
eliminates loading from the effect's input circuit.

Enclosure Options

Raw pedal-style cases do not abound. The only exam-
ple the text has located is an angled aluminum box
pre-punched with six holes big enough for full-size
pots and jacks, plus a larger hole for the stomp switch;
an excellent choice for homebrew boxes (Fig. A2; see
Parts Sources for availability). Most efficient use of
space in the box requires drilling the top.

Adept artificers might explore the option of nonde-
structively gutting a stock pedal and replacing the in-
nards with custom electronics.

Generic project boxes will never be mistaken for
retro classics, but make cheap, serviceable options.
Steel boxes stand up under stomping, aluminum box-
es tend to crumple, but steel usually costs more than
aluminum, andis difficult for those with no metalwork-
ing experience to work. While plastic boxes make con-
venient testing platforms, lack of shielding leaves

Fig. A3. Swing-out dual-9V battery holder sold for use in
guitars, but readily adaptable to stomp boxes. Because
nothing but the user’s diligence guards againstinsertion of
the battery with incorrect polarity, circuits powered off this
holder should incorporate polarity-protection diodes. A sin-
gle-battery version is available.
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Fig. A4, Heavy-duty DPDT switch (left) ideal for stomp box-
es, compared to standard-size pushbutton switch.

themiffy for sessions and gigs. Thick rubber feet keep
the box from slipping when stomped, and from
scratching wooden floors.

As for internal mounting, anything goes, with the
caveat to match the mounts to the setting. A gig box
needs to be a lot sturdier than a box that lives in a
project studio. Spring-loaded D-cell holders do a bet-
ter job of holding 9V batteries than do the metal
clamps sold as 9V battery holders.

The enclosure options mentioned so far require
opening the box for battery replacement. Single and
dual 9V battery holders equipped with swing-out ac-
cess make handy options (Fig. A3).

Locations of pots, jacks, and switches are matters
of taste. The stomp-switch should be placed for easy
stomping, and should be heavy enough to hold up un-
der the stress. Fig. A4 illustrates one suitable exam-
ple; see Parts Sources for availability. Conventional
push-on/push-off switches suffice in light duty.



ower Supply Options

al stomp boxes run on one or two ‘9V' batter-
ething of a misnomer, for no 9V battery sus-
8V output over its working life. Voltage falls
2. Typical battery discharge curves illustrate
t (Fig. A5). While a stomp box must be built
minal supply voltage in mind, practical de-
corporate tolerance to voltage changes.
volt batteries come in four key categories.
zinc types offer such low power density as to
itute a waste of materials; high cost offsets lithi-
atteries’ great energy density, leaving alkaline
ckel-cadmium as the viable options.
h alkaline 9V measures about 8.4V under
78V after the drop across a polarity-protection
(That diode prevents reversed voltage should
ittery terminals briefly touch the battery snap
-way, as could occur while changing batteries in
iddle of a gig. Reversed polarity can destroy
semiconductors, and cause tantalum bypass
rstoshort.)
halkaline batteries hovering near $3 apiece, ni-
argeables make the sensible option for long-
rtable power. One rechargeable replaces hun-
of dollars worth of alkaline, saving resources in
SS.
odel nicads no longer suffer the memory ef-
inwhich failure to drain the battery fully prevent-
fmmdelwermg awhole charge inlater cycles.
mmon nicads read 8.4V hot from the charger;
8.1V after idling for a few days, 7.2-7.5V under
leaving ~6.6V after passing through a polarity-

Genericdischarge curves typical of carbon-zing, al-
B ndlhhmeVbattenes

18 30 36 42 48

Time (Hours)
Constant 20-ma. Drain

protection diode. Nicads have a self-discharge rate of
1-2% per day, and their energy density is substantially
less than alkaline batteries'.

Whatever the battery choice, the builder will find it
instructive to measure the average current drain of
the box, and thereby project likely working life with a
givenbattery type.

Single Supply vs. Dual Supply

Traditional stomp boxes run on a single 9V battery, but
the text finds nine volts wanting. Nine-volt boxes run
out of gas just as things get interesting. An alkaline
Duracell® measures close to 7.8V by the time the elec-
trons hit the circuit, which loses another 2V of head-
room because common op amps do not swing rail to
rail, leaving headroom of ~6\Vp_p, tops. Careful design
makes this enough, but ploys should not be neces-
sary in homebrew boxes. Several high-end chips
won't run on less than 10 volts, and don't truly have
room to do their thing at that level.

Low voltage limits the designer severely enough to
make the second battery worth its while. And a box
built for a dual supply can later step up to the chips’
limits (usually +18-22V) with no circuit mods.

Deriving a Dual Supply from a Single Supply
The simplest way to get a dual supply from one bat-
tery is known as rail-splitting. Many circuits get by
with a simple resistive divider; high-gain circuits, or
those having many active components, usually use
the output of an op amp as the artificial ground, be-
causeitboth sources and sinks current.

A voltage mirror creates a negative image of the
positive supply using a charge pump; just about any
ultrasonic oscillator juices the pump (Fig. AB-1).
Common examples include the 555 timer, and chips
built for the purpose, like the 7662. This approach
yields limited current capacity, and a negative poten-
tial that may not match the positive. Whatever current
flows through the negative output must come from
the battery, shortening its life. The output is unregu-
lated; voltage falls with load, making the approach
practical only in selected circuits.

Second- and third-generation switching converter
chips run more efficiently, providing a symmetrical
dualoutput from a single supply. The prospective user
should read these chips’ data sheets carefully. While
the chips indeed switch in the ultrasonic range, some
of them pulse on and off in bursts that generate large
audio-band artifacts.
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AC-Derived Supplies

Wall warts are encapsulated transformers that plug
into the AC wall socket and furnish low-voltage AC or
DC. They eliminate the risk of dealing with the full AC
line voltage (though no voltage should be handled
carelessly), and distance a strong hum-source from
the signal path. DC models supply anything from a
raw rectifier output to filtered and regulated voltage.

A box running off an AC wart must include an on-
board rectifier and filter (Fig. A6-2, 3); sometimes a
regulator. AC-powered boxes suffer greater risk for
hum than battery-powered boxes, and should use sin-
gle-pointgrounding.

Because one wart per box is cumbersome, and
since one wart can power many boxes, a common tac-
ticgroups all the pedals on a board and runs them off a
common supply. The builder choosing this approach
should avoid daisy-chaining boxes on the power bus.
Power leads from each box (ground especially) should
return to a single point.

Small DC-DC converters make attractive options
for wart-powered boxes. These modules step 5VDC
upto 5,710, 12, 15, or 17V, and come in TW and 2W
versions. Output current is inversely proportional to
voltage. A 1W 5V module supplies 100 ma; a 1W
+17V type only 30 ma. The converters are smaller
than the end of your little finger, and offer 100% isola-
tion from their 5VDC source. Even with bypass caps,
they occupy no more space than a conventional AC-

to-DC supply. Best of all, incorporating a converter
module does notdemand redesigning the board. Sim-
ply append a converter supply to the main board (See
ProjectNo. 27).

Whenused in a rack powered by a single wall wart,
converter-powered boxes can be daisy-chained with-
out fear of ground loops, because the 5V power bus is
isolated from each converter’s output ground. The 5V
supply needs to be robust: 1W converters take up to
250 ma; 2W models may need up to 500 ma apiece.

On the downside, converters contain inductors,
leaving them prey to hum from electromagnetic
fields. This tends not to be a problem so long as they
don't sit within a foot of a power transformer. The out-
put contains ripple at several hundred kilohertz, usual-
ly not noticed in the audio band, but a potential source
of aliasing in digital gear. Converters demand care in
the breadboard stage, for accidentally shorting an out-
put can destroy them. Efficiency falls in the 70-85%
range. Recent prices: $9 for TW modules, $14 for 2W.

Gray Areas
Followers of the axe/tone scene may have read anec-
dotes claiming a backdoor link between battery type
and stomp-box tone; specifically, accounts citing bet-
ter—oratleastaltered—sound when using recharge-
able vs. carbon-zinc vs. alkaline batteries; and fresh
vs. aging samples.

These claims suggest several possibilities. First,

Fig. A6. 1—Typical ultrasonic charge-pump voltage inverter. Output magnitude is >1V less than input; highly load-sensitive;
10 ma makes a practical limit. 2—Typical AC wall-wart—derived dual supply. 3—Another AC wall wart-derived supply using a
bridge rectifier; raw single supply output, or rail-split to give an artificial dual supply. Circuits #2 & #3 assume the supply tobe
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sundry battery types furnish different voltages. This
most demonstrably affects headroom. Players may
be hearing distortion and compression due to reduced
headroom.

Second, different battery types, including different
brands within a type, exhibit disparate internal imped-
ances. The ideal battery has zero impedance; it acts
asanimmovable current/voltage source. A real-world
battery’s finite impedance leads to voltage drop under
load. Furthermore, this trait shifts as the battery ages,
orwith state of charge in a nicad.

Third, some circuits exhibit instability when the
available voltage or current falls below a certain point.
This instability could manifest as desirable distortion.

Since the point of the exercise is to help players
take control of their sound, and to resolve a hazy is-
sue, let's concoct a failing-battery simulator. Fig. A7
shows cne speculative rendering. Battery pack Bl
must have stout capacity, say, 12 nicads at least AA
size in series; a solid 15V. This feeds a three-terminal
regulator to vary voltage from 1.2V to the supply limit
(by R1), less the regulator's dropout voltage.

Awirewound pot in series with the regulator output
(R3) simulates various battery impedances. The pot

D1 1N4dR4

L1
=J

D2 R3
IN4@R4 18K _

y&j —0"
<& l L ca ouTrRUT
> c

Fig. A7. Schematic of putative failing-battery simulator. See
text.

must pass the necessary current without sustaining
damage. A 2W rating should be adequate.

Since battery aging places heavier demands on by-
pass caps, a simulator needs the ability to impair by-
pass, or to remove it completely. S1 & R4 serve this
end, which may cause instability in some circuits. (Ex-
perimenters should be aware that powering a box off
this device could damage the box, and probably voids
the warranty.)
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Project No. 27

Append-A-Board Power Supply

Batteries make an impractical option when a box
needs the +15V necessary for serious headroom. That
voltage is available from DC—-DC converters now sell-
ing for $8—%14. These devices step 5VDC up to £5 to
+17VDC, at current capacities that power most stomp
boxes.

Circuit Function

Raw power input couples through halfwave rectifier
D1 toinputof 5V regulator IC1, whose output feeds DC
converter module IC2. C1 filters the rectifier output,
C2filters the output of IC1.

Use

The wall wart should be rated 8-12 volts, AC or DC, @
500 milliamps. Voltage coming off the rectifier must
equal or exceed 7.6V for full regulation. If the powerin-
put comes from a DC source, connect the positive po-
tential to the anode of D1.

Choice of converter determines the output voltage,
+5V to £17V. One-watt modules supply up to 100 ma
at +5V; 30 ma at £17V. Two-watt modules approxi-
mately double this current. Determine the proper cur-
rent rating by measuring current drawn by the project
the module will power. Most projects in this book can
get by with a TW module.

IC1 requires a heatsink whether it powersa 1Wora
2W module.

You can use this board three ways. First, incorpo-

rate it into the design of another project. This requires
modifying the circuit board layout to have the mod-
ule's outputs tie directly to the effect’s power bus.
Envelo-Matic (Project No. 18) gives an example of this
approach.

A second optionis to ‘append’ the circuit board pat-
tern to that of another project, building two separate
boards at the same time and on the same blank. Pow-
erand ground buses connect through short, insulated
jumper wires.

Finally, you can build the supply as a freestanding
board, perhaps with an extended skirt to give room for
mounting holes, and mount it apart from the project
being powered.

Hardwiring obviates the polarity-praotection diodes
needed when using batteries.

APPEND-A-BOARD POWER SUPPLY
PARTS LIST

Capacitors

C1 330uF 25V aluminum electrolytic

C2 470uF 10V aluminum electralytic
Semiconductors

D1 1N4004

IC1 LM7805 +5V regulator, TO-220 case
IC2 DC-to-DC converter module (see text)
Miscellaneous

heatsink for IC1

wire, solder, circuit board, etc.

Fig. 27-1. Append-A-Board Power Supply schematic.

INAPAE

Fig. 27-2. Append-A-Board Power Supply circuit board.

2.5" x 1" reference box

LT 711

© 1998 Boscorelli
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Fig. 27-3. Append-A-Board Power Supply layout & wiring
diagram.
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Switching

Separating the signal switch from the power switch
proves worthwhile in a pedal, if only to avert the mas-
sive thump that often comes with powering up a dead
circuit. Turn-off thump can be equally bad. Projects
shown in this book assume independent power and
signal switches, the stomp switch being reserved for
the signal path. Builders who prize noiseless switch-
ing, or who plan alternative switching setups, may
wish to consider options beyond discrete manual
switches.

Switches include eponymous devices, as well as
electrically controlled channels for which switching is
only one job. They're designated in terms of connec-
tions called poles and throws. A single-pole-single-
throw switch opens or closes two contacls. A single-
pole-double-throw switch connects one path alter-
nately to two others; etc. Acronyms evolved to trun-
cate the names: SPST, SPDT, DPDT, 3PDT, etc.
Switch diagrams show arrows originating from poles
and terminating in throws.

Manual mechanical switches come in toggle,
pushbutton, slide, rotary, pull, rocker, pot-mounted,
and board-mounted DIP types. Pedals favor a
pushbutton stomp switch, supplemented by slide
switches if necessary. They generally avoid protrud-
ing levers likely to be tripped accidentally, or bent by
rough handling.

Switches having two or more throws possess tim-

Fig. A8. 1—Simplest single-switch power/signal arrange-
ment. One DPDT switch controls power and signal. 2—Go-
ing to a dual supply means a costlier switch. 3—Dual sup-
ply with superior signal bypass means a 4PDT switch. All
three approaches could be subject to loud switching tran-
sients; arguing for separate signal & power switches.
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Typical Stomp-Box Switching Functions
Power
Signal
Effect Modifiers
A/B Switchers
Effect Order Switchers
Distortion Multiplexers

ing properties. Those that make the new contact be-
fore breaking the existing one are said to make-be-
fore-break (MBB). Those that break the existing con-
tact before making the next are said to break-before-
make (BBM). Timing matters in cases where switch-
ing momentarily connects the output of a gain stage
to its input, and in circuits carrying enough current
that a brief short could damage the switch or the cir-
cuit.

Indirect mechanical switches include relays, elec-
trically operated switches whose metal contacts
move inresponse to an electromagnet. Common ver-
sions hold in one position only on application of power,
returning to a second position on-removal of power.
Latchingrelays holdin either position, switching state
on brief application of power. Relay switching time
typically falls in the range 5-30 milliseconds. Time to
make often differs from time to break, allowing the
builder to define this by choice of relay.

Relay coils are built for specific supply voltages, 5V,
12V, and 24V being common. Coil resistance predicts
current. Forinstance, a 12V relay with a 1300-ohm coil
draws more than @ ma. A5V relay with a 250-ohm coil
draws 20 ma. Generally, the more elaborate the
switch, the stronger the field required, and the greater
the holding current. Miniature, multi-pole relays
would be ideal for pedals, but for the fact that their
holding current may dwarf circuit current. These re-
lays are practical only in AC-powered boxes. Latching
relays make good options for battery-powered boxes,
because they draw current only for a split-second dur-
ing transition.

Solid staterelays are electronic switches optimized
for current. They use the same terminology as me-
chanical relays but have no moving parts. Their
operating current is usually less than mechanical re-
lays', but still not trivial in a battery-powered box.

Bipolar and JFET transistors can serve as switch-
es. The collector-emitter path of a BPT, or the drain-
source path of a JFET, acts as an open circuit when
OFF, a low-impedance path when ON. BPTs switch
fully ON or OFF from a single supply; most FETs pinch
off several volts below ground.

101



CONTROL

Fig. AS. Typical relay schematics. Diode in parallel with coil
is needed to shunt the reverse current generated when
power is withdrawn from relay; magnetic field collapses, in-
duces voltage that can damage other circuit components
unless shunted by D1, typically 1IN4004,

Power Switching

Natural selection has thinned countless options 1o a
few modes of switching power in pedals. Probably the
commonest of these is making the input or output jack
the power switch. A two-conductor plug in a three-
conductor jack ties the jack's center (ring) terminal to
itsground (sleeve) terminal. This shunts power direct-
ly to the circuit, or drives a secondary switch, such as a
transistor.

Justabout anything that presents a low-resistance
path can switch power. Mechanical switches typically
presentless than one ochm. Bipolar and MOSFET tran-
sistors present less than one ohm 1o a few ohms.
Common FETs (MPF102, 2N5457) present several
hundred ohms; specialized FETs exhibit ON-resis-
tance less than 10 ohms (J105, J108, 2N5434).

For power switching, most circuits treat the collec-
tor-emitter or drain-source path as a series element,

Fig. A10. 1—Using stereo jack as stomp-box power switch.
Insertion of mono plug shorts ring to ground. Circuit is not
grounded until plug is inserted. This arrangement has a
drawback in that axe being plugged in will momentarily con-
nectpower supply through circuit. 2—Using a PNP transis-
toras a power switch. Q1 is held off by R1; leakage currentis
typically less than the battery’s self-discharge rate. Inser-
tion of plug grounds base of Q1 through R2, which turns the
emitter-collector path ON, powering the circuit. 3—Same
technique powers LED in LH1061 dual electronic power
switch; choose R1 to give atleast 2 ma into chip for reliable
switching. Example shows use in dual supply; each switch
has maximum capacity of 200V @ 200 ma. 4—Additional
options are implicitin the schematic of a jack equipped with
a DPDT switch.
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Extremely high OFF-resistance means negligible
leakage. For boxes drawing less than 20 ma, there is
no reason to use anything beyond common 3904/
3906 types. Jobs switching higher current might
move up to, say, a 2N2907 or 2N2219A in a TO-39
case.

Other electronic power switches include members
of the thyristor family, such as silicon controlled rectifi-
ers, diacs, triacs, etc., whose details lie outside the
scope of the text.

Signal Switching

Because line-level signals tolerate up to several thou-
sand ohms of series impedance, just about anything
that provides a low-te-medium-impedance path can
act as a signal switch. This includes the options men-
tioned so far, as well as those whose high resistance
ill-suits power switching.

The 'stomp’ switch is usually an effect/bypass
switch. The DPDT arrangement is preferred because
it takes the effect’s circuitry completely out of the sig-
nal path. A SPDT switch simplifies wiring and lowers
costbut leaves the axe connected to the effect’s input
all the time. While not a problem with properly de-
signed input stages, this method leaves a needless
channel by which spuriae can enter the signal path.

The pedal scene created a need for specific switch-
es that themselves became pedals. An A/B selector
box toggles between two inputs feeding one output.
Effect-order switchers place two effects in series, but
allow reversal of their order with single 4PDT switch.

Unless all points in the signal path exist at the same
potential, switching yields a transient whose strength
varies with speed of connection and magnitude of the
voltage difference. Clicks are minimized by biasing
contact points at the same potential or, if that is not
possible, by making the connection over some tens of -
milliseconds, to give disparate potentials time to
equalize, thereby avoiding a sonic impulse. Voltage
differences commonly develop by the accumulation
of charge in coupling capacitors. Bleeder resistors lim-
itthis charge. Another sticking point arises if inputand
output briefly meet, a common risk when bypassing
an effect. In-phase gain causes feedback oscillation.
The typical switch acts fast enough not to let the box
howl; but a millisecond of feedback manifests as a
pop. This problemis solved by using BBM switches.

Electronic switches suffer varying degrees of
charge injection, a quantity of current coupled from
the control path to the signal path. This current dropsa
voltage across the impedance in series with the
switch terminals. The higher the impedance, the
greater the voltage developed and the louder a click.

Discrete-transistor signal switches comes in se-
ries, shunt, and combination circuits. Though charge
injection can be significant in such switches, they're
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ig. ATl. 1—NPN transistors Q4/5 serve as signal paths controlled by logic inversion ladder Q1-3. When control input to R1 is
GH, Q1 turns ON, bringing collector LOW, turning Q2 ON, bringingits collector HIGH, finally turning signal pass transistor
Q40N. Atthe same time, the HIGH state of Q2's collector turns Q3 OFF bringing its collector LOW, turning pass transistor Q5
F.Signal 1is selected and appears at output of A3. When positive control voltage is released from R1, Q1 turns OFF from

the unopposed ground potential applied through R2, and the states just described reverse; Signal 2 appears at A3 output,

gasily configured to switch slowly enough that no pop
sults. Transistors used for signal switching should
'be fully ON (saturated) or fully OFF. Marginal bias lets
ithe audio voltage change the switching state, causing
distortion.

" Integrated-circuit switches come in JFET and

Timefor C1 to charge and discharge slows the switching process, mitigating potential clicks. 2—BPT shunt switching meth-
od.When Q1 is OFF it acts as a high impedance thatdoes not materially affect signal traversing the two series 10K resistors.
enQ1 turns ON, itacts as a low-impedance shunt to ground, effectively blocking the signal by divider action. Signal path
isbidirectional. DC blocking cap C1 might or might not be needed, depending on the remainder of the signal path. This config-
uration applies to dual-supply systems, i.e., audio swings above and below ground. 3—Classical ‘tee’ switch using FETs, Q2
(OFF when Q1 & Q3 are ON, offering signal a low-impedance path through Q1 & Q3. When Q1 & Q3 are OFF Q2 is ON, offer-

ectronic A/B signal switch using CMOS parts. When control inputis HIGH, pin 2 is LOW, pin 4 is HIGH; so Signal 2 is
ected. When control input goes LOW, switching state reverses, Signal 1 is selected. Key pointis that this single-supply
temuses !/2V+as an artificial ground; switch inputs are biased to '/2V+ through 10K resistors, and switch output terminals
mrebissedto //2V+ as well, since inverting input of Al is a virtual ground. Little voltage difference should be present between
fitchinput and output terminals; resistors on switch inputs prevent accumulation of charge should coupling caps be need-
idon signal inputs. This switch has proven ‘clickless’ in author's pedals. 5—Single FET used as series switch. When S1 is
open, Q1 is ON by ground bias from op amp output. Closing S1 pinches Q1's drain-source channel OFF, blocking signal.
Witching can be slowed by a cap tied between gate and GND. A1 and A2 represent preceding and following stages, which do
nothave to be op amps. 6—Use of FETs as series elements to switch a pre-emphasis type noise reduction systemin or out of
B circuit using a single controlinput. When S1is open, both gates are held LOW by R2, both FETs are pinched OFF, and em-
asis/de-emphasis networks drop out of the circuit. When S1 closes, both FETs turn ON, giving low resistance relative to

K. Time taken to charge/discharge C 1 mitigates switching transients.

CMOS types, commonly two or four to a chip. CMOS
switches thrive in pedals because they're cheap and
widely available, and run off as little as 5V while draw-
ing scantcurrent. The 4016 and 4066 exhibit nonline-
arity in the form of ON-resistance that varies with sig-
nallevel. The resultantdistortionisn’t audible in a typ-
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Fig. A12. Schematic 0f4PDTswntch wiredasan effect -order changer. With switch in position shown, instrumentinput passes
firstto Send-2, comes back through Return-2, then passes out Send-1, comes back through Return-1, then passes to the out-
put. When the switching positions change, order of effects reverses.

ical pedal, but can be reduced, if the builder wishes, by
raising the external impedances seen by the switch.
Divider action dilutes the nonlinearity, but the higher
impedance acts at cross-purposes with click reduc-
tion.

JFET switches include older LF11331/13331 series,
and the new SSM2042/2142 types built to be clickless
by virtue of minuscule charge injection, and slow rise
and fall times of the control pulse. The SSM switches
are built for low noise and low distartion, and deliver
greater headroom than CMOS switches. A built-in
ramp function effects slower rise than fall, so break al-
ways precedes make. The SSM switches are clickless
only in that the switch injects no audible transient. A
click or pop may result if the points being switched ex-
istatgreatly different potentials.

Despite CMOS switches' 18V supply limit, they can

Fig. A13. 1—LTC1043 A/B switch used as distortion multi-
plexer. Preamp output feeds comparator configured as
zero-crossing detector, whose squarewave output (option-
ally passing through <2, +3, etc.) flips the 1043's signal path
alternately between Distortion 1 and Distortion 2. Chip con-
tains an oscillator that could be used to make switching
rhythmic. 2—Example of using a 4066 to switch signal in a
+15V system. The 4066's supply must not exceed 18V; sig-
nal traversing it is limited to something less than 18Vp-p.
Principle also applies to other electronic switches.
Ve
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Fig. A14. Example of using LDRs as signal switches; com-
bines shunt with series technique. When all LDRs are illumi-
nated (low resistance), LDR1 & 2 act as shunts in path #2;
LDR3 & 4 present a negligible resistance in path #1, so signal
#1 predominates. When all LDRs are in darkness (>20 meg-
ohms each), path #2 is unimpeded, signal in path #1 sees
practically an open circuit. Technique is found in amps made
by Acoustic Control and Mesa Engineering.

interface with opamps running off higher voltage; Fig.
A13-2 illustrates the technique.

Electronic switches that open one path while clos-
ing another usually require an inversion ladder to-pro-
vide simultaneous, reciprocal outputs from a single
control input. The inversion ladder is generated by
CMOS inverters, comparators, op amps, or discrete-
transistor networks (Fig. A11-1). The ladder also gives
a point to implement break-before-make, by control-
ling attack and decay of the output pulses. Attack
(make) is made slower than decay (break), so break
always precedes make.

LDRs'built-in time constants makes them 'soft’ sig-
nal switches that have been used in a number of uitar
amps (Fig. Al14).
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Hum happens. Shielded cable, humbucker pickups,
balanced lines, ground-lift tabs, iso boxes and, lately,
DSP engines tuned to quash hum all witness a con-
stant struggle. Mixed measures also speak to sundry
roots. No remedy has met 100% success, making an
expectation of hum-free homebrew gear a tad opti-
mistic. Still, nothing keeps the builder from creating
pieces as resistant 1o hum as anything sold commer-
cially.
Hum flows through copious modes, including:

» AC power fields
» supply hum
» ground loops

AC Power Fields

Hum ariginates in fact that electricity travels as alter-
nating current, 60 Hz in America, 50 Hz in some other
countries. Electromagnetic fields occur near power
transformers and AC wiring. Magnetic and voltage
components of the field couple by disparate mecha-
nisms thatdictate different countermeasures.

A magnetic field couples by means of induction.
Movement of a conductor in a magnetic field, or
movement of a field through a conductor, induces a
voltage in the conductor. Induction equations reveal
coupling efficiency to be proportional to magnetic per-
meability of the medium, orientation of field relative to
conductor, and the number of turns of conductor ex-
periencing the field. The tip-off to this mechanism is
sensitivity tolocation and orientation of the axe, often
with respect to an obvious source of 60-Hz radiation.

The field's voltage component couples capacitive-
ly,inducing a currentin a conductor. The current drops
avoltage across the conductor's impedance, and any
impedance in series with it.

By these factors, a probe designed to sense hum
could hardly better the single-coil pickup: thousands
of turns of copper wire on a ferromagnetic core whose
whole point is high permeability. Coupled with their
highimpedance, pickups ought ta hum worse.

Shielding, as by a metal box, or a foil-lined electron-
ics cavity in an axe, staunches mainly the voltage
field, which cannotinduce a current on the interior of a
closed conductor. The magnetic field penetrates all
butimpractical thicknesses of iron or mu-metal. More
effective anti-magnetic measures include reorienting
the axe and putting space between the axe and the
source of the magnetic field.

EMfields induce hum elsewhere in the signal path.
Axe cable passing close to power cables pick up hum

by magnetic induction. While stomp boxes don't usu-
ally contain spools of copper wire on an iron core,
many do contain high-impedance nodes in the signal
path. This leaves them prey to the AC voltage field.
Say the field couples 100 nanoamps @ 60 Hz 1o the
lead of a 100K resistor that happens to be in the signal
path. That current drops 10 mv across the resistance,
growing with each gain stage. The hum may be hard
to ignare once it reaches the Jensens. This mecha-
nism responds well to shielding, and is the reason
stomp-box cases are made of metal.

Use of inductors or transformers in a stomp box in-
traduces susceptibility to the magnetic component of
the AC field.

Big filter-cap cans in the power supply may radiate
enough energy to induce hum in nearby signal paths.
Certain nonpolar electralytic capacitors sport large
aluminum cans that act as hum antennas when used
as input coupling caps.

Supply Hum

Supply hum presents a triple threat. Most AC-pow-
ered gear uses a transformer, probably the common-
est and strongest 60-Hz radiation source. Shielding
the transformer blunts some of the magnetic field,
much of the voltage field. Toroidal transformers con-
fine their fields to the core, effectively shielding them-
selves. They see much use in high-end audio gear
where self-shielding makes a selling point. Toroids
tend to weigh less, for a given wattage, than conven-
tional transformers, and tocommand a modest prem-
um.

A second supply-related artifact manifests as buzz
due to high-frequency pulses at 120 Hz. Rectification
generates sharp transients at twice the line frequen-
cy. Evenat 120 Hz, the folding points contain harmon-
icsinthe KHz. Shunting each rectifier with a cap helps
but does not eliminate this problem (Fig. A15).

Finally, residual AC in the DC output, known as rip-
ple, leads to hum if severe, or if the circuit suffers poor
ripple rejection. Ripple rarely causes hum these days
because modern audio circuits show a high degree of
ripple rejection. Hum traced to ripple often indicates a
faulty power supply.

Wall-mounted AC-to-DC stepdown converters
sometimes give the user pot luck, for the manufactur-
er's idea of direct current may embrace filtered, requ-
lated voltage as well as the raw output of a rectifier,
The only way to tell what you've gotis to examine the
outputon ascope. Evenif excessive ripple is present,
the circuitry lives sealedin plastic, impossible to open
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Fig. A15. Rectification in power supply creates high-fre-
quency folding points at 120 Hz; buzzing sometimes bleeds

into signal path. Caps in parallel with rectifier diodes help,
butdo not eliminate this problem.

without nullifying the UL® listing. The author advises
against attempting to open or modify a wall wart. A
sample tainted with ripple can sometimes be saved by
adding a filter or a regulator to the circuit it powers
(Fig. A16).

Grounding

Ground has several meanings. Earth ground refers to
a neutral potential available at a cold water pipe or the
third (round) terminal on the AC wall jack. It ties literal-
ly to the earth, a source/sink for electrons that can be
considered locally infinite.

Circuit ground describes a reference point for posi-
tive and negative voltages that power a circuit. Be-
cause power suppliesisolate their circuits from the AC
line through a transformer, circuit grounds in separate
devices can existatany potential relative to each oth-
er and to earth ground.

Chassis ground refers to the metal chassis/enclo-

Fig. A17.1—T1, D1, & C1 form a power supply typical of con-
sumer audio gear. Schematic illustrates three types of
ground. Note that, unless deliberately connected, the three
grounds can exist at any potential relative to each other.
Chassis ground is usually connected to circuit ground, but
consumer audio gear is rarely earth-grounded. 2—Guitar
amps in the 1950’s tied circuit power ground to one side of
the powerline (selected by S1) through a 0.047yF 600V UL
cap. Amp makers added the earth ground connectionin the
1970’s.
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Fig. A16. Means to purge ripple from output of a DC wal
wart. 1—Simple RC network cuts off around 3 Hz; ripple at-
tenuation on the order of 25 dB. 2—Capacitor’s decoupling
action is multiplied by transistor’s beta; voltage loses twe
diode drops across transistor. 3—Using standard 3-termi-
nal regulator. For regulation to hold, input voltage mustnot
fall below output plus regulator’s dropout voltage; around
2.6Vinthe case of the older LM78XX and LM78LXX types.

sure that supports/houses a circuit. It usually ties to
circuit ground at one point, and to earth ground if the
circuitis earth-grounded. (See Fig. A17-1.)

These three grounds connect in various ways.
Some arrangements hum, other don't, and the noisy
ones don't always declare themselves before the fact.

The fortitude implied in the notion of 'grounding’
spawns false intuition. A natural reaction to humis tc
earth-ground the chassis, yet this may exacerbate the
matter, or create hum where none was. Take the ex-
ample of a VCR feeding the AUX input of a stereo re-
ceiver. Neither device is earth grounded; the two con-
nected do nothum. If the receiver’s chassis ground is
then tied to earth ground, the combination may hum
badly.

If earth-grounding cured hum, all consumer audic
products would use three-prong plugs, which practi-
cally none of them do. Guitar amps came late to earth
ground, and then out of safety, rather than hum. The
polarity switch on vintage amps tied a high-voltage
0.047uF cap from circuit ground to either side of the
ACline, selected through a SPDT switch (Fig. A17-2).
That cap's 56K reactance at 60 Hz was low enough t¢
reduce hum; but if the cap ever shorted, the full line
voltage appeared on the chassis. Consumer audic
gear uses a related approach to reduce hum, a resis-
tance in the megohms tied from circuit ground to one
side of the power line.

When using a stomp box to drive a home sterec
amp, hum is usually reduced by tying the ground
screw on the back of the amp to earth ground (the
screw holding the cover plate on the wall socket; do
notinsert ANYTHING into the socket holes).

Ground Loops

Consider the knotty fact that two hum-free AC-pow-
ered pieces can connect by shielded cable and, voila,
they hum. The mechanism usually cited is the dread
and fabled ground loop. Supposedly, no signal exists
in the ground bus; but a signal—hum—may exist be-



O
nut

18K ] [ <
COMMON MODE TRIM H v A2 |
1uF .
NG 1.4
ELECTRICAL — f b T COMMON MODE
95K I L | TR1N
CONTALT et 3 |
1 Ne S e2ox >/ '
PREAMP GROUND T 1 [
. ELECTRICAL i o o )
CONTACT
e

|77 7 Tsgmerar T T 7
il AAA—— |
| e g ouT
1uF | >0
vl ask T4
AxXE AN g |
GROUND | é e (‘)\I
25K
| 1 L \f__/'
—

'_:\ “EFFECT GROUND

sunbalancedinput asifit were balanced,

ctor A3, 4—SSM2142 single-chip balanced line driver, h

lNJ & SHIELDED
O— ™~ —.'j TWISTED PAIR ]
| &5 maren ~3 | | | jl_ql__ e
b .3 ,,//;<§A<ET- | .
Ll
: W ,,1"' | EFFECT AMP GND

1—O0One means to isolate two ground systems is to treat an unbalanced source as ifit were balanced. Differential
8Cts common-mode noise, but also isolates input ground system from amp ground system. This single-amp design
evel feeds due to high series resistance. 2—Similar circuit is available in a single IC, the SSM2141 differential line
; all parts inside dotted line are on chip. 3—Alternative differential amp allows high input impedance without the
B of series resistance. Netinput impedance roughly equals source impedance. Common-mode rejection takes place in
ere usedtoisolate effect ground from amp ground by treating

intuitive fix breaks the ground loop. This can be
as flipping a switch or unscrewing a wire on
gear equipped with ground-lift. Gear not so
edrequires a cable whose shield lead has been
nnected from the XLR plug’s ground tab at one
ly; such a cable should be clearly marked. Try
Bcable in studio gear whose hum appears due to a
nd loop.

If'an unbalanced path between stomp box and
Prepare a cable whose shield lead is disconnect-
mthe plug at one end only. Mark this cable clear-
like balanced lines, stomp-box ground must
t to amplifier circuit ground at some other
,0r the setup won't work.

Ctable ground loops call for an isolation trans-
. This measure applies to balanced and unbal-
ilines. While a transformer breaks the loop, itin-
ces alatent hum source in that the transformer
aswellbe a pickup. If transformer isolation fails,
m probably isn't due to a ground loop between
BIwoisolated pieces.

8r Ground vs. Perimeter Ground

foundloops can occur within an amp or a stomp box.
ntion of these loops popularized single-point
d, a wiring practice in which all grounded circuit
ints reach ground independently, avoiding a daisy-

chained ground bus. The resultant look of the ground
pointsuggested the name 'star’ ground.

Boards in this book use a perimeter ground be-
cause the power supply is assumed to consist of bat-
teries, or a fully isolated supply, such as a DC-DC con-
verter. Neither of these give 60 Hz entree to the sys-
tem.

The builderlooking to star ground toquash humin a
battery-powered stomp box is likely to be disappoint-
ed. Well shielded, battery-powered, star-ground gear
still hums when connected to certain line-powered

Fig. A19. 1—Iso box schematic for balanced I/Q. 4PDT
switch bypasses transformer. A DPDT switch can easilybe
added to enable polarity reversal. Choose transformer im-
pedance to suit the need. R1 loads secondary winding. 2—
Iso box for unbalanced feeds, suitable for placement be-

tween stomp box and amp.
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products.

The builder serious about preventing ground loops
must recognize jacks mounted to the stomp-box
housing as chief offenders, in part because the alumi-
num or steel case has high impedance, causing hum
current to drop a higher voltage. Elimination of loops
requires insulated jacks. The metal box ties to circuit
ground at a single point.

Independent ground paths are vital to stability in
certain types of solid-state power amps; they mini-
mize noise in hybrid analog/digital circuits. The builder
laying out a project meant to run directly off an AC wall
wart might well choose single-point ground, because
60 Hz is present in the ground bus.

Input/Output Modes

Much of musical instrument systems' susceptibility to
hum resides in the unbalanced connection mode,
which naturally chains the ground bus, creating a
ground loop. One way to prevent a ground loop is to
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couple the signalinbalanced from. Differential stages
needonly a voltage difference between theirinput ter-
minals to sense a signal. Whether their circuit
grounds connect is irrelevant. The cable shield re-
quires a connection to the ground of one system or the
other, but not both.

Differential stages come in active and passive
forms. A transformer is a passive form that complete-
ly isolates the two systems. Disadvantages include
bulk, susceptibility to magnetically coupled hum, poor
common-mode rejection ratio (~40 dB fora 42TL016),
andlimited choice of impedances.

The active form, a differential amplifier, offers much
better common-mode rejection than ordinary trans-
formers, but this doesn't necessarily translate into
lower hum, because a perfectly balanced hum signal
israre. Thedifferential amp isolates input ground from
output ground enough to prevent ground-loop hum.

A balanced output stage is also useful for isolation,
evenwhen feeding an unbalanced stage (Fig. A18—4).



lectronic Noise

> noise manifests as hiss, also called white
he builder must contend with three sources:

'mal source noise
lifierinput noise voltage
plifierinput noise current

Source Noise
e is the resistance of the axe, represented
rge carriers bouncing around the humbuck-
e electronic noise that stops only at abso-
0 (-459.7°F). This thermal noise voltage (Ep,)
2niently read off the graph shown below. Ey, of
dresistances:

Oh Noise (nv)
10

41

100 1.28

B K 4

10K 128
100K 41

nic noise voltage is expressed in nanovolts
‘Hertz (nv/rtHz, or simply ‘nv'), usually at 1
lile these units initially seem abstract, they
ameans of quantifying noise, and they're the
inopampdata sheets.

can find thermal noise of any resistance at
perature by remembering that 10K=12.8 nv.
oot of the ratio of the new resistance to 10K;
the result by 12.8. Thermal noise of a 5K sin-
-Coil pickup is:

+10K)95x12.8=9.1nv
noise of a 100-ohm studio micis:
{100+ 10K)%5 % 12.8=1.28 nv

tance connected to aninput acls as a source

Graph of thermal noise vs. resistance.

10 100 1K 10K
Resistance (ohms)

100K 1M

of thermal noise.

Amplifier Input Noise Voltage

Like the source resistance, the preamp input stage
generates noise by existing at room temperature.
This amplifier input noise voltage (E,) is stated in the
data sheet, in nv/rtHz. It applies to op amps, preamp
ICs, anddiscrete transistors.

Amplifier Input Noise Current

The preamp also generates input noise current, I,
stated in picoamps per root Hertz (pa/rtHz). |, matters
because itdrops a noise voltage across the source im-
pedance, and any other impedance tied to an input.
Thisnoise innvis given by:

(I, inamps) x (impedance in ohms) x 109

and is called "l,xRg noise.""

The term 'R¢' has appeared twice, in contexts re-
quiring careful distinction. When speaking of thermal
noise, Rg mustindicate resistance. When speaking of
IxRs noise, Rg can indicate resistance, reactance, or
impedance, depending on the situation. For example,
a 10K resistor tied to an op amp input has a resistance
and an impedance of 10K ohms; this value is used to
calculate thermal noise and |,xRs noise. But one
winding of a 10K:10K transformer might show a resis-
tance of 600 ohms; an impedance of 10K ohms. If that
winding were connected to a preamp input, 600 ohms
defines Rg for thermal noise, 10K ohms defines R for
the I;,xRs calculation.

An ideal capacitor has no resistance and thus
makes no thermal noise. It exhibits reactance, which
is subject to I,xRs noise. Real-world caps possess
equivalent series resistance (ESR), usually low
enough toignore in noise calculations.

Complex RC and RLC networks that typify preamp
input wiring require calculating the impedance of the
network for |,xRg noise, while separating the resis-
tance component for the thermal term. The picture is
cleared somewhat by the observation that a typical
pickup’s resistance approximates its impedance
closely enough to use resistance for both calculations.
The text has adopted this convention.

Calculating Total Noise
We now have three noise quantities:

» thermal source noise voltage, E;j
» amplifierinput noise voltage, E,
» |, xR noise voltage
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These quantities sum, but not by simple addition.
Noise combines as a quadrature sum, the square root
of the sum of the squares. Total noise at 1 KHz is given
by:

[ {Eth)z s (En}z + “anS)z ]0'5

To get total noise over a given bandwidth, multiply
the quantity inside the radical by that bandwidth. This
extra stepis not needed to derive the relative noise in-
dex we'll be using.

Preamp Noise Evaluation
Choosing a chip or a transistor from its E, alone is folly,
because this might happen:

Ace Player built a preamp for his 10K
humbucker using the TL0O71 op amp. Though it
performs pretty well, he wants something
quieter. Thumbing through a recent databook,
he spots the SSM2017, an ultralow-noise studio-
grade audio preamp. The chip can vary gain
with a single pot, obviating the op amp's gain-
setting components, and sports an E,, of 1 nv/rt
Hz. This compares 1o 18 nv for the 071. Ace
orders the chip, builds the preamp—only to find
itno quieter than his current box.

Had Ace bothered with the calculation, he would have
seen this:

For the SSM2017 (Fig. A8-2):

Enz] nv
E|h - ]28 nv
InxRs=(2pax10K)=20nv

Totalinput noise at 1 KHz is:

110

[(1)%+(12.8)2+(20)2]95 = [1+163.8+400]05
=238nv

For the TLO71 (Fig. A8—1):

E,=18nv

Ei (for 10K)=12.8 nv

Eqh (for R1=100 ohms)=1.28 nv
InxRs (0.01 pax 10K) =1 nv

In*Rs (0.01 pa x 100 ohms) =.001 nv

Total input noise at 1 KHz is:

[(18)2+(12.8)2+(1.28)2 + (.1 )2+(.001)2]05
= [324+163.8+ 1.6 +.01 +.000001 |05
=221nv

Moral: Total noise is a complex function. E,, quoted
in isolation may look impressive, but might or might
not dominate total noise of the preamp connected to
anaxe.

Ace would have found the OP-27 a quieter choice. It
and similar op amps (LT1007, MAX427) approach the
minimum noise possible for a preamp working with a
10K source resistance. Input noise of the OP-27in the
071 preamp circuit totals 13.8 nv, only a nanovolt more
than the pickup's thermal noise.

The 2017 makes a fantastic choice for a 100-ohm
studio mic, because low source resistance means low
thermal noise; low source impedance means low
I, Rg noise; total noise below 2 nv.

Two minor points: (1) I,xRg noise is negligible for
FET-input op amps. Don't bother to calculate it. (2)In
strict terms, the netimpedance for noise purposes at
the 071's inverting input, is the impedance of [(R1 in
series with C1) in parallel with R2]; but this comes so
close to 100 ohms to make the difference moot. Use
the value of the resistor on the inverting input for most
noise calculations, -

Noise in Discrete-Transistor Amps
These considerations apply todiscrete-transistor pre-

Fig. A22. Graphs of E,, vs. frequency for selected op amps.
As a normal trait, noise rises below 100 Hz; curves tend to
flatten above 1 KHz. Curves approximated from manufac-
turers’data.
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Fig. A23. Top graph plots E,, vs. frequency at selected val-
ues of Ic for the LM394 bipolar transistor. Bottom graph
{doesthe same for FETs and I 5. Note that FETs require com-
iparatively higher current to achieve E,, as low as bipolar
Jransistors’. FETs' advantage is very low I,,. Curves approx-
\imated from manufacturers’ data.

100K

iamps, except that E, and I,, change with transistor
bias. E, falls as the root of collector current (), I, ris-
‘esastherootof Ic.

Premium low-noise transistors, such as SSM2210
andLM394, exhibit 1 nv E, only when running high I,
Which also means high I,,. Generally, a bipolar transis-
ftorbiased to show E, of 1 nv means at least 1 pa of I,,.
Forcommon bipolar transistors working with a typical
pickup, Ic (in microamps) at which minimum total in-
putnoise occurs is:

[(hee)®5 + Rg] x 0.026 x 106

Assume an SSM2210, whose hrg measures 700;
‘axe resistance 5000 ohms. Minimum noise occurs
whencollector current equals

[(700)°5 = 5000] x 0.026 * 10° = 138pa

Theplot of total input noise vs. I shows a minimum
soshallow that a difference of +75% in I results in an

insignificantchange. An I of 100pa makes a general
ly satisfactory chaice for guitar preamps.

Field-effect transistors follow a similar relationship
between E,, and bias, but use drain current (Ip) In-
stead of I¢. I should fall in the range 1-10 ma for low-
esttotal input noise with a typical pickup.

The Big Picture

The preceding I1s necessary to put electronic noise in
perspective. Analysis rarely requires detailed calcula
tion because the major noise sources are obvious and
oftenimmutable. Key points to keep in mind:

» A guitar pickup's resistance seldom falls below
5K, meaning at least 9 nv of thermal naise. Catalogs
are bursting with op amps having E, lower than this,
making pickup thermal noise the dominant noise
source of the preamp. A high S/Nratio is still possible
because most pickups generate high output relative
to their thermal noise.

» If the preamp input uses a coupling capacitor,
choase a relatively large value; 10uF works fine. A
0.01pF cap has 16K ohms of reactance at 1 KHz, which
Issubject to l,xR. noise.

» Always assess |, xR noise, unless the op amp is
an FET-input type. E, and Eyy, dwarf 1,xRs noise for
types such as 074, 356, 347, elc. For bipolar op amps,
each picoamp of I, means 10 nv of noise per 10K of
source iImpedance.

» Assess the relative contribution of noise sources
by calculating incremental noise. For example, take a
6100-ohm pickup (10 nv Ey,) relative to the E,, of an
OP-27 op amp (3 nv). Quadrature sum of the pair is
only 10.44 nv. Three nv looks significant next to 10 nv,
butin this case 1s small enough toignore.

» The best point tlo minimize electronic noise is the
axe-preamp interface. Boost the signal as high as
possible, as quielly as possible in the preamp.

» Because resistance alone adds noise, avoid un-
necessary resistance in series with an input. While
this usually means avoiding the inverting configura-
tion in an op-amp preamp, most pickups generate
such high outputrelative to their thermal noise that an
Inverting preamp contributes no audible noise, so
long as the input resistance is kept below, say, 220K
ohms, and solong as the op ampis an FET-input type.

» Noise analysis is normally applied only to the pre-
amp. While succeeding stages also generate noise,
they're assumed to operate atline level, which isn‘t al-
ways the case, especially in a stomp-box daisy chain.
Noise gates should remain handy for the immediate
future.

Schottky Noise

Schottky or 'shot’ or 'popcorn’ noise 1s not reflected in
naise equatons. It manifests as pops and crackles,
rather than hiss. If shot noise is audible, the offending
partis deemeddefective and replaced.
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Preamp Design

The preamp is the stage that first boosts the axe feed,
a key nexus, because noise introduced here will grow
in subsequent stages. Unless the builder means for
distortion to happen as the first step, he should make
the preamp as clean and quiet as possible.

This series of stomp boxes chose an op-amp pre-
amp for many reasons. Op amps cost negligibly more
than first-quality transistors, and their inter-unit uni-
formity eliminates variables that haunt discrete-tran-
sistor designs. Op-amp circuits shift less with chang-
es in supply voltage than do discrete-transistor cir-
cuits, and they're easy to configure for special needs
withoutdeparting from the basic circuit. Op amps pos-
sess extremely high input impedance, coupled with
output impedance low enough to drive most loads
found on stage or in studios. Finally, op amps oblige
inverting, noninverting, and differential input configu-
rations, each offering special advantages in the pedal
realm.

The noninverting preamp (Fig. A24-1) minimizes
noise by minimizing the resistance at both inputs, in
turn minimizing thermal source noise and |,xRg
noise. R3 sets the input impedance at 150K, but this
value is shunted by the source impedance, making
the net impedance slightly less than the axe imped-
ance. By contrast, an inverting preamp uses brute-
force series resistance to attain the 150K impedance,
adding more than 49 nv of thermal source noise (Fig.
A24-2). Abipolar opamp's |, drops a significant noise
voltage across this resistance. The 0.7 pa I, of an
LM833 times 150,000 chmsis 105 nv; the 10K pickup's
normally dominant 12.8 nv looks puny by comparison.
Also, the added series resistance causes hum current
sensed by the pickup to drop additional voltage. (The
inverting amp has a couple of redeeming features.
The big series resistance bulletproofs the op amp.
Also, the user can vary preamp gain down to zero by

using a pot for the feedback resistor, something not
possible with a noninverting preamp. Unless these
factors outweigh others, avoid the configuration for in-
strument-level inputs. It works great for line-level
stages, but even there, use the smallest practical in-
putresistance to keep noise low.)

The preampincludes C2 tolimit high-frequency re-
sponse at the input, because local RF can make the
chip an AM radio. C2's f_3 with a 10K pickup is about
1.6 MHz. In areas cursed with high ambient RF, the
builder can raise C2 as high as 220pF without affect-
ing the sound of many pickups. Rectification of RF is
less problematic in FET-input op amps than in bipolar
types.

Veteran op-amp users routinely compensate the
amp for stray capacitance, which is the point of C4. Its
f_a with the feedback resistor does not fall below 159
KHz. While neither C2 nor C4 get close enough to the
audiobandto "suck tone,” C2 should be kept as small
as practical, becauseitforms a 12 dB/octave lowpass
filter with the pickup’s inductance.

Low-frequency response is determined by two
poles. First, R1 and C3 corner at about 16 Hz, leaving
7-string basses all the bottom they need. The 1K value
of R1 is a compromise. If R1 were reduced to 100
ohms, C1 would have to rise to 100uF to keep the
same low-frequency corner. The greater noise contri-
bution of 1K vs. 100 ohms is inaudible at typical pre-
ampagainlevels.

The second low-frequency pole is formed by C1
with the source impedance and R3. Assuming R tobe
10K, this pole cuts off around 1.6 Hz. The builder wish-
ing to weaken low-frequency response should de-
crease the value of C3, not the value of C1. A value of
C1 low enough to attenuate bass response coincides
with reactance high enough to add significant I,xRs
noise to a bipolar-input op amp. While C3is also in se-

Fig. A24.1—The standard preamp chosen for projects in this book; adapts to many special needs; see text. 2—An inverting

preamp w/150K inputimpedance and gain of 10; see text.
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Fig A25. Three of countless alternatives to an op-amp preamp. 1—Bipolar transistor is biased at about 70 ua collector cur-
rent; close to lowest total noise for 10K impedance. Holds for 2N3804 & similar; much intersample variation occurs among
common transistors; gain ~5. Trim R5 to give maximum headroom. Inputimpedance ~190K. High outputimpedance usually
means adding a buffer. 2—Simple FET preamp; gain = 5; drain current = 2.8 ma, in keeping with need for higher current to
minimize FETs'input noise voltage. Clean, low distortion up to ~2V;—p input; exhibits tube-like squashing before hard clipping
oceurs, 3—A hybrid, coupling a discrete-transistor preamp to a couple of op amps that convert the output to balanced from,
gaining 6 dB in the process. Relatively high noise of MC33172 op ampsiis less problematic, because preamplification takes

placeinthe transistor.

ries with an input, it's a gain-determining element,
where C1is not. C3's reactance rises with falling fre-
quency, but this rise also reduces gain for the noisere-
sulting from the increased reactance, resulting in no
audibleriseinnoise. Reducing the value of C1 leads to
anuncompensated rise inreactance, and is the noisi-
estway toroll off the low end.

Input coupling cap C1 is nonpolar, anticipating the
rareevent of a DC offset present in the axe feed. Set-
ups that never face this problem can use an ordinary
polarized aluminum electrolytic, the '~' lead oriented
toward the axe output.

DC coupling an axe to this preamp is practical so
long as the axe contains no coupling capacitor and no
DC offset. Direct coupling obviates R3, because the
ampbias current flows through the axe.

Most preamps, but direct-coupled preamps espe-
cially, should use a shorting jack for the input, to pre-
ventinstability when the axe cord is unplugged.

The value of R3 sets the preamp's input imped-
ance; 150K does net load the presumed 10K pickup.
R3 can be increased 10 220K or more, but this may
cause problems in op amps having high input bias cur-
rentor high offset current. FET-input op amps readily
tolerate a 1-megohm value of R3.

Gainofanoninvertingamp=[1+(R2+R1)]. Setting
preamp gain requires knowledge of the output of the
axe and the supply voltage at which the preamp will
run, for these variables define headroom, the maxi-
mum signal voltage the preamp can support without
clipping. If the axe output peaks at 1V, andif the ampis
running on *6V, voltage gain of about 10 (20 dB)
should be the limit, to allow for the fact that common
opamps do not swing rail to rail. The gain limitrises in
proportion to supply voltage.

Choosing Op Amps
Op amps come in a kzleidoscope of flavors that tends

to confuse the inexperienced builder. Choice calls for
talance among noise, supply current, cost, and pack-
aging. Anopamp used as a preamp should seek mini-
mum noise. Assuming a 10K average pickup imped-
ance, minimum noise occurs in types similar to the
QOP-27 such as NE5534A, LT1007 and MA X427 The
old stand-bys give best value. An OP-27 is second
sourced for <§1.50; an NE5534 for about $0.50.

Maximum economy comes with guad packages,
which alsofacilitate compact boards.

Op amps in line-level stages following the preamp
do not have to be low-noise types, but circuit design
should not ignore the factors affecting noise. That
generally means using the smallest interstage resis-
tance possible. The venerable TLO7X series (18 nv
0.01 pa) makes & good choice, drawing about 1.4 ma
perop amp. Most players willhear the noise difference
petween 07X types and the low-power 06X series (47
nv/0.01 pa).

Current drain becomes an issue in battery-pow-
ered boxes. The builder can trade noise performance
for longer battery life. Standard low-power series in-
clude TLOBX, LF44X (35 nv/0.01 pa), and MC3317X
(32 nv/0.2 pa). Each op amp draws about 200 pa. Cur-
rent drain usually measures higher than this with the
ampin a circuit, because supply current stated in the
data sheet does not account for current sourced
through the op-amp output stage.

True micropower op amps make an increasingly vi-
able option. Micropower means less than 100 ya per
op amp, <50 pa is not unusual. This option demands
careful reading of the data sheet, since many micro-
power amps suffer very high noise, suiting them only
1o control paths; or very slow speed, meaning insuffi-
cient gain for some applications.

Output voltage swing bears directly on headroom.
Some high-performance types will not swing within
2V of either rail; others will swing within one diode
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Fig. A26. Circuits thatblur the line between preamp and tone control. 1—Neninverting preamp has gain of ~2 with R4 at max-
imum. As R4 is reduced, up to 20 dB of treble boost kicks in. 2—Identical to circuit #1, but an inductor, or a simulated induc-
tance, has been substituted for capacitor. In this case, up 1o 20 dB of bass boost is available; f_3 depends on value of induc-
tance. 3—By grounding the ‘input’ of standard active tone circuit, and using noninverting input of op amp as preamp input,
tone control integrates with preamp. With R1 and R2 fully CCW, gain approximates 1. Gainrises as bass and treble controls
arerotated clockwise. Resultant tone curve resembles that of the Fender 'ladder’ circuit. Advantages of integ rating tone con-
trolinto preamp include simplicity, reduced cost, and less noise.

drop. Many CMOS types swing rail torail. Hybrid preamps couple a transistor to an op amp,

Output drive matters if the output sees an imped- combining the simplicity of a single transistor with the
ance less than 1000 chms; 5532/34 and LM837 amps outputdrive of an op amp (Fig. A25-3). They also en-
candrive 600-ohm lines. able very low-power designs, the transistor preamp

A preamp is usually a flat gain stage; tone controls drawing ~100 pa; each low-power op amp, <200 ya.
act as line-level frequency shapers. The differences The higher noise of low-power op amps is less notice-
turn out to be purely semantic, for nothing prevents able because the transistor supplies the initial gain.

the builder from configuring the preamp to vary gain Low-noise preamp chips, such as SSM2016 and
according to frequency (Fig. A26). SSM2017; and super-low-noise op amps, such as

LT1028, best suit source impedances less than 1000
Alternatives to Op-Amp Preamps ohms. They obtain low E,, at the cost of high I,,, which

As a pure gain block, a bipolar transistor is hard to drops significant noise voltage across the high axe im-
beat, being simple, versatile, and cheap. Except in pedance. These chips excel with 150-ohm micro-
premium matched transistor pairs, current gain and phones, but combine with typical pickups to vyield
noise vary greatly from sample to sample. Yet, bad noise well in excess of the possible minimum.
samples excepted, the user probably won't hear a dif-
ference at gain levels below 20 dB. Preamps for Piezo Pickups

The common-emitter amp (Fig. A25-1) makes a Piezoelectric pickups not only work differently from
practical approach to an axe preamp. The high collec- magnetic pickups, they possess significantly higher
tor load needed to achieve I¢ in the vicinity of 100 pa impedance. Avoidance of loading demands a very
means high outputimpedance, often requiring a buff- high-impedance input stage. By the noise factors pre-
er, such as an emitter follower. viously discussed, discrete-FET preamps and FET-in-

Adiscrete-FET preamp is even simpler and allows put op amps give least total noise with source imped-
direct coupling to the axe, but requires many times ances higher than ~25K ohms. FET stages also lend
the current for comparably low noise (Fig. A25-2). themselves to high-impedance configurations. The

When overdriven, this stage tends to squash the sig- tone-robbing effect of axe cable capacitance be-

nal before it clips. comes significant at these impedances, making ac-
Both single-transistor amps give significantly less tive electronics an attractive option.

headroom than an op-amp preamp at the same volt- Piezo pickups do not present a DC path, allowing

age. This disadvantage wanes as supply voltage ris- them to couple directly to the preamp.
es.
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Tone Control

The broad sense of tone involves factors beyond fre-
quency response, notably, the character of an amp’s
distortion and the sound of the pickups and strings.
This chapter limits the scope of tone to frequency re-
sponse. Taking control of tone is easy once the builder
understands frequency-selective gain. That, in turn,
hinges upon a property called reactance, usefully
modeled as frequency-dependentresistance. Capac-
itors exhibit reactance, defined by:

Xc=1+(6.28fC)

where Xcis reactance in ohms, fis frequency inHz,
Cis capacitance in farads. Capacitive reactance falls
as frequency rises. A 1uF cap acts as a 7962-ohmrre-
sistor at 20 Hz; a 79.6-ohm resistor at 2000 Hz.
Inductive reactance is given by:

X, =6.28fL

where X_is reactance in ohms, fis frequency in Hz,
Lis inductance in henries. Inductive reactance rises
with frequency; in a sense the opposite of capacitive
reactance. A 1-henry inductor acts as a 126-ohm re-
sistor at 20 Hz; a 12,600-ohm resistor at 2000 Hz.

Resistive voltage dividers affect all frequencies
equally. Dividers containing caps or inductors subject
signals to frequency-dependent division. The sim-
plest example of this is the tone control found in most
guitars, a variable treble-cut circuit consisting of a ca-
pacitor and a pot (Fig. A27-1). Though rarely used, in-
ductor-based bass cutis also possible.

Combinations of inductors and capacitors tap reso-
nance, givenby:

f=1+(6.28x[LC]"2)

where fis the resonant frequency in Hz, L is induc-

Tone Control Options
Passive
treble cut
bass cut
notch
relative peak
passive bass & treble (PBT)
conventional (cut + quasi-boost)
Fender ‘ladder’
Supro (12 dB shoulder)
bright switch
deep switch
phase-cancellation notch
Active Bass & Treble
true boost/cutbased on PBT combined
with transistors, op amps, or triodes
Equalization
gainblock type
single transistor
single triode
discrete-transistor opamp
discrete-triode opamp
IC opamp
bandpass filter type
graphic equalizer
inductor-capacitor
simulated inductance + capacitor
activefilter
parametric equalizer
state variable filter =

tance in henries, C is capacitance in farads. Rearrang-
ing to solve for Cand L:

C (infarads) = (1+[39.4 x f2L])
L (in henries) = ( 1 +[39.4 x 2C])

In series resonance, the impedance of the network
falls theoretically to zero. In parallel resonance, im-
pedancerises theoretically toinfinity. Imperfectionsin
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Fig. A27. 1—Simplestvoltage divider
tone circuit. Because R2is large
relative to R1, cap has no significant
effectwhen R2 is maximum. When
R2is 0, frequency-dependentdivider
action causes treble toroll off above
the frequency atwhich C1'sreac-
tance equals R1; ~1592 Hz in this
case. 2—Inductor-based circuitacts
similarly, but cuts bass. 3—Parallel
LC network gives highimpedance at
resonance, lowimpedance above
and below resonance. Divideraction
gives a relative peak. 4—Series LC

. network gives low impedance at
resonance; divider actionresultsina
notch.
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Fig A28. Understanding voltage dividers. 1—Twao resistors in series, one end tied to 10V, the other to ground. Divider action
dictates voltage at their junction. Sum all resistances; sum all resistances between the measurement point and ground; di-
vide the latter by the former, multiply the result by the supply voltage; so (9K+10K) x 10V = 9V. 2—Resistors have swapped
places, so (1K+10K) x 10V = 1V. 3—Analyze any number of series resistors the same way. 4—One of the commonest voltage
dividers, a potentiometer or ‘pot.' The middle terminal is called the wiper; voltage available at that terminal varies from 0-10V,
depending on setting of pot. 5—Two dividers, one fixed, one variable. 6—10VDC applied to one end of 100K resistor appears
as 10VDC at the other end, because 0.01pF cap does not conduct DC and thus has no effect. 7—If 10VAC at 100 Hz is applied
toinput of 100K resistor, only 6.1VAC appears at the output. 8—Explains why; capacitordoes not conduct DC, but does con-
duct AC. Itsreactance (X¢), changes with frequency according to X¢ = 1/6.28fC, where X is capacitive reactance in ohms, fis
frequencyin Hz, and Cis capacitance in farads. Substituting X¢ of .01 yF @ 100 Hz shows divider action. 9—If frequency rises
to 10 KHz, capacitive reactance falls, changing divider action. At this frequency 10VAC is reduced to 0.16VAC by divider ac-
tion. 10—A variable divider consisting of two resistances and one capacitance. To analyze behavior, substitute X¢ atdesired
frequencies. 11—At1 KHz, the 100K pot varies output over 3.2 t0 9.1VAC. 12—At 7800 Hz, output varies 0.58 to 9.1VAC. The
10K resistor could represent a humbucker; the 100K pot and .033 cap could be a network typical of in-the-axe tone controls.
13—Variable divider shunted by 500pF capacitor. At 10 KHz, X = 32K (Figs. 14, 15). When 1M potis fully CW, cap is shunted
and has no effect;if potis fully CCW, wiperis grounded and no signal gets through. But if wiperis centered, signal output at 10
KHz equals roughly 93%, because the capacitor gives a low-impedance path around the resistive divider. 500pF cap has
~3.2M of reactance at 100 Hz; network’s output at 100 Hz is ~50%, as dictated by the purely resistive portion of the divider.
This action characterizes bright switches found in many amps.

real-world parts prevent both extremes. Used in divid-
ers, series resonance gives a variable notch; parallel
resonance gives a relative peak (Fig. A27-3, 4). Caps,
inductors, and resonant networks can be used count-
less ways to change tone. For example, a pickup is
also an inductor, which resonates with series or paral-
lel capacitance (Ref. 38).

These few principles underlie a wealth of tone cir-
cuits in axes, pedals, and amps.
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Tone Controls in Guitar Amps
Limitations of the cut-only approach bred passive
bass & treble (PBT). Symmetrical forms reduce the
signal a set amount, say, 20 dB. In 'boost’ positions,
they let some of the cut bass or treble through (Fig.
A29). The 'cut’ positions further reduce bass or treble.
PBT'sgreatlosses demand gain before and often after
the tone block.

Perhaps the commonest alternative to symmetri-
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rig. A29. Understanding passive bass & treble. 1—Passive treble contrel; R1 must have an audio taper to give ‘flat’ response
when centered, 2—Substitution of capacitive reactances at 20 KHz for cap values. 3—Because R2 & R3 are very large rela-
tiveto Xc of C1 & C2, respectively, the analysis can ignore R2 & R3. 4—With treble control fully CW, 93% of signal at 20KHz
gets through. 5—With treble control fully CCW, only 1% of 20 KHz gets through, an attenuation of 40 dB. The network has
negligible effect on bass due to caps’ enormous reactances at low frequencies; e.g., Xc of C1 at 20 Hzis 4 megohms. 6—Typ-
ical passive bass control. 7—Capacitive reactances of C3 & C4 at 20 Hz are so high relative to R4 & R6, respectively, toignore
capsindivider analysis. Theirreactances at treble frequencies are low, providing a shunt for treble around the network, leav-
ingtreble largely unaffected by the divider setting. 8—With bass control fully CW, 80% of signal gets through. 9—With bass
control fully CCW, only 1% of signal gets through. 10—Combining bass and treble controls requires the addition of R7 to re-
duceinteraction between the networks. Assuming both pots to be equalin value, make R7 ~/5 pot resistance; in this case,
10K.With these resistances, bass & treble control points can be shifted by changing cap values, keeping ratio of the two at 10
toretain symmetrical response; or deviating to skew the response. Toraise impedance of network, scale all resistors up by
thesame percentage, scale capacitors down by the same percentage; and vice versa to scaleimpedance down. 11—PBT cir-
cuitfound in many Ampeg amps; treble circuit omits two resistors. Graphs illustrate typical passive tone control response
curves, Outputis —20 dB with controls centered; ‘boost’ merely lets through some of the reduced signal.
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Fig. A30. Evolution of the Fender ‘ladder’ tone circuit. 1—Early version of ladder; all ladder circuits take output off the wiper of
the treble control pot. 2—Circuit whose 350K treble pot is tapped at 70K, allowing greater treble cut. 3—Perhaps the com-
monest configuration in vintage Fender amps. 4 & 5—'Mid’ control does not actually control midrange, but modifies divider
action of bass & treble pots. 6—Ladder tone control from Hiwatt amp; different from Fender’s, yet of patent lineage. 7—
Graph shows I/O of ladder from Deluxe Reverb, relative to constant 10Vp—p input. The Fender tone curveis characterized by a

wide, lower-mid dip approaching 20 dB.

cal PBT is Fender's ladder-like circuit (Fig. A30). Vari-
ations on this design are found in Rickenbacker,
Marshall, Hiwatt, and many other amps. The network
produces a curve with a deep notch near 300 Hz.
Many amps add a control labeled ‘midrange’ that actu-
ally varies the divider action of the bass & treble con-
trols. The ladder circuit underwent many changes in
RC values, a fewin configuration. Fender briefly made

amps with a tapped treble pot, apparently abandoned
because improved treble cut had few takers.

Beyond PBT and Leo's ladder lies a hodgepodge of
dividers that never gained much popularity, but which
give the builder interesting and useful alternatives
(Fig. A34). Most passive tone curves slope away from
bass and treble corners at 6 dB/octave. Supro amps
and Gretsch's Chet Atkins amp incorporated passive

Fig. A30B. 1—From preamp stage of Ampeg GV22; ampbills S1 as ‘ultra-lo’ switch; in fact, it creates severe treble cut by di-
vider action. S2 is the ‘ultra-high’ switch, known as ‘bright switch’ in Fender amps; gives high frequencies a low-impedance
path around the 1M volume control pot. 2—R1 is the ‘presence’ control typical of several Fender amps; as value of Rlisre-
duced, C1 shunts high feedback frequencies to ground, preventing negative feedback of treble.

MNEG.

FEEDBACK PATH

—7|

422V
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Fig. A31, Basics of active bass & treble. 1—Pure bass circuit varies the electrical location of parallel RC network R3-C1. When
R3isfully CW (2), networkis in Al's feedback loop. DC gain is 110K+10K, but AC signals see a progressively lowerimpedance
asfrequency rises, due to falling reactance of C1, such thatimpedance of 100K in parallel with C1 becomes negligible, giving
gainfor treble frequencies of 10K+10K=1. 3—When R1is fully CCW, the RC network appears as an inputimpedance to Al. DC
gainis 10K+110K, but AC signals see a progressively lower impedance as frequency rises, such that R3-C1 impedance be-
comes negligible at and above 1 KHz, and gain approaches unity. 4—Pure active treble control differs in several respects.
First, Al needs 2 DC pathin the feedback loop for biasing; R1 provides this, Second, bass frequencies cannot get through the
treble circuitdue to C1's high reactance at bass frequencies. R1-R2 provide a unity-gain path for bass frequencies around the
treble circuit. When R4 is CW, C1 acts mainly as the inputimpedance to Al. This shows treble frequencies a lowimpedance,
bassfrequencies highimpedance. When R4 is CCW, C1acts mainly as a feedback impedance, reducingimpedance for treble
frequencies but not bass, which flows through R2. C3is usually needed because Al's gainreaches into the AM radio band,
causing interference orinstability. Circuituses 4.7K resistors instead of 10K of the bass version due to halving effect of 100K
resistors with each leg of circuit. 6—Combination active bass & treble using single op amp. Because bass network provides a
bass path and DC bias for A1, the 100K resistors of the pure treble network are no longer needed. Bass control affects treble,
especially above 10 KHz; thisinteraction is minimized by addition of R1, which has little effect on bass response. Importantto
keep in mind that circuits 1-6 invert. 7—An example of Baxandall-type bass & treble control network. Circuitinside dotted
lineis recognizable as PBT circuit, but uses linear-taper pots and symmetrical componentvalues. Output of network is taken
offjuncture of pots; feeds amplifier Q2, which inverts; signal couples to a second amp, Q3, through the emitter. The still-in-
verted signal is buffered by AC emitter follower Q4. A portion of signal is taken at 2.2K/220 resistor junction; feeds back to
paintof network that normally ties to ground. Connection from 220/2.2K resistor junction to PBT network s a negative feed-
back path; if this path is broken, Q2-4 provide gain of ~3.5. When loopis closed, gain approximates 1 with bass & treble con-
trols centered. When taken off center, they alter the amount of feedback for bass and treble frequencies, and thus the gain for
those frequencies.

second-order networks, doubling the slope. Bright switches select a cap in parallel with the vol-
Early PBT networks adapted to gain blocks came to ume pot, to give high frequencies a low-impedance
beknown as Baxandall tone controls, but these rarely path around the pot. Deep swiiches emphasize bass
surfaced in guitar amps by passively cutting treble, or by giving bass a low-im-
Many amps provide for tone control beyond PBT. pedance path around a high-impedance divider. Most
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Fig. A32. 1—Phase-based 600-Hz RC notch found in
Gibson GA-20RVT. 2—Network whose response is similar
to that of the Gibson circuit, from the original Ampeg SVT.
3—Derivative circuit makes a simple tunable notch; com-
ponentvalues shown vary range 140-14,000 Hz; change rel-
ative values of ITM dual pot and 10K series resistors to nar-
row the control range. Notch depth holds close to ~24 dB
over the tuning range. To decrease notch depth, increase
ratio of C1:C2; to increase depth, decrease the ratio. Chang-
ing C2 from 0.0068uF to 0.0015uF decreases notchdepth to
~12 dB. Changing capacitor ratio also shifts frequency
range. Scale frequency without changing notch depth and
three-decade control range by changing C1 and C2 by the
same percentage. Forinstance, to cover 70-7000 Hz, dou-
ble values of both caps. This circuit is easily tuned by ear, by
swapping out capacitors on the breadboard while audition-
ingchangesin tone.

presence controls act in the phase splitter/power
stage by reducing negative feedback above 5 KHz;
treble emphasis at this stage sounds distinct from that
occurring earlier in the gain chain (Fig. A30B).

Some tone networks resist divider analysis be-

maximum bass
+20 dB

0dB

-20 dB "\ | | |
maximum treble

200 2000
Frequency (Hz)
Fig. A33. Curves typical of ganged bass/treble wired such
thatbass boost also causes treble cut, and the reverse. Ap-
pearance of curves may accountfor the name ‘tone-X.'

20 20K

cause they manipulate the less obvious guantity of
phase. Vintage Gibson and Ampeg amps used pas-
sive RC networks to produce a notch near 600 Hz (Fig.
A32). Highpass and lowpass networks shift phase in
opposite directions. Wired in parallel, the phase dis-
parity at their output approaches 180° for one frequen-
cy, at which point partial cancellation occurs. The de-
gree of cancellation depends on amplitude match at
the 180-degree point. A 600-Hz notch heightens clari-
ty when applied to guitar, or invokes an illusion of
depth when applied to bass.

Active Tone Control

Where passive tone circuits harness reactance in
simple dividers, active tone circuits use reactance to
alter gain of op amps, transistors, or tubes. Boost/cut
starts from unity gain, and allows use of symmetrical
componentvalues and linear-taper pots.

> 2388V

Fig. A34. More guitaramp tone

b4
®
=

A * =S ] networks. 1—Identical to treble-
\l/- , o _#%»  cutcircuitfoundin most axes. 2—
IN T E Bass & treble circuit that appeared
K I—0 J—Oc-T in Fender amps in the 1950s.
ieek EEOK! | “‘ Noteworthy mainly for negative

! W::/ hce feedback path through 4.7M
e resistor. 3—Bass & treble circuit

£98K - _J:'V\N— from Supro S6699; consists of

. :3:§ T T .. passive12dB/octave lowpass filter

; {083 <91 feeding bass pot; passive 12 dB/
<~ <|7 octave highpass network feeding
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treble divider. 4—Common

c1 configurationin older amps that
{ provided a single tone control.
When wiper of R1is CW, treble
frequencies see a low-impedance
path through C1. When wiperis
ce CCW, pot makes a treble cut circuit
by divider action with C2.
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Fig. A35, Approaches to graphic EQ based on LC series resonance. 1—Single-transistor graphic EQ combines passive cut
with active boost. When boost/cut potis fully CCW, RLC network appears at Q1'c collector, whose impedance approximates
10K. Divider action gives dip at resonance; 2K resistance (or other value desired) controls depth of dip. When boost/cut potis
fully CW, RLC network appears in parallel with 10K emitter resistor. Because gain of this amp approximates (collectorimped-
ance + emitterimpedance), a peak occurs atresonance; 2K resistor limits gain. 2—Triode circuit works on same basis; parts
require suitably higher voltage rating. Circuit is from an Acoustic® G100T amp, circa 1981. 3—Op-amp-based graphic EQ
also achieves active boost/passive cut. When boost/cut potis fully CW, series RLC network appears as animpedance be-
tweeninverting input and ground (4). Gainbecomes 1 + (10K+RLC impedance). When boost/cut potis fully CCW, series RLC
impedance makes a divider with 10K resistor tied to Al’s output (5). A2 buffers the high-impedance output. 6—Active EQ
builtinto the original Ampeg SVT. Signal coming offamp’s PBT network is boosted and invertedin V1-a;boosted and invert-
edin V2-a, whose output s buffered by follower V2-b. A portion of the now-in—phase signal feeds back through 56K resistor
to V1-a; but, because signal enters through the cathode instead of the grid, feedback is negative. The three tubes together
make a feedback-dependent gain stage. When 50K potis fully CW, series LC network appears predominantly atV1-a's cath-
ode, coupled through 680-ohm resistor and 0.68uF cap. Divider action shunts resonant frequencies, preventing negative
feedback and thereby boosting gain for those frequencies. When 50K potis fully CCW, series LC network appears predomi-
nantly at the output end of the 47K resistor, reducing gain by divider action. Circuit may require changes if duplicated using
modern triodes, because the original tubes were 12DW7s, whose segments exhibited unequal transconductance. 7—Basic
circuit from the Realistic® Model 31-1986 graphic equalizer, which debuted in 1976. Q2-4 form in essence a discrete op amp.
When 50K potis fully CCW, gain reduction occurs by divider action of RLC network with 2.2K resistorat Q2's base. When pot
is fully CW, gain becomes proportional to ratio of 3.9K resistor to RLC impedance. Most common transistors work well in this
circuit, e.g., 3904, 3906, etc. Relatively high supply voltage is necessary for adequate headroom with single-transistor stag-
es. Variants of this circuit appearedin Acoustic and Mesa Engineering® amps of the late 1970s.
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Fig. A36. More approaches to
EQ. 1—Graphic equalizer
typical of op-amp—based
circuits of the late 1970s; up
to 5bands. Totune to
differentfrequencies, scale
caps by simple ratio, always
keeping theirrelative ratio at
10:1. 2—One of the most
versatile EQ circuits; the
nature of Xdetermines the
response. Canuseinductors
& caps (3,4), oractive
bandpassfilters. If Xis a state
variable filter the resultant EQ
gives independent control of
boost/cut, centerfrequency,
and bandwidth: parametric
EQ. Utility is furtheren-
hancedby the factthatone
op amp accommodates
multiple boost/cut pots and
separate X-networks.
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Bass and treble pots wired as a dual such that treble
boost equals bass cut (and the reverse) give a func-
tion known in guitar circles as tone-X, perhaps due to
shape of curve at both extremes.

Equalization

Whether active or passive, classical tone controls fo-
cus at the outer frequency limits. Tweaking crowds
their influence into the midrange, but a better ap-
proach falls under the partly artificial category of
equalization (EQ), defined here as bandwise boost/
cut between the bass and treble extremes. EQ de-
mands segregating frequencies into bands, usually
by means of circuits known as bandpass filters
(BPFs). Classical BPFs harness LC resonance; mod-
ern circuits employ active bandpass filters. Active fil-
tersconsist of RC networks combined with op amps to
simulate functions realized with LC networks in the
pre-op—amp era. A broad topic in itself, active filters

have been treated extensively elsewhere (Ref. 16).

In light of the way gain stages work, several meth-
ods exist to achieve bandwise boost/cut (Fig. A35). A
single transistor or triode uses a pot to vary the influ-
ence of a series resonance tied to ground. When the
network appears at the tube’s plate or the transistor’s
collector, a notch results by divider action. When the
network appears at the tube's cathode or the transis-
tor's emitter, a peak arises due to the low-impedance
path to ground for the resonant frequencies.

Discrete op amps built from transistors or triodes
achieve cut passively, butrealize gain by placing reso-
nant networks so as to reduce negative feedback for
theresonantfrequencies.

The equalizers just described use one or more
bandpass filters, each of which has an end tied to
ground. Floating bandpass filters enable active boost
and cutusing IC op amps combined with a pot to vary-
ing the action of the BPF. When the BPF appearsin the
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Fig. A37. Basic elements of op-

Lowesce aMp-—Dbased state variable filter. Circuit
our  naturally provides HE BF and LP outputs.
Centerfrequency of BP output varies

™ with setting of dual pot R1. R2 varies
bandwidth, but also gain. More compli-

cated circuits allow bandwidth tobe

varied without changing gain; Parametro-

J Matic achieves this with a dual pot;
Parametro-Matic Il injects the signalinto

the Q-control path, such thatdivider

action of a single pot at Al's noninverting
inputalters bandwidth without changing
gain. By giving the filter unity gain and
making it an ‘X’ elementin the circuit
shownin Fig. A36-2, parametric EQis
realized.



Fig. A38. Fixed and variable shielded inductors typically
used at RF and ultrasonic frequencies. These coils adapt to
the audio band when mated to low-Q caps. They saturate at
relatively low voltage, but prove adequate for many S8V
stomp boxes.

opamp’s feedback loop, frequencies passed by the fil-
ter see a low-impedance path, reducing gain. When
the BPF appears in parallel with the input resistor, fre-
quencies passed by the filter see a low-impedance
path, boosting gain.

The nature of the BPF defines two types of equaliz-

Fig. A39. Practical simulated inductance. Formulas demon-
strate that the best way to change the Qof theresonantnet-
work without changing resonant frequency fr is to alter the
ratio of R2:R1 while keeping their product constant. Compo-
nent values in table are taken from data sheeton LMC835
digitally controlled graphic equalizer (Ref. 18); scale both
caps by the same percentage to tune to different frequen-
cies. These values give a Q that suits many audio applica-
tions. Al should possess a high gain-bandwidth product;
LM833, NE5532, and similar types work well. lllustration
shows the simulatedinductance in series with C1, butitalso
resonates with capsinparallel.

: 31 o L L

i c1 c2 R1 R2
L=(C2xR1xR2) 32 15 022 680 110K
64 1 0.1 680 100K

! 125 0.38 0.068 680 91K

fgsi——r—
6.281/L x C1 250 0.22 0.033 680 82K

R 500 0.1 0015 680 100K
Q= | C2 x R2 1K 0.047  0.01 680 82K
3/ C1 xRl 2K 0.022 0.0047 680 91K

4K 0.01 0.0022 680 110K

Fig. A40. Two op amps simulate variable inductor tied to
ground. Like fixed simulated inductance of Fig. A39, this
oneresonatesin parallel or series circuits. Scaleinductance
by raising orlowering value of 0.001uF cap; circuit simulates
enormous inductances. Use polystyrene or similar high-
quality cap.

er. Multiple BPFs, each having a fixed center frequen-
cy and bandwidth, combine with variable boost/cut to
produce a graphic equalizer. One or more BPFs, each
having variable center frequency and bandwidth,
combine with boost/cut to give a parametric equalizer.
The most common BPF which allows variance of fre-
guency and bandwidth is known as a state variable fil-
ter (Fig. A37). The "sweepable mid" now in vogue de-
scribes quasi-parametric EQ, combining variable
boost/cut and frequency with fixed bandwidth. Fig.
A36 illustrates circuits that let the builder realize
graphic, quasi-parametric, and true parametric EQ.

Resurrecting Inductors

Inductance lives like a pearl in the oyster of tone, for
warmth commands a price. Tone-shaping inductors
tend to be large and costly, and prone to saturation in
the deep bass. They remain practical when the sound
of an inductor flows only from inductance. Cap-based
tone circuits predominate these days to the point that
some players have never heard how warm inductor-
based circuits sound.

While no inherent obstacles keep the builder from
designing tone circuits around inductors, suitable
parts aren't easy to find. Scarcity of 0.1-10H inductors
prompted builders to adapt inexpensive audio trans-
formers to the task. This compromise is practical, but
in many cases involves a low Q.

Shielded inductors built for use in RF and ultrasonic
range possess impractically high Qs, suitably dimin-
ished by pairing them with high-value/low-Q caps.
These inductors can be had in values up to 0.15H.
They saturate ata few volts,_, butthis leaves enough
room for many tone circuits.

Simulated inductance makes a powerful alterna-
tive. Besides resisting magnetically coupled hum, the
simulated inductance can be configured for a high or
low Q. This makes a simpler option than a state vari-
able filter for a sweepable mid, and is readily adapted
to voltage control by replacing resistors with LDR-
based optocouplers (Figs. A39, 40).
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Fig. A41. One means to implement a complex tone curve of fixed
shape, variable extent. Curve resolves into three discrete

segments: fairly broad 12-dB peak at ~85 Hz; narrow 20-dB dip at
about 600 Hz; and slow 6-dB rise above 1 KHz. Observing the
general principle toimplementboostin parallel segments, A2 is an
active bandpass filter tuned for gain and Qto give the 12-dB peak
near 85 Hz. Unity-gaininverting buffer A3 is given a gentlerise

above 1 KHz by R4-C3. The two boost curves combine in summing
amp A4, whose gain can be altered, if desired, by changing R9; A4
alsoreverses the inversions thattook placein A2 & A3. Dip at600
Hzisimplemented as a series elementby a phase-cancellation
network placed between output of A4 and input of A5. PotR12

fades between full tone curve and unmodified signal. Input buffer
Alisnotneededif the preceding stage has low impedance. Net 6o
signal pathis noninverting.
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Cooking Up Custom Tone Blocks
Itisn't unusual for a player’'s sound to consist of bass
and treble, and sometimes midrange control in the
amp; treble cut in the axe; plus outboard EQ. These
combinations can be as maddening to specify as they
are to reproduce. Players who find themselves fid-
dling with three sets of knobs to get the right tone may
prefer to build their custom EQinto a dedicated box.
First, establish the curve. The fastidious approach
demands a tone sweep, through outboard EQ and the
amp, plotting the curve with enough accuracy to
guide emulation. Measure output at the speaker ter-
minals. The curve must account for treble cut in the
axe, if the axe tone pot is not wide open. If a tone
sweep is not an option, estimate the curve based on
the amp's tone control settings and outboard EQ.
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Whether measured or approximated, the curve
gives a starting point. Fine tuning takes place by ear,
at the breadboard. Divide the curve into peaks and
dips. Perform estimated curve fitting using the active
or passive tone blocks discussed in this Appendix.
Generally, place boost-elements in parallel, cut-ele-
mentsin series; and place boost before cut. Combine
boosted signals in a summing amp that, optionally,
cancels the gain of summed signals. Remember tore-
invertafterinverting stages, to avoid cancellation with
noninverted feeds.

As a last touch, make the tone curve variable. Fig.
A41 gives an example of a complex tone curve real-
ized by this process. Subjectively, the curve lends
electric guitar the timbre of an acoustic.



Active Electronics

Active, inguitar parlance, implies powered circuitry in
the axe, usually a preamp and often a tone block. This
shortens the span from pickup tofirst gain stage, mak-
ing a system less prone to hum by that path. The
preamp's low-impedance, line-level output resists
pollution in transit a lot better than the pickup's high-
impedance, instrument-level output. Low impedance
also frees tone from dependence on length and grade
of the axe cord. A balanced feedis easily achieved, al-
lowing the player to plug into a rack without going
through a direct box. Active tone circuits broaden the
control range over passive. In fact, they enable any
type of tone control up to parametric EQ. While most
active setups stop with preamp and tone, nothing but
imagination stands between the builder and his own
version of Lester Polfus’ stagerig.

Working up an active setup involves a procedure
not unlike that used to cook up pedal effects:

1. Define the active functions as specifically as
possible.

2.Assess #1's objectivesinlight of general
practicality. For example, you can‘tboost the
output of a hot pickup by 30 dB if the system
runs on nine volts.

3.Prepare a block diagram of the active setup.

4. i the block looks feasible, prepare a schemat-
ic. Breadboard and test the setup. Listening is
the key phase; measurements take a back
seat tosound.

5.Ifthe resultfails to please, return to Step 3 and
try an alternative approach.

6.Once you have "the sound," lay out the
circuit board, build and install the setup.

Options for preamp and tone number too many to
mention more than a few, shown in Fig. A43. These
simple circuits make good choices for the first-time
builder.

Power Options
Like stomp boxes, active systems usually run off one
or two 9V batteries. Housing and changing batteries
forms a big part of the setup. Atleast one manufactur-
er offers an alternative to unscrewing a cavity cover
every time, a hinged-door battery compartment that
mounts in a routed opening.

Repeated flexing of the battery cable eventually
leads to internal separation. Veteran 9V users under-

Active Setup Options
Functions
preamp
tone
effect
compression, distortion, etc.
Subcircuits
transistors
op amps
specialized ICs
Output
mono
unbalanced
balanced
stereo
Power
one battery
two batteries
phantom

stand the weak link to favor the point the wire crimps
to a snap inside the vinyl housing. The player can pro-
long life of the snap by securing the battery, and by us-
ing molded-head connectors whose durability justi-
fies their higher cost (Fig. A42).

The power switch integrates conveniently into the
output jack; the power is off if the axe is unplugged.
This and other switching options are discussed in a
separate Appendix.

Phantom power is the art of sending current
through a conductor that also bears an audio signal.
Studio condenser microphones charge their dia-
phragms with 48V borne through the standard bal-
anced cable. An extra wire carrying power is remote
but not phantom, since this wire bears no audio. Phan-
tom power eliminates batteries in the axe and ex-

Fig. A42. Light-duty 9V snap left, heavy-duty molded snap
right.

125




jlewF

1ee

18uF

25ex

QUTPUT
{BAL. OR

PICKUP

_L PICKUP
.

£

LT

<

ouTPUT

18K

18K
BBﬁG

.e38
lEIEK 18K
@ |

| 478p

:BBK

il F omm
Fﬂ

18K

Fig. A43. 1—Typical passive guitar wiring. 2—passive option for super-hot pickups: balance the feed and lower the imped-
ance using a transformerin the axe. Transformerloads the pickup; how this affects the sound can only be determined by lis-
tening. Output canbe treated as balanced or unbalanced. 3—Gain stage appended to stock network gives line-level, low-im-
pedance output. 4 & 5—Two straight gain methods and approaches to volume control. 6—OQutput is easily balanced. 7—
Simple op-amp preamp. 8—Conversion of single-ended to balanced output using op amps; also, shown with pickup selector
switch. 9—Variable-gain preamp feeds active bass & treble control. 10—Simpler tone circuit; noninverting, but can only ap-
ply boost, not cut. These examplesillustrate a few possible active setups for guitar & bass. Component values shownare typ-
ical, but will require fine tuning for desired sound, supply voltage, etc.

pands headroom to any practical voltage available
from the phantom source. The builder weighing an ac-
tive setup might at least consider this option; Fig. A45
shows several possibilities. The most versatile ap-
proach demands a balanced feed and a pair of trans-
formers.

Hum

Active setups open another chapter in the saga of
hum. A preamp in the axe reduces hum arising from
exposure of a high-impedance path. It eases none of
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single-coils’ bent to pluck hum out of the ether, and
may actually breed new avenues for hum, for phan-
tom-power transformers might as well be pickups.
Many issues that arise in working up an active set-
up have to do with hum, and often require empiric res-
olution; for instance, how grounding the strings af-
fects hum; whether to run the package off a single
supply with an artificial ground or a dual supply with a
true ground; etc. The builder can reduce the general
predilection to hum by choosing pots having the least
resistance in keeping with needs of the circuit; 10K



Fig. A44. Two control cavities, scaled relative to a quarter. Right cavity could house an elaborate system. Not clear from pho-

[

tos, butboth cavities offer sufficient depth to accommodate the thickness of a 9V battery.

pots instead of the 250K and larger pots common to
passive electronics. Some setups benefit from shield-
ed cable for the few inches between electronics and
pickups or switches.

Shielding the electronics cavity reduces hum in
some setups, but only as a third or fourth priority. A
grounded aluminum-foil lining makes an excellent
voltage shield that does little to attenuate magnetical-
ly coupled hum. The utility of shielding rises with the
impedances of the paths being shielded.

Construction

Axe-dwelling circuitry differs from outboard in having
to fit cramped quarters. The average cavity gives
room enough that the builder need not resort to sur-
face-mount parts. Choosing small versions of stan-
dard parts saves a lot of space. Tantalum and mono-

lithic caps, and /eW resistors aren't much bigger than
their surface-mount counterparts, and can actually
better themin horizontal density.

For vertically cramped cavities, lay out the board to
flat-mount the parts. Radial-lead and disc caps lie flat,
asdoresistors and diodes. Use in-line holes for a tran-
sistor’s leads so the body folds easily ontoits flat side.
Forgo sockets for IC's to save about /8" vertically. Re-
verse these priorities for horizontally cramped cavi-
ties, vertically mount as many parts as possible.
Stacked circuit boards call for a bit of ingenuity, but
can solve otherwise difficult constrictions. Additional
space savings flow from using pull-switch—equipped
pots.

Perhaps the most valuable construction guide is to
plan the work. Inspect the cavity, estimate how much
room an active package can occupy and what space

Fig. A45. Phantom power schemes. 1—Simple; limited utility. 2—A more complicated scheme uses unbalanced cable but
yields a balanced output. 3—Three-conductor cable opens greater possibilities. Single-transistor amp shown. 4—Phantom-
powering an op amp; could power complex op-amp circuits, including parametric EQ, compressor, etc. In all cases, circuitry
shown inside dotted lines is in the axe. Voltage supply in remote box allows headroom well beyond that practical with axe-
mounted batteries. The phantom system must account for the coils’ resistance. In the case of Mouser 42T X016 600:600-ohm
transformers, this measures less than 200 ohms per winding. Current limit for an 8V system: 8000 mv + 200 ohms =40 ma.
- Mostsetups run on a fraction of that current. .
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Fig. A46. Some pots contain a plastic stop likely to meltif
pot cover is tinned in place. A preferable approach is to re-
move cover; tin, clean, and replace.

the batteries will need. Prepare a cardboard mock-up
of the circuit board, try it for fit. Diagram the existing
wiring, to facilitate a return to stock; and diagram pro-
spective routing for the active setup’s wiring. Poor
planning could lead to an installation well underway, at
which point the builder realizes that reaching the next
connection requires removal of the setup.

Ground all pots' covers. When installing a virgin
pot, tin the cover before assembly. Tinning a cover can
be difficult, even hazardous, while the pot is mounted
in the axe. In some cases, tinning requires enough
heat todamage a plastic stop tied to the pot shaft (Fig.
A46). One way around this problem is to remove the
pot's metal cover for tinning. If the coveris lacquered,
or plated with metal that resists tinning, file a spot
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Fig. A47. Pot equipped with DPDT pull switch, a handy
switching option for axe-dwelling circuitry.

down to the bare metal, tin the pot. This approach al-
lows use of high heat available from a soldering gun.
Once the cover has cooled, clean it of debris and re-
placeiton the pot.

Use shielded cable for high-impedance paths; mini-
mize the length of these paths. This holds especially
for piezo setups.

Solder as many connections as possible prior toin-
stalling pots & boards. Tin everything you cannot pre-
solder: pot terminals, wire ends, component leads,
and especially pot cases. This makes soldering a mat-
ter of tacking.

First-time builders may find it prudent to work onan
instrument they are willing to sacrifice, and, even so,
1o start with reversible mods. Don't drill, file, cut, or
rout. Before changing anything, prepare a detailed di-
agram of the existing circuit. If the stock setup is par-
ticularly complex, attach small tape labels to the wir-
ing. Fit the electronics to the available space; save all
parts removed. The results will tell whether perma-
nent mods are worthwhile.



Project No. 28

Axe-O-Matic

AOM is an axe-dwelling preamp with active bass &
treble. Runs off 9V and up; power-on with plug inser-
tion.

Circuit Description

Asingle pickup, or the pole of a pickup selector switch,
ties through C3 to noninverting preamp IC1-a, whose
gain varies by trimpot R2 from 1 to 22. Preamp output
couples directly to an active bass & treble network
made up of IC1-b and associated components. Tone
control output couples through C8 topot R11, and from
R11's wiper through R12 to the output jack.

Power switching is accomplished by a switch-acti-
vated transistor. When no plug is present, the base of
Q1 is pulled HIGH by R13, turning Q1 OFF. Leakage
current measures in microamps and is comparable to
mostbatteries’ self-discharge current. Insertion of a 2-
conductor pluginto the output jack grounds R14, turn-
ing Q1 ON, powering the circuit.

Use
Pots have these functions:

R2 preampgain trim (1-22)
R5 treble

R9  bass

R11  outputlevel

Useis self-evident.

Notes

Preamp gain must account for the pickups' output,
and the fact that the bass and treble circuits add up to
20 dB of boost at the frequency extremes. A freshly
charged nicad gives about 5Vp-p of headroom. Raw
preamp output should not exceed 500 mvp-p 10 allow
for the tone controls' maximum boost. Preamp gain of
~3 (10 dB) proved suitable for a pickup whose raw out-
put averaged 100 mvp-p. The prototype used a fixed
1K resistor in place of R2.

The builder can alter the tone controls’ ranges by
changing the values of C4 & C6, or boost/cut by
changing values of R8/R10 for bass, and R4/R6 for tre-
ble.

The prototype was tested in an inexpensive, sin-
gle-pickup bass that had only two potentiometer
holes. To accommodate three functions in two con-
trols, a dual 100K pot was used for R5 and R9. The tre-
ble controlwas wired in stock fashion, but connections

to the end-terminals of the bass pot were reversed,
such that treble boost also gave bass cut, and the re-
verse. The setup proved versatile to the point of exu-
berance.

The 33172 dual op amp was chosen for its low cur-
rent/long battery life/large headroom. Despite rela-
tively high input noise voltage (32 nv), no audible re-
duction in noise was noted with TLO72 (18 nv) and
5532 (5 nv) types. The prototype drew just under 1.8
ma when running off a freshly charged nicad.

The treble circuit makes a pretty fairamp for AM ra-
dio signals. If interference results, increase Clto
220pF, increase C7 to 0.0014F, and wire a 100pF cap
from IC1 pin 3 to ground.

Minimum hum required grounding the strings and
both patentiometer cases. Since grounding schemes
vary among axes, the builder should expectto experi-
ment to find the wiring requirements for least hum.

AXE-O-MATIC PARTSLIST
Resistors

R1 470

R2 10K single-turn trimpot

R3 150K

R4 47K

R5,9 100K pot

R6 2.2K

R78,10,14,15,16 10K

R11 10K audio-taper pot

R12 100

R13 1M

R14 10K

Capacitors

C1 100pF

C2 47uF

C3, 8,9 10uF aluminum electrolytic
C4 0.039uF polypropylene

C5 220uF aluminum electrolytic
C6 0.0056uF polypropylene

C7 470pF

Semiconductors

D1 TN4001

IC1 MC33172 dual opamp

Q1 2N3906 PNP transistor
Miscellaneous

J1 V4" 3-conductor jack

wire, circuit board, knobs, solder, 9V battery
snap, etc.
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Fig. 28—1. Axe-O-Matic circuit board.

Fig. 28—-2. Axe-O-Matic layout &
wiring diagram. GNP

Fig. 28-3. Axe-O-Matic
prototype board.
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Tremolo

‘Tremolo means rhythmic intensity change; simple
-amplitude modulation, but also an effect of nuance.
‘Tremolo suits the pedal scene because few amps al-
low control of anything but rate and depth, excommu-
nicating the player from traits that truly change the
'sound. Taking charge of the process opens a vista of
possibilities, simply achieved with a control voltage
generatoranda VCA.

The Control Voltage Generator
The sound of tremolo depends on the rate and shape
of a subsonic control feed modulating an instrument
feed. Most circuits use sinewave or triangle control
feeds, the sonic difference being small. Function-gen-
erator chips make convenient, easily tuned sources,
asdoop-amp-based oscillators. Sources that gener-
ate incidental squarewaves have a way of polluting
the signal path with clicks. The builder planning to
stick with sine or triangle control might save a few
headaches by using a source that does not also gen-
erate squarewaves. The modulating waveform may
take any shape, with the caveat that sharp edges tend
to bleed through when the instrument is silent. The
control voltage typically couples to the VCA through
anopamp (Fig. A49-2).

The most musical-sounding tremolo operates be-
tween 1 and 5 Hz. Rates outside this range are useful
forspecial effects.

The VCA

Any VCA could make a competent tremolo if gain
were all that mattered. In fact, feedthrough separates
contenders from champs. Feedthrough manifests as
beating, audible pulsations heard when the instru-
ment is silent. VCAs differ significantly in trimmed
feedthrough. The text chose an NE570-VCA for trem-
olo because this chip’s feedthrough is so low as to ob-
viate suppression beyond trimming, even when the
control feed clips (Fig. A54).

Fig. A48, Basic tremolo block diagram.

Control —2~<~ Rate
Voltage

Generator -~~~ Depth

Control Feed
/_‘\\\_/ P

Control Port

Inpuf ! VCA | Output

Tremolo Options
Oscillator Complement
single
multiple
Rate
fixed
variable
manually varied
rhythmically varied by 2° oscillator
level-dependent
Waveform Shape
fixed
sine
triangle
ramp
negative ramp
square
diode clipped sinewave
irregular
rhythmically varied by 2° oscillator
level-dependent
VCA Resting Gain
fixed
maximum
medium
minimum
rhythmically varied by 2° oscillator
level-dependent
Modulation Depth
fixed
rhythmically varied by 2° oscillator
level-dependent
Outputs
single
mixed inverse (requires two signal feeds)

dualinverse (pan-tremolo)

Feedthrough does not have to doom a tremolo that
sounds exceptional otherwise. For example, an OTA
driven to squashing might make a "tube sound”
tremolo whose feedthrough could be suppressed by a
highpass filter. The Vox AC-15 and the Ampeg B-12X
contained stiff highpass networks to blunt subsonic
feedthrough (Fig. A51-1). Highpass filtering cannot
quell artifacts that accompany sharp control feeds,
nor hiss modulated by the VCA. Gating and internal
companding make viable solutions to severe feed-
through.

Tremolo: The Undiscovered Effect

Amp-dwelling tremolos provide control of rate and
depth. This usually proves adequate, because the
amp's manufacturer has tuned the other variables to
give a pleasing sound. Moving tremolo to the pedal
domain awakens sleeping possibilities. The first re-
striction to go is the number of oscillators. Two
summed control feeds create the sound of "dueling
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Fig. A49. Four tremolo-ready subsonic oscillators. 1—Sinewave oscillator is adapted from one shown in Ref. 8, p. 451. Origi-
nal specs call for 1% resistors, but 5% types work fine. C1 & C2 must match reasonably well; 10% tantalum, 10% monolithic,
and 5% polypropylene caps have given good results. R2 sets minimum frequency; can be reduced to 2.2K for much higher
frequencies. Much lower frequencies can be had by raising value of capacitors, or replacing 2M pot with an LDR shunted by
10M. 2—Coupling block that can be used with all four oscillators. 3—XR2206 function generator configured as variable-rate
triangle generator. A true squarewave output is available at pin 9; omit R1 if circuit does not use squarewaves, 4—XR2206
configured to vary slope of ramp output from ramp to triangle to negative ramp. Drawback is that changing frequency neces-
sitates changing C1. Squarewave output gives varied duty cycle from ~10-90%. Omit R1 if squarewave output is not used.
5—One of the earliest op-amp-based function generators; creates simultaneous square and triangle outputs. Has advantag-
es of simplicity and low cost. Value of R1 determines amplitude (which also varies with supply voltage), value of R3 sets rate,
in this case, ~0.3-15 Hz; amplitude ~3Vp—p with a 7.5V supply. Range can be changed by value of cap in feedback loop, or val-

ue of pot R3.

tremolos’’ as different rates interleave.

The next casualty, fixed rate, is easily yoked to in-
strument dynamics; the main instrument, or a sec-
ondary feed. Rate can also be made 10 vary under
control of a second subsonic oscillator.

The modulating waveform’s shape seems conspic-
uously neglected in the quest for new sound. Slow
ramps create whah-like surges in held notes; convinc-
ing swells if the player picks in sync with the onset of
the ramp. Negative ramps impart the pong-like sound
of early analog synthesizers. Audibility of altered con-
trol-feed shape is greatest at slow modulation rates.
Squarewave and quasi-squarewave control feeds
yield sounds whose character varies with duty cycle.

Much of tremolo’s impact hinges on the VCA's rest-
ing gain, and whether the modulating waveform
boosts or cuts gain. The typical in-amp tremolo varies
control voltage amplitude around some fixed point.
Building from scratch puts this static point under the
player's command, enabling three distinct dynamic
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classes. With moderate resting gain, the modulating
waveform boosts gain on peaks, cuts gain on dips.
With VCA gain at maximum, positive control peaks
have no effect because volume cannot grow past
max. Negative control peaks reduce volume, result-
ing in a subtler yet distinct effect. Finally, with zero
resting gain, negative control peaks have no effect be-
cause volume cannot fall below zero. Positive peaks
launch tones from a background of silence; a bold, al-
most percussive sound.

Once liberated from the amp, tremolo can go look-
ing for partners, such as distortion, delay, or pitch vi-
brato.

No law says one-tremolo, one-output. A single in-
putfeeding dual VCAs wired for inverse gain, rhythmi-
cally pans the signal between channels. Two inputs
feeding two VCAs synched to aninverse control volt-
age, and with each VCA feeding a summing amp, re-
sultsin arhythmically varied mix of main and second-
ary feeds. These effects and more are readily



Fig. A50. Function of Fig. A53, LDR-based tremolo. Scope display shows 5-Hz control feed superimposed on signal enve-
lope; both signals are DC-coupled to scope. A—Feed does notexceed ground; LED does notlight, signal envelope is not af-
fected. B—When control signal reaches 2V, LED turns on, LDR resistance changes, envelope changes. C & D—resting DC
bias of control feed continues torise, envelope shows greater modulation. The LDR's slow decay distorts the envelope; the
resultant sound suits some players’ tastes; slower control frequency results in lower distortion and greater tremolo depth. E
&F—DC bias applied to control waveformincreases; LED stays on, LDR does not turn off. Compare these traces with those
of the several Tremolo-Matics, which use chip VCAs. Control feed scale 5V/div., tremolo output scale 1V/div. R8 has been
trimmed to give a symmetrical output envelope.

133



V=

Fig. A51. 1—Passive highpass network found in vibrato
channel of the Vox AC-15. Signal must traverse six poles, f_3
of each around 32 Hz; lossy. 2—Op-amp-based quasi-18
dB/octave highpass filter. 3—Similar to #2, but based on
emitter follower. C =0.027 uF for 60-Hz cutoff.

V4

OSCILLATOR

Fig. A52. Schematic representative of Fender ‘shunt’ trem-
olo. What is not apparent is that varying the volume at this
point takes subsequent stages into and out of tube-sound
distortion/compression modes.

achieved by coupling a subsonic oscillator to various
voltage controlled blocks.

Tube-Sound Tremolo

Tube amps' on-board tremolos vary gain through sev-
eral methods, including an optocoupler-based divider,
and bias modulation in the preamp. In both mecha-
nisms, each cycle takes subsequent stages into and
out of the compression and distortion modes that
characterize tube sound. Qutboard tremolo allows
elaborate modulation control, but cannot replicate the
tube amp transfer function through a VCA alone.
Combining a sweet tube amp with outboard tremolo
lends both sounds an added dimension.
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Fig. A53. LDR-based tremolo whose I/O is shown in Fig.
A50. R1 varies the resting DC bias applied to the LDR; trim
R8 for best symmetry of output waveform. Al mustbe able
to supply enough current to light the LED in the optocou-
pler; TLO7X and similar work fine.

Fig. A54. Trimmed feedthrough of NE570-based VCA is ex-
tremely low. Despite control feed clipping at both extremes
(output of 3317X op amp feeding 47K resistor tied to pin 1 of
570; 15V supply), feedthrough is lost in noise. Control feed
scale 2V/div., VCA outputscale 10 mv/div.; sweep 20 ms/div.




Project No. 29

Claims of tube sound from solid state usually need
plenty of salt. Not so TM4. Read on.

Circuit Function

Signal path: Instrument feed couples through C14 to
" noninverting preamp IC1-d, whose gain is fixed at 11.
Preamp output couples through C12-R14 to IC2, an
LM3080 configured for gain of ~1. IC2 output feeds a
four-pole highpass filter made up of IC3 and associat-
edcomponents. IC3 output couples through C3-R25
to output level pot R26. The signal path is noninvert-
ing.

Control path: IC1-b/-c and associated components
form a sinewave oscillator whose amplitude is
timmed by R5 and whose rate is varied by R1 over the
approximate range 1-10 Hz. IC1-b output couples
- through R8-a & R9 to inverting buffer IC1-a. R8-b ap-
plies a variable positive DC potential through R10 to
the inverting input of IC1-a. The control mechanism
works thus: When depth control pot R8 is fully CCW,
the potential at IC1-a's output is near ground; the au-
dio signal passes from input to output at roughly unity
gain. As R8 is turned CW, R8-a increases the sine-
wave amplitude, up to the trimmed limit of ~7Vp—p; the
DC voltage applied through R8-b & R10 results in an
offsetat the output of IC1-a that peaks at about—3.75V.
This offsetis reflected as a positive offset at the output
ofIC2, because the control voltage feeds IC2's invert-
ing input. The sinewave impressed on this DC poten-
tial alternates the offset between ground and IC2's
positive output limit. Rhythmic alteration of headroom
effectively modulates IC2's gain.

Use
Pots & switch have these functions:

R1 tremolorate
R5 sine trim

R8  depth

R26 outputlevel
S1 effect/bypass

First, trim sinewave amplitude. Connect scope probe
toIC1 pin 7, trim R5 for ~7Vp—p.

Initial settings: R1, R26 fully CW; R8 fully CCW, S1
tremolo. Connect unit to axe and amp, establish de-
sired listening level. In this state the box acts as a pre-
amp/highpass filter with gain of ~1. Turn R8 CW and
note the sound with various combinations of tremolo
depthandrate.

Tremolo-Matic IV

Notes

TM4 is optimized to run off a pair of 9V batteries. Sig-
nificant departure from 6.5 to *10V is not recom-
mended. The prototype's fixed preamp gain of 11 may
have to be altered to suit various guitars. The proto-
type photo shows R5 as a single-turn trimpot; a multi-
turn potis recommended.

The fact that TM4 sounds different from VCA-
based tremolos should not surprise the player, since it
contains no VCA. Gain modulation by unipolar
sguashing is the same mechanism found in certain

TREMOLO-MATIC IVPARTS LIST
Resistors

R1 2M reverse-audio pot

R2 180K

R3,4,12 2.2K

R5 1K multiturn trimpot

R6 1.5K

R7, 20,22 47K

R8 10K dual pot

R9, 11,23 100K

R10 200K

R13 4.7K

R14, 25,29 10K

R15, 16 200

R17 7.5K

R18,28 1K

R13, 21, 24 39K

R26 1K audio-taper pot

R27 150K

Capacitors

C1,2 1pF 10% tantalum

C3, 11 200pF

C4 0.001pF

C5,6,7.8 0.1pF

C9, 14 10uF nonpolar electrolytic
C10 10pF

C12, 13, 15, 16 10uF aluminum electrolytic
Semiconductors

D1,2 1N914

D3, 4 1N4001

IC1 TLO74 quad op amp

IC2 LM3080 OTA

IC3 TLO71 opamp
Miscellaneous

S1 DPDT switch

/4" jacks, wire, solder, circuit board, 9V battery
snaps, etc.
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Fig. 29-1 (this and facing page). A—Tremolo-Matic IV control voltage top trace, music envelope bottom trace. B-D—Con-
trol voltage amplitude increases, music envelope shrinks unidirectionally due to loss of headroom. E—Removal of music
feedreveals substantial feedthrough, about 2Vp—p. F—LM3080 input/output of 1 KHz sinewave; scope DC coupled. With no
control voltage applied, input approximates output. G (facing page)—Static DC voltage applied to control port first causes
unipolar squashing, then complete loss of headroom as IC2's outputis driven to its positive limit (H).
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Fig. 29-2. Tremolo-Matic IV
prototype board.

' classic tube amp tremolos. This box walked away with  ning in parallel with the main OTA—but receiving only
aneasy tiein a head-to-head shootout witha vinylcopy the control voltage—puts out a pure feedthrough sig-
of "Harlem Nocturne,’ whose nasty rhythm guitar is nal; that voltage subtracted from the main OTA output
‘anarchetype of tube amp tremolo. VCA-based tremo- leaves pure audio. Fig. 29-3 shows one incarnation of
los don’t duplicate this sound because they don'tdis- this approach; 100-ohm pot trims feedthrough.

tort.

The unorthodox approach saddles the system with
heavy feedthrough, ~2Vp-p coming off IC2 at maximum
“depth. Four-pole highpass filtering and 20 dB of quasi-
‘companding make the box as quiet as the average
tremolo.

The nature of the modulator makes an alternative
‘means to suppress feedthrough. Anidentical OTArun-

Fig. 29-3. Circuitry inside dashed line shows a means to can-
cel feedthrough.
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Fig. 29—4. Tremolo-Matic
1V schematic.

Fig. 29-5 Tremolo-Matic
IV circuit board.

Fig. 29—6. Tremolo-Matic
1V layout & wiring
diagram.



which shift phase, besides altering amplitude. Blocks
‘that shift phase without altering amplitude are known
as allpass filters (APFs), such as those shown in Fig.
'A55. APFs come in /ead versions that push output
phase ahead of input phase, and lag versions that shift
output phase behind input phase. A single APF
achieves nearly 180° of phase shift. A limited band of
frequencies is affected by a single APF for a given val-
ueof C1, such that musically suitable circuits cascade
stages.

Statically shifted phase gives a non-effectin mono,
but owns the distinction of having underlaid the two
major quadraphonic encoding systems in the seven-
ties, and currently sees use in certain types of stereo
synthesizers. Stereo phase shift keys on one way
hearing localizes sound. A listener centered between
two small speakers eight feet apart and eight feet
- away hears a single sound source placed between the
-speakers when a balanced, monophonic signal is
‘played (Fig. A57). This is known as a centered image.
As phase between channels shifts, the image first
‘broadens, then becomes diffuse and impossible to

Fig. A55 (right). APFs have unity gain, but alter phase of
‘output, depending on setting of 250K pot. 1—Op-amp—
‘based lead version moves phase of output ahead of input.
'2—Lag version causes output phase to trail input phase.
Each stage approaches 180° of shift; 0.01uF cap value is a
good compromise; smaller values favor higher frequencies,
larger values favor lower tones. Practical embodiments cas-
cade stages and place the effect under voltage control.
APFscanuseinductorsinplace of caps. 3 & 4—An alterna-
tive phase-shift method starts with transistors configured
as phase inverters; signal at collector/drain is antiphase
with signal at emitter/source. The juncture of 250K pot and
0.01uF capis a simple summing junction; as pot value is re-
duced from 250K to 0K, the percentage of noninverted sig-
nalrises. Due to the way matched sinewaves sum, this man-
ifests as smooth phase shift from 180° to 0°.

pinpoint.

Rhythmically shifted phase manifests as a movein
pitch apparent only while phase is changing. The
mechanism compares to an electronic emulation of
the Doppler effect. The result sounds distinct from
tremolo and is often called pitch vibrato. Guitar figures
in "Wheels" (the String-A-Longs, 1961) and the
Beatles' "It's Only Love' typify the form. Stereo vi-
brato connotes a system in which each channel's
phase moves in a direction opposite the other's. Both
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input—  Phase  __ o 1iraction —e- £k
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Input——  Phase Addition - %. B
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Fig. A56. Block diagrams show how phase shift can be used to alter frequency response. Given a single APF, only one output
frequency approaches 180° of phase shift relative toinput. Subtraction of a negative number equals addition, creating a peak
atthatfrequency. Addition creates a notch because equal and opposite quantities cancel when added. Phase shifts accumu-
latein cascaded APFs, placing several frequencies 180° out of phase, giving multiple notches or peaks.
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Fig. A57. Effectof phase on sonicimage. If listeneris centered between stereo pairin-phase mono, sound seems to originate
from a point halfway between them. Ifinverted, sonicimage becomes diffuse andimpossible to localize; ‘phasey’.
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Fig. A58. Basics of the phase-shift block found in the Mag-
natone vibrato circuit, including stereo version of the leg-
endary Model 280-A amp. V1 splits input signal into invert-
ed and noninverted feeds. Inverted signal couples to V2
through C1; noninverted version couples to C2 & C3, each of
which ties through a varistor to V2's grid. The capacitor-end
of each varistor ties through a 47K resistor to one output of
phase splitter V3, driven by the vibrato oscillator. When a
large voltage difference exists between V3's plate and cath-
ode (point A), the resistance of both varistors drops; phase
atV2'sinput moves toward 0°. When a small voltage differ-
ence exists between V3's plate and cathode (point B), both
varistors act as very large resistances; phase at V2's input
moves toward 180°. The result of this process is smooth
phase shift with relatively little amplitude change. The Mod-
el 280-A amp used two of these networks in series for each
channel, but one channel’s varistors received a version of
the oscillator signal inverted compared to the other chan-
nel's. One channel’s pitch rose as the other’s fell. But for the
varistormechanism, the phase shift technique isidentical to
that of Fig. A55, circuits 3 and 4. Other Magnatone amps
varied the specifics of phase shift, but most used varistors.

pitch and sonic image shift with each cycle. Magna-
tone® amps gained renown for the sound of their ste-
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reo vibrato (Fig. A58).

Like tremolo, vibrato holds hidden potential. The
typical vibrato circuit cascades phase shift networks,
each using a 0.01uF cap. This cap defines the bandin
which phase shift is most prominent, corresponding
to low frequencies in guitar. Treble, and especially tre-
ble harmonics, get the short shrift. Lowering the cap
values raises the frequencies emphasized (cap val-
ues should not be less than 0.0015uF). Choosing dif-
ferentcap values for each phase shifter gives vibratoa
shimmering quality, less forceful but more musical
than the standard 0.01uF cascade.

Pedals with phase in the name distinguish them-
selves from vibrato by summing or subtracting
straight and shifted signals. Addition of signals 180°
out of phase results in a notch whose depth depends
on amplitude match between the clean and shifted
feeds. Subtraction of antiphase signals equals addi-
tion, producing a peak. These measures gain greater
impact in cascaded APFs due to cumulative phase
shift, resulting in multiple notches or peaks. Commer-
cial phase pedals sport four or more APFs in series.
Feeding back an in-phase portion of the shifted signal
is known as regeneration. This introduces an active-
filter aspect to the system, leading to oscillation if ex-
cessive.

Phase shift finds use in distortion boxes by virtue of
shifting the transition points in the conversion of sine
to square; and in sonic ‘maximizers’ and ‘exciters’ for
as-yet obscure psychoacoustic reasons.

Phase cancellation and reinforcement accompany.
the physical interaction of sound sources, notably,
that which occurs in front of stacked 4x12 speaker
cabinets. Resultant comb-filtering contributes to the
distinctive stack sound. Stack simulators reproduce
this using phase-shift networks, or through conven-
tional frequency manipulation.



Project No. 30

True stereo vibrato, a la Magnatone, plus a couple of
twists to give the box greater warmth and versatility.

Circuit Function

Signal path: Signal input couples through C7 10 1C1, a
noninverting preamp with gain of 23. Preamp output
couples to input of phase-shift block 1, and to one
throw of 3PDT switch S2-a, whose pole ties to signal
input of phase-shift block 2, and whose other throw
ties to the output of phase-shift block 1. Each phase-
shift block feeds an identical quasi-18 dB/octave high-
pass filter that cuts off below ~60 Hz. Output of filter 1
couples through C3 to one throw of S2-c, whose pole
couples to the output path through R21-R22 and
whose other throw ties to the juncture of C4-R23. Out-
put of filter 2 couples through C4-R23 to output level
control pot R22.

Control path: IC3-c/-d and associated components

form a sinewave oscillator whose rate varies over the
- approximate range 1-10 Hz by pot R1. IC3-d output
couples to pot R8, which controls the sinewave level
feeding inverting buffers IC3-a and IC2-a/-b. R15 con-
trols the variable DC offset to the outputs of IC2-a/-b.
The sinewave at IC2-a is inverted compared to IC2-b.
[IC2-a output couples through R19 to all three phase
‘shiftersinblock 1; 1C2-b output couples to one throw of
S2-a, whose other throw ties to output of IC2-a and
whose pole ties to R20, which feeds the control volt-
- age to phase shift block 2.
When S2 selects stereo mode, the signal passes
‘independently through phase shift block 1 and phase
shiftblock 2; each block receives a control voltage with
identical DC offset, but with sinewave polarity invert-
' edrelative to the other. This causes phase to move in
- opposite directions between the phase-shift blocks.
When S2 selects mono made, three changes occur:
(1) both phase shift blocks receive an identical control
voltage; (2) the signal passes first through block 1
then through block 2, a total of six phase shift net-
works; (3) both outputs get the same signal.

Use
Pots & switches have these functions:

R1 rate
R7 sine trim
R8 depth

R15 static point
R22 outputlevel (both channels)

Vibrato-Matic

S effect/bypass
S2 mode (mono/stereo)

First, trim the sine generator. Connect scope probe to
IC3pin 14; set scope for DC coupling; power up circuit,
trim R7 to give a sinewave of ~10Vp—p.

VIBRATO-MATIC PARTS LIST

Resistors

R1 1M reverse-audio pot

R2, 26 150K

R3,4,6,30 2.2K

R5 47K

R7 200-ohm multiturn trimpot

R8 100K audio-taper pot

R9, 10, 11,12, 13, 14, 17,18 100K

R15 10K pot

R16, 25 1K

R19, 20 3.3K

R21,23 10K

R22 1K dual audio-taper pot

R24 22K

[additional resistors notindividually identified
onschematic: 2x27K; 4x270K; 12x1K; 6x36K;
24x10K]

Capacitors

C1,2 1pF tantalum

C3, 4 1pF aluminum electrolytic

C5100pF

C6 10pF

C7,10, 11 10uF aluminum electrolytic

C8 4.7uF aluminum electrolytic

C9 220pF aluminum electrolytic

[additional caps not individually identified on
schematic: 2x0.1uF; 4x0.01uF; polypropylene
phase-shiftcaps: 0.01uF, 0.0068uF 0.0056uF,
0.0047uF, 0.0033uF, 0.0022uF]
Semiconductors

D1, 2,4 IN914

D3 TN4001

IC1 TLO71 opamp

IC2 TLO62 op amp (see text)

IC3 TLO64

[additional semiconductors not individually
identified on schematic: 3xLM13600; 2xTL074]
Miscellaneous

S1 DPDT switch

S2 3PDT switch

solder, wire, circuitboard, SV battery snaps, etc.
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Fig. 30-1. Vibrato-Matic schematic.

Initial settings: R8, straight up, R1 fully CW, R15 9
o'clock, output level max, effectin, mode stereo. Con-
nect unit to axe and two amps (a home stereo may be
easier to manage at this point); set volume of each
amp for equal level. Obvious vibrato should be heard;
if it isn't, tune R15 until you hear vibrato. Vary rate,
depth, and static point, while noting changes in
sound. Switch S2 to mono mode; note greater vibrato
depth, at a given setting, compared to stereo mode.

Notes

Vibrato-Maticis optimized fora 15V supply; significant
departure from this voltage is not recommended. The
prototype ran fine off a pair of alkaline 9V batteries.

In stereo mode, Vibrato-Matic acts as a pair of
three-stage phase shifters, each receiving a control
feedinverted relative to the other, and each affecting a
different band of frequencies, due to variegated val-
ues of phase-shift caps. Switching to mono places all

Fig. 30-2. Vibrato-Matic prototype board.

142

six phase shifters in series and feeds the same signal
to both outputs.

Capacitors Cabc make up phase-shift block 1; caps
Cdef make up block 2. The prototype used these val-
ues:

Ca 0.01uF

Cb  0.0068uF
Cc  0.0056uF
Cd  0.0047uF
Ce  0.0033uF
Ct 0.0022pF

This box delivers a vast range of vibrato, from sub-
liminal "Day Tripper” levels to sci-fi sound effect at
maximum depth. Variegated caps create multiple
overlapping bands of phase-shift that treat different
frequencies to different levels of vibrato. The sound
changes as the player moves up and down the fret-
board. Wide speaker separation accentuates the ste-
reo mode.

The box blunts feedthrough with highpass filtering,
~20 dB of quasi-companding, and limiting the nega-
tive swing of the control feed (the purpose of D4; com-
pare Phase-0O-Matic's control path, which omits this
diode). Also to thisend, IC2 should be a TLOB2 or other
dual op amp having the same negative output limit.

The prototype configured the preamp for gain of 23
to suit a specific guitar. Other axes may need mare or
less gain. Preamp output should average at least
3Vp-p, t0 leave room for peaks while accommodating
the circuit's guasi-companding.
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Delay Effects

The ability to delay an audio signal enables several
stomp-box effects. Echodefines discrete, individually
perceptible repeats. Reverberation describes a con-
fluence of echoes, early and late. Chorus is meant to
simulate the slight asynchrony of two instruments
playing at the same time. Flanging attempts to dupli-
cate the effect of two identical analog tapes played si-
multaneously, but with a slight, changing delay im-
parted by briefly dragging one reel's flange. The re-
sultant shifting delay creates a distinctive moving
whoosh (check out your grandparents' 45 single of

Miss Toni Fisher singing "“The Big Hurt"”). Delay
modes available to the stomp-box builder include
bucketbrigade devices, springs, and analog tape.

Bucket Brigade Devices

BBDs delay audio signals by handing them off be-
tween capacitors linked by MOSFET transistors (Fig.
A59-1). Transfer takes place stepwise, under direc-
tion of a clock, a tunable squarewave source covering
~10-200 KHz. The lower the frequency, the longer the
delay. Total delay depends on clock rate and number

Fig. A59. 1—A bucket brigade device consists of a chain of capacitors linked by MOSFET transistors. Clock 1 and Clock 2 are
logicalinverses;when oneis HIGH the otheris LOW. When Clock 2 is HIGH, Q1 turns ON, and signal present at the inputflows
into C1. It cannot get through Q2 because Clock 1is LOW, keeping Q2 turned OFF. When Clock 2 goes LOW, Clock 1 goes
HIGH; signal storedin C1 flows into C2. Process repeats for all stages. Time between clock cycles delays transfer. Odd-num-
bered transistors’ gates all see +1V. Signal is recovered by summing network in a way that partially cancels clock impulses.
The 5.6K resistors can be replaced with a 10K pot to optimize feedthrough trim. Figure adapted from manufacturer’s dia-
gram, and applies to the MN3009; other chips in the MN series work on the same principle, but have slightly differentinternal
configurations. 2—Schematicillustrates general measures required to implement most of Panasonic’s MN series of BBDs,
Signal couples through buffer A1 to anti-aliasing lowpass filter A2. A1 and A2 are biased off A3, Important to note that filters
andbuffers run off //2V+; MN3008 is biased off 50K trimpot. BBD's bias voltage is critical to least distortion and may notfall
exactly on 1/2V+. Clock generator IC2 supplies two inversely related squarewave trains @ ~10-200 KHz; R2 determinesrate,
and thus delay. BBD output is taken at juncture of 5.6K resistors, feeds lowpass filter A4 to remove clock artifacts. The
MN30089 is a 256-stage device capable of supplying delay between 0.64 and 12.8 milliseconds. Choose other chips forlonger
delays. Specific applications may demand sharper lowpass filtering ahead of and/or after delay to realize desired perfor-
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depends upon clockrate; and
lowpass filter after BBD to remove
clock feedthrough artifacts. Chorus
is achieved by producing a delayed
version of the signal. Mixing straight
with delayed yields mono chorus;
separate clean anddelayedfeeds
give stereo chorus. Reverberationis
produced by feeding back a variable
amount of delayed signalto the
input, creating a decayingloop.

!

Amp Out

S

Flanging results from rhythmically
varying phase and adding the

W, resultant wet/dry signals. Phase
shift due to delay causes cancella-
tion at some frequencies; functional
overlap with effects based on
allpassfilters.

* of stages. BBD chips come with as few as 64 or as

many as 4096 stages, giving <1 ms to >200 ms delay.

I The chip's output contains clock feedthrough arti-

facts. While not audible above 20 KHz, maximum de-
lay clocks near 10 KHz. Stiff lowpass filtering is need-
ed to blunt audible residue. In addition, clocked trans-
fermakes a digital stigma that leaves BBDs subject to
aliasing, the generation of spuriae when the system
meets frequencies higher than half the clock frequen-
cy (Fig. AB1). Lowpass filtering ahead of the input

Fig. A61. An example of aliasing. Circuit similar to Fig. A59—
2,butusing MN3007; clock frequency and input frequency
are near 12 KHz, Top trace shows input frequency, bottom
trace shows output frequency, a spurious tone generated
by aliasing; frequency equals the difference between input
frequency and clock frequency.

keeps out tones that might cause aliasing. Perfor-
mance is further restricted by a rapid rise in distortion
above aninputlevel of ~1.5Vp—p. These idiosyncrasies
make BBDs great candidates for internal compan-
ding.

BBD effects include chorus, in which straight and
delayed feeds simulate two instruments playing
slightly out of sync. The effect gains realism by the ap-
plication a slight, random shift to the delayed feed, be-
cause humans picking in tandem cannot keep perfect
sync. Stereo chorus attains greater impact by feeding
wetand dry outputs to separate speakers.

BBDs recreate reverberation by feeding part of the
delayed signal back to the BBD input to make a decay-
ing loop. Character of the 'verb changes with duration
of delay and percentage of feedback. More realisticre-
verbis achieved by BBDs that provide taps atdifferent
delay times, to simulate early and late returns.

Finally, delay alters phase, allowing BBDs to pro-
duce the crawling notches characteristic of phasing,
and to give a facsimile of the flanging effect.

A rich hardware selection puts BBD effects within
the builder’s reach. Chips come in 5-10V and 9-15V
families; 64 to 4096 stages. The 64- to 1096-stage
chips can be had for less than $10; long-delay chips
currently cost ~840. Clocks come in dedicated chips,
but are easily built from standard CMOS parts. Fig.
A59-2 illustrates general considerations for using
BBDs.

Spring ‘Verb
Surf music is hard to imagine without spring reverb,
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Fig. AB2. Top—Diagram copied from Ref. 35, the patent whose design underlies most spring ‘verb systems in guitar amps.
Accutronics’ short two-spring pan (photo) closely resembles patent diagram, but has unitary springs. System works thus:
Audio feeds drive coil wound on U-shaped ferrous laminations. Field imparts rotary motion to magnets; torsion takes some
tens of milliseconds to propagate to other end of spring; some energy rotates magnets near output coil, but most of the ener-
gybouncesback and forth through this complex system in a decaying smear that simulates reverberation. The magnets are
supported at their outer ends by beryllium-copper wire, which offers very high compliance. Each wire passes through a rub-
berdamper, to minimize lateral movement and absorb energy. The magnets, maybe /16" diameter, are ceramic. If desired, the
tube/holderblock can be assembled, then subjected to a strong field that magnetizes the ceramic in situ, eliminating manu-
facturing hassles associated with small magnets. The springs, though stretched to equal length in the pan, differin resting
length. Inpans that use segmented springs, one spring is wound CW, the other CCW, to cancel compressional mode thatoth-
erwise accompanies the torsional mode (bottom diagram copied from Ref. 35).
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|Fig. A63. Spring
‘reverbdesigns prior
101961, A&B—

k._ prings suspended
linacatenary arc.
_tf[hisdesign was
lhg'gigniﬁcant for
‘magnetic torsional
drive, and coupling a
CW-wound spring to
l';_anewound CCW.
C—Shows springs
|suspended vertical-
|'Iv, connectedby a

‘series of levers;

Tfﬁive mechanism
‘canbe magnetic or
‘piezoelectric;
bottom ends of

' springs may be
‘immersedin

' damping fluid.

' Diagrams copied

“fromRefs. 33 & 34.

Fig. A64. Photos show short two-spring pan relative to long three-spring pan. Longer pan uses coupled springs and gives
wider frequency response and greaterdelay, but at nearly 17" does notfit all enclosures.
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Fig. A65. Close-ﬁ_ps of three-spring reverb sensing assem-
bly (top) and drive assembly (bottom).

one of guitar's most alluring and enduring sounds. Per
the name, the effectinvolves a system of springs tied
to transducers, anidea that hearkens to the first half of
the twentieth century. Early designs mounted springs
vertically, either straight or in a catenary loop, and
drove them with magnetic or piezoelectric transduc-
ers. Evolution of this approach culminated, in 1961, in
the design that defined spring reverb in the form still
used today. Indeed, modern hardware could have
beenblueprinted from the patentdiagram (Fig. A62).

Like tube amplification, spring ‘verb is outwardly
simple, functionally complex. Audio energizes an

Fig. A66. Basics of Leo’s main reverb drive & mixing circuit.
Signal feeding spring driver V2 rolls off below 320 Hz
through action of 500 pF cap. Divider action of 3.3M with
220K attenuates dry signal; 100K pot varies percentage of
wet. Output feeds directly to next triode stage. Circuit re-
drawn after Fender “Pro Reverb” amp, type AA165.
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electromagnetwhose field moves an annular ceramic
magnettied toone end of a helical spring. The magnet
is polarized such that the field imparts rotary motion,
propagated torsionally through the spring to a second
magnet at the other end. Rotation of the second mag-
net induces the output voltage in a second coil. This
spring-magnet assembly is suspended horizontally,
tied to supports at each end by high-compliance be-
ryllium-copper wire. Mechanical impedance of the
system is such that only part of the energy in the
spring transfers to the output magnet. Much of it re-
flects within the spring, losing power with each
bounce. Energy dissipates in a smear lasting up to
several seconds, simulating reverberation. The setup
mounts on a shallow metal pan, suspended by four
springs from a larger pan. The entire assembly is
sometimes called a tank.

Single-spring systems deliver bland reverb and
add tonal emphasis. Two- and three-spring designs
sound livelier and impart less tonal emphasis, espe-
cially when the springs offer different primary delay
times (37 and 29 milliseconds are typical). Close in-
spection of springs shows them to differ in wire diame-
ter, or coil diameter, or number of turns per inch. In
pans in which the springs are not glued to the mag-
nets, decoupling shows them to differ in resting
length. All these differences represent means to
achieve unequal propagation time. Also, in designs
that couple two springs, one spring is wound clock-
wise, one counterclockwise. The purpose of coupling
anti-wound springs is to cancel the compressional
propagation that results when a single spring is
wound or unwound.

A complete reverb system consists of a driver to
couple audio to the springs; an amplifier to boost the
output of the pan; and a mixer to vary the strength of
the reverb signal (Fig. A66).

The sound of spring ‘verb depends on the number
of springs, their relative delay; the rigidity of their cou-
pling to the magnets and, in series springs, to each
other; the compliance of the support wire; the 'dead-
ness’ of the rubber dampers around the wire; and
countless other minor factors. These variables are
pretty much fixed in a given pan, though adventurous
experimenters can tinker with drive coupling.

Spring reverb represents yet another of guitar's un-
discovered effects. Amp-based ‘verb offers a single
control that mixes wet with dry. An outboard unit al-
lows alteration of variables that change the sound.
Drive level ('dwell' on the old Fender 6G15) varies
strength of the signal sent to the springs. Muted
strings played through hard-driven springs creates an
artifact reminiscent of a pebble plopping in a well. The
surf-punk school prizes this as much as the ‘verb. The
sound stands out on the Ventures' studio cut of "Jour-
ney to the Stars," and scores of unfamed surf gems
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Fig. A67. Functional basis for true echo devices, such as
Echoplex. Device is a modified analog tape recorder that
stores a tape loopin a cartridge. Tape speed and/ordistance
between playback and recording heads can be changed to
shift repeat rate; strength of signal sampled off play head
and fed back to recording head determines echo strength
and number of repeats.

Spring 'verb also responds smartly to altered drive
tone, and to tone shaping applied to the output of the
pan.

Reverb pans come in two-and three-spring models,
short- and long-spring designs, and with low- or medi-
um-impedance inputs. Stout op amps drive the medi-
um impedance, but the 8-ohm types present a load
better served by audio power chips (LM380, LM386,
etc.). The classic circuit found in Fender amps drives

the pan off a step-down transformer. Under average
drive conditions a pan's output measures <10 mv, re-
quiring ~40 dB of boost before mixing.

Atone sweep of a typical spring pan reveals numer-
ous resonances, with response rolling off below 80 Hz
and above 3 KHz. Soundwise, the long three-spring
pan gives longer decay and somewhat brighter tone,
but the short two-spring model acquits itself well; a
perfectly good option where space is tight.

Echo

Echo, inthelimited sense, means a single repeat. An-
alog echoes are simulated by a tape loop passing over
arecording head and at least one playback head. The
system feeds a variable portion of the output back to
the recording head, making a decaying repeat whose
rate varies with tape speed, or with distance between
recording and playback heads. The genesis of this ef-
fect traces to the Echoplex, a product that became
synonymous with its sound. The builder with access
to a three-head tape deck can achieve true echo by
supplying an external path to feed a variable amount
of output signal back to the recording head.
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Project No. 3]
’Verb-O-Matic

Entry-level spring ‘verb on nine volts.

VERB-O-MATIC PARTS LIST

Circuit Function Resistors
Instrument feed couples through C11 to noninverting R1,2,4,8 14 10K
preamp IC1-a, whose gain is fixed at 11. IC1-a output R3 1K
couples to R18, which varies signal level feeding IC2, R5 100K
an LM386 audio power driver whose output drives the R6 470K
low-impedance input of a reverb pan, whose output R7 220K
couples through C5 to IC1-b, a noninverting amp RS 100
whose gain is fixed at 101. IC1-b output couples R10 47K
through R11 to divider/mixer R5-R6-R7. Signal cou- R11 100K pot
ples through C9 to the output path. R12 150K
R13,16,17 10ohms
Use R15 470
Pots & switch have these functions: R18 10K audio-taper pot
R reverbmix SRpactiors
R18  springdrive level ('dwell’) Cr220pE - :
S reverb/bypass C2,3,13 220pF aluminum electrolytic
C4,15 0.1pyF
Initial settings: S1 reverb; R11 fully CCW, R18 straight C5, 8,9, 11, 12, 16 10pF aluminum electrolytic
up. Connect unit to spring pan, axe, and amp. Estab- C6 0.001uF
lish desired listeninglevel, then turn R11 CW and note C7,10 100pF
the increasing percentage of reverb. Test various C14 10pF
combinations of dwell and reverb mix. Semiconductors
D1 1N4001
Notes IC1 MC33172 dual op amp
VOM s designed todrive low-impedance pans. Itgave IC2 LM386 audio power driver
excellent results with Accutronics’ short two-spring Miscellaneous
pan and long three-spring pan, each having an input reverb spring pan (see text)
impedance of ~8 ohms. A pan with a medium-imped- S1 DPDT switch
ance input gave acceptable performance, but this im- circuitboard, solder, 9V battery snap, jacks, etc.

proved significantly with the interposition of an 8:500-
ohmstep-up transformer (e.g., Mouser p/n 42TU400)
between VOM output and pan input.

3" x 2" reference box

Fig. 31-1. 'Verb-O-Matic circuit board. Fig. 31-2. "Verb-O-Matic prototype board.
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Fig. 31-3. 'Verb-O-Matic schematic.
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Fig. 31-4. 'Verb-O-Matic layout & wiring diagram.
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Project No. 32

Echo-Matic

Can't afford an Echoplex®? Echo-Matic and a three-
head tape deck get you into action for less than $10 in
parts.

Circuit Function

Instrument feed couples through C1 to inverting pre-
amp IC1-a, whose gain is fixed at 10. IC1-a output
feeds unity-gain inverting buffer/mixer IC1-b, whose
output couples through R5-C4 to the input of a three-
head tape deck. IC1-a output also couples through R14
to unity-gain inverting buffer/mixer IC1-d. Tape deck
monitor output couples through C5 to voltage follower
IC1-c, whose output feeds pot R10, whose setting de-
termines the number of repeats by controlling the
amount of feedback to summing amp IC1-b. IC1-c out-
put also feed pot R11, whose setting determines the
strength of the wet (echo) signal feeding output mixer
IC1-d. IC1-d output couples through C12 to pot R16,
which varies the output level. Divider R7-R8 provides
a l2V+reference.

Use
Pots & switch have these functions:

R10 repeats

R11  straight/echo mix
R16 outputlevel

S1 echo/bypass

Initial settings: S1 echo; R10, R11 fully CCW; R16 cen-
tered. In this state the box acts as a preamp with gain
of ~2. Connect unit to three-head tape deck and amp
as shownin Fig. A32-3 (left diagram). Switch the tape
deck to record while monitoring the playback head.
Roll tape; use the deck’s meter to establish a record-
ing level that does not exceed 0 dB. After establishing

2.5" x 2" reference box

Fig. 32—-1. Echo-Matic circuit board.
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desired listening level, slowly turn R11 clockwise and
note the increasingly strong single echo. Next, turn
R10 clockwise and note the greater number of re-
peats. Depending on the recording level, these may
reach the point of feedback and saturation.

The prototype was tested with a two-speed open-
reeldeck (3.75 & 7.5ips). Theresults embraced every-
thing from "Be-Bop-A-Lula’ to outtakes from (The)
Ventures in Space. Using the deck's built-indbx Typel
noise reduction gave a much quieter system, butlost
some of the classic tape echo sound. To lengthen the
repeat time, wire both channels in series (Fig. A32-3,
rightdiagram).

Echo-Matic functions over the range 3-36V. The
prototype drew ~1.7 ma running off a 9V nicad.

ECHO-MATIC PARTSLIST

Resistors

R1,7.8 10K

R2,3,4,13 100K

R5 100

R6 47K

R9 1.5K

R10 20K pot

R11, 16 10K audio-taper pot

R12,14,15 22K

Capacitors

C1,4,5,7,9,10, 12 10pF aluminum electroltyic
C2,3,6,11 100pF

C8 220pF aluminum electrolytic
Semiconductors

D1 1N4001

IC1 MC33174 quad op amp

Miscellaneous

S1 DPDT switch

circuitboard, solder, 9V battery snap, jacks, etc.

R = - T F TR RS S PS FP AP PPLT AT

Fig. 32—-2. Echo-Matic prototype board.
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Dynamic Effects

Dynamic effects react to or track the changing level of
amusical signal. The category includes compressors,
expander-based and filter-based noise reducers, de-
essers, and envelope-driven tone modifiers. Dynamic
effects consist of the voltage controlled block, usually
an amplifier or filter; and circuitry to derive a DC con-
trol voltage from audio, known as a level detector.
While both segments affect the sound, the level de-
tector dictates dynamic personality. Accordingly, this
treatment highlights ingredients that let the builder
realize several types of level detectors.

Compression

Compressors are amplifiers built to diminish dynamic
range by changing gain on the fly. Compression
serves to prevent clipping, to avoid saturation of re-
cording/transmission media, or simply to achieve a

Fig. A68. Compression block diagrams.
Feedback Control Loop

Signal In —e VCA Signal Out
@
4 Control Port g
&
=
Level 2
Contral Voitage | Detector
Parallel Control Loop
Signal In -—=  VCA Signal Out
Control Port
Level
Control Voitage | Detector
Signal Sample
Side Chain
Signal In —e VCA Signal Out
Control Port
Level
Control Voltage | Detector
Signal Sample
External
Source
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Dynamic Effects & Processors
Compressors

upward

downward

dual-mode
Limiters

reactive

clipping

power-amp
Expanders

upward

downward

dual-mode
Companding Systems

dbx (wideband)

Dolby (mainly treble)
Level-DependentFilters

envelope filters (auto-wah, etc.)

sibilance reducers

single-ended noise reduction (e.g., DNR)
Level-Dependent Panners & Mixers
Level-Dependent Distortion Generators
Level-Dependent Tremolo Effects (rate, depth)

Ersiddd

desired sound. Downward compressors reduce gain,
upward compressors boostgain, and dual-mode com-
pressorsdoboth.

Compression is realized in a variable gain block
known as a voltage controlled amplifier (VCA). VCAs
come indedicated chips, or can be built from op amps,
multipliers, transistors, or tubes. AVCA has aninput,
anoutput, and atleast one control port, fed by the lev-
el detector. The process is readily perceived from
block diagrams (Fig. A68). Signal feeds the VCA and
the level detector. As signal level rises, detector out-
put alsorises, lowering gain of the VCA. When signal
level falls, detector output falls and VCA gain moves
back toward the resting state.

Compressor behavior depends on where the level
detector samples the signal. It could sample any
point, but usually takes the output of the VCA (feed-
back compression) or the input of the VCA (parallel
compression). Feedback compression strikes the ear
as tight, controlled. Parallel or "feed-forward" com-
pression leans toward exuberance.

When the control voltage originates outside the
signal path, one signal moderates the volume of an-
other, a practice called ducking. The control path in
this case is known as a side chain. Ducking happens,
for example, when the announcer's voice moderates
background music in a radio spot.

Skewing the signal prior to sensing by the level de-
tector affects the compressor's response to different
frequencies. For instance, treble emphasis exagger-



Fig. AB69. Squeeze-0O-Matic input/output curves illustrate ef-
fect of decay on distortion. Top trace 20-Hz input, 2V/div.;
bottom trace SOM output, 1V/div.; parallel control path, ratio
maximum, attack & decay minimum. A—Severe distortion
results mainly from excessively fastdecay. B—Decay potis
straight up; distortion decreases. C—Decay is at maximum;
low distortion of 20-Hz sinewave. This demonstrates the
most extreme musical example; higher frequencies do not
require such lengthy decay to avoid high distortion. Attack
also plays a role indistortion, butdoes not constitute the lev-
eldetector’s mainintegrating mechanism.
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Fig. A71. Indownward compression, signal above threshold
is reduced, signal below threshold is unaffected. In upward
compression, signal below threshold is boosted, signal
above threshold is unchanged. In dual-mode compression,
signal above thresholdis reduced, signal below thresholdis
boosted.

ates compression of high frequencies, giving one
means to blunt sibilance.

Compression does not happen instantly. Delay be-
tween the onset of a transient and the time compres-
sion commences is known as attack. Delay between
subsidence of a transient and the time the compres-
sor returns to resting gain is called release or decay.
Attack andrelease affect several aspects of compres-
sion. The nature of audio dictates that attack happen
quickly, usually in 20 ms or less. If attack takes too
long, the waveform may clip. If attack happens too
fast, the feed loses dynamic impact. Proper attack
also depends on the size and shape of the transient.
Explosive percussion demands attack in under a milli-
second. Compression of an orchestral crescendo can
kickinleisurely.

Release determines what frequencies the com-
pressor can process without inducing undue distor-

Fig. A72. Split-band compressor block diagram.
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Fig. A73. In upward expansion, signal above threshold is
boosted, signal below threshold is unaffected. Indownward
expansion, signal below threshold is reduced, signal above
threshold is unaffected. In dual-mode expansion, signal
above threshold is boosted, signal below threshold is re-
duced.

tion. If attack takes 1 ms and release takes 10 ms, the
compressor should not distort signals down to ~100
Hz. Distortionincreases below 100 Hz, because those
frequencies’ periods exceed 10 ms. The control volt-
age modulates during individual audio cycles, result-
ing in distortion. For this reason, compression acting
on wideband signals should release no faster than 50
ms, the period of 20 Hz. (In practice, low distortion de-
mands much longer decay; see Fig. A89.) If release
takes too long, the compressor that has responded to
a loud peak will still be running at reduced gain for soft
passages that follow, which can be heard rising in vol-
ume as release occurs.

No one attack/release suits all feeds. Wideband au-
dio demands compromise settings that abuse fre-
guencies at the extremes. A split-band compressor
solves this problem by dividing the program into two
or more bands according to frequency. Each band
feeds a separate compressor whose attack and re-
lease are optimized for the band. Compressed feeds
recombine at the output. This technique has draw-
backs, notably the phase shift due tofiltering and the
cost of a second compressor. Alternative solutions in-
clude program-dependent attack and decay.

The signal level at which compression kicks in is
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known as threshold. In downward compression,
threshold defines the point above which gain reduc-
tion occurs. In upward compression, threshold de-
fines the point below which boost ensues. Threshold
may define both points in dual-mode compression, or

Fig. A74 (facing page). 1—Precision fullwave rectifier used
inlevel detector of most projects in this book; adapted from
one shownin Ref. 14, p. 248, Positive half of AC input
passes through augmented diode D2 to A2's output;
negative half of AC inputis blocked by D2, but conducted
through augmented diode D1, thence through R2 to A2's
inverting input; the now-positive output passesto A2's
output. Reverse polarity of both diodes to get a negative
output. C1 & R1 may be omitted if rectifier is driven off
ground-biased output of op amp. Accuracy is adequate
using 5% resistors; C2 & C3 are necessary for stability, and
do notmaterially affect responsein the audio band. Al &
A2 shouldbereasonably fast FET-input types, suchas
08X/07X/06X. Figs. 2-13 show basic attack & decay
networks. Variable attack networks vary the time needed
to charge a capacitor; variable decay networks vary the
time needed todischarge a capacitor. 2—Pure attack
network. Pulse must pass through R1 to charge C1. When
R1is 0, this happensinstantly, because Al's outputhasa
lowimpedance; the time constant with C1is small.
Charging takes progressively longer as R1increases.
Resultant attack curve follows exponential contour of a cap
charging through a resistor. When pulse subsides, C1
discharges through D1into Al's output stage. This
happens instantly because output stage has low imped-
ance. 3—Pure decay network. Identical to #2, but D1 has
beenreversed. C1 charges instantly through D1 because
Al's output stage has a low impedance and thus a short
time constantwith C1;but C1 can only discharge through
R1into Al's output stage. Decay follows exponential curve
of cap discharging through a resistor. 4—Similar to #3, but
now C1discharges through R1-2 to ground; or, if the
resistance ties to V—, R1-2 becomes a quasi-constant-
currentsource that neutralizes the positive charge stored
in C1. 5—Lineardecay results from neutralizing the charge
storedin C1 using a negative constant-current source, Q1.
This circuit works fine when the outputis buffered by FET-
input op amps, but notwhen feeding certain bipolar-input
types, such as LM324/358 or MC3317X. 6—Quasilinear
decay circuit that can be buffered by bipolar-input amps.
7—Independently variable attack & decay in a single
stage. 8—Similar to #6,but D1 is nowin Al's feedback
loop, eliminating the forward drop. Decay is not purely
linear; can feed bipolar-input op amps. 9—Similar to #5, but
diode is now inside the feedback loop. 10—Similar to #2,
butR1 has beenreplaced by an FET in an optocoupler,
providing a constant-current path, resultinginlinear
attack. The 10Mresistance keeps the path from opening
completely when the FET is pinched off. 11—Similar to #10,
but FET has beenreplaced with a PNP BPT. 12—Similarto
#3,but R1 hasbeenreplaced by an FET constant-current
pathforlineardecay as capdischarges into Al's output
stage. 13—Similar to #12, but a standard FET is usedin
place of optocoupler FET. Control range of this circuitis
extremely narrow, such that FET is best used as a switch,
fully ON or fully OFF. In most cases, output of attack/decay
network feeds a noninverting op-amp to buffer the control
voltage, provide gain, orimpress a DC offset. Those
buffers have been omitted from the illustrations to save
space. All diodes are 1N914 or similar. In circuits #11 & #12,
adjust trims to obtain desired control range.
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Fig. A75. Input vs. ouptut curves typically used to specify compressor/expander action. Left—Compression/expansion /O
curves expressed in dB. Center—Compression/expansion curves more typical of a compressor equipped with a downward

expander, Right—Softknee vs. hardknee I/O curves.

independent thresholds may exist.

The compressor follows a gain-change law known
as aratio, stated in linear terms orin dB. For instance,
4:1 downward linear compression means that the por-
tion of a signal exceeding threshold will emerge from
the compressor reduced to 25% of its original ampli-
tude. In 2:1 dB compression, the dB output equals half
the dB input. For a dual-mode compressor, —40 dB in-
put generates —20 dB output; +10 dB input generates
+5dB output. .

The manner in which the compressor switches
from linear transfer to compression law is known
loosely as its knee. An abrupt switch is called a hard
knee. Soft-knee devices activate gradually, resulting
in less audible compression. Soft knee takes place as
a sliding variable ratio, or in several discrete steps.

Of theinfinite possible compression settings, three
broad tactics keep the signal within bounds of the me-
dium; each confers a different sound. A low ratio/very
low threshold allows practically no linear transfer. Me-
diumratio/medium threshold allows the feed a moder-
ate linear transfer before compressing it. High ratio/
high threshold allows the feed a linear transfer over
most of its range, but subjects it to severe compres-
sion above threshold. This type of compression tends
more to be audible than the first two.

Sustaining a note past its natural decay is one of
compression’s commonest uses. Traditional sustain
squeezes the feed at low threshold and high ratio. Dur-
ing closely spaced notes or chords, the compressor
applies heavy gain reduction. When the player lets a
note hang, the compressor lessens the amount of
gain reduction as the note decays, maintaining con-
stantvolume.

A more aggressive-sounding sustain uses upward
compression. In this case the compressor runs at uni-
ty gain above threshold, but boosts signals that fall
below threshold. The effect sounds different from
downward sustain and is useful to preserve dynamic
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peaks, while prolonging held notes and chords.

The two types can work together. Downward sus-
tain is easier to implement, in part because dynamic
controllers attenuate a lot more than they boost; the
SSM2120 can apply up to 100 dB of attenuation but
only 40dB of boost. Attenuationis also inherently qui-
eter than boost. Upward sustain meets a practical lim-
itin the noise present when gain tops out.

Expansion
Expansion is the reverse of compression. Loud sig-
nals intensify, faint signals soften. Like compression,
expansion comes in downward, upward, and dual
modes. Threshold, ratio, attack, and release apply.
Downward expansion is a common noise-reduc-
tion technigue in which a VCA reduces gain when the
signal falls below a threshold. Hiss and hum fall by the
amountof gain reduction. Upward expansion finds oc-
casional use in circuits that exaggerate dynamics.
Dual-mode expansion has been used in consumer au-
dio gear to restore dynamic range to compressed
feeds, but crops up more commonly as the mirrorim-
age of compressionin compression-expansion (‘com-
panding’) noise reduction systems, such as dbx.

Level Detector Basics

The soul of compression—of all dynamically respon-
sive effects, in fact—Ilives in the level detector. Clean
VCAs areadime adozen. Any VCA worthits saltdoes
what the level detector tells it to do. Because the level
detector forms the heart of dynamic effects, the
stomp-box builder should be equipped to tune it for
the needs of the effect. A full-featured circuit incorpo-
rates:

» an audio-to-DC converter

» anintegrator

» a means to delay onset of the effect (variable
attack)

» a means to delay subsidence of the effect



Fig. A76. A—Variable attack network (Fig. A74, schematic 2), with R1 at 0; instant attack & decay. B—R1 hasbeenadvanced
0 100K. Now attack takes about 20 ms, decay is not affected. Attack curve has an exponential contour. C—(Fig. A74, sche-
matic 5) Decay minimum; note linear decay curve. D—Decay increases. E—Decay is at maximum; voltage hardly falls be-
tween pulses, illustrating the integration function of decay networks. F—Result of cascading the two circuits (decay before
attack), independently variable attack & decay.
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Fig. A77.1—A common means to vary threshold. Assume that only positive voltage will be allowed to VCA. Positive voltage
is boosted by A1, which also ties to network R3-R4, which applies a variable DC bias to Al's inverting input, resulting in a vari-
able DC offset at Al's output. The potential at point B is determined by R7 and is very close to ground. For D1 to conduct,
voltage seen by the anode will have to exceed 0.6V, the forward drop of a silicon diode. R4 varies the resting DC offset
presentatpoint A, If this were setat 0.59V, the signal at that point would have to have an amplitude of 10 mv to get D1 to con-
duct. Therefore, the threshold at point A is 10 mv, or —40 dBV. Because raw signal is boosted by a factor of 4.9 in A, threshold
at Al'sinputis (10 mv+4.9) = 2 mv. If the DC bias were shifted to make the potential at point A —2V, then threshold has been
raised to [(2V + 0.6V)+4.9] = 0.531V. Choose values of R5 & R6 that limit the output offset that R4 can produce, to keep the
threshold setting from altering VCA resting gain. Photos in Fig. A78 illustrate action of this network using a squarewave in-
put. 2—Setup used for photos in Fig. A81, toillustrate the integrator action of a decay network. 3—To vary how strongly the
effectresponds to control—ratio, in the case of compression or expansion—simple resistive dividers can suffice. Divider
action of R1in series with R2 varies the percentage of control voltage that gets to the control port. However, a 1:1 ratiois not
practical with this configuration. 4—Illustrates a better solution. 5—Interposition of a buffer may be needed, depending on
drive level required by control port. Circuits 4 & 5 allow ratios down to 1:1.

(variable decay)

» a means to vary the point at which the effect
kicks in (threshold)

» a means to vary how strongly the effect
responds to control (ratio)

» ancillary circuits, such as feedthrough trims &
I/0 buffers

pulse without affecting fall. This is achieved using a di-
ode, a cap, and a potentiometer, fed by an op amp (Fig.
A74-2). C1 charges through A1's output stage in se-
ries with R1. Because the output stage has a very low
impedance, charging happens instantly when R1 is
zero. Charging takes progressively longer as R1 in-
creases. Duration depends on the time constant of
the resistor and the capacitor. Time constant in sec-

AC-DC Conversion onds is given by the product of resistance in ohms

Conversion usually occurs in a precision fullwave rec-
tifier that generates pulsing DC whose polarity the
builder defines during design (see Ref. 14, pp 235-
253). Derivation of a control voltage usually requires
that the voltage be smooth enough not to distort the
signal it contrals. Smoothing happens by the process
of integration, which can be considered a form of low-
pass filtering. Integration occurs naturally in a vari-
able-decay network (Figs. A80, A81).

Variable Attack
[Note: Though attack and decay networks act upon
rectified audio, it's customary to describe their effect
on a squarewave, to isolate the traits under consider-
ation. In this context, instantaneous means less than
one millisecond.)

A pure attack network delays the leading edge of a
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times capacitance in farads. A 10K resistor combined
with a 10uF cap has a time constant of [10K x (10pF +
1,000,000)]=0.1 seconds. Roughly five time constants
are required for the cap to charge fully. Once the pulse
subsides, C1 discharges through D1 into Al's output
stage. The low impedance of this path makes decay
instantaneous solongas C1 has arelatively low value.
Suitable attack times for compressionrange 0-20 ms.

Variable Decay

Intuitively, we see that reversing the diode of the vari-
able-attack circuit results in variable decay (Fig.
A74-3). C1 charges instantly through D1, but C1 can
only discharge through R1into Al's output stage. An
equally practical approach discharges C1 to ground
through R1, kept from shorting the signal by R2,
whose value sets minimum decay (Fig. A74-4). In



Fig. A78. I/O of Fig. A77-1; top trace is input pulse, bottom
trace is output of A2; sweep speed 20 ms/div., scale 2V/div.
A—Pulse is 2Vp—p, but negative DC offset keeps net ampli-
tude below threshold. B—Pulse has reached ground; still no
conduction because of diode’s 0.6V forward drop. C—Pulse
increases to ~1.5Vp—p above ground; now control voltage
gets through. D—Pulse amplitude continues to rise. E—DC
offset has shifted resting voltage applied to VCA, altering
static gain. A proper threshold network must be configured
not to shift static gain at either extreme. The easiest way to
achieve this is to pad the ends of the pot with resistors,
whose value can be found empirically. This method demands
thatsupply voltage notchange, or threshold will shift.

both circuits, decay follows the exponential contour of
acapacitor discharging through aresistor. By tying R2
toV-instead of ground, decay becomes linear, solong
as R2 has a relatively high value.

Another linear solution uses a transistor as a vari-
able constant-current source (Fig. A74-5). This circuit
varies decay from ~5 ms to several seconds. Capaci-
tor values on the order of 0.001uF preserve instanta-
neous attack. The circuit works great buffered by FET-
inputopamps (TLO6X, 07X, 08X, LF44X, etc.), but not
when buffered by certain bipolar-input types, includ-
ing 324 and 3317X.

Variable attack combines with variable decay in

single stages like Fig. A74-7, or in cascaded networks
usedinseveral projects in this book. Placing the decay
network ahead of the attack network has given the au-
thor bestresults.

The circuits under consideration work with positive
inputs. They adapt to negative pulses by reversing di-
ode polarity and capacitor polarity, if applicable. The
transistor-decay networks switch to a PNP transistor
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Fig. A79. Top—Block diagram of what happens in a typical leveldetector. Audio is converted to pulsing DC in fullwave rectifi-
er. Rectified audio feeds a scaling amp that amplifies signal if needed, and applies a variable DC offset that determines the
threshold. In this case, the diode coupling to the variable-decay network creates an internal threshold of ~0.6V. Integration
occurs as animplicitfunction of variable decay; the control voltage emerging from this stage has been smoothed to DC. The
decay network has no significant effect on attack, so the control voltage feeds a variable-attack network, then couples toa
potwhich controls ratio. Bottom—Specific circuits used torealize the level detector functions. A1 & A2 form a precisionpos-
itive fullwave rectifierwhose pulsing DC output feeds scaling amp A3, which boosts signal if needed, and applies a DC offset.
Because the next stage couples through a diode, it is apparent that the voltage must exceed ground plus one diode dropto
get through. This defines the internal threshold. Effective threshold at the device inputis determined by gain of A3 and the DC
offset at A3's output. Scaling amp feeds a variable decay network buffered by A4. The now-smooth control voltage feedsa
variable-attack network buffered by A5, whose outputfeeds a pot that varies the percentage of control voltage allowed tothe
VCA.

and tie the ungrounded end of the control pot to V+. portis usually fixed, setting a threshold involves con-
trolling the DC offset on the level-detector side of the

Variable Threshold & Ratio diode (Figs. A77, A78).

The ideal compressor acts as a unity-gain buffer be-
low threshold. Achieving this requires a means to pre-
vent the control voltage from reaching the VCA until
that voltage passes some set level, the threshold.
One method imparts a variable DC offset to the path
traversed by the control voltage. A diode placed be-
tween the threshold circuit and the VCA control port
will not conduct until the voltage differential exceeds
the diode’s forward drop. Controlling the conduction
point means controlling the voltage on both sides of
the diode. Because the potential at the VCA control
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In the case of a VCA that uses a positive control
voltage, the diode is oriented to pass positive voltage.
Therefore, the DC offset applied to raise threshold
mustbe negative, to force the input signal to generate
agreater positive voltage toreach the diode's conduc-
tion point. Making the DC offset less negative lowers
the threshold by moving the voltage closer to the di-
ode’s conduction point. The threshold circuit mustnot
apply a voltage that causes the diode to conductin the
absence of aninputsignal, or the VCA's static gain will
shift.




Fig. A80. I/O photos from Fig. A77, schematic 2. Tone burstin-
put (top trace), output of A2 (bottom trace). A—Decay is at
minimum. Remnants of the 5-KHz sinewave are still promi-
nentin the level detector output pulse, and would distort the
signalin a compressor. B—Decay has beenincreased; 5-KHz
remnants start to smooth out by the process of integration.
C—Decay at ~50 ms; AC in the input has been completely
‘converted to DC in the output. This control voltage will not
significantly distort the signal.

This scheme can enforce any threshold, from zero
toinfinite (effect off). Ten millivolts (-40dBV) makes a
useful lower limit for many effects.

Ratio is varied by altering the fraction of the control
voltage allowed into the VCA control port. This circuit
can be as simple as a resistive divider tied directly to
the port, but use of a buffer reduces loading effects
and gives smoother control over a wider range of ra-
tios (Fig. A77).

Fig. A79llustrates how these elements combine to
form a basic level detector. Figs. A82 & A83 provide
more detailed insights into level detectors for specific
effects.

Characterizing Dynamic Controllers

While an experienced designer can predict much
about compressor/expander behavior from the level
detector's pulse response, assessment of musical be-
havior demands a tone burst fed through the full de-
vice. This reveals the effect on the music envelope. A
tone burst generator makes an invaluable aid to de-
signing and debugging dynamic controllers (see
Project No. 33).

Advanced Techniques

Soft-Knee Compression

The manner in which a compressor shifts from linear
transfer to compression-law transfer is known as its
knee. Hard-knee compressors apply linear transfer
below threshold, compression law above threshold.
The higher the ratio, the more audibly sound hits the
wall. Soft-knee compressors use a stepwise or sliding
variable ratio (SVR). Here the linear ratio might mea-
sure 1:1 with a signal level of 0.5Vp—p; 2:1 at 2V; 3:1 at
4V, and so on. Gradual transition masks the process,
especially when the maximum ratio is high. What's
more, SVR canbe configured toraise the ratio to infin-
ity should signals exceed the expected range, auto-
matically limiting the level.

The builder looking to add SVR finds a glut of op-
tions. The simplest approach subjects the output of a
conventional level detector to a voltage-dependent
transfer function. As level detector output rises, a
greater fraction of voltage arrives at the VCA control
port. A smoothly sliding ratio can be realized by plac-
ing a VCA, multiplier, or voltage-controlled resistive
divider between the level detector output and the
VCA (Fig. A90). These networks feed off separate lev-
el detectors, or off the primary level detector, though
the latter approach may demand steps to preventrip-
ple in the control voltage from compounding itself in
the transfer block.

A diode string automatically alters transfer in dis-
crete steps (Fig. A86). As each series diode conducts,
the voltage passed takes an alternative path toa sum-
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Fig. A81. I/O of Fig. A77, schematic 2. Top trace shows the
output of a fullwave rectifier acting on a 1-KHz sinewave in-
put; bottom trace shows output of A2. A—Minimum decay;
artifacts are prominentin the control voltage. B—Decay in-
creased; ripple lessens. C—Decay increased to maximum;
ripple has essentially vanished, but only for this frequency. If
decay is not changed, but frequency is lowered, ripple re-ap-
pears (D), because lower frequencies take longer to inte-
grate. If frequencyis lowered by a factor of 10 (E), ripple again
becomes severe enough to cause audible distortion.

ming junction. Gain and polarity of each path change
slope of the transfer function.

A third method uses the control voltage to skew the
bias of a transistor that also affects gain applied to that
voltage. The simplicity and versatility of this tactic are
partly offset by the need to individualize the bias to
compensate for inter-transistor variation (Figs. A88,
AB9).

Singly or combined, these methods achieve just
about any transfer function desired, including curves
thatreverse polarity of slope.

Nonlinear transfer blocks find use in many guitar ef-
fects. They deform tremolo control feeds, generate dis-
tortion, and soften the knee in dynamic effects other
than compression. Working up a transfer block by mea-
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suring and plotting voltages is tedious and time con-
suming. A basic ramp generator speeds the exercise
(see Project No. 34).

The nature of soft knee prompts the player to rethink
compression control settings. Hard-knee threshold de-
fines the level at which the control voltage first alters
gain of the VCA. In a soft-knee device this pointis im-
possible to hear. Ratio varies with signal level. Soft-
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Fig. AB2. 1—The level detector of Squeeze-O-Matic (Project No. 7). Compression demands a voltage whose magnitude ris-
eswiththe inputlevel. The level detector builtinto the 2120 provides a rectified log output at pin 2. Al amplifies this voltage by
afactorof 40; R6 applies a variable DC offset thatdetermines threshold. Because the voltage generatedis positive, compres-
sionrequires eitherinverting the voltage, or using the 2120's ' control port, pin 7 which reduces gainin response to a posi-
tive voltage. The latter method was chosen to save an inversion stage. Standard attack & decay networks follow Al. The out-
putof A3 is a control voltage that swings positive in the presence of a signal, negative in the absence of signal. Adownward
compressor cannot allow negative voltage to reach pin 7, since this would boost gain, giving dual-mode compression. A di-
ode at the output of A3 blocks conduction of negative voltage. Pot R12 controls the percentage of control voltage allowed
through, buffered by A4. This scheme varies the linearratio from 1:1 to about 25:1 (feedback control path); maximum ratio is
determined by divider action of R13 & R14.

2—The level detector of Gate-O-Matic (Project No. 6). Downward expanders need a built-in tendency for the control volt-
age to swing to one extreme unless kept from doing so by a voltage generated by the input signal; the device activates in the
absence of an input signal. The level detector’s job is to generate a control voltage that offsets the natural tendency of the
device to mute the signal. Since the 2120’s built-in log amp normally generates a positive voltage, we choose negative volt-
age as the natural tendency. These polarity choices dictate use of pin 5, the VCA’s '+’ port, in which positive voltage boosts
gain, negative voltage reduces gain. We create the negative tendency by tying R11 to V+, which causes the output of A3 to
swing to its negative limit unless opposed by a positive voltage feeding its noninverting input. Ratio control is the same as
thatused for SOM. Minor changes have been made in attack and decay to suit the needs of gating, and to the DC offsetnet-
work feeding A1, to alter the threshold range.

Limiting
As a constant process, compression modifies the

knee compression sounds subtle enough that the
player cranks the ratio so high as to defeat the point.

Players seeking audible compression should stick to
hard-knee transfer. Soft-knee settings are best fixed
by meter, rather than boosting the ratio to the point of
blatantcompression.

overall sound of a track. Compression may fail to tame
apeak thathappens once in a session, making a need
for a back-up mechanism known as a limiter. Com-
pression supplemented by limiting allows lighter com-
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Fig. A83. The leveldetector of Envelo-Matic (Project No. 18). Because the VCF driven by this level detectorresponds overthe
approximate range —=13.5V to +13.5V, the level detector’s output should embrace this range as well. A1, A2, & associated com-
ponents form a unity-gain precision fullwave rectifier whose negative output couples through R4 to inverting variable-gain
stage A3. R5 varies gain 0—45. The now-positive output of A3 feeds a variable-decay network made up of Q1, C3, D3, & R6-8.
R7 makes R8 a super-antilog pot that spreads the wide decay time evenly over the rotation of the pot. Decay contouris linear,
to minimize control voltage ripple for a given total decay time. A4 buffers this stage, which feeds a variable-attack network
made up of D4, C4, & R9. At this point we have a positive control voltage whose amplitude varies linearly with the input ampli-
tude, and to which variable attack and decay have been attached.

A5 buffers the attack network output. D5 blocks conveyance of a small DC offset thatcreptin as part of the decay network.
D5 also feeds unity-gain inverting buffer A6. One of S2's throws ties to the end of D5, the other to the output of A6, allowing
choice of control voltages having identical magnitude but opposite polarity. These feed A7 through R12. The maximum volt-
age swing up to that pointcovers GND to op amp’s positive limit, or GND toits negative limit. A7 has gain of 2, to enable this
input voltage to cause A7's output to swing from its positive to negative limit.

R15 supplies a variable DC offset through R14 1o set the resting DC at A7’s output. Once set, that point shifts only in re-
sponse to voltage generated by the audio input. S2 determines whether the shift moves the voltage higher orlower. R5 con-

trols how farit moves by varying gain applied to the rectifier output.

pression without the risk of overload.

Limiting has vague and strict definitions. The
vague sense implies compression at a linear ratio
greater than 10:1, achieved by changing the compres-
sor settings. Strict usage connotes a hard limit that
the signal cannot pierce, coupled with very fast attack
anddecay.

Limiting sets new priorities for the level detector.
Speed is king, the speed to catch the session's crazi-
estrimshot; the speed togetout of the way in time not
to bump the backslap echo. Compression set for 5ms
attack and 500 ms decay might as well be asleep at
the wheel.

Proper usage demands signal management prior
to the limiter. Only the rare, brief transient should trig-
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ger limiting. If a trial run shows this not to be the case,
the compression settings probably need revision, or
some other measure needs to be employed, such as
auto-variable attack.

Limiters come in several varieties. Reactive limit-
ers respond just as compressors do, but attack in mi-
croseconds, release in a few milliseconds. This ap-
proach canuse a feedback or parallel control path. Cy-
clingisinherentin the feedback control path, butinau-
dible on short transients (Fig. A91).

Staircase limiters use a multi-stage comparator as
the level detector. Each comparator electronically
switches gainindiscrete steps. Switching takes a few
microseconds. Distortion due to the discontinuous
transfer function is ultrasonic and thus inaudible, but



may demand removal to avoid aliasing an analog-to-
digital converter (Fig. A95).

Clipping limiters deprive the signal of headroom at
aconvenient point in the signal path. Op-amp diode
clippers are preferred for the soft edges of the clipped
waveform, resulting from AC logarithmic amplifica-
tion (typical waveforms appear in the Appendix on
Distortion). Another method limits the supply voltage
available to a unity-gain buffer. Despite their crass ap-
proach, clippers function as transparently as reactive
limiters if they act only on transients that pass too fast
forthe ear to register distortion.

Power-amp limiters limitin name only. They're sim-
ple, downward compressors defined by their control
path. The level detector samples the power-amp out-
put, cuts the signal to the power-stage input. The
mechanism prevents power-stage clipping but not
preamp overdrive, which many players use to achieve
their sound. Power-amp limiters favor bass amps be-
cause bass players rarely want the power stage to
clip. Photoresistors’ native dynamic profile suits the
job, making a power-amp limiter easy to build and to
incorporate as a reversible mod.

Sustain

As acompression derivative, sustain comes in down-
ward, upward, and dual modes. Downward sustain
compresses the signal at high ratio and relatively low
threshold. The amount of gain reduction falls as the
note decays, sustaining the volume. Boosting the sig-
nal as much as possible before it reaches the com-
pressor maximizes duration. Downward sustain uses

Fig. A84. Compression dB I/O curves. Hard knee is com-
pletely 1:1 below threshold, 4:1 above threshold. Soft knee
shows indistinct threshold as a natural trait; compression
begins well below nominative 0 dB threshold, but acts so
subtly as to be inaudible. Softknee curve #2 illustrates that
function need notbe smooth, and thatratio can continue to
change with signallevel, in this case reachinginfinity.
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Fig. A85. Block diagram of a common means to implement
soft-knee compression. The only difference between this
and standard parallel-path compressor is the interposition
of a level-dependent transfer network between level detec-
torand VCA control port.

feedback or parallel control paths. Feedback control
leans to subtlety, parallel control to a more forward
sound, even to the point of sag.

Upward sustain boosts gain once the note decays
below threshold. The result sounds more assertive
than downward sustain but poses greater obstacles
for the builder. Where downward sustain is naturally
quiet, upward sustain magnifies system noise. Up-
ward sustainers supply any gaindesired, but lose their
natural sense past ~20 dB. Higher gains are useful for
‘rad’ sustain, or to establish feedback, at the cost of
conspicuous operation and overt noise.

In an upward sustainer, attack determines how fast
the VCA reduces gain on receipt of a signal above
threshold; decay determines how fast gain rises as
the signal falls below threshold. Upward sustain
needs fast attack to prevent clipping that otherwise
happens when a large signal meets a VCA applying
high gain.

A feedback control path yields upward sustain that
sounds so natural thatonly A/B comparison betrays it,
but this approach is prone to cycling. Gainrises to the
point that system noise or some minor transient flips
the VCA into unity-gain mode, often accompanied by
an audible pop. An upward sustainer minimizes cy-
clingby:

» isolating upward sustain from downward
sustainin a dual-mode device

» limiting boost to 20dB

> inserting a slight attack delay

» nulling the DC offset that some VCAs develop
when applying boost

» using a low-gain level detector

» using a variable-ratio network similar to that
which enables soft-knee compression; in this
case, SVR reduces the boost voltage as the
signal decays past a certain point, avoiding
maximum gain at minimum input levels

» having the VCA default to unity gain when the
input falls below a setlevel; this mimics the
prior approach through a separate control
path
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Fig. A86.1—Diode-ladder transfer block; placed between raw level-detector output and VCA control port. Slope of first seg-
ments S1 isdetermined by ratio of R6 to R1. When control voltage input reaches D1's forward conduction point (~2.2V), addi-
tional voltage through that path sharpens the slope of segment S2. Succeeding diodes in the ladder conduct as input voltage
continues to rise, conveying progressively greater voltage until, at about 9V, input = output. Above that point, output ex-
ceeds input. Transition point of each segmentis determined by diode’s forward drop; slope of each segmentis determined by
the ratio of coupling resistor to R6, and the running sum up to that point. Breakpoints of individual segments can be changed
by using diodes having different forward drops; slope of segments can be changed by changing values of coupling resistors
R1-R5. Overall amplitude of transfer function changes with setting of R6. 2—A variation on the theme, using noninverting
segments to alter slope in the negative direction. This sort of curve can soften the action of an upward expander by lowering
the expansion ratio as signal level rises. Itis apparent that mixed inverting/noninverting blocks can cause slope to change

direction, several times if needed. Circuits requiring more than four diodes can use LED bargraph modules or diode arrays to
saveboard space.

168



Fig. A87. A—C depict I/O of Fig. A86, schematic 1, using red
LEDs having an average forward drop of 1.82V. A—R6=4.7K.
B—R6=10K; this is a useful soft-knee compression curve.
C—R6=20K; also useful, if effect benefits from having con-
trol voltage output exceed input at high levels. D—Shows
the effect of changing final op amp A5 from an inverterto a
follower; instead of continuing to increase in a positive direc-
tion, slope decreases. E—Depicts I/O of Fig. A86, schematic
2. In this case, initial positive slope grows less positive as
eachdiode conducts, finally becoming negative. This type of
curve is useful in, say, an upward sustainer, to prevent run-
away gain atminimum input level; or an upward expander, to
decrease the expansion ratio as input level rises. All photos
scale 2V, sweep 500 ps.

A parallel sustain control path resists cycling but
sounds less natural than feedback. Volume may actu-
ally rise as the note decays. Parallel control works well
toinitiate feedback or to achieve a flagrant effect.
Dual-mode sustain is practical and effective, but
putting modes at odds magnifies the quirks of both. Cy-
- cling may intensify because gain flips between boost
and reduction. Dual-mode sustain can use a single
VCA receiving two control feeds, or separate VCAS; in
effect two independent sustainers. In the latter case,
overlap of upward and downward thresholds disposes
tooscillation as the stages push againsteach other.

The builder working up a sustainer can use just
about any VCA, but will find that certain circuits suit
specific goals. Upward sustain exposes what may be
the chip-VCA's worst flaw. Chips act quietly as gain re-
ducers, but prove noticeably noisier than op amps
when supplying boost, particularly if gain exceeds 20
dB. LDR-based optocouplers make VCAs out of low-
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Fig. A88. Transistor-based nonlinear transferblocks. 1—As positive input voltage rises, Q1 turns on at a pointdeterminedby
setting of R4; R3 affects sharpness of knee. R2 controls Slope 1 (Q1 OFF); R1 controls Slope 2 (Q1 ON). Prior to transistor
turn-on, transfer magnitude = R5+(R2+R1+1K); once Q1 turns ON, transfer magnitude = R5+(1K+R1). Q1's ON-resistanceis
negligible relative to fixed resistances. Output of Al is inverted in A2 to clarify the process. 2—A similar setup using PNP
transistor to react to negative input voltage. 3—An FET can transfer positive or negative input, but curves differ. 4—Use of
noninverting amp driving output of simple external divider. 5—A more complicated setup in which FETs shunt the oulputo{‘
an op amp by divider action. Q1 is controlled by input, Q2 by output. This is useful, for instance, in a distortion generator.
Countless variations and combos are possible, such as placing transistor in op-amp feedback loop. The simplicity, versatility,
and economy of this approach makes it a prime contender in soft-knee devices, and many other stomp-box functions, such
as distortion generators. Chief drawback is the need to bias each transistor, due to intersample variation.

noise op amps or discrete-transistor amps, and are » audio-to-DC conversion mode

preferred for sustain where the need for quiet boost
predominates. The LDR's slow natural decay makes
chip VCAs better candidates whendynamic response
takes precedence.

Finer Points of Level Detectors

Working up a refined level detector requires the build-
er to define several variables beyond attack, decay,
ratio, and threshold. They include:
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»gain

» bandwidth

» attack & decay contour

» program-dependent functions

Audio-to-DC Conversion
While every level detector converts audio to DC, the
change may take several forms. A simple average
rectifies and integrates the signal, integration usual

happening in the variable-decay network. Proportion-



Fig. A89. Photos depict I/ of Fig. A88, schematic #1. A—R1 fully CCW, R2 fully CW, R4 fully CW;in this state Q1is OFF; out-
put slope = 10K+251K. B—R4 is turned ~30% CCW; positive input voltage reaches Q1's base, turning it partly ON; output
slope now equals 10K+[ ({Q1's C-E resistance} in parallel with R2) + 1K]. C—R4 turned to ~40%; Q1 turns ON soonerinramp
cycle. D—R4 fully CCW; Q1 turns ON at a very low input voltage. E & F—Pot settings same as for ‘D, butvalue of R1isin-
creased, decreasing post-turn—on slope. This circuit—all circuits of Fig. A88, in fact—can produce a much greater variety of
I/O curves than these few photos suggest, easily ascertained with a ramp generator and a scope. Scale all photos 2V, sweep

500 us.
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Fig. A90. 1—Level-dependent transfer block (LDTB) using
low-voltage varistor.2—LDTBbasedonoptocoupler. When
Q1 is OFF, transfer magnitude = R3+(R1+R2). With Q1 fully
ON, magnitude = R3<R1. Reverse Q1's collector/emitter for
positive inputvoltage. 3—LDTB using FET-based optocou-
pler works the same way, but can handle positive or nega-
tive voltages; secondary control must be positive.

al transfer means that a peak registers as a peak, af-
fecting sound accordingly.

A log average precedes the rectifier with an AC log
amp. Log conversion smooths compressor action by
raising low-level sensitivity and blunting the impact of
peaks. The rectified log amp's outputis nominally lim-
ited to ~0.6Vp-p, requiring boost to yield a useful con-
trol voltage. The ‘squashed’ output waveform allows
faster decay for the same amount of ripple compared
toasimple average.

The modified log average gives the level detectora
split personality. A resistor in series with the logging
diodes allows response to follow the log curve at low
levels, but to swing linear at high levels (Fig. A92-4).

172

Fig. A91. /O of reactive limiter (Fig. A94, schematic #2).

put superimposed on output (whose scope trace is invel
In this photo, input level is below threshold. B—Input ex:
threshold, comparator trips, switching VCA to minimum
feedback path results in cycling, whose artifacts are vis
peak and trough of sinewave. C—Cyclingintensifies ass
level rises. Raising the value of C1 reduces cycling at the
of longer decay and increasingly audible limiter
Switching artifacts are not audible on brief transients. All ot
tos 1 KHz sinewave, scale 500 mv.
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.2—Log average precedes rectifierwith AC log amp, in this case a diode clipper. Raw output of log amp is nominally limited
totwice the diodes’ forward drop, ~1.2Vp-p for IN914s, so rectifier’s output will be limited to ~0.6Vp-p. Most circuits demand a
‘higher control voltage, so a scaling amp often follows the rectifier. 3—While the diode clipper is adequate for most level de-
ctors, it is neither accurate nor temperature-stable. This transistor-based circuit is more accurate, and includes positive
gh-frequency feedback to improve the converter’s high frequency response (Ref. 43). Temperature stability requires addi-
onal circuitry. 4—A modified log amp can take many forms, one shown here. Use of multiple diodes in series, or diodes hav-
gforward drops different from those of IN914, alters the maximum output amplitude; resistance in series with diodes tends
linearize the output once diodes conduct; resistance in parallel with network reduces low-level gain. 5—Basic AD536A

'RMS-DC converter circuit.

The rectifiers built into the NE570 show this pattern,
‘which aids low-level tracking while obviating a scaling
‘amp to obtain the high-level control voltage. Aresistor
inparallel with the logging diodes retains the log re-
sponse to peaks butlowers gain below the diodes' for-
‘ward conduction threshold. This pattern helps pre-
vent cycling in feedback-controlled upward sustain-
ers. Intermediate functions flow from shifting values
oftheinput, parallel, and series resistances.

The root mean square (RMS) transformis given by:

A+ [Trrr

‘where f(t) indicates voltage, integrated over the peri-
10d0-T. Stated more simply:

Avs = \ V2

'Root mean square provides a power assessment that
is independent of waveform shape. RMS can be
thought of as the DC voltage that generates the same
‘amount of heat in a resistor as does the audio signal.
The function is realized in RMS converter chips, such
' as AD536 and SSM2110.
Traits of multiple transforms combine by means of
alinear oR block, configured to pass the higher or low-
erof two or more voltages.

Each of these conversions, and others too obscure
tolist, flavors a dynamic effect with a slightly different
‘sound. While RMS compression has a reputation for

RMS =

smoothness, overall sound depends atleast as much
on control path, threshold, and ratio as on AC-DC con-
version mode. In general, the log conversion cloaks
compression by reducing the response to wide level
swings. Exaggerated compression comes from a sim-
ple average acting in a parallel control path.

Level Detector Gain

Level detector gain is to some extent implicit in
AC-DC conversion mode. Choice of gain per se de-
pends on what the level detector has to do. A wide-
band companding system needs very high gain to get
acontrol voltage from less than 10 millivolts, to enable
it to track low-level signals. An upward sustainer
needs a low-gain level detector to better sense decay

Fig. A93. Leftgraph shows linear vs. exponential attack. Ap-
parent that, for similar performance, linear attack needs to
happen much faster. Right graph compares linear and expo-
nential decay. For same time to total decay, linear much
slower initially, yielding a smoother control voltage than
does exponential decay.

Attack

Decay

1st time
constant

1st time
constant

Time
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Fig. A94. 1—Zener-based clipping limiter. With R1’s wiper at Al’s output, clipping level equals twice the diodes’ zener vo!
plus 0.6V; clipping level rises as wiper of R1 is moved toward ground. 2—Example of reactive limiter. NE570 is configured
aninverting amp whose resting gain is 1. Limiter level detector takes feed off output, rectifies itin the unused channel;f
comparator C1 (393 type), whose threshold varies by setting of R1. When C1’s threshold is exceeded, comparator o
goes HIGH, turning Q1 ON, reducing gain of 570 to 0. Attack takes microseconds; value of C1 determines decay. R3 couldbe
tied to output of compression level detector instead of V+, making a compressor/limiter using a single VCA. 3—Stairca
limiter. Output of level detector Al-A2 feeds diode ladder in LM3914 bargraph driver. Each step activates a switchin 4066,
changing gain by divider action between R1 and R2-5. Four-step circuit shown here could expand to 10 steps, smoothing tt
action. On/off switching takes microseconds; artifacts are inaudible during a 100-ms transient, but may demand removal
avoid aliasing an A/D converter. 4—Simple power-amp limiter. Al is configured as a differential amp that divides the inputk
10. In a ground-referenced system, the inverting lead ties to the ‘hot’ speaker lead; in an amp whose output s floating,
nectone input to each speaker lead. A2 varies threshold by controlling gain from 0-2. Precision fullwave rectifier feeds i
ple peak detector buffered by A4, whose positive output lights the LED in an LDR-based optocoupler, such as Vai
VTL2C2. Resistance leads of this device tie to a point at the input to the power stage that allows gain reduction. If sco
shows power stage clips at 100Vp—p, output of Al will be 10Vp—p; 5Vp—p afterrectification, butboosted by up to 6dBin A2.
lights the LED and drops the LDR's resistance below 1K. Decay network preceding A4 is optional, but smooths controlfeed
lowerdistortion of tones below 60 Hz.
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Fig. A95. I/O of staircase limiter, Fig. A94, schematic #3.
Thresholdis ~1.3Vp—p. Inphotos B—E, a new notch appears as
each comparator’s threshold is passed. Rough appearance is
due to relatively few stages, and is easily smoothed by add-
ing more stages. Switching times measure in microseconds;
the ultrasonic artifacts could alias an A-D converter. All pho-
tos this page scale top trace 2V, bottom trace 500 mv; sweep
1ms.

control settings. This demands that the level detector’s
bandwidth equal that of the signal path. Unrestricted
response proves undesirable when it allows one audio
band to generate the bulk of the control voltage. For ex-
ample, in a wideband feed, strong bass might audibly
modulate treble. Wideband dynamic controllers, such
as companding systems, sound more natural with a
bandpass filter placed ahead of the level detector to
emphasize frequencies to which the ear is most sensi-
tive. Stomp-box compressors tuned for specific instru-
ments attain part of their singularity from such filters.
Level Detector Bandwidth Some signals always need exclusion, such as the
Just about any signal that enters the level detector 19-KHz FMradio pilot tone, scan frequenciesof TV and
generates a control voltage. This is sometimes desir- computer monitors, AMradio signals, etc. Filterstoex-
able. A compressor built for spot use may be called clude these bands are found in some rackmount piec-
upon to compress narrowband audio anywhere be- es,butarerarely requiredin pedals.

tween 20 Hz and 20 KHz, and to do so according to the

ofthe program, and to resist cycling.
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Fig. A96. 1—Simplest program-dependent attack circuit adds diode D2 in parallel with standard attack network D1/R1/Cl; as
sume R1 at250K. If program audio attacks slowly, C1 has time to charge, such that no significant differential voltage deve
between D2’s anode and cathode. If program attacks quickly, and has sufficient amplitude, C1 won't have time to charge,
the difference voltage reaches D2's forward conduction threshold, leading to instantaneous attack that lasts until the cha
in C1 builds up. Design is sensitive to both amplitude and rate of change. Different thresholds can be chosen by selectio
diodes having different forward drops. 2—A variant on this theme uses series resistance to create a three-step attack.
differential voltage exceeds D2's drop, attack accelerates by a factor of 10, due to the time constant of R2 with C1. If transi
is big and fast enough, the differential across R2 surpasses D3's forward drop, giving instantaneous attack. 3—FET-ba
circuit is more complex. Subtraction of input from output by A3 yields an error voltage whose amplitude varies with am
tude and rise time of input pulse. The positive error voltage turns Q1 on, accelerating attack until error voltage falls be
turn-on point. This circuit allows variable threshold by setting of R1. 4—Running a leading-edge detector in parallel with!
main control path. Audiois conditioned in a scaling amp; converted to DC by fullwave rectifier, then peak-detected by D1-
which smooths out most of the ripple while not materially slowing the leading edge of the program. Al output fes
differentiator C2-R1; augmented diode D2-A2 allows only the positive voltage to pass. Because very low frequencies e
ripple in the control feed at that point, the signal is further detected by an LED, whose high forward drop essentially elimina
theripple. The resultant positive control voltage feeds scaling amp A3; thence to R4-R5, whose values determine Q1's se
tivity. Fast attack in the program generates a positive pulse that turns Q1 on, speeding attack over the time constant of
C4. The control voltage could also drive a phototransistor in an optocoupler. (In circuits 1-3, itis important that the s
feeding the auto-attack network have beenintegrated, as by passage through a variable-decay network.)

Attack & Decay Contour

Attack and decay networks govern their respective
functions by varying the time taken to charge or dis-
charge a capacitor. Charging through a resistor leads
to an exponential curve, characterized by fast rise
slowing to a plateau. The curve results because the
cap's voltage changes as it charges. The time con-
stant of the RC pair tells the time needed to charge or
discharge 63.2% of the total voltage.

A linear curve attends charging or discharging
through a constant-current path, which frees current
flow from dependence on voltage. Thus, attack and
decay are easily configured for linear or exponential
modes (Fig. A93). Modes differing from these are real-
ized by feeding the output of a standard network
through a nonlinear transfer block.

Control contour matters most in decay, because

176

decay chiefly determines control-voltage ripple.
the same time from a fully charged to a fully d
charged state, linear decay changes less and thusin
tegrates more than exponential decay. Linear de
also happens to allow long decay using small capa
tors, and facilitates voltage control of the function.
ponential decay is preferred for a voltage meant to
mimic decay of a note, because picked or strul
strings normally decay exponentially.

Program-Dependent Functions
Ideal compression happens discreetly, yet confines
the signal to the bounds of the medium. Most studi

vets have learned that some types of program un
mask the process or defeat the control settings. In thi
case of decay, a loud peak followed by a soft passag
exposes compressor action if decay has been set



A97. Schematic illustrates one way to distinguish the leading

inboth cases.

‘much slower decay, but detector generates useful control voltage

om the trailing edge of a signal. A—Squarewave simulates - T (.
ramwithinfinitely fast attack and decay. Al buffers the pulse, A2 >0
chfeeds simple differentiator C1-R1. A2 is configured as an S 28{?
mented diode that passes only positive voltage; outputis a S
ely positive pulse coincident with attack; does notreactto _,Ihh:‘“xx c1 ~
ing edge of program. B—A3 is configured as an augmented | T e
diode that passes only negative voltage; reacts only tofalling ol A L \ 1914 | - g
‘edge of pulse; outputis a negative voltage, even though input L - 2;3 [ A3 >0
pulseis purely positive. Musical signals exhibit slower attack and ) s —/ aaé

longer than ~500 ms; a pianissimo rebounds audibly
during that time. In the case of attack, the slight delay
often used to retain a sense of dynamics leaves the
track vulnerable to overload by the loud, fast transient,
such as a rimshot. These instances crave a level de-
tector that senses the event and departs fromfixed at-
tack and decay.

The simplest program-responsive attack circuit
keys on the voltage difference that develops between
the input and output of an attack-delay network (Fig.
A96-1). If the program attacks slowly, the attack cap

| hastime tocharge, and only a small difference voltage

develops. If the program attacks fast, the cap does not

' have time to charge, and a large voltage develops. A

diode in parallel with the attack resistor conducts
when this difference voltage exceeds its forward drop.
Atthat point attack becomes instantaneous if the raw
diode is used, or accelerates by some fractionif the di-
ode sees a series resistance smaller than the main at-
tack resistance. The voltage required to trigger in-
stant attack is varied by using diodes having different
forward drops. ‘Stacking' diodes and resistors in paral-
lel with the attack resistor gives a network whose at-
tack varies in three or more steps (Fig. A96-2). Are-
lated approach uses the difference voltage to activate
a transistor wired in parallel with the attack resistor
(Fig. A96-3). This method constitutes a feedback
control loop that continuously tunes attack to the pro-

gram. A third option uses a leading-edge detectorrun-
ning in parallel with the level detector to generate a
control voltage that, through a control block, varies at-
tack according to the content of the program (Fig.
A96-4).

Program-dependent decay requires sensing a rap-
idfallin level. One method runs two decay networks in
parallel, one of which decays several times faster than
the other (Fig. A100-1). Both networks feed a
subtractor. If the program decays slowly, little voltage
difference develops. But when a soft passage imme-
diately follows a peak, the disparity in decay creates a
large voltage difference that hastens decay of the
main network. Another approach uses a falling-edge
detector. Differentiation yields a positive voltage from
the leading edge of a transient, but a negative voltage
from the falling edge, even when the transient swings
purely positive. A diode discriminator selects the neg-
ative voltage, which then speeds decay (Fig. A100-2).
The falling-edge detector demands moderate pre-in-
tegration of the signal. Both approaches are practical,
easily adjusted, and mate smoothly to the stock lin-
ear-decay network.

A 'decay’ version of the diode method of auto-vari-
able attack proves practical. The approach combines
both auto-variable functions in a block of remarkable
simplicity (Fig. A102). The output of this network
tracks the music envelope closely, but without the se-
vereripple that accompanies fast attack and decay.
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Fig. A98. Schematic shows auto-variable attack network D1-D2-R2-R3-C2, whose output is buffered by A3. Feeding this
workis an artificial attack generator, R1-C1, which variably slows the leading edge of a positive pulse feeding Al. BecauseC
is three times the value of C2, the attack of the input can be slowed below the time constant of R2-C2. In photos A-C, D1 &D2
have been removed from circuit. Photo A shows slow leading edge is further slowed by R2-C2; attack speeds upin photosB
& C,but output of A3 is slowed by time constant of R2-C2. Inphoto D, D1 has been plugged into circuit; now output of A3 ex-
hibits two phases; initial portion rises five times faster than second portion due to the smaller time constant of R3 with C2
photo E, D2 has been added. Now output shows three distinct phases; when rate of attack and pulse amplitude are sufficient
to overcome D2's forward drop, attack becomes instantaneous, then slows to time constant of R3-C2, finally slowing to
constant of R2-C2, Verifying action of circuitis easy. Dim the lights in the lab and watch D1 & D2 as attack is acceleratedbv
lowering the value of R1; first D1, then D2 flashes with each pulse.
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'Fig. A99. Anotherway of looking at auto-variable attack. This series of photos illustrates the difference voltage that develops
‘between the ends of the attackresistor, R2 in Fig. A98. Top trace input, bottom trace difference voltage. A—Inputpulserises
‘more slowly than the time constant of R2-C2; C2 cap has time to charge, no difference voltage develops. B & C—As attack
‘accelerates, a difference voltage appears and grows. D—Instantaneous attack generates a comparably fastdifference volt-
‘age. This voltage can be used to trigger a switch across the attack resistor, speeding attack when the network senses fastat-
‘tackin the program. Concept adapts to parallel or feedback control.

1 oHROL
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| Fig. A100. 1—One means to achieve program-variable decay. Output of scaling amp/positive rectifier feeds two peak detec-

 tors, identical but for their decay rates. Because both detectors see identical amplitudes, subtractor A3’s output is propor-
tional mainly to the rate of change between the two decay networks. When program decays slowly, little differential voltage
exists. The quicker the program decays, the greater the negative voltage generated, and the faster the decay. This voltage
applies directly to 10M resistor tied to Q1’s emitter, or through a summing amp that allows manual decay control which will
shiftwhen program decays quickly. Also, a pottied between A4’s output and ground would let the user control the magnitude
ofthe auto-variable effect. 2—Similarresults realized by a falling-edge detector. Butfor polarity of the control voltage output,
circuit functions identically to the leading-edge auto-variable—attack circuit previously described.
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Fig. A101 (right). Schematicillustrates a linear decay circuit
(integrator) with switchable auto-variable decay. When S1
ties R1 to ground, positive charge stored in C1 decays
linearly, over ~4 seconds. In photo A, top trace shows tone
burst output of fullwave rectifier; bottom trace shows
integrator output; long decay resultsin little change
between bursts. Inphoto B, S1 selects output of A3; now
decay takes less than 40 ms. In photo C, top trace shows
output of A3, a negative voltage produced only when the
programdecays quickly. This voltage causes a negative
current to flow through Q1, neutralizing the positive charge

in C1. The faster the program decays, the larger the output of

A3, and the faster the decay. D—Fullwave rectified input
burstnow appears onbottom trace; illustrates that the
decay-sensing network reacts only to falling edge of
program.
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Fig. A102 (left). Auto-variable attack & decay in one simple
stage. Key stepinvolves pre-integration of rectified audio by
D1-C1, buffered by A1 (064 or similar FET-input type). Charge
in C1 leaks off by various paths, giving predominantly linear
decay. This provides substantial integration, despite decay on
the order of 80 ms. At 20 Hz, ripple at output of Al is 600mvp—p,
againstrectified input amplitude to D1 of 5.5Vp—; ripple in the
control voltage outputis only ~30mvp-p, becoming negligible
above 40 Hz. Auto-variable attack involves R1-R2-D2/3/4 and
C1,by mechanisms previously described. The only decay path
forthe chargein C1is through D5 and R3, which has along
time constantwith C1. However, if the program decays quickly,
the voltage at Al's output falls, creating a voltage differential
across R3; if that difference exceeds the forward drop of D6,
decay tracks that of the input signal, down to D6's forward
drop, atwhich point the time constant of R3-C2 determines
remaining decay. Circuitis easily tuned to specialized
applications by changing diode types, or the values of
resistors and caps.



Project No. 33

Burst-O-Matic

Designing and testing compressors and expanders is
greatly aided by an audio-band tone burst generator,
especially one that allows control of burst depth, to re-
veal the effect of attack and decay on musical tran-
sients. As a bonus, Burst-O-Matic throws in a pulse
output to aid testing pure attack and decay networks.

Circuit Description

IC1-a & -b and associated components form a sine-
wave generator whose frequency measures ~5 KHz.
IC1-b output couples through R8 1o one terminal of a
CMQOS switch inside IC3. The other terminal of this
switch ties to an artificial ground produced by IC1-¢
and associated components. Signal couples through
pot R9 to input of voltage follower IC2-a and to the out-
put path through R10-C4.

IC1-d supplies the bias reference used by IC1-a/-b
andIC2-a.

IC4 is configured as a variable-rate squarewave
generator whose output controls the switching rate of
IC3. When IC4 pin 5 goes HIGH, switch IC3 turns on,
shunting most of the signal present atIC3 pin 1. When
IC4 pin 5 goes LOW, switch opens and allows most of
the sinewave burst to pass to RS and the output path.
The setting of R11 determines how much signal gets
shunted, and thus controls burst depth.

Raw IC4 output also couples to voltage follower
IC2-b, through R12-R13 to the pulse output.

Fig. 33-1. Burst-O-Matic prototype board. C4 in this early
versionwas an electrolytic cap; current versionuses 0.01uF
monolithic.

Use
Pots have these functions:

RS burstoutputlevel
R1 burstdepth

R12 pulse outputlevel
R17 pulse/burstrate

Initial settings: RY, 11, 12, 17 fully CW. Place trimpot
R16in center position. First, trim the sinewave gener-
ator. Power up, connect scope probe to pin 14 of IC1,
trim R6 10 give a sinewave of ~4Vs—. Trim R16 to give
symmetrical burstoutput (Fig. 33-4A, top trace; Figs.
33-4C & D show output w/pot improperly trimmed).
Take all panel pots through full range and note effects
onpulse & burst outputs.

BURST-O-MATIC PARTSLIST
Resistors

R1 4.7K

R2,3,7 2.2K

R4 47K

R5 1.8K

R6 1K multiturn trimpot

R8 100K

R9 1M audio-taper pot

R10 100

R11 100K pot

R12 5K audio-taper pot

R13 470

R14, 15 10K

R16 10K trimpot

R17 10K pot

R18 1K

Capacitors

C1,2 0.01uF, 5% or better

C3, 5,7 10uF aluminum electrolytic
C4 0.01uF monolithic, 20%

C6 47uF aluminum electrolytic
Semiconductors

D1,2 1N914

D3 IN4001

IC1 MC33174 quad low-voltage opamp
IC2 MC33172 dual low-voltage op amp
IC3 4066 quad bilateral switch

IC4 NE567 tone decoder
Miscellaneous

circuit board, solder, wire, jacks, etc.
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Fig. 33-3. Burst-O-Matic layout & wiring diagram.
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Fig. 33—4. Burst-O-Matic outputs. Scale: A-D, 2V/div. A—Top trace
shows burst output with depth at maximum; bottom trace shows
pulse output. B—Burstdepth minimum. C & D—lllustrate the effect
of altering symmetry trim. E—Scale 1V/div.; raw output of IC1-b
shows clean sinewave atabout 5000 Hz.

3.5" x 3" reference box

Fig. 33-5. Burst-O-Matic circuit board.
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Project No. 34

Ramp-O-Matic

One way to work up a nonlinear transfer block is to
measure and plot individual points. This approach is
tedious. A quick, intuitive option feeds the network a
ramp and displays the /O on a scope. What could take
hours of plotting can be done in minutes. All you need
is a ramp generator. Tuning nonlinear transfer blocks
(especially complex, direction-changing designs) be-
comes a snap. Ramp-O-Matic is great for testing
those what-if networks, and reveals discontinuities at
aglance.

Circuit Function
Q1-3 and associated components forma varianton a
well-known linear positive ramp generator. R2 varies
frequency. Ramp outputis taken off Q3's emitter, cou-
pling directly to noninverting input of IC1-a, which ap-
plies gain of ~4. R8 nulls the offset at IC1-d’s output,
which is due to the offset that exists at Q3's emitter.
IC1-a output couples through R10 to unity-gain in-
verting buffer IC1-b. SPDT switch S1 selects the posi-
tive or the negative ramp, feeding it to pot R17 which
varies ramp amplitude. R12 controls output DC offset.
Ramp couples through R15 to the output path.

Use
Switches & pots have these functions:

S1 ramp select positive/negative

Fig. 34—1. Ramp-0O-Matic prototype board.
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R2 ramp frequency

R8 ramp internal DC trim
R12 ramp output DC offset
R17 ramp outputamplitude

First, trim the internal DC offset. Connect outputpin
of IC1 to scope, power up the device, trim R8 so that
the ramp is equidistant from IC1's positive and nega-
tive output limits.

Ramp amplitude and frequency vary with supply
voltage; the box works over the range £7.5 to £15V.

Connect scope probe to output, confirm action of
S1 by noting positive and negative ramp; confirm ac-
tion of R2 ramp rate, R17 output amplitude, and R12
output DC offset. Ramp-0O-Matic's utility has been
demonstrated earlier in this Appendix.

RAMP-O-MATIC PARTS LIST
Resistors

R1,3 47K

R2 10K pot

R4,5,6 10K

R7 10,11 22K

R8 100K trimpot

R9 30K

R12, 17 100K pot

R13, 14, 16 100K

R15 100

Capacitors

C1 0.33uF

C2, 3 10pF aluminum electrolytic
Semiconductors

D1,2 IN4001

IC1 MC33172 dual opamp

IC2 MC33171 opamp

Q1 2ZN5457 field-effect transistor
Q2 2N2646 unijunction transistor
Q3 2N3904 NPN transistor
Miscellaneous

S1 SPDT switch

wire, solder, circuit board, output jack, etc.
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Fig. 34—2. Ramp-O-Matic schematic.

Fig. 34—-3. Ramp-O-Matic circuit board.
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Fig. 34—4. Ramp-O-Matic layout & wiring diagram.
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Distortion

Distortion spawned the industry of which this book is
anoutgrowth. In fact, fuzz paved the way for a galaxy
of pedals now gracing the market. The effect spans
the gamut from sweet—Nokie Edwards' lead on
“Only The Young'—to the fresh-paper-cut edge of
"Who Are The Brain Police?" Like ‘verb, a touch of
distortion rounds out the sound, imbuing tone with
hints of strange instruments. Stomp boxes dazzle by
how tastily they distort.

Distortion qualifies as desirable or not, depending
on context. It cleaves naturally into that occurring in
the amp, during normal operation or abuse, and that
produced by outboard engines.

Distortion In The Amp

Amps hold the seeds of so much distortion that some
players add no outboard fuzz. Every amp distorts, but
not all the time and not always audibly. Distortion due
10 headroom exhaustion flows from the fact that no
stage candeliver more than the available voltage. Sol-
id state tends to go straight fromlinear transfer to clip-
ping. Decapitation of waveforms at the tips gives an
edge some players find desirable. Pushed further, the
process replicates sine-to-square conversion (Fig.
AT10). By contrast, tube stages squash the signal long
before clipping commences. Headroom exhaustion
forms an essential part of tube sound, discussedinits
own Appendix.

Crossoverdistortion (Fig. A112) occurs in push-pull
amplifier stages. By definition, half the stage handles
the positive voltage swing, half handles the negative
swing. No distortion results if the stages hand off per-
fectly. If the hand-off runs awry, a failure of linearity
called adeadband is created; the resultant crossover
distortion has as diagnostic a look in solid state as in
tubes, and is easily generated at levels from sublimi-
nal to overpowering. Crossover distortion has been
cited as one facet of "Marshall sound.”

Transformer-related distortion is confined to the
tube scene. The transformer’s primary winding ties to
the output tube(s); its secondary winding to the
speaker(s). Theresultant system contains heavily re-
active elements, often complicated by a negative
feedback path, introducing distortion terms even be-
low the level of transformer saturation. Saturation in-
jects gross harmonic distortion. The saturation point
hinges on power and frequency; lows usually saturate
before highs.

Some gain stages act as mixers, in the Ham-radio
sense of the word. Studio parlance uses mixing to
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' Basic Stomp-Box Distortion Modes
Sine-to-Square Conversion
methods: comparator, Schmitt trigger
sound: archetypal harsh
Headroom Exhaustion (clipping)
methods:drive a stage to its voltage limit
sound: depends on degree of overdrive
and available headroom
AC Logarithmic Amplification (a/k/a
diode clipping)
methods: the name is the method
sound: not as harsh as true SSC; changes
with mods to log amp
Fullwave & Serial Fullwave Rectification
method: precision fullwave rectifier
sound: mixture of smooth and harsh;
better dynamic tracking than
squarewave and diode-clipped feeds
Squashing
methods: linearly biased CMOS inverter,
overdriven OTA; triode stage
sound: ranges from ‘warmth’ to
diode-like clipping
Crossover Distortion
methods: feed signal through improperly
biased push-pull stage; many diode
circuits
sound: scant effect on individual notes
unless severe; chords acquire a chunky
quality
Intermodulation Distortion
method: multiply axe feed againstitselfin
a4QM
sound: variable; usually accompanied by
harmonic distortion
Harmonic Distortion
methods: mostdistortion methods
generate frequencies that are even or
odd multiples of the primary tone;in that
sense, they all make harmonic
distortion
sound:depends on severity, and whether
even or odd, and high- or low-order
harmonics predominate

designate an algebraic sum. Mix-born distortion
comes from four-guadrant multiplication. In this
sense, mixing two different frequencies yields an out-
put from which the input frequencies have been
nulled, plus two new terms, the sum of the input fre-
quencies, and their difference. Amp stages don't act
as pure mixers, but can mix a percentage of the sig-
nal. Two types of distortion flow from this process.
Intermodulation distortion describes the result of mix-
ing two different frequencies. The output of an amp
fed a 1-KHz tone and a 620-Hz tone contains those two
tones, but also portions of 1620 Hz and 380 Hz (Fig.



Fig. A103. 1—Comparator, such as LM393, configured as
sine-to-square converter. 2—Op amp configured as com-
parator; positive feedback avoids linear response. 3—Basic
integrator; effect on squarewave illustrated in Fig A107-C,
D.4—Basic differentiator; effect on squarewave illustrated
in Fig. A107-E,F.

/ Taw aie fasd
Ssdguals ‘___/tone shaping\\

conversion ® AC log amplification

® to ramp generator
® 4-quadrant multiplier
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Fig. A105. Basic distortion tree. A more detailed rendering
becomes unmanageable due to interconnects and over-
laps. Anything is possible; no rules apply.

A113). The percentage of new tones tells the inter-
modulation distortion. IM's key aspect is that the new
tones don't represent integer multiples of the original
frequencies. Mixing a single frequency with itself
gives a difference term of zero. The sum term equals
twice the input, making the mixer a doubler of isolated
sinewaves. The creation of integer multiples of the
fundamental tone is known as harmonic distortion,
and more typically results from clipping and squash-
ing.

The amp output is not the end of the line. One final
transform happens in the speaker, acomplex mingling
of drive level, damping, impedance, and cone materi-

Fig. A104. An example of multiplexed distortion. Preamp
feeds parallel distortion paths, each producing a different
sound; also feeds sine—square converter optionally sub-
jected to frequency division or multiplication, which con-
trols toggling rate between the distortion paths.

audio in

¥ R

preamp |

[ x-over
distortion

' squashing

[EE— YV

| buffer s G
M g
distortion
out

al. Speaker nonlinearity accounts fordistortionwhose
role amp makers now appreciate. The fact that the
speaker cannot accurately reproduce what the amp
feeds it probably holds part of the magic.

Outboard Distortion: Fuzz Boxes

Compared to distortion in the amp, fuzz is deliberate,
deviant, blatant; typically dominant. Sounds innature
trace to vibration, a sinusoidal phenomenon. Human
hearing discerns a sinewave asrightand pure, altered
sinewaves as distorted. So, distortion generators cor-
rupt sinewaves. Though the number of possible per-

Fig. A106. Typical waveforms encounteredin electronic cir-
cuits and distortion generators.
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Fig. A107. A—I/O of Fig. A103—1. B—1/O of Fig. A103-3 & 4, when integration and differentiation are canceled by setting of R2;
input essentially equals output. C—1/0 of Fig. A103-3 (integrator); increasing value of R2 reveals exponential curves typical
of a capacitor charging and discharging through a resistor. D—R2 at maximum; output approximates a triangle wave; also
note significantdrop in amplitude. A given amount of integration affects different frequencies differently, something not ap-
parent from these photos. E & F—I/O of Fig. A103-4, a basic differentiator. As value of R2 is progressively lowered; network
selects progressively higher frequencies. Integration and differentiation affect the amplitude of sinewaves, but alter the
shape of non-sinewaves.
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Fig. A108. 1—Dual flip-flop wired as two independent
divide-by-2 blocks; if wired in series, results in divide-by-4.
The 4013 can be particular aboutinputs and/or supply
voltage; most consistent results resultfrom passage of
signal through at least one CMOS buffer before itreaches
the 4013. 2—Squarewave frequency doubler; exclusive OR
gate changes state on leading and falling edges of input;
duration of resultant pulses depends on time constant of
RC network; trim to suitinput frequency range. Output
may need squaring up in one or more buffers. 3—4017
configured to divide-by-n, in this case, nis any factor
between 2 and 9. Photos above illustrate selected I/O of
these circuits.
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versionsis large, a few predominate out of ease of cre-
ation and control.

Sine-to-Square Conversion (SSC)

SSC makes a natural first step in a buzz box because
squarewaves sound harsh, and lend themselves to
further, readily realized changes. True SSC uses cir-
cuits having only two output states, LOW and HIGH.
Examples include zero-crossing detectors and
Schmitt triggers. The output has perfectly sharp
shoulders, at least in a musical time frame (Fig.
A107-A).

Once a squarewave is obtained, the leading and/or
trailing edges are easily altered by the same attack
anddecay networks used in level detectors. The main
difference is that the RC time constants measure mi-
croseconds instead of milliseconds.

Phase-shift prior to SSC changes the pointatwhich
zero crossing occurs, shifting phase betweenwetand
dry, resulting in comb-filtering if wet is then mixed
withdry.

Squarewaves lend themselves to altered rate. Mu-
sically apt changes double or quadruple, halve or
quarter the frequency. Division by twois achieved by a
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Fig. A109. Photos A & B show I/O of schematic 1. A—Low-level
input (top trace), diode clipper output (bottom trace). B—Input
tex increases to several voltsp-p, but output has increased minimal-
ly, due to log amplification. Rounded shoulders of diode-clipped
output give a softer sound than sharp shoulders of a true
squarewave. Photos C through F depict I/O of schematic 2,in

which setting of R1 is varied, affecting contour of waveform after
diode turns on. Circuit allows manipulation of other variables
affecting sound, e.g., high frequencies roll off when R3is

decreased from its 10M value; R4 varies sensitivity of circuit by
limiting maximum gain available in the feedback loop.



Fig. A110. /O of 1 KHz sinewave feeding TL071 configured
asinverting amp whose gain varies 0—10 depending on set-
ting of 100K pot. A—Barely clipping. B—Gain increases;
clipping becomes more pronounced. C—In effect, sine-to-
square conversion.

flip-flop; division by four, by two flip-flops in series. A
4017 counter divides by a selectable factor fromtwo to
nine (Fig. A108). Frequency division finds use outside
distortion in a class of boxes known as dividers. Fre-
quency doubling is achieved many ways, one of the
simplestbeing an exclusive-OR gate (Fig. A108-D).

Squarewave sound changes with duty cycle, the
percentage of time spent high relative to the time
spent low. Altering the duty cycle of an existing
squarewave usually requires differentiation, to con-
vertit to a pulse train; each pulse then triggers a one-
shot with a variable duty cycle.

Integrators and differentiators—lowpass and high-
pass filters, respectively—alter the amplitude of sine-
waves, but change the shape of squarewaves. Inte-
gration removes high-frequency products; differentia-
tion removes low-frequency components (Fig. A107-
CtoF)

Diode Clipping

Perhaps the most versatile single distortion step, di-
ode clipping isnt clipping at all, but AC logarithmic
amplification. Two diodes wired parallel/reversed in
the feedback loop of an op amp give a particular gain
curve. The amp attempts to apply its open-loop gain
below the diodes' conduction threshold. This is one
reason some fuzz effects are noisy. Once the signal
overcomes the diodes' forward drop, output voltage
becomes proportional to the log of the current through
the diodes. The wave plateaus at about twice the di-
odes’ forward drop; 1.2Vp—p for silicon diodes, 0.7Vp—p
for germanium diodes. As expected from its appear-
ance (Fig. A109), diode clipping sounds softer than
SSC.

Diode clipping allows manipulation of several vari-
ables during creation. Reducing the op amp's low-lev-
el gain with parallel resistance keeps the fuzz but re-
duces sensitivity and noise. Raising post-turn-ongain
with series resistance improves dynamic tracking
without losing distortion altogether. The diode's for-
ward conduction pointcan be altered with a pot tied to
the output; a capacitor in the feedback loop skews fre-
quency response. Sound also changes with diodes
having higher or lower forward drops than IN914s. De-
spite their sloping shoulders, diode-clipped waves
qualify for many of the transforms applicable to
squarewaves.

Diode clipping and SSC are self-limiting because
their products have fixed amplitudes. Indeed, both
processes are meant to ignore input amplitude. Res-
toration of dynamic tracking demands explicit steps.

Perverting Sinewaves

Attacking a sinewave without prior squaring yields a
varied class of sounds that tend to retain dynamic
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Fig. A111 (photos above, and on facing page). Photos A/B/C depict I/O of schematic #1. Waveforms are superimposed to
highlight the amplitude-dependent differences; output has been inverted to facilitate comparison; bias has been trimmed for
best symmetry. A—Transferis essentially linearup to aninput of ~1Vp—p. B & C—As inputlevelincreases further, outputbe-
comes progressively squashed. Photos D & E depict I/O of schematic #2; OTA exhibits linear transfer up to about 3Vop;
squashing grows after thatpoint, ending finally in a function that resembles diode clipping. Distortion threshold can be raised
orlowered by changing value of 10K input resistor; this also changes gain, so I-V conversion resistance willhave to be altered
to keep unity gain. F—I/O of OTA driven by triangle wave; input & output superimposed; lineartransfer atlow levels. G & H—
Triangle rounds off as levelincreases. |—Applying a DC offsetto the OTAresultsin asymmetrical squashing.

192



tracking. Fullwave rectification generates 2nd har-
monics, along with high-order 'fuzz’ products that
sound smoather than squarewaves. One variant of
rectification unbalances the rectifier, so that alternat-
ing pulses have different amplitudes. Serial fullwave
rectification doubles frequency with each step.
Driving a ramp generator with a sinewave creates
an output whose shape changes with input level; a
very highlevel generates aramp, a lower level creates
avariable nonlinear output.
Sinewaves were meant for crossover distortion,
which needs a sloping waveform to expressitself.
Multiplying the signal against itself in a 4QM has
varied effects. A pure sinewave emerges doubled in
frequency; complex sinewaves typical of an axe feed
acquire harmonic and intermodulation distortion, the
latter giving rise to ring-modulator-like sounds.
Squashing describes one aspect of the tube-amp
transfer function (Fig. A111). Sinewave tips take on a
rounded contour that intensifies with level. Solid state
replicates this aspect in linearly biased inverting
CMOS buffers, such as a 4069. The output contour is
rounder than that of a diode clipper, and usually asym-
metrical unless trimmed. A similar effect results from

overloading the input of a transconductance amp. The
higher the level, the flatter the wave becomes until it
resembles diode clipping.

All these transforms are fair game for nonlinear
transferfunctions.

Miscellaneous Distortions

A distortion pedal can use any circuit whose output
represents a perversion of the input. Some of the tast-
iest modes flow from abusing systems meant toresist
distortion. For instance, FM systems are designed to
convey signals with immunity to interference; yet
modulator and demodulator tolerate only so much de-
viation. Past a certain point, they lapse into distortion
whose character shifts with drive level. A phase
locked loop sounds particularly distressed when los-
ing lock. Choice of a low-frequency carrier aliases the
system, producing audio-band spuriae.

Smoothing ripple from the control feed forms an es-
sential part of designing a compressor, because con-
trol-voltage ripple distorts audio. Perverted control
feeds make distortion tools out of compressors. VCAs
are two-quadrant, rather than four-quadrant multipli-
ers. The control feed alters the musical envelope, but
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Fig. A112. Photos A to D depict I/O of schematic #1. A—Input
fails to reach 1N914 diodes’ conduction threshold, so no sig-
nal gets through. B—Signal has overcome diodes’ conduc-
tion threshold; marked deadband is present. C—Signal in-
creases, deadband becomes proportionately less. D—Iden-
tical to photo C, but green LEDs have been substituted for
1N914s; greaterforward drop accentuates deadband. E & F—
I/0 of schematic #2. Variable bias applied through R1 alters
relative bias of push-pull pair, variable deadband distortion.
Many otherways exist torealize crossoverdistortionin tran-
sistor and tube circuits.
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Fig. A113. Generating harmonic and intermodulation distor-
tion using four-quadrant multipliers. 1—Half an LM13600
configured as 4QM. Builder adapting this circuit to other
uses should note two strong DC offsets. Input exists below
ground, |-V converter A2 output exists well above ground.
Output amplitude is low, requiring scaling amp A3 to give
desired amplitude. Trim 200-ohm pot to balance multiplier.
2—Functionally similar circuitbased on LM3080; trim R1 to
balance multiplier. Input exists below ground; output varies
above orbelow ground, depending on trim setting. 3—Sim-
pler, butmuch more expensive approach uses AD534 preci-
sion analog multiplier. 3K resistor sets internal scaling amp
such that outputis about 38% of input, fairly high fora 4QM.
Circuit shown allows multiplication of two differentinputs.
Multiplying a signal against itself affects amplitude as well
as frequency. This causes multiplier to act as an expander
that quickly reaches clipping if overdriven. Photo shows
output of the 534 circuit fed two different sinewaves.

does not produce the sum and difference terms of
four-guadrant multiplication.

Multiplexed distortion involves electronic toggling
between different distortion paths (Fig. A104). The
switch can be driven rhythmically, randomly, or by a
pulse train derived from the input. Alternating be-
tweendistortions give a sound distinct from summing
them. Discontinuities due to switching add a third
component to the mix.

Nothing is too bizarre when it comes to fuzz, e.g.,
feeding audio through a silicon controlled rectifier, or
anunbypassed 3V regulator.

Tone Shaping

Tone shaping changes the character of distortion in
two ways. First, many distortion transforms exhibit
thresholds. Altering the frequency profile ahead of the
distortion block changes the population of frequencies
thatreach threshold and undergo transformation, and

those that pass unmolested.

The distorted signal contains new frequencies
above the fundamental, or below it in the case of fre-
guency division. EQ accentuates or mutes these new
tones.

Cooking Up Distortion Boxes

Distortion seeks less a practical end than the genesis
of new sound, preferably christened in the font of cool.
That attitude bred the adage that no rules rule distor-
tion. Rules or not, some approaches enjoy greater
success than others. The builder new to buzz boxes
might find these guidelines helpful:

» Avoid redundancies. Diode clipping followed
by SSC serveslittle point.

» Leaveroom for the effect to express itself.
Some distortions blunt the impact of others.
SSC ahead of crossover distortion defeats the
crossover distortion because the deadband
needs sloping sides to manifest.

» Keep two equalizers handy, one to apply
before distortion, one after. EQ sometimes
vivifies transforms that sound lackluster raw.

» Few great-sounding distortion boxes involve a
single transform. The more fruitful approach
combines multiple transforms (serial and/or
parallel) with tone shaping.

» Consider the worth of a tape library correlating
instruments and playing styles subjected to
specific types of distortion. Each recording
should follow a routine that covers the
fretboard, andincludes single notes and
chords, plus a range of dynamics. A box that
does nothing for individual notes might be
found to imbue chords with body. Players who
use several axes with significantly different
output or tone should include a segment with
eachaxe. A tapelibrary canremind the
builder of paths that lead to dead ends, and
help correlate waveforms with sound.

» Give wacky approaches a try. DM6 arose that
way. Distortion is one area where the builder
can cook up sounds immune to ripoff.

Sonic Correlates of Distorted Waveforms

This Appendix treats distortion as another ingredient
with which to cook up new sound. The builder need
notunderstanddistortion circuits to use them; butun-
derstanding why transforms give certain sounds
helps guide the builder seeking specific sounds. A
harmonic profile aids the analysis. All non-intermodu-
lation distortion can be characterized as a fundamen-
tal tone plus a blend of harmonics. The fundamental is
always a sinewave; each harmonicis an integer-multi-
ple of the fundamental. Harmonics are further de-
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Fig. A114. A-C show I/O of FET-based nonlinear function block, shown in section on soft-knee compression (Fig. 88-5). Out-
puthasbeeninverted to facilitate comparison. A—Linear transfer below threshold. B—FETs turn ON at points on the posi-
tive and negative swing varied by potentiometer settings. C—Distorted waveform has nothing to do with a trademarked su-
perhero. D—I/O of 42TU016 transformer; 20 Hz, scale 5V/div.; illustrates distortion due to transformer core saturation.
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Fig. A115. Schematic shows a bare-bones FM system. LM555 timer chip acts a frequency modulator; carrier frequency ~200
KHz, trimmed by R1. Outputfeeds R2, which varies FM signal level feeding phase locked loopdemodulator NE567; R3 trims
PLL frequency. To test this setup, center R1 & R2, trim R3 so that LED lights, indicating that the PLL has locked. Connect cir-
cuit to axe and amp (start with amp volume LOW). Overdriving the 555 occurs at audio levels above ~100 mvp—p and yields
raucous but rich distortion. The sound of the PLL losing lock can be heard by turning R2 CCW; be aware that sudden and
large amplitude shifts that may attend this move. Sound also varies when carrier s taken off center by changing the setting of
R1. DM6 operates on these principles, but uses a 40-KHz carrier, and the slope detector formed by co-resonant transducers
inplace of a PLL. Layoutis critical to keep carrier from coupling to 567 input by parasitic paths. Some designs may require
running 555 and 567 offindependent 9V batteries.
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Fig. A116. Photos illustrate how different solid state stages
behave at their headroom limit. A—OQutputinverted,
superimposed oninput; all three circuits are linear if kept
within their headroom. B—Op amp goes straight from linear
transfer to symmetrical clipping. C—Bipolar transistor also
clips, but asymmetrically. D—FET squashes before
clipping, but margin between squashing and clipping is slim
compared to vacuum tube. All photos 1 KHz sinewave input;
scope gain trimmed to matchinput and output amplitudes
below clipping threshold.
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scribed as even (second, fourth, etc.) or odd (third,
fifth, etc.); and in terms of their proximity to the funda-
mental. Low-order harmonics are close to the funda-
mentalin frequency; high-order harmonics are further
away. For example, the second and fourth are low-or-
der even harmonics; the eighth and the sixteenth are
high-order even harmonics. The third andfifth are low-
order odd harmonics; the ninth and the eleventh are
high-order odd harmonics. Harmonic analysis of a
squarewave confirmed Fourier's claim that it equaled
the sum of an infinite series of sinewaves, the funda-
mental plus /3 the third harmonic plus /s the fifth, and
so on ad infinitum. Harmonic analyses are performed
by computer, using Fourier's equations; or through
spectrum analysis of the waveform under study. An

audio spectrum analyzer is an extremely narrow
bandpass filter swept from 20 Hz to 20 KHz. Each har-
monic's amplitude is plotted relative to that of the fun-
damental (Fig. A116B).

Harmonic profiles have many uses. In a sense,
they constitute sonic fingerprints. Naturally occurring
harmonics account for timbre, which makes C from a
trumpet unlike C from piano or guitar. Generally, even
harmonics support the fundamental, lending the
sound a musical or choral quality; odd harmonics op-
pose the fundamental, producing a woody, muted
tone. A predominance of low-order harmonics tends
to sound smooth or warm. Harmonics above the fifth
sound harsh, especially if clustered between 1 KHz
and 5 KHz, where hearing exhibits peak sensitivity.
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Fig. A116B. Twoillustrations of harmonic
profile. A squarewave, as Fourier i
showed, represents the sum of aninfinite =

series of odd harmonics related by
amplitude: the fundamental plus a third
the 3rd harmonic plus one-fifth the 5th,
and so on. A sawtooth orramp repre-
sents the sum of aninfinite series of even
and odd harmonics, also related by
amplitude: the fundamental plus half the
2nd harmonic plus a third the 3rd, and so
on. This type of harmonic vs. amplitude
graph has predictive value in assessing =
distortion; musical instruments exhibit sawtooth
typical harmonic profiles.

square

fundamental

fundamental

1/3 3rd 1/5 5th
+ W e e

relative amplitude

[ LT g

1 3 5 7 9 1
harmonic

1/22nd  1/3 3rd

+W+’W‘---

relative amplitude

|H1|II|
1234567 891011
harmonic

Harmonics affect perceived loudness. Orders
above the 4th bear an impression of loudness known
as the edge effect. For example, spectrum analysis of
the sound of a trumpet reveals a rise in the 5th har-
monic when the trumpet blares.

Several common transforms alter sinewaves by
limiting their excursion. The resultant harmonic pro-
file depends on symmetry and abruptness. Symme-
try denotes the extent to which tip-altering modes af-
fectthe positive and negative swing equally. Symmet-
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rical modes generate odd harmonics; unipolar modes
make even harmonics (Fig. A124). Abruptness—the
sharpness of the cramped edge—determines har-
monic order. Soft edges generate low orders (2nd-
4th), sharp edges create high orders (5th and above).
Ina squarewave, harmonic energy exceeds that of the
fundamental, with much of the energy clustered
above the 5th harmonic. In a squashed wave, har-
monics roll off rapidly, less than 2% of total energy fall-
ing above the 5th harmonic.



Tube Sound

Tobehold the guitar scene is to know an obsession,; ti-
‘led, to be sure, but harder to limn than the Louvre.
Tube sound has a contextual definition. It means the
warmth of a microphone with a triode preamp, but also
the chime of an AC-30 and the wail of 2 '56 Pro. Evena
ZDplayer temperedby a triode claims the lineage of a
Marshall stack. All these sounds emanate from tubes
.nthe signal path; are, so far,impossible to get without
tubes. A search for common factors fails to identify
anything but thermionic valves.

Perhaps the most telling question asks how tube
jain differs from solid state gain. Schematics yield few
clues, for tubes and transistors share circuit topolo-
gies. The triode gain stage compares to the BPT's
common-emitter amp, or the FET’s common-source
amp. All three stages invert, work at comparable rela-
tive operating points, and are biased class A (Fig.
AN7).

Circuits diverge in operating voltage. Transistors
typically run at 12-50V, tubes at 250-450V. This gives
tube amps a ratio of headroom to inputlevel about 10
times transistoramps’.

In transistors, electrons and 'holes' flow through sil-
icon doped with impurities. In tubes, electrons move
ina partial vacuum. Sonic correlates of these facts re-

Fig. A117. 1—Triode schematic symbol; shows half a 12AX7
or similar tube, which contains two discrete triodes; heater
filaments not shown. Tube's plate, grid, and cathode corre-
spond to BPT’s collector, base, and emitter; and to FET's
drain, gate, and source. Like its transistor counterparts, this
triode configuration inverts the signal. 4—lllustrates head-
room relative to operating point. In fact, OP shifts further
upward when input reaches a level that drives grid positive
relative to cathode, 2V in this case. The signal rounds off at
the positive excursion long before hard clipping sets in.
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- WARNING ik

Vacuum tube circuits are charged with
LETHAL voltage. There is no completely
safe way to work with these circuits. Even
when tube circuits are disconnected from
the power supply, their filter capacitors
retain enough stored energy to cause
DEATH by electrocution. The experiment-
er must treat tube-amp power circuits as
sources of lethal electric shock. This
presentation assumes thatanyone
working on tube amps or experimenting
with tube circuits is knowledgeable about,
and experienced in, the SAFE handling of
high voltage. Persons not so qualified are
warned not to handle high-voltage cir-
cuits. Whether qualified or not, all persons
handling high voltage do so entirely at

\their own risk. )

main obscure.

One glaring departure is the output transformer,
superfluous in solid state. Less obvious is a tube
amp’s low damping, the ratio of speakerimpedance to
output-stage impedance. Transistor amps possess
very high damping.

Tubes are microphonic to a degree that might affect
sound, even in amps culled of grossly microphonic
samples. Transistors exhibit no significant micro-
phonics.

Key differences emerge as input compares to out-
put over a range of drive levels. The margin between
linear transfer and clippingis slimin transistor stages.
The typically biased triode resists clipping. Headroom
exhaustion manifests as rounding off of peaks well be-
fore hard clipping sets in. Triodes also exhibit operat-
ing-point shift as input level rises, skewing the
squashed waveform.

These differences lay an intuitive basis for solid-
state emulations of tube sound.

Tube-Sound Emulation Patents

Guitar amps evolved with a sense of dearthin straight
gain. Clean amps, if not the font of bad, still finished
behind amps that flunked the IHF distortion test. Se-
nior pickers caught on quick. The rest of the world
woke up when the industry fixed seeming flaws by re-
placing tubes with transistors. Though difficult to be-
lieve now, tube amps had a bad rap in the late fifties.
Their nonlinearity was known from the lab; their bulk
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and heat were hard to ignore. Solid state promised
clean delivery in trim kits, shrouded by an unspoken
pledge of better sound.

The flaw in this logic was to assume that simple cir-
cuits mirrored simple transfer functions. The premise
proved all too true in solid state, but tubes' innocence
hid modes whose magic remains a mystery. Pickers
found out how good they had it when they compared
transistor amps to their old Titans and Twins. A burst
of 'improved' tube amps after '65 exposed the folly of
fixing something not broken, and dispelled remaining
doubt that Leo had it right all along. Once tube sound
flowered, the worth of vintage amps rose in kind, with
a tacit bonanza for those who could wring that sound
from solid state. Three decades and many patents lat-
er the quest remains on track, but so far nocigar.

Each tube-sound emulation patent forms a piece-
wise analogue. The subtext of those patents reflects
anawareness of tube sound as a whole that, if not pat-
entable, yet must guide the fusion of analogues. An
emulation succeeds by capturing the sum of the tube
amp transfer function, which splits naturally into pre-
amp, power amp, and miscellaneous modes.

Preamp Modes
Most guitar preamps consist of cascaded triode gain
stages. A triode is a tube with three electrodes: plate,
grid, and cathode (analogous to collector, base, and
emitter of a bipolar transistor; or to drain, gate, and
source of a field-effect transistor). Resistors tied to the
three electrodes set the tube's operating point (OP),
the DC bias at the output electrode, in this case the
plate. A key quirk is that the OP shifts upward as the
input level rises (Fig. A121). Most sources ascribe this
to the signal driving the grid positive relative 1o the
cathode. Shift causes the signal to hit the wall at the
positive excursion. Short of massive overdrive, the
negative excursion never runs out of room. A second
crucial aspect s that the signal lands softly, appearing
rounded off rather than clipped. Unipolar squashing
yields even harmonics of low order, compared to the
high-order odd harmonics of bipolar clipping.
Because a triode's first departure from linearity
manifests as skewed squashing, tube sound seems

Grid Voltage (V)
| i — 7 Outputs
‘ operating point 1 / r ............ 1
| A |-
e l '
i - |
8 7 - ¥
§ Sr | / ' 5‘_ | e
operating peint 2 P input
: /1
o

Fig. A119. Each vacuum tube exhibits characteristic input
vs. output traits, typified by graph. Curve is substantially lin-
ear at high operating point (1), nonlinear at low operating
point (2), where gain also drops. Curve is one reason most
guitar amp triodes bias the plate at orabove 1/2V+; butdoing
soresults in squashing as the operating point shifts upward
when signal level becomes large enough to drive grid posi-
tive relative to cathode. Nonlinearity lives at both ends of
the transfer function.

to require that the preamp run out of room. And since
one stage fails to flesh out the sound, squashing
needs to occur serially, the more stages the better, at
least by accounts of richer sound in amps flush with
triodes (Ref. 10; also, the original Ampeg SVT placed
11 triodes between the input and the power stage).
Each plate-output triode stage inverts. Constraint
in the next stage gets the uncramped halfwave from
the prior stage. After four stages, both ends may have
been cramped twice: distortion of distortion; "har-
monicsweetening," as some fancy. Because squash-
ing is detectable below the level of audible distortion,
and because transistor amps don't squash, this fea-
ture makes a likely explanation for the aspect of tube
sound known as warmth. Analog tape, another warm

Fig. A120. Op amp with variable inputbiasillustrates various classes of operation. Class A bias means that the stage conducts
100% of the cycle. Class AB, less than 100% of the cycle, butmore than 50%. Class B conducts 50% of the cycle, Class Cless
than 50%. Each tube or transistor of a push-pull stage is biased so it conducts during only half the cycle, and so thatthe polar-
ity of the halves are opposite; the outputs of both devices combine to reconstitute the input signal.

Input L'

ael

E VRV1V—’ V+

Class AB
>50%, <100% Class C
<50%
VV Vv vy
Class A Class B
100% 50%
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Fig. A121. /O of schematic @ right (Sovtek ® 7025/12AX7). A—No input; plate
of V1-a measures 110V, the operating point (OP) on 200V supply. B—1-KHz
sinewave is applied. Even at this level the OP has begun torise. C—As level
increases, two phenomena occur. First, the top of the wave rounds off:
asymmetrical triode squashing. Second, the OP shifts further upward; white
line at 110V shows original OF dotted line shows likely new OP. Asymmetrical
squashing is exacerbated in amps whose operating point exists well above
1/2V+to start. D—Squashed end of wave squares up as drive level & OPrise.
E—V1-a outputfeeds V1-b, whose output appears on bottom trace; 250K pot
adjusted forroughly equal levels. F—With slightly more signalfed to V1-b,
rounding-off at one end of the signal combines with clipping at the other end.
Despite massive overdrive of V1-b, the lower excursion does not clip; in fact, it
still has ~70V of headroom. This indicates extreme OP shift.
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Fig. A122. Tube amp power output stages. 1—Class A; the transformer’s primary winding makes the plate load; V6 is biased
sothatit’s ON all the time. Input signal alternately turns it ON harder, or partly OFF. Negative feedback pathis typical, but not
essential. 2—Push-pull output stage, preceded by a phase splitter. A transformer forms the plate load of a pair of 6L6
pentodes. Both grids are biased @ —44V, placing them at the conduction threshold. Each grid receives a version of the signal
inverted compared to the other. When one tube sees the positive swing and conducts, the other sees the negative swing and
does not conduct. A scope probe tied to the plate of each 6L6 shows a train of negative halfwaves (relative to X, each plate’s
resting bias), because each tube turns ON only during positive input half-cycles, and the outputat each plateis inverted. The
plate of 6L6-a ties to the inverting end of T1 (note the phase dots). Inversion makes the negative halfwave positive, so all pos-
itive pulses in the secondary winding of T1 originate from 6L6-a. The plate of 6L8-b ties to the noninverting end of T1; the sig-
naldoes notinvert, so 6L6-b creates all the negative pulsesin the secondary of T1. This mode is known as push-pull. As with
class A amp, negative feedback path s typical, but not essential.

medium, saturates with squashing (Fig. A123).

Compression and distortion rise with drive level.
Warmth breaks over into overt distortion, coupled
with growing sustain. Clipping of half the wave may
occur in later gain stages (Fig. A121-F). Fortuitous
overdrive gave some amps their singing quality. Ma-
nipulation of where and how overdrive happens forms
akey aspect of tailoring tube sound.

Passive tone circuits appear to play a dual role in
the preamp. Their voltage loss requires an additional
triode stage; their midrange dip emphasizes harmon-
ics to subsequent stages.

Power-Amp Modes

Guitar amps use pentode power tubes. Apentodeis a
tube with five electrodes, of which only four may be
accessible; thefifth electrodeisinternally wired to the
cathode in "beam pentodes!” Common pentodes
come one to a tube, a much bigger bulb than a dual tri-
ode. Their sound depends greatly on bias and drive
level. Class A bias means the tube s ‘on’ all the time;
significant current flows through the plate load even
with no signal applied. The plate load is a transformer
winding with an impedance of 2500-10,000 ohms,
compared to the preamp's 100K+ plate loads. The au-
dio signal alternately causes more and less current to
flow through the transformer. The approach offers
poor efficiency and short tube life, but delivers a sound
distinct from push-pull stages'. Several tube amp bou-
tiques specialize in the class A sound.

Most classic amps use paired pentodes biased for
class B or class AB operation. This push-pullarrange-
mentmeans both tubes are turned barely offin the ab-
sence of a signal. They conduct upon receipt of a posi-
tive input; but since the signal feeding each tube is
antiphase relative to the other, each tube turns on for
half a cycle while the other tube is off. Both tubes’ plate

loads consist of a transformer winding, where the sig-
nal halves reconstitute the whole. The designis more
efficient than class A, allowing higher power and long-
er tube life. While the push-pull approach cancels
even harmonics (and power-supply ripple), mismatch
between the tubes is said to generate those harmon-
ics. Mismatch may also existin coupling caps and bias
resistors in the phase splitter driving the push-pull
stage.

Bias level affects the sound of both bias classes.
Tubes biased such that too much current flows at rest
wear out quickly and lack power. Tubes biased for too
little resting current suffer distortion and weak sound.
Improper bias of push-pull stages also heightens
crossover distortion.

Irrespective of operating mode, power tubes feed
the speaker through a transformer. The transformer
has a sound, often unnoticed until a unit gone bad is

Fig. A123. Top trace input, bottom trace output of open-reel
tape deck @ 3.75ips, 1 KHz sinewave. Tape saturation man-
ifests as symmetrical squashing. Composite photo neces-
sitated by deck’s wow & flutter. Scale both 500 mv/div.
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Fig. A124. A—Composite photo demonstrates that unipolar squashing generates predominantly second harmonics. B—
Composite of symmetrical squashing demonstrates mainly third harmonics. In both photos, bottom trace was obtained by
normalizing the two top traces for amplitude, then subtracting them.

replaced with one giving a different sound. Sonic dif-
ferences have been traced to core material, winding
arrangement, potting, and proximity of turns to core.
Two transformers rated 10,000:8 ohms but built differ-
ently are likely to sound different. As with triode
squashing, core saturation doesn't have to be blatant
to affect the sound.

Most power stages contain a negative feedback
path from the transformer output winding to the phase
splitter in push-pull amps, or to the pentode driver in
class A amps. Without negative feedback, the trans-
former acts as a bandpass filter that rolls off below
~200 Hz and above ~4500 Hz. Negative feedback wid-
ens bandwidth and lowers distortion.

Damping factor tells the ratio of speaker imped-
ance to output stage impedance. Transistor output
stages typically show an impedance well under one

Fig. A125. Damping factor, the ratio of speaker impedance
to amp outputimpedance, affects frequency response be-
cause speaker'simpedance is not constant. In this example,
peak atresonance results in 30% increase in voltage in the
parallel amp/speaker circuit of tube amp; less than 2%
changein solid state circuit. This simplified analysis ignores
current, but conveys the nature of the phenomenon.
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1.9% CHANGE

ohm, giving a high damping factor. A tube amp's net
outputimpedance often equals the speaker's nominal
impedance, giving a damping factor of one. The
speaker’s true impedance varies with frequency. A
peak of several times nominal impedance occurs at
the speaker’s free-air resonance; a gradual imped-
ancerise above ~1 KHz is due to voice coil inductance.
So long as the drive stage has a much lower imped-
ance than the speaker’s, these nonlinearities bear lit-
tle on sound. But if output impedance is high relative
to speaker impedance, Ohm's law dictates a rise in
voltage transfer when speaker impedance rises. The
resultis a hump at the speaker’s free-air resonance,
followed by a dip, followed by a gradual rise above 1
KHz (Fig. A125).

Despite old and simple topologies, power circuits
are functionally more complex than preamps, espe-
cially when overdriven. Interdependent factors in-
cluderinging and saturation modes in the transformer,
drive-dependent crossover distortion, and a negative
feedback path. Sound also depends on whether the
cathodes tie directly to ground (“grid bias'), or tie to
ground through resistors (‘'cathode bias").

Miscellaneous Modes & Related Factors

All tubes are to some degree microphonic. The text
cannotcommend the exercise, but notes that thump-
ing a preamp tube in a Fender Twin cranked up to 10
causes an audible pop in some amps. Chassis vibra-
tion affects sound by this mode. These days purists
rootout microphonic tubes, a luxury few indulged dur-
ing the rise of rock 'n’ roll.

A minor factor, but one cited often enough to men-
tion, is a fall in volume coincident with overdrive, due
to a fall in power supply voltage under heavy current
demand. The phenomenon is called sag; but before
the voltage sags, the filter caps impart their charge.
The audible burst of energy preceding sag is called



plate 2

dual trode pinout,
T025, 12AX7, etc

bottom view
Fig. A126. Pinouts of the two most common types of tubes
used in guitar amps. Left shows dual triode of the 7025/
12AX7 series. Right shows pentode of the 6L6 series,

whose third grid is not externally accessible.

beam pentode pinout
BLEGC, B550A, etc
bottom view

punch.

Classic tube amps matured in tandem with specific
accoutrement. Speakers with flimsy cones give clas-
sic sound better, or at least at lower drive levels, than
speakers resistant to breakup. The cone must be
made of paper, rather than Kevlar, polypropylene, or
aluminum.

Enclosure resonance bears on the sound of any
amp. Whacked particleboard goes thwok, plywood
thwoop, solid pine thwunng. Amps built from reso-
nantlumber—comparatively thin pine, for example—
predominated in tube amps' golden era, and vield a
sound some players prefer.

Old tube amps compare to snowflakes: no two
alike. Part of the explanation lies in the 20% tolerance
of parts from which the amps were built. Besides that,
resistors and capacitors shift with age. After three de-
cades their values may depart from spec by tens of
percent. Shifted resistor values alter gain and bias;
shifted cap values alter frequency response, and pow-
er-supply ripple and reserve.

Tube Sound Emulations
Tube sound is big business, even when it flows from
solid state. Flip through any gear directory and count
the transistor products that claim to generate the
sound of a tube amp.

To recap, tube sound—at least the current under-
standing of it—flows from:

» asymmetrical, serial squashingin the triode
cascade

» a large ratio of headroom to input voltage

» punch & sag

» the sound contributed by a complex reactive
outputsystem, including transformer ringing/
saturation, crossover distortion, negative
feedback, and spectral shift due to low output
damping

» sonic alteration due to microphonics

The composite function is complex, for tube amps
deliver more than the sum of their parts. Within the
scope of realistic expectations, the experimenter

might approach emulation by comparing tube amp
functions to solid state circuits that pervert signalsina
similar way. For instance, several solid state circuits
squash, including linearly biased CMOS inverting
buffers and overdriven OTAs, along with analog multi-
pliers configured to approximate the sine function,
and transistor/diode networks built to convert triangle
waves to sinewaves. Squashing in the power stage
has been emulated using MOSFET power transistors
driven by BPT transistor stages that run at higher volt-
age. The BPT stage never runs out of headroom and
thus does not clip; the MOSFET stage runs out of
room, but tends to squash rather than hard-clip.

Punch andsagcanberealized many ways, such as
acompressor whose attack delay allows a peak topre-
cede the fallin volume due to compression.

Crossover distortion is realized in many diode and
transistor circuits, several reviewed in the prior Ap-
pendix.

Damping-related spectral shift can be produced by
a simple active filter network, and also by a solid state
amp that actually alters damping for specific frequen-
cies by selective feedback paths.

With most functions nailed, it seems prudent order
them as they occur in a tube amp: asymmetrical
squashing precedes crossover distortion, which pre-
cedes spectral skewing. Tone and volume controls oc-

i Reading Patents A
Patents tell much about tube amps and their
solid-state emulations. A patentusually cites pri-
or patents, sometimes non-patent literature,
opening the door to a wealth of data. Mining this
resource demands caution, though, for several
factors argue against swallowing patents whole.

Each patent kicks off with a Background of
the Invention whose ostensible point is to place
the invention relative to existing science ("prior
art”). Unlike the rigorous Description of the In-
vention, the Background abides claims and rea-
soning that might not pass Logic 101. There is
bread here, but chaff as well.

Patents tend to be awkward to read because
diagrams are separated from text, because punc-
tilious prose conflicts with clarity, and because ty-
pos are common. Getting the gist may take sev-
eral readings. The point of the language is to de-
scribe the invention, but also to guarditin a legal
sense. A claim must be specificenoughtoearna
patent, vague enough to hide proprietary sci-
ence. The experimenter might keep in mind that
patents don't tell everything, and should feel free
tovary the approach.

Hard copies of patents are currently available
for $3 per patent from: Commissioner of Patents,
Washington, DC, 20231, /

e
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Fig. A127. High voltage supplies suitable for experimenting with triodes without having to deal directly with the AC line volt-
age or buy afull-size tube-amp transformer. 1—Ultrasonic oscillator feeding voltage multiplier made up of diodes and capac-
itors, Caps are 0.1-1 pF ceramic or electrolytic, with voltage rating at least twice that of the final output voltage. Supply volt-
age limitto 555is 15V. 2—Author’s breadboard supply for triodes, an LM380 configured as an ultrasonic phase-shift oscilla-
tor driving step-up transformer T1, whose output is rectified and filtered. Output depends on T1 and supply voltage to the
380. With the 380 running @ 17.5V, a Mouser 42TL013 8:1K transformer gives a solid 100V; a Magnetek 12:7500 transformer
gives more than 250V unloaded, about 200V driving several triodes with 100K plate resistors. Neither transformer is de-
signed for this application, and could fail. The 380 (8-pin version) needs a stout supply, 10-22V @ 500 ma, and requires a
heatsink. 3—Generating full tube-amp voltages. A 6.3VAC wall wartdrives tube filaments directly; 100-ohm pot reduces hum
by pseudo-balancing the filamentdrive voltage. T2 is a low-wattage unit with a dual 110/230VAC primary winding. T1 drives
the 6.3V winding; outputis taken off the 230VAC winding; rectified in bridge; filtered by a standard RC network. Additional RC
stages may be needed to decouple more than two triode gain stages in series. Filament supply should easily handle two
12AX7s. All three circuits, especially #3, generate potentially lethal voltage. Using these circuits is for experts only.

cupy the same relative place in the emulator as they
dointheamp.

Patented means of achieving these functions are
summarized at the end of this Appendix.

Tube vs. Tube

Like most cults, tube sound grew orthodoxy out of
zeal; spun ritual off orthodoxy. The rituals clustered
under a new rubric, gauging life in terms of tone, in
gradations so fine that not everyone hears them. But
whatlooks atfirst to be hairsplitting resolves into a pal-
ette of tube amp shadings; of differences not just audi-
ble, but measurable. Individual tubes of the same
type, made in the same plant from the same batch of
materials on the same day, exhibit measurable differ-
ences. These include microphonics, gain, and noise,
plus the tube’s quotient of gas and the strength of its
vacuum. Microphonics and gas justify discard; noise
identifies tubes best used outside the signal path, as
in tremolo oscillators. Screening for distortion—par-
ticularly, the distortion threshold and the gain/distor-
tion ratio—agives an index said to allow groupings of
tubes so as to maintain the sound of amps equipped
with similarly grouped tubes. It also lets the player al-
ter the sound of the amp by changing to tubes having
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a higher orlower gain/distortion ratio. (Ref. 25).

The Mod Cabal

Tube amps have been under the microscope now fora
generation. In the course of that scrutiny they have
given up many empiric rules for good sound. Couple
this lore with a plenitude of amps that could sing but
don't, and you have a thriving trade modifying tube
amps. Common mods include:

» power stage bias & balance; this affects
distortion, efficiency, and tube life

» adapting amps originally built around now-
defuncttubes (6146B, 7027, 12DW7 etc.) to
tubes stillmade

» preamp bias; this usually requires changing
the plateresistor and/or the cathode resistor,
which shifts operating point, and sometimes
gain

» decreasing negative feedback; since tube
sound is distortion, some players prefer the
sound they getby raising the value of the
feedback resistor, or removing it

» various measures to increase preamp gain:
use of higher-gain tubes, decreased loading tn



transfer more signal, disconnection of reverb/
tremolo mixing circuits, removal of stability
caps to extend treble response; occasionally,
addition of one or two gain stages to the
preamp

» addition of new and different preamp stages
running in parallel with the existing stage, and
selectable by a switch; some mods run two
different-sounding preamps in parallel, and
mix their outputs

» altering frequency response by changing the
values of coupling capacitors, tone control
caps, or cathode bypass caps

» convenience & safety mods, e.g., an effect
send/return loop; a resistor across the
transformer output so the power tubes are
never completely unloaded; addition of earth
ground to amps with two-prong plugs

» configuring a modern amp to give the sound
of a vintage amp, either as the vintage amp
sounded when new, or as it sounds now; the
modis called backdating

Tube Stomp Boxes

Since tubes work much of theirmagic atlow plate volt-
age, the market has seen a proliferation of tube-based
boxes. Most are preamps,; some add tone networks.
For the stomp-box builder, the transition from transis-
tors to tubes comes as naturally as the prior genera-
tion's move the other way. Tubes have slightly differ-
ent biasing requirements than transistors, radically
different safety requirements. Their basic topologies
resemble transistor circuits’, except that no tube ana-
logues exist of PNP bipolar transistors, or P-channel
field effect transistors.

A tube needs two power supplies, one 1o heat the
cathode, one for the plate. Triode filaments require
12.6VAC @ 150 ma if wired in series, or 6.3VAC @ 300
ma if wired in parallel. The latter mode is most com-
mon, because pentodes’ filaments alsorun at 6.3VAC.
Running all tubes at the same filament voltage simpli-
fies the power supply. Proximity of a powerful AC sig-
nal to the electrodes causes hum, reduced by pseudo-
balancing the heater supply with fixed resistors or a
pot. Running the filaments off filtered DC gives quiet-

erresults and is common in audiophile products, rare
inguitaramps.

Triodes in a typical tube amp see 200-375VDC on
the hot end of the plate resistor. The fact that they run
at a fraction of that voltage puts them within reach.
The tube version of the Aphex Aural Exciterranat 16V.
This limits headroom and lowers the distortion thresh-
old, whichis exactly what many players want.

Tubes pose the problem of deriving what is for a
stomp box high voltage—say, 50-100V—from a low
voltage supply. Common methods to achieve this in-
clude the well-known charge pump/voltage multiplier,
and a step-up transformer driven by an ultrasonic os-
cillator. Filament-voltage AC can be stepped up to
250-300V by reversing a small step-down transform-
er (Fig. A127-3). Heater and plate supplies equip the
expert builder to remake the entire preamp chain of
classic amps, including their vibrato, tremolo, and re-
verbcircuits.

Experimenting with tube circuits calls for parts
whose voltage rating exceeds the supply voltage, and
for strict safety procedures to avoid potentially lethal
electric shock. Torepeat the warning at the beginning
of this Appendix: There is no 100% safe way to work
with lethal voltage. Anyone working with high voltage
assumes all risks. The author presumes that anyone
choosing to experiment with tube circuits is an ex-
pert.

The Nature of Tube Sound

Understanding what tubes do sheds little light on why
people dig the sound. Tube amps, as others have ob-
served, are musical instruments. Massive evidence
paints them as distortion engines. Tube sound emula-
tions have succeeded in the manner of floral wallpaper
or wood-grain Formica that captures look but not es-
sence. The difficulty of recreating tube sound argues
for an open mind when assessing these systems.
Tube amp schematics mirror simple, almost primitive
beasts that prove fussy enough to postulate interac-
tive, if not chaotic modes. Everything, it sometimes
seems, affects the sound of a tube amp, in ways nei-
ther expected nor observed in transistor amps of com-
parable topology.
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Tube-Sound Emulation Patent Summaries

Alldiagrams shown with summaries

were scanned from their respective > <
patents. The many identifying numbers

andlines that normally appear on patent

schematics have beenremoved for the
sake of clarity, 6 — ¢+

No. 5,619,578 ""Multi-Stage Solid State OUTPUT
Amplifier that Emulates Tube Distortion”
Recreates the asymmetrical squashing =— ) ) =
of serial triode stages. Uses resistor-
diode networks as nonlinear function
blocks; uses FETs or Darlington-
connected BPTs as gain/inversion
stages. Specifies relatively high supply
voltage, 40V for FETs, to get closer to the =
high positive-headroom-to-squashing-

threshold ratio found in tube amps. Ina

typically biased triode, this comes to L
100V/1.5V =67; in the solid state circuit, if
diodes turn on @ 0.5V, ratio = 18V+0.5V =
36; patentindicates that thisis high
enough to give the desired quotient of
second harmonics; patentcites this as a
key factorin the sound of a tube amp;
finds biasing less critical to proper
performance in Darlington circuit than in
FET version.

‘|I
il
i

_+30V

")

No. 5,524,055 “Solid State Circuit Emulating Tube Compression Effect’ Recreates phenomena associated with overdrive of
tube amp push-pull power stage: crossover distortion, and diode-like clipping; achieved with resistors, caps, diodes, and op
amps. Waveform below right contains deadband due to of crossover distortion, flattened tips due to diode clipping.

INPUT < —]

4
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No. 5,675,656 "'Power Amplifier with Clipping Level Control” Details solid-state amp that emulates several tube-amp
functions;incorporates the crossover distortion/diode clipping network of patentNo. 5,524,055; emulates damping-related
spectral shift by altering feedback for pertinent frequencies (also a patented technique, No. 5,187102); minimizes 60-Hz
modulation in the power amp during clipping by supplemental RC decoupling networks; also allows variation of relative
drive levels of preamp and power amp through use of dual pot (the 'T. Dynamics’ control).

Lt16Y R1 + C15/16 networks help prevent

60-Hz modulation of audio with
Aﬂ power stage driven to clipping
circuit from
gioat. 5,524,055 {—r%)
—g) e e
cis X3
l."“‘I' m
S 5 XFIRMER TI
ss = >
- :
? HAINS
23 3 v
<< 4; +
W Cl6
' dualpot alters relative (——-“
 drive level of preamp & ~~—(GANG POT) ' > ) ) EJE S t i
poweramp AMA 3 )
RC networks alter =
damping for specific 7] Yol
frequencies . _ :S'FEAKE B OH4S
k
n I YYv
V‘Y"

No. 5,268,527 " Audio Power Amplifier with Reactance Simulation " Uses standard active filter techniques to produce the
tone curve associated with low tube amp output damping. Schematic shows one embodiment of the invention; a slightly
different version of this approach appears in the Appendix on Tone Control.
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No. 4,987,381 “Tube Sound Solid State Amplifier”
Bascially, consists of BPT preamp stage running @ 64V,
driving a MOSFET push-pull power stage running at +44V,
The MOSFETSs run out of headroom before the BPT drive
stage does; the MOSFETSs tend to round off the signal
rather than hard-clip.

| R .

| Driver

Input

Vocuum Tube In Soturgtion:

MOS=FET Device in Soturotion:

Bi=polar Transister In Soturation:

+64 VOC — — — " Drive Signal
+44 VOC — — B
Oulput Signal
(Desirable Outout
—44 o Sgturetion)
-64 10C - —_——

No. 4,995,084 “Semiconductor Emulation of Tube
Amplifiers" A fairly comprehensive tube amp emulation
thatincludes sag, punch, operating point shift, asymmetri-
cal squashing, and crossoverdistortion, achievedin a
number of novel circuits; includes sample algorithms to
realize functions through digital signal processing. 1—
distortion circuit; 2—bias shifter; 3—harmonic distortion
generator; harmonic predominance even/odd can be
determinedby choice of resistors; 4—punch emulator;
5—variable gain circuit; 6—distortion circuit; 7—sag
simulator; 8—operating point shifter.
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Noise Reduction

Noise remains a fact of most players' lives, and one
exacerbated by daisy-chained pedals. Fortunately,
many options exist to reduce this noise.

Single-Ended Noise Reduction (SENR)

Single ended denotes noise reduction applicable to
any feed. Downward expansion describes the process
of passing the signal through a VCA that reduces vol-
ume when the level falls below a threshold. Aninfinite
expansion ratio equals gating. The process affects all
frequencies equally.

A related approach exploits the fact that high-fre-
guency audio masks hiss, which happens to be the
most intrusive noise. Substituting a variable lowpass
filter for the VCA confines the effect to treble. Thefilter
is designed to open when a weighted level detector
senses treble in the program, since treble masks hiss.
Thefilter closes when treble subsides, reducing noise
without affecting bass and minimally affecting mid-
range. The filter could use any slope, but usually ac-
cepts a mild slope in trade for inconspicuous opera-
tion. An incarnation of this approach known as Dy-
namic Noise Reduction (DNR®) surfaced in add-on
processors and Delco radios in the eighties. DNR re-
mains available in the LM1894 integrated circuit.

Transparent operation requires that expander or fil-
teropenin ~500 ps, close in 50—100 ms. Slower attack
blunts the leading edge of treble transients; delayed
decay causes hiss to trail each peak.

The nature of SENR forces a compromise between
noise reduction and loss of information. Too low a
threshold lets noise keep both elements fully or partly
open; too high a threshold leads to program loss when
the system fails to open.

SENR can reduce noise greatly, but artifacts of the
process parallel the degree of noise reduction. Combi-
nation filter/expander systems operate more discreet-
ly than single-mode systems giving the same amount

Noise Reduction Techniques
Single Ended
downward expansion/gating
voltage controlled LP filtering (e.g., DNR)
combinations (e.g., HUSH)
Complementary
static systems
quasi-companding
treble emphasis/de-emphasis
dynamic systems
treble only (e.g., Dolby B, C)
wideband companding (e.g., dbx)

of noise reduction. Fifteen dB of expansion with 10 dB
of filtering seems a common mix, and one embodied
in the SSM2000 HUSH® integrated circuit. Though
based on several patents, this chip stands apartby vir-
tue of an automatic threshold mechanism, explained
in Fig. A131.

The pursuit of better SENR has spawned otherim-
provements. For example, deriving the control volt-
age from a compressed replica of the signal expands
the control range. An internal compander with mis-
tracking between compressor and expander automat-
ically gates the signal with less pumping than is usual-
ly associated with low-level expansion (Ref. 45; tech-
nique is incorporated as an optionin Project No. 23).

Complementary Noise Reduction
Complementary systems encode a signal prior to
transmission or storage, decode by applying the in-
verse change upon reception or playback. Static ver-
sions use fixed changes, dynamic versions apply lev-
el-dependentchanges.

Static Systems

Quasi-companding is a static system that boosts the
signal before processing; reduces it by the same
amount after processing. Noise acquired in transit

o T T o Fig. A129. Leftgraphillustrates
filter open — response of voltage controlled

| > =] /i I iter: i
—_ © - owpass filter; cornerfrequency just
m | ! above 1 KHz, slope 6 dB/octave.
2 oo o N [\ (- Right graph shows response typical
o ¢ | states | o of highpass filter placed ahead of
'S [ | / level detector that controls the
= 2L s & 157 KHz lowpass filter. Sharp 36 dB/octave
g ! : / ' TV scan slope prevents filter from responding
€ ] e o | tobass ormost of midrange;
= T ‘ | T . \l I rackmountproducts may include
. ‘ \ o FM pilot \ |t~ notch filters for television scan
o) B frequency and FM radio pilot tone;
500 1K 2K 4K 8K 16K 20 100 1K 10K 15K 30K these are not usua][y neededina
Frequency (Hz) Frequency (Hz) stomp box.
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Fig. A130. Block diagrams illustrate several noise reduction modes. Downward expansion is a reactive mode thatrequiresa
leveldetector, driving a VCA. Allfrequencies are affected. Improved downward expander precedes level detector with band-
pass filter thatreduces pumping, which occurs when system reacts to subsonic energy. VCF-based NR, such as DNR, affects
only treble, mainly above 1.5 KHz. Sharp highpass filter precedes level detector, to prevent response to midrange and bass.
Combination systems use moderate amounts of downward expansion with lowpass filtering to achieve net noise reduction
on the order of 25 dB. The self-adjusting HUSH version s discussed in more detail on the following page. Quasi-companding
is a complementary system that manipulates overall level; emphasis/de-emphasis type acts only on treble. Dynamic com-
plementary systems Dolby B & C apply level-dependent treble emphasis on recording, level-dependent de-emphasis on
playback. Bottom diagram shows the workings of a typical companding system, such as dbx. Treble emphasis precedes
compression, whose feedback control loop contains a second emphasis network to compress treble more than bass. On ex-
pansion, the parallel control path contains the same treble emphasis to expand treble more than bass, and a de-emphasis
network following expansion to match the treble emphasis applied before compression. Overall noise reduction typically

exceeds 30dB.

falls by the amount of gain reduction. Players can ap-
ply this to most effects by running them at as high an
internal level as possible, such that gain reduction is
needed to tailor the signal to the final output.

A more common approach limits emphasis to the
treble. Hiss introduced by the effect falls by the

212

amount of de-emphasis. This method capitalizes on:
the fact that the band above 2 KHz is the main reposi-
tory of noise, but contains less musical energy than
the band below 2 KHz. This allows greater emphasis
compared to quasi-companding. Static noise reduc-
tionis builtinto phono preamps and analog tape decks
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Fig. A131. Top graphsillustrate the concept of the noise floor, the minimum noise presentin an audio source in the absence of
a signal. Middle diagram illustrates function of the auto-noise threshold in the SSM2000. The circuit assumes that the mini-
mum amount of hiss detected over a period of time registers the noise floor. The circuitderives a voltage proportional to the
hiss and stores itin a peak detector. The circuit uses this changeable value instead of a manually set threshold to derive the
final control voltages that open the lowpass filter and downward expander on the chip.

Schematic explains the circuitin greater detail. Audio input feeds two level detectors. A sharp highpass filter precedes
the VCF detector to keep it from sensing bass and midrange. Systemis based on the assumption that the lowest level of hiss
represents the noise floor. In the absence of aninput signal, the output of Al is driven to its negative limit by positive voltage
applied through R1. Signal or hiss generates a positive voltage thatkeeps Al's output above the negative limit. The maximum
negative excursion of Al's outputis detected and held in a negative peak detector. This voltage is subtracted from raw VCF
and VCA level detector signals to yield the final control voltages. The peak detector ignores any voltage more positive than
the one stored in C1, butinstantly adopts a voltage more negative than the one storedin C1. Thus, the negative peak detector
tracks down, but notup. It can sense a lower noise threshold, but not a higher one. Adaptation to a higher noise thresholdis
allowed by constant-current source Q1, which provides some tens of nanoamps. This neutralizes the negative charge inC1
over some tens of seconds, raising the threshold; but the threshold instantly resets to a lower value onreceipt of a potential
more negative than the one storedin C1. The circuit's upper and lower limits prevent threshold from migrating to useless ex-
tremes.
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Fig. A132. Top—Quasi-companding involves boosting the signal as much as possible, as quietly as possible prior to process-
ing; reducing itby as much as possible after processing. Noise introduced by processing is reduced by the amount of gainre-
duction. System headroom limits the amount of noise reduction. Middle—Treble pre-emphasis applied to signal prior to pro-
cessing reduces system noise by the amount of de-emphasis applied after processing. Phonograph recordings and analog
tape incorporate standardized emphasis/de-emphasis. Bottom—True companding systems usually include treble pre-em-
phasis. Process is more complicated than the first two, but eliminates analog tape noise, or noise produced by the effect

whenusedinternally in a stompbox.

as the RIAA phono and NAB tape EQ curves, respec-
tively (Fig. A133).

As a nonreactive system, static noise reduction in-
volves no thresholds, suffers no attack/decay lag. It
uses simple circuitry and avoids the tracking hurdles
of companding. Installation can be as easy as adding
two caps and two resistors to a stock effect. On the
downside, the technique pushes headroom to the lim-
it. A 9V box whose preamp output peaks at 2V might
get away with boosting the signal by a factor of 3,
achieving ~9 dB of noise reduction. A 15V box could
boost peak output to 24Vp-p pretty comfortably, reduc-
ing noise nearly 22 dB.

Dynamic Systems

Probably the most pervasive complementary dynam-
icsystem, Dolby B first appeared in cassette decks in
1971. The system encodes using level-dependent tre-

ble emphasis, decodes by level-dependent de-em-
phasis. Maximum noise reduction approaches 10 dB.
The emphasis applies only to medium- and low-level
signals, leaving loud passages alone. Dolby C arrived
in 1977 and extended noise reduction to 20 dB. Both
systems exist in integrated circuits available only to
licensees of the product. Dolby A is a more powerful,
multi-band system that was used to make studio re-
cordings and film soundtracks in the sixties. The re-
cent Dolby S system varies emphasis according to
the spectral content of the program.

Companding describes the process of compress-
ing a signal prior to recording or transmission, expand-
ing it upon playback or reception. Two benefits attend
the function. First, compression cuts the signal's dB
amplitude by half. This lets media of limited dynamic
range accommodate the signal. Second, whatever
noise the compressed signal picks up in transit ex-

Fig. A133. Approximations of the two

T BIAA Blayback mostcommon static emphasis/de-
40 EAB Playback 20 e Payf e emphasis EQ systems. Left graph shows
35 Q ;/ 15 ; / extremely sharp treble pre-emphasis
o /’_ [ ) applied to analog tape recordings;
T 3 \ | 10 14 / matching de-emphasis appliedon
® 25} : 5 playback. Different EQ curves are used
g ol X 7 \\ | . . for 1.875-3.75 ips and 7.5-15ips
| NAB Record | ] recordings. Tape noise reduction
2 15 | EQ "'I N \_‘ systems, such as Dolby ® or dbx®, apply
@ 10 \ | -10 < on top of this EQ. Right graph shows
RIAA Record RIAA emphasis/de-emphasis applied to

5 -15 —
N | & EQ vinyl phonograph records. Twenty dB of
uw 100 1K 10K ‘2010 100 1K 10K pass t'foostexplains why phono play_back
Frequency (Hz) Frequency (Hz) is subject to rumble. Curves approximat-
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V) 20d8 4\ ﬁ """" i Fig. A134. Graphillustrates the
316V | 10dB -1 dynamics of companding. In this
example, 2:1 dB compression

v 0dB squeezes 100 dB of dynamic

range into 50 dB. As a side
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100 mv | -20 dB

benefit, whatever noise the
signal picks upin the system
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inaudibility. ‘0 dB'is an arbitrari-
L] ly set point at which compressor
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Fig. A135. Core elements of
b the dbx® Type | companding
/513“~ PRE-EMPHASIS system. 1—Compression

applies about 10 dB of treble

pre-emphasis to the signal,
kickingin above ~500 Hz.
Treble emphasisis also
applied ahead of level
detector, to compress the
boosted frequencies more
than unboosted ones.

h Bandpass filteremphasizes
\ CTTTTTTTTTTT Tt 1 frequencies to which the earis
N 1@k .5 . 6 .1 . most sensitive and prevents

i the level detector from

reacting to subsonic and
ultrasonic energy. The 0-dB
pointis about 2Vp—p; control
pathisfeedback.2—On
expansion, signal receives
complementary treble de-
emphasis. Treble emphasis
ahead of RMS detector
expands treble frequencies
more than bass. Control path
is parallel. Type I noise
reductionis used on systems
withinherently good
performance, such as open-
reel tape decks. Type |, used
on cassette decks, applies
greater treble compression to
help compensate for cas-
settes’poor high-frequency
response. The same function-
alblocks are presentin most
high-performance compan-
ding systems. Schematics do
notshow bias and trims

7
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Fig. A136. Basic fixed emphasis/de-emphasis noise reduction. 1—Transistor model. Emphasis corner of R2 with C1is ~1600
Hz. R5limits boost to 20 dB. Matching de-emphasis is applied after effect by C2-R6. 2—Functionally identical version using
op amps. Corner frequency and boost limit can be changed by manipulating capacitance and resistance values. Boostlimitis

determined mainly by system headroom.

pands downward upon decoding, usually below the
level of audibility. Most companding systems add tre-
ble pre- and de-emphasis to enhance noise reduction
and prevent bass from audibly modulating treble. Net
noise reduction typically exceeds 30 dB.

Successful companding systems exhibit remark-
able similarity: About 10 dB of pre-emphasis kicks in
above 500 Hz. Further treble emphasis ahead of the
level detector causes treble to be compressed more
than bass. Bandpass filtering ahead of the level detec-
tor emphasizes frequencies to which the ear is most
sensitive. Compression uses a feedback control path;
expansion, a parallel path. A schematic of the dbx®
Type | companding system illustrates these features
(Fig. A135).

The stock NE570 compander and dbx Type | oper-
ate at a threshold of about 2Vp-p. This 0-dB point, at
which compressor input equals output, exceeds the
maximum level of most recording and transmission
media. Thus, companding systems apply mainly up-
ward compression, downward expansion. The 0-dB
pointis easily altered to meet the needs of other sys-
tems.

Compandingis a portable process in that compres-

sor and expander function autonomously. A signal
stored on tape can later be expanded on another deck
equipped with the same companding system. Even
so, some degree of mistracking always exists. Stomp
boxes present the opportunity for simultaneous or in-
ternalcompanding, in which the compressor's control
voltage also drives the expander. This simplifies the
circuit and practically eradicates mistracking, but it
cannot be used with effects that involve delay, or that
greatly alteramplitude or spectral profile. Those latter
cases require the expander to run off its own level de-
tector. Other problems associated with companding
relate to upward compression. The compressor ap-
plies maximum gain to very low-level signals. The
nexttransientmay clip unless the compressor attacks
instantly; butfastattack heightensripple in the control
feed, raising bass distortion. Luckily, expansion re-
verses this distortion. The better the tracking be-
tween compression and expansion, the greater the
distortion the system can neutralize.

In trade for a few quirks companding offers greater
noise reduction than other approaches. Its proven cir-
cuitry makes a cheap and practical solution for rad but
rowdy effects.

Fig. A137.1/0 curves of bandpass filters 12
used in dbx noise reduction systems to
condition the signal feeding the level
detector. The Type I filter, whose
schematic appears in Fig. A135, has
fairly wide response, rolling off only at
the extremes of bass and treble. Type lis
meant for recording media whose
response covers the full audio spec-
trum. Type |l was used on cassette
decks. Itsresponse rolls off sharply
below 60 Hz and above 10 KHz. Output

AMPLITUDE ¢VOLTS)

|
e
7
&
=]
4
3
2
1
2

of both networks plotted relative to
constant 10Vp—p input.
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Fig. A138. 1—Truncated version of Signetics’ Databook 570-based companding system; 62K/0.0047pF networks apply tre-
ble emphasis on compression, matching de-emphasis on expansion; 30K/0.01yF networks cause treble to be compressed
and expanded more than bass. R1 lets user apply variable mistracking, such that upward compression wanes at low levels;
corresponding expansiondoes notwane, automatically gating the signal; technique is described furtherin Ref. 45.2—Com-
panding systemidentical to #1, but control voltage generated by compressor also drives expander. Impedances atpins 1 & 16
are high enough thatloading effects emerge if the two tie together; the LM358 buffer relieves loading. System tracking is ex-
cellent but, obviously, compression and expansion must occur simultaneously. 3—External level detector improves tran-
sient performance. Treble emphasis network feeds buffer Al,in turn feeding modified log amp A2, whose gain approximates
thatfound in the 570s level detector. A2 output feeds fullwave rectifier A3/A4, feeding attack/decay network whose outputis
boosted and buffered by A5. A5’s output is level-shifted in Q1, buffered by half an LM358 (or other amp whose output can
swing to ground). In all three of these companding systems, gain between compressor output and expander input is as-
sumed to be one. A level-matching buffer is necessary otherwise. The 50K trimpots can be used to minimize envelope
bounce in critical applications; adjust for minimum envelope bounce with bi-level tone burstinput. Trim is sensitive to varia-

tions in supply voltage, requiring local 5V regulation if the supply is notregulated.
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Voltage Control Techniques

Perhaps half of all stomp-box effects demand that
functions normally varied by changing resistance
vary with voltage. Tremolo, vibrato, phase, sibilance
reduction, compression, and expansion prove awk-
ward otherwise. The process occupies static, dynam-
ic, and rhythmic classes. Static devices use voltage
control as a matter of convenience, or to yoke several
segments to a single feed. Dynamically controlled ef-
fects drive the VCB off a voltage proportional to the
audio input. Rhythmic effects drive the VCB off an os-
cillator.

Voltage control occurs in dedicated chips, orin con-
ventional circuits adapted to the task. Getting the
most from each approach demands attention to de-
tail. Often the choice is dictated by how fast the effect
needs to respond, and how much feedthrough and
distortionitwill tolerate.

Approaches to Voltage Control

Optocouplers

One of the oldest and most versatile approaches to
voltage control consists of a light source potted with a
light-responsive element, a combination called an op-
tocoupler. Optocouplers come in many flavors. The
one that has lived in guitar amps since Leo Fender'’s
heyday uses a photocell as a light-dependent resistor
(LDR). LDRs mate to incandescent bulbs, neon
lamps, or LEDs. Cadmium sulfide photocells exhibit
peak sensitivity togreen light, around 565 nm; cadmi-
um selenide photocells respond more toward the red
end of the spectrum. The type continues to reign as
the premiere voltage-variable resistance in stomp
boxes because audio sees the LDR as pure resis-
tance, and because floating voltage-variable resis-
tanceis awkward torealize in ICs and transistors.

An LDR's range spans <200 ochms under full illumi-
nation to >20 megohms in darkness. Because few cir-
cuits need or necessarily tolerate such a wide range,
common practice parallels the LDR with a resistor to
limit maximum resistance, and/or inserts a series re-
sistor tolimitminimum resistance. Since replacing re-
sistors with LDRs puts any resistance-varied function
under voltage control, LDRs can be considered the
universal VCB.

Wide range and negligible feedthrough should
make LDRs perfect VCRs, but the breed suffers sev-
eral quirks. Given a stiff controlinput, LDRs respondin
less than 5 ms, but may take several hundred millisec-
onds to return to maximum resistance. Sluggish de-
cay distorts the control envelope and limits depth in
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Abbreviations:
BPT  bipolartransistor
FET field effecttransistor
HPF  highpassfilter
-V current-to-voltage
LDR light-dependent resistor
LED  light-emitting diode
LPF lowpass filter
BPF bandpassfilter
BRF bandreject (notch) filter

OTA  operational transconductance
amplifier
SVF state variable filter
V-l voltage-to-current
VCB  voltage controlled block,
generic for any of: |
VCA  voltage controlled amplifier |
VCAt voltage controlled attack |
VCD  voltage controlled delay |
VCDy voltage controlled decay |
VCE voltage controlled equalizer
VCF  voltage controlledfilter

VClI voltage controlledinductor

VCM  voltage controlled mixer

VCO voltage controlled oscillator :
VCP  voltage controlled panner '
VCPh voltage controlled phase f
VCR  voltage controlledresistor .
VCV  voltage controlled voltage

rhythmic effects above 1 Hz. Italsointegrates the con-
trol feed such that some LDRs use the raw outputof a
fullwave rectifier as a control feed. External integra-
tion of the control feed reduces distortion on signals
below 60 Hz. Other drawbacks include high cost, limit-
ed selection, scarcity, and poor intersample matching
and tracking. Battery life falls if the effect spends
much time with the LED fully lit due to the 10 ma or
more required.

Optocouplers can be had as the Clairex CLM8000
and the Vactec VTL2C2; each currently retails for
about $3. The two are functionally interchangeable
butcome indistinct, irregular cases.

An LDR-based optocoupler is easily built by mating
alightsource to one or more phaotocells. Durability de-
mands strain relief for the leads, achieved by solder-
ing the parts to a small circuit board or potting themin
a light-tight tube. The builder should expect higher
ON-resistance from this jury-rigged device compared
to commercial pieces, but can compensate by chang-
ing resistances elsewhere in the circuit. (A selection
of photocells having different intrinsic attack and de-
cay recently became available [see Parts Sources],
making dynamic response somewhat selectable in
homemade optocouplers.)




Phototransistor-based optocouplers attack and
decay in a few microseconds. They're cheap and
widely available; bipolar examples include 4N25 and
4N36; H11F3isan FET type. They work fine as saturat-
ed switches for audio, or for continuous variation of di-
rect current. They do not show AC signals a pure re-

Voltage Control

Functions & Methods
Voltage Controlled Resistance
LDR-based optocouplers
phototransistor-based optocouplers
bipolar
FET
OTAs (LM13600/13700)
single-ended
floating
Transistors (distortion)
FET
MOSFET
BPT
Voltage Controlled Amplification
Dedicated Chips
NE570/571 configured as VCA
SSM2120 (w/level detector; current output)
SSM2122 (current output)
SSM2018 (voltage output)
SSM2118 (current output)
OTAs Configured as VCAs
LM3080
LM13600/13700
Discrete-Component VCAs
Op-Amps using external gain-control elements
FETs
optocouplers
transistor-based
LDR-based
Analog Multipliers
AD534,AD634, etc.
Passive (Simple Divider)
optocoupler-based
transistor-based
Voltage Controlled Phase
substitute VCRs for fixed resistors
optocoupler
LDR
FET (distortion)
OTA
Voltage Controlled Panning
2 VCAs mated to inverse control voltage
SSM2018
Voltage Controlled Mixing
same as voltage controlled panning, butboth
VCAs feed summing amp
Voltage Controlled Filters
conventional active filter/EQ substituting
VCR forfixed filter resistances
substitute analog multiplier for fixed resistor
OTA-basedfilters
switched-capacitorfilters (notdiscussed)
Voltage Controlled Inductance
simulated using op amps
Voltage Controlled Oscillators
dedicated function generators
conventional VCO mated to VCR

sistance, which results in distortion when they're
used as variable resistors in the signal path. BPT-
based optocouplers exhibit the same polarity sensitiv-
ity as conventional BPTs acting under direct voltage
control; FET-based optocouplers conduct bidirection-
ally. Optocouplers broaden the voltage control range
over that readily achieved using conventional transis-
tors, especially FETs, which tend to pinch off abruptly.

LDR and phototransistor optocouplers use identi-
cal drive circuits. Many common op amps will supply
the current needed for full illumination. Low-power op
amps may have to drive a transistor used as a current
controller. Series wiring gives best results when multi-
ple optocouplers run off a single feed. Wiring LEDs in
parallel usually results in most of the current flowing
through the LED having the leastresistance. If parallel
wiring proves necessary—say, because the drop
across the LEDs wired in series exceeds the available
voltage—a resistor in series with each LED helps
equalize the distribution of current.

Conventional Transistors in Voltage Control
Circuits simplify, cost falls, and options expand if the
effect tolerates the distortion that often accompanies
use of transistors as though they were VCRs in the
signal path. Transistors make good audio switches,
whose uses are discussed in a separate Appendix.
The occasional circuit gives low enough distortion to
enable transistors to act as signal-path VCRs, one ex-
ample being FETs used as shunt elements to tune a
statevariablefilter (Fig. A148-4).

Operational Transconductance Amplifiers

While tubes and transistors qualify as transconduc-
tance devices, itproves handy tolimit this category 10
operational transconductance amplifiers (OTAs).
Transconductance, simply, means the flow of current
through an electrical channel, per unit of current or
voltage affecting that channel. The trait is what en-
ables transistors and tubes to amplify. OTAs behave
much as conventional op amps, but provide access to
a gain-varying transconductance channel. The com-
monest and cheapest types are LM3080 single and
LM13600 dual. Both chips process current; most cir-
cuits condition the input by a network that converts
voltage to current. Conversion of current back into
voltage takes place at the output.

OTAs place a remarkable array of functions under
voltage control. The LM13600 data sheet presents
more than two dozen examples (Ref. 19). Some of
those useful in stomp boxes are detailed below.

Special-Function Integrated Circuits

The need for valtage control of certain functionsled to
series of chips built to perform those functions. Sever-
altypes are discussed below.
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Fig. A139. Getting the most from an LM3080 used as a stomp-box VCA. 1—Chipis configured as a VCA whose gain varies
0-1 overthe control range —14.4V to +15V. Divider R1-R2 drops signal voltage by a factor of 101; equals conversion to current
onwhich OTA acts. Signal emerges from pin 6 as a current, dropping a voltage across R7. C1is needed to limit bandwidth; the
3080is a high-speed device that functions well into the megahertz. Raw outputis typically buffered, as by emitter followerQ1
orvoltage follower Al. 2—A common alternative ties pin 6 to an op amp configured as a current-to-voltage converter which
also serves as a buffer; now R7 and C1 appear in the feedback loop. The op-amp |-V converter inverts; to retain a net nonin-
verting signal path, the input would have to shift to the 3080's inverting input. Signal can tie to either input, as can feed-
through trim from R4-R5. Gain is directly proportional to value of I-V conversion resistance. Raising the value of R7 raises
the maximum gain, but degrades noise performance because a high noise current exists at the OTA's output; this drops a
noise voltage across the |-V resistance. The 1:101 input voltage reduction lets this VCA respond cleanly up to about 3Vp—p.
Above that point, signal becomes squashed, reaching a diode-like limit at 10Vp—p. This form of distortion is not always un-
wanted in a pedal. The distortion threshold can be raised by raising the value of R1, or lowering the values of R2-R3, which low-
ertheinputvoltage level. This gain loss must be made up by raising the value of R7 increasing noise as previously described.
Control voltage is applied to pin 5 through R5. Because pin 5 exists close to V-, the maximum differential across R5 ap-
proaches [15V —(-15)] =30V; (30,000 mv + 15,000 ohms) = 2 milliamps, the maximum allowable into pin 5; exceeding this val-
ue could damage the chip. If supply were changed to the £7.5V typical of 9V nicads, R5 scales proportionally, to ~7.5K, tokeep
the same control range. 3—One means to convert 3080 VCA to a ground-referenced VCA:groundtheinputof A2; trim R9to
give unity gain of VCA. Note that R7 has been increased to 20K; this VCA can vary gain from 0 to 10, suiting, say, a dual-mode
sustainer. Negative control voltage to point A turns Q1 on harder, increasing gain above 1; positive control voltage tends to
turn Q1 off, decreasing gain. Response is nonlinear, but a feedback control loop compensates for nonlinearity. This allows the
3080 to use 2120-type (ground-referenced) level detectors. 4—LM3080 controls gain of op amp Al by acting as a voltage
controlled feedback path. A1 has static gain of 10, set by ratio of 100K/10K. When the 3080 VCA is off, gainis 10. As VCA turns
on, signal fed back to inverting inputincreases negative feedback, lowering gain. 5—Pinout of LM3080.

Voltage Controlled Function Blocks

Voltage Controlled Amplifiers

A prevalent need met by a profusion of hardware
makes this the commonest VCB, realized in a host of
dedicated chips, and almost as easily in conventional
circuits adapted to the task. Of several dozen options,
the text will consider four chips, the LM3080 and
LM13600 OTAs, and the NE570 and SSM2120 dy-
namic controllers; plus VCAs built from LDR-based
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optocouplers. These parts share reasonable cost,
availability, high performance, and a long and fruitful
heritage in the pedal scene.

Getting the most out of chip VCAs is something of
an art. The builder will find them noisier than conven-
tional op amps supplying the same gain. In the stomp-
box domain, all four chips peak when configured to
vary gain from zero to one. This happens to be the
most useful arrangement, serving compressors,
downward expanders, and tremolos; and the one al-
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Fig A140. The LM13600 (or 13700) functions almost identically to the LM3080, with two exceptions. Schematic resembles
thatfora 3080 VCA, but a new pin has been added for diode bias (pins 2 & 15). This reduces the input-level-dependent distor-
tion; the 13600 acts pretty much like a 3080 when diode bias is omitted. 1—This VCA varies gain from 0-1 over the control
range —14.5V to +15V, but the |-V conversion resistance R8 is five times larger than that needed for the 3080. This results in
greater noise and greater control feedthrough. A second difference is the presence of on-chip Darlington transistor buffers.
The collectors are tied to V+ inside the chip. Darlington emitter exists two diode drops below ground; output of op-amp volt-
age follower exists close to ground. 2—Use of op amp |-V converter, which inverts. Output exists close to ground. 3—VCA
whose gain range spans 0 to ~8; normalizes to a ground-referenced control feed as for the 3080, but noise of this system will
be significant due to very high value of R8. By omitting R6, R8 can drop to 30K, giving a VCA functionally interchangeable
with a 3080. 4—Using 13600 to moderate gain of an op amp by providing voltage controlled feedback. 5—Pinout of
LM13600/13700.

lowing least feedthrough and noise. cuits where the OTA acts as a voltage controlled
channel in the feedback loop of an op amp (Fig.

LM3080 A139-4).

Introduced early in the seventies, the 3080 gave hob- Anop-amp |-V block inverts, so a net noninverting

byists one of the first chip VCAs. The OTA manipu- path mustuse the OTA'sinverting input.

lates current: input voltage is converted to current by Distortionrises rapidly as the voltage at the OTA in-

resistive dividers; the chip responds to control current, put terminal exceeds ~30 mvp-p. Distortion manifests
obtained by passing the control voltage through a re- as rounding-off in the manner of triode overload, grad-
sistor; and the output is furnished as a current, con- ually flattening to resemble diode clipping. A DC bias
verted back to voltage in the drop across a resistor. applied to one input skews the symmetry of the
Fig. A139-1 shows a typical VCAwhose gainvaries  squashing. These features make OTAs useful as dis-
0-1 over the control range —14.5V to +15V. If the con- tortion generators.
trol range shrank or expanded, R7 would have to
change proportionately to avoid a shift in response. LM13600
Feedthrough trim is sensitive to the supply, such that  This dual OTA differs from the 3080 in two respects.
applications needing trimmed feedthrough require a First, each OTA contains a diode bias port (pin 2 or pin
regulated supply or a stable trim reference. 15) whose use greatly improves linearity. However, re-
The |-V resistance should be kept as small as pos- duceddistortionincurs reduced gain, requiring a larg-
sible, because the OTA output terminal sources a er |-V conversion resistance, which magnifies feed-
large noise currentwhose value rises with control cur- through and noise. By leaving the diode bias pins
rent. An outputresistance greater than ~5K results in open, the OTAs duplicate 3080-types. Also, each
audible noise in stomp boxes. channel contains an NPN Darlington transistor whose
Some circuits allow use of the VCA as if it were a collector ties to V+ inside the chip. The manufacturer
VCR. Examples include Envelo-Matic's SVF, and cir- refers to the transistors as ''controlled-impedance
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Fig A141. 1—NE570 configured as VCA whose gain varies 01 over the control range 0.5-14.5V, which corresponds to the
output swing of a 3317X-type op amp. The value of R1 is chosen to allow the chip to handle the 15V system'’s headroom limit
of about 12V;—p. If control voltage range shifts, R2 may also have to be changed to avoid shifting the 570's voltage vs. gain
response. Feedthrough trim approaches nil, the best of all chip VCAs discussed in this Appendix, but is exquisitely sensitive
to voltage, so trim network runs off locally regulated 5V supply. RS is needed to keep output DC offset near 1/2V+ for maxi-
mum headroom. If supply changes, R5 will require change also. C2is usually needed for stability and low noise. Low slew rate
of internal op amp limits clean headroom to about 8Vp-p @ 20 KHz. 2—Basically the same setup, but using an external op
amp. RS supplies bias voltage for A1; R6 & C4 are necessary for stability. RS trims DC offset for supply other than 15V. 3—
One means torefer control to 1/2V+; tie end of R1 to 1/4V+; trim R2 to give unity gain. A negative voltage (i.e., less than /2V+)
into R1 turns Q1 further ON, reducing gain; positive voltage turns Q2 OFF, increasing gain. 4—Similar to #2,but Al runs off
*15V while 570 runs off 15V single supply; input signal range up to 30Vp—p; output swings nearly 28Vp_p; control range GNDto
+15V for gain of 0-1. Trim RS for maximum headroom. Using 5532-type for A1, this VCA exhibits very low distortion from 20
Hzto 20 KHz. 5—In this VCA, the gain cell has been wired in the feedback loop of the internal op amp; this inverts the control
response in that positive voltage into pin 1 reduces gain. Feedthrough trim is essentially as good as that for circuit #1, 6—
Similar to circuit #1,but 570's output offset is now servo-controlled, eliminating need for DC offset trim. Keeps outputat /2V+
over the supply range 6-22V. Changing supply voltage usually changes appropriate values of R1 & R2, however.
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Fig. A142. Applying the SSM2120. Components inside dotted lines are inside the chip; only channel 1 is described. 1—Signal
Path: Signal input couples through C3 to R1, whose purpose is to reduce current level, because VCA controls current. (The
47-ohmresistor & 0.0022uF cap form a snubber, vital to stable operation; use the snubber in all applications.) VCA output, as
a current, comes off pin 4, ties to external op amp configured as current-to-voltage converter. Matching values of R1 & R4
give unity gain when both control ports, pins 5 & 7, exist at ground potential. Control Path: Audio couples through R2-C2 to
rectifier input; value of R2 is chosen to suit expected input range; 10K suits up to 30Vp—p. Note polarity of C2; a positive DC
offset exists atrectifierinputs. Raw log amp outputis available at pin 2, which requires R3 for bias; value of R3 = negative sup-
plyinvolts x 100K; the 15V supply specified dictates 1.5M; +6V would dictate 600K; etc. C1is the averaging cap, controlling
attack and, especially, decay. Averaged control voltage ties to noninverting input of internal op amp, configured for gain of 40
by R9-10. Amplified control voltage is available at pin 3. With no signal input, the voltage at pin 3 is negative; audio inputgen-
erates voltage that canrise as high as ground, but not above. R7 varies the DC offsetpresentatpin 3. Both VCA control ports
are biased to ground through 200-ohm resistors. Control voltage couples to pin 5 through R11-12. When no signalis present,
control voltage swings negative, causing gain reduction whose degree depends on threshold setting and setting of R11. Ac-
tion describes a downward expander. 2—Circuit similar to #1, with three changes. First, a pull-up resistor, R13 has been add-
ed. This enables control voltage to swing positive and negative. Second, the control voltage now ties to pin 7, the ‘=’ port;
positive voltage into this port causes gain reduction. Finally, addition of D1 lets only positive voltage into the control port.
Resultis a downward compressor. Reversal of D1 gives upward compression; removal of D1 gives dual-mode compression.
Control pathis parallel. ALL 2120 CIRCUITS require a bias resistor on pin 10, tied to V+. Value = positive supply in volts x 10K;
+15V supply = 150K; £10V supply = 100K; etc. Omit control feedthrough trim unless circuit needs it. A tremolo needs trim,
most compressors do not. 3—Pure VCA based on 2120. Supplies gain reduction or boost, depending on control voltage po-
larity and VCA control pin selected. Net signal path is noninverting. VCA driven to >20 dB of gain may develop a large DC off-
set at signal output pin, which can be nulled by offset trim network tied to pin 8.
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buffers!” They're normally configured as emitter fol-
lowers that buffer the output I-V conversion. The buff-
er's emitter exists at two diode drops below ground, or
below /2V+in single-supply systems. This offset may
become significantin headroom-critical applications.

Circuits based on this OTA resemble those for the
3080, but having two buffered OTAs in one package
allows easier realization of a greater variety of func-
tions.

Breadboarding OTAs demands care, for chip dam-
age may result if more than 2 ma enters the control
port or the diode bias port. Before applying a control
voltage, always place a resistance in series with pins
1,2,15,& 16in the 13600; pin 5in the 3080. The value of
the resistance should be such as to limit maximum
currentinto the terminal to ~2 ma.

NE570

Signetics designed their 570 for long-distance tele-
phone companding circuits in the mid-seventies, but
the chip found a home in plenty of pedals. Rumors of
its demise are premature, for it remains widely avail-
able, inexpensive, and capable of feats not apparent

from databook schematics.

Each channel contains a current-controlled gain
cell, a rectifier, and a 741-like op amp. As with OTAs,
the input is converted to current; the gain cell re-
sponds to control current; and the output exists as a
current, converted to voltage by an internal or exter-
nal op amp configured as an |-V converter. The gain
celldoes notinvert; the |-V opamp does, so the 570's
netsignal path inverts. The noninverting gain cell can
be placed in the op amp’s feedback loop to realize a
second type of VCA.

Like other special-function ICs of the same vintage,
the 570's output does not automatically bias at 1/2V+.
Proper biasing can be achieved by selection of feed-
back resistance. Often the easier approachistousea
fixed, standard feedback resistance and apply a trim
to the op amp's inverting input. It's also possible to
servo the 570's output to track changes in the supply
(Fig. A141-6).

The 570 allows several VCA configurations. The
one most useful also requires the fewest parts, and
gives least feedthrough and lowest noise. Trimmed
feedthrough approaches nil, but is extremely sensi-

Fig A143. 1—Pinout of text's LDR-based optocoupler symbol. 2—Many applications require series resistance R1 to define
minimum resistance, and/or parallel resistance R2 to limit maximum resistance. R3 limits current to LED. Value depends on
available voltage anddesired response. 3—LDRs are easily ganged to respond to single control voltage. Series wiring is pre-
ferred, but may be impractical in low-voltage circuits, since none of the LEDs light until voltage exceeds their aggregate for-
warddrop. 4—If circuitdemands parallel wiring, place a resistorin series with each LED. Otherwise, the bulk of current flows
through one LED. 5—Many common op amps source enough current to drive the LED directly. R4 controls static state of
LED; control voltage varies LED brightness with respect to this initial point. D1 may be neededif Al's output swings negative.
6 & 7—Micropower op amps can drive suitably biased transistors, which feed current to LED. PNP transistor responds to

control from V+ to GND; NPN responds to control from GND to V+.
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Fig A144. 1—OTA simulates
variable resistance referred to
ground. Diode bias resistor affects
linearity of audio signal, butalso
affects feedthrough and simulated
resistancerange. Try to use
largest diode bias resistor
possible. 2—Two OTAs simulate
floating variable resistance.

———————— = Significant feedthrough occursin

both circuits. Worthwhile to testin
circuit, rather than using estimat-
ing performance based on
predicted resistance. Despite
seeming complexity, both circuits
are practical, and cheaperthan
LDR-based optocouplers. They
enable rhythmic effects whose
depth does notwane with
modulation rate. Circuits affected

by DC offset at simulated
resistance terminals can couple
through capacitor.

tive to variations in supply voltage. Unless the supply
is well-regulated, the feedthrough trim network should
run off a locally regulated supply.

The 570 contains a 741-like op amp, whose low slew
rate manifests in distortion of 20-KHz tones above
8Vp-p. This is not a problem in most stomp-box cir-
cuits. An external op amp, such as 5532/4 or 07X,
takes undistorted response well past 20 KHz. The ex-
ternal op amp does not dramatically improve noise
performance, though, because most of the noise orig-
inatesin the gain cell.

The 570's rectifier is a modified log amp, giving a
log curve at low levels, changing to a linear curve at
high levels. This curve suits companding, which
needs high gain at low levels, low gain at high levels.

The NE571 is a lower grade of the 570; the 572 and
575 are variations on the same theme, but are a lot
harder to find than the 570.

Circuits shown in Fig. A141 find use in stomp-box
apps, such a tremolos, compressors, and downward
expanders.

Referring the Control Voltage to Ground

VCAs based on the 3080, 13600, and 570 suffer a
drawback compared to 2120 types in that their control
ports do not naturally exist at ground (or Y/2V+ in sin-
gle-supply systems) in the unity-gain state. The build-
er may find it handy to convert the OTAs to give unity
gain at ground. This simple technique requires a PNP

transistor and a trimming network. A feedback control
loop compensates partly for the nonlinearity that ac-
companies this approach.

SSM2120
This 22-pin DIP is currently popular on the homebrew
scene, offering studio-quality noise and distortion
specs. Each chip contains two channels; each chan-
nel contains a level detector and a VCA. In stock con-
figuration, the chip realizes compression and expan-
sionwith no external active devices butan op amp.

Each VCA has two control ports with mirror-image
response: positive voltage into the '+' port boosts
gain, positive voltage into the ‘-’ port reduces gain;
the reverse applies to negative control voltage. This
obviates inverting buffers in the level detector and al-
lows simultaneous response to separate control
feeds. The fact that the ports exist at ground in the uni-
ty-gain state makes threshold control a snap.

Tapping this chip’s potential demands externaliz-
ing most of the level detector, because the stock con-
figurations do not allow variable attack and decay.
Projects in this book take the chip’s raw level detector
output; buffer and boostit; add a variable DC offset to
vary threshold; feed the signal to variable decay and
attack networks, then feed a buffered divider for ratio
control.

The 2120's gain cell and the external |-V op amp
bothinvert, giving a net noninverting signal path.
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Fig. A145. Voltage controlled phase using optocouplers as
VCRs.

LDR-Based VCAs

Aside from built-in attack and decay, an LDR-based
VCA's claim to fame is its suitability to gain greater
than one. Chip VCAs excel at gain reduction. They're
usually noisier than conventional circuits when apply-
ing boost. Fig. A147 shows a few common LDR-based
VCAs.

Other VCAs

The devices just discussed typify three broad VCA
categories: adaptable workhorses, upscale chips opti-
mized for audio, and optocouplers. The stomp-box-
meister will find many other VCAs and VCA-adapt-
able devices available. Theyinclude dedicated VCAs,
such as SSM2013 and SSM2018; analog multipliers,
such as AD534; and the ancient MC3340 voltage-

controlled attenuator.

Voltage Controlled Filters

VCFs underlie several stomp-box functions, including
sibilance reduction and some forms of single-ended
noise reduction; auto-wah and some types of pedal-
wah. These several functions are accessible in a
handful of filter types. Figs. A148 and A149 demon-
strate practical examples.

Voltage Controlled Resistance

Substitution of VCR for one or more fixed resistances
puts just about any function under voltage control. If
VCRs came in floating, instantly responsive blocks
devoid of feedthrough, they might have obviated oth-
erapproaches. LDR-based optocouplers predominate
in this role because they approach floating variable re-
sistance closer than anything else.

LDRs' chief alternative is the LM13600, which simu-
lates single-ended or floating resistance (Fig. A144).
The type suffers significant feedthrough, but offers no
response lag.

Instomp boxes, VCR is commonly used to achieve
VCPh and VCO (subsonic, sonic, and ultrasonic).

Voltage Controlled Panning & Mixing

The conventional approach to VCP and VCM com-
bines separate VCAs driven by inverse control feeds;
each VCA feeds an output for VCP; both VCAs feed a
mixer for VCM. The recently released SSM2018 VCA
offers dual inverse outputs that simplify the function
(Fig. A150-2).

Effects basedon VCP and VCMinclude stereo pan-
tremolo, in which one channel waxes as the other
wanes; tremo-mixing, in which the wet/dry mix shifts
rhythmically; and level-dependent panners, in which
dynamicsdrive a crossfader of a lone instrument, or of
two separate sources.

Fig. A145B. 1—Equivalent
voltage controlled circuit

3 CONTROL
| VOLTAGE
LIN

inside TDA1074; A3's '+'input
ties to Vr, a /2V+reference
generated inside the chip.
Control voltage thatvaries =
relative to 1/2V+ takes wiper of
equivalentpot R1 to output of
Al orA2. Eachchip contains
two pair of these blocks; each
pair is tied to one control path.

our

The circuitperforms a

number of functions usefulin
stomp boxes, such as voltage
controlled bass (2), voltage
controlled treble (3), and
voltage controlled mixing (4).
The uncommitted nature of
the four blocks allows
adaptation to many other
functions.
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Fig. A146. lllustration of the level-dependent attack & decay TO TOP TRACE
builtinto the VTL2C2, a common LDR-based optocoupler.

Schematic shows connection of LDR to positive pulse gen- PULSE
erator. Top trace 5V/div., bottom trace 1V/div.; sweep speed IH

200 ms/div. (2 seconds/frame). A—Control pulse of less

than 2V barely gets the LDR to light; attack and decay take viLece —
hundreds of milliseconds. B—A 6V pulse speeds attack; ex- :
panded sweep showed attack on the order of 5 ms; decay

still takes several hundred ms; in this case, decay takes so

long that LDR fails to return to fully OFF resistance between

pulses. This has the effect of integrating the control feed,

such thatno external integration is needed down to ~60 Hz.
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Fig. A147. 1—VCA consisting of an op amp with an LDR in the feedback loop. When LED is fully ON, LDR resistance approxi-
mates 125 ohms; gain = (125+10K) = ~38 dB. With LED fully OFF, LDR resistance exceeds 20 megohms, so high thatsome op
amps cease to function; short of maximum LDR resistance, op amp gain can top 60 dB. 2—Practical embodiments add R3,
whose value limits maximum feedback resistance and thus maximum gain; and sometimes R2, which limits minimum feed-
back resistance, thereby limiting maximum gain reduction. R4 alters LED sensitivity to control voltage. 3—LDR can control
gain elsewhere in the signal path, in this case as part of R1; positive control voltage raises gain. 4—LDR acts as voltage con-
trolled shunt to ground in middle of op-amp feedback loop. When LDRis OFF, it has no effect on gain. Whenit turns ON, itacts
as a shunt to ground for all frequencies, giving the same effect as raising the values of the feedback resistors, raising gain. 5 &
6—LDR controls gain passively in simple divider circuits. In #5, LDR acts as shunt that lowers gain when LED lights; in #6,
LDR acts as series element that lets more voltage through when LED lights.
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Fig. A148. Practical stomp-box voltage controlled filters. 1—VC lowpass filter, 6 dB/octave based on LM3080 or LM13600
OTA. On a 15V supply, control range extends from +15V (filter open to ~20 KHz) to —14.25V, at which point 20 Hz is ~12dB
down; filter cuts off completely if control is taken below —14.25V. Feedthrough trim same as for 13600-based VCA; donot al-
low control voltage to drop below —14.25V. 2—VC lowpass filterbased on NE570. Control range +15V to 0.95V, at which point
filteris ~3 dB down @ 100 Hz. Feedthrough trim uses same technique as VCA and is very effective, but only if control voltage
does not swing below 1.2V. 3—State-variable filter core achieves voltage control by substituting LDR-based optocouplers
forresistors. 4—Another SVF but uses FETs as shunt elements. Feedthroughis about 90 mv. Control range spans pinch-off
(around —=2V) to V+. Advantage over LDR-based circuitin that depth of response does not fall with modulationrate. 5 & 6—
LDR-based optocouplers sub for potsin standard active filters; #5 lowpass, #6 highpass.

Voltage Controlled Attack & Decay

These functions find a home in program-responsive
level detectors, and in some types of distortion gener-
ators. Mostuse transistors to alter the rate of capacitor
charge or discharge. Practical circuits appear in the
Appendix on Dynamic Effects.
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Consumer Electronics ICs

Integrated circuits meant to enable voltage control of
common home/car stereo functions (volume, bal-
ance, bass & treble) offer considerable potentialin the
pedal realm. Fig. A145B shows the basic function and
afew applications of the TDA1074A.
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Fig. A148. 13600-based VCFs. 1—VC highpass filter, 6 dB/octave, range ~40 Hz to 4 KHz 2—VC lowpass filter, 6 dB/octave,
range ~ 200 Hz to 10 KHz. 3—Unity-gain voltage controlled state variable filter; component values shown allow tuning over
the range ~40 Hz — 5 KHz. All three filters suffer significant feedthrough; all three cut off completely if control voltage falls
much below —13.8V. Cascade stages for sharper slopes. Diodes 1N914 or similar.
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Fig. A150. NE570-based voltage controlled ® =1sv T é'?_.‘sx
panner/mixer. When wiper of Rl is at 15V, 27.5v 192
output of Al swings to negative limit; gain
of VCAT drops to 0; output of A2 swings to
positive limit, gain of VCAZ2rises to ~1. : i
When wiper of R1 is atground, output m -
states of A1 & A2 invert; relative gains of (AN AAA—O CONTROL TN
VCAs move in opposite directions. This R TR
action pans the signal between the @ 1 g v
outputs, or varies the percentage of IN1 & _ <2t
IN2 in the mixed output. 2—Voltage ; 2 |
controlled pannerbased on SSM2018 - 16 15 14 13 12 1
'OVCE’ (operational voltage controlled .[’:”_ég X ssM2e18
element). Chipis a VCA that provides two L = = :
inverse-gain outputs. VCM could be -1 I

achieved by feeding both outputs to
summing amp, as with the 570 circuit. As _
shown, chip functions as a class AB amp; l!'euF
can be configured for class A. Offset and

symmetry trims notshown.
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Fig. A151. Coupling the control voltage to the VCB commonly requires manipulation of amplitude and DC offset. Op amps dc
the jobin many cases. 1—Circuit typical of tremolos, phase effects, etc. R1 varies signal level applied to R2, subjected to gair
in Al equal to R3+R2. R5 controls DC offset present at Al's output. Signal inversion is irrelevant to most rhythmic effects. 2—
Noninverting stage commonly seen in dynamically responsive effects, such as compressors and de-essers. Choice of Al
matters, because op-amp types differ in their maximum output voltage swing. When working up an effect, use the op amg
that will be used in the final circuit. 3—A control voltage that varies between /2V+ and V+ can be level-shifted to vary be-
tween GND and /2V+, by coupling through a PNP transistor. This is useful in, for instance, an NE570 using an external level
detector whichis referenced to //2V+. A2 should be 324/358 or other type whose input and output embrace the negative sup-
ply. 4—Means to define an arbitrary lower limit of a control voltage that varies between GND and V+; setting of 10K pot de-
fines limit. 5—Means to define an arbitrary upper limitin a control voltage that varies between GND and V—; setting of 10K
potdefines limit.

Coupling Control Voltage to VCB sence of a control input; the control voltage alters that

The coupling to the VCB provides a convenient point
to manage control voltage amplitude, and, often, the
magnitude of a DC offset impressed upon the control
feed. The DC offset sets the VCB's state in the ab-
Fig. A152. 1—Sinewave oscillator adapted to voltage con-
trol by placing LDR in parallel with R1. To change minimum
rate, change value of R1; to change maximum rate, change
150K series resistor. 2—Square/triangle oscillator similarly

adapted; similarly tuned by altering resistance in parallel

andinseries with LDR.
18K
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state rhythmically ordynamically.

Coupling through an op amp neatly meets the
need. Op amps allow simple management of AC sig-
nal gain, as well as impression of a DC offset upon the
AC. A single op amp acts as a complex summing
block by utilizing its inverting and noninverting inputs.

Each class of op amp offers a slightly different posi-
tive and negative output swing which the builder must
reckon during design. With some exceptions, the out-
put won't swing rail to rail. Pertinent upshots arise in
TLO6X/7X/8X op amps, whose outputs don't swing
negative enough to cut off a 13600-based VCA;
MC3317X and LT1097 types swing within ~0.5V of the
negative supply, and will cut off the VCA. LM324/358
outputs swing to ground in single-supply circuits, but
only if the noninverting input is biased to ground.
Many CMOS op amps swing rail-to-rail. These obser-
vations make it prudent, when working up a voltage
controlled effect, todrive the VCB off the op amp likely
to perform this function in the circuit. Level shifting is
readily achieved using an external transistor (Fig.
A151-3). Some circuits require the control voltage to
observe positive or negative limits, an easily realized
feat (Fig. A151-4, 5).

Feedthrough
VCBs suffer varying degrees of leakage of the control



voltage into the signal path. Blocking feedthrough of a
static voltage is as easy as coupling through a capaci-
tor; rhythmic and dynamic artifacts will penetrate.
Rhythmic feedthrough manifests as pulsation or click-
ing. Dynamic feedthrough manifests as distortion;
sometimes as a click or pop coincident with a musical
peak. Audibility of feedthrough depends on the ampli-
tude and shape of the modulating waveform, and, if
regular, the rate, faster rates tending to intrude. The
problemis reduced by these measures:

» trimming

» configuring VCAs tovary gainfromOto 1

» placing a highpass filter after the VCB to
attenuate subsonic energy

» avoiding sharp edges in the control feed

» gating

» quasi-companding or a pre-/de-emphasis
system

» internal companding

A click sometimes accompanies each fresh transient
in dynamic effects that use instantaneous attack. This
does not represent feedthrough, but the result of im-
pressing a sharp edge on the audio. The problem
sometimes abates when attack is delayed a few milli-
seconds.

Squarewave sources are notorious for polluting au-
dio circuits with clicks, even when they don't connect
to the signal path. Sub-microsecondrise andfall make
powerful high-frequency harmonics that defeat by-
pass measures. Effects using true squarewave con-
trol should mount the squarewave source close to
ground, and give analog and 'digital’ circuits indepen-
dent return paths to ground and separate ties to the
power bus. The occasional circuit benefits fromisolat-
ing the squarewave source from the power bus
through an LC network. Because few effects need
squarewave control, the builder should atleast testal-
ternatives, such as a soft-clipped sinewave.
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Miscellaneous Adjuncts

Panning & Mixing

Pedal effects present the need to blend signals contin-
uously fromwettodry. A pot tied between low-imped-
ance sources acts as a variable voltage divider/mixer.
When the wiper is at one or the other extreme, the
dominant divider action takes place between the se-
lected op amp's outputimpedance and the full potim-
pedance. Wet/dry isolation is not complete but typi-
cally exceeds 60 dB, adequate for most effects. Pro-
portional mixing takes place as the wiper moves from
either extreme toward the center.

Applications requiring complete isolation can use
Fig. A160-2, a variation of which makes a panning cir-
cuitin which the square of the sum of the output volt-
agesremains constant (Fig. A160-3; Ref. 6).

Altering Potentiometer Taper
A linear pot used in three-terminal (voltage-divider)

Fig. A160. 1—Simple mixing circuit useful in most effects.
2—More elaborate circuit ensures 100% wet or dry at full
extreme. 3—Panning circuit in which sum of squares of left
andright outputs is constant throughout panning range.
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Fig. Al81. Linear-taper pot R1 can simulate a reverse-
log—taper pot by wiring R2 between terminals 2 and 3, but
only when pot acts as a three-terminal voltage divider; the
voltage output of such a pot follows a log curve. Severity of
taper depends on ratio of R1:R2; the higher the ratio, the
more severe the taper. 2—R1 simulates a log-taper pot in
voltage-divider mode by wiring R2 between terminals 1 and
2;voltage output of this pot follows a reverse-log curve. 3 &
4—Taper of linear pot used as variable series resistance
(two-terminal mode) can be altered, but alteration becomes
sensitive to direction of pot rotation, and is useful for appli-
cations requiring fine control as pot resistance approaches
maximum.

mode can be given a log or a reverse-log taper by par-
alleling a resistor with the appropriate arm (Fig.
A161-1,2). Alinear pot used as a series variable resis-
tance can be altered such that control becomes finer
asresistance approaches maximum (Fig. A161-3,4).

Level Indicators

Level indicators have countless uses in the music
scene, displaying input or output level, amount of gain
reduction, and so forth. LED bargraphs usually run off
one of the ubiquitous LM391X chips. Each contains a
10-comparator ladder, a voltage reference, and con-
stant-current LED drivers. The 3914's ladder is linear,
the 3915's logarithmic; the 3916's approximates the
VU meter scale. Basic use calls for matching control
voltage to the chip, or tuning the chip’s response to a
fixed control voltage (Fig. A162-1).

New analog meters typically sell for $20 and up, but
used or surplus meters often surface for $10 or less.
Infinite resolution coupled with a cool/retro look make
them attractive options. Adapting the meter to the
available drive usually requires trimming (Fig. A162—
2). Meters 100 pa or less may require a shunt resistor
to avoid very high trim resistance, which drops a sig-
nificant voltage from small induced currents.

Antidotes to Deadening
Heavy compression, or moderate compression propa-
gatedin dubbing, deadens sound. The greater the ag-



Fig. A162. 1—Basic LM3914 bargraph driver circuit suiting many o
applications in stompbox & rackmount projects. Circuit shown adjusts iz
todisplay input voltage by lighting 10 LEDs in sequence. Forexample,
if compression control voltage varies 0V to 3.2V, apply 3.2Vtopin5;
trim R1 so LED10 barely lights. Internal resistor ladder divides 3.2V into
10 segments, so a new LED lights every 0.32V of inputvoltage (the log-
taper of the 3915's resistor ladder better suits audio applications). Chip
runs off 3—18V. Value of R2 controls LED brightness; 5K shown s fine
for breadboarding; change to 10K potin series with 1K and trim to
desired brightness. 2—Adapting a meter to existing control voltage
calls forknowledge of meter's nominal sensitivity; assume 1 ma full
scale. If the voltage being measured varies 0V 10 5.0V, choose R11to
deliver a current of 0—1 ma to the meter. The meter has internal
resistance which forms a divider with R1. While the right value of R1
could be calculated, trimming s virtually always required, so make Rla
trimpot. Set R1 to maximum resistance; apply 5.0V; trim so meter
reads full scale. R2 represents a shunt resistor that mightbe needed
with, say, a 50 ya meter working off a 10K trimpot. Meters come with

4 LED LICHTING SEQUENCE

linear and log-tapers, easily ascertained in unmarked surplus samples - .

by manually applying a voltage and noting meterresponse.

DC INPUT O yfi’—-—-‘-—-\m\——o
ki Re =z

c1 .

+lev

Fig. A163. (left) 1—F-V converter useful for guitar. OuT1
voltage ranges 0.1V @ 80 Hz to 6V @ 2400 Hz or above.
OUT2 gives the inverse control voltage. Circuitapplies only
to the 8-pin version of the LM2817. 2—Functionally similar
circuit based on LM13600. In both circuits, the frequency at
which maximum voltage is obtained can be lowered by rais-
ing the value of the 0.0068yF cap; the frequency can be
raised by decreasing this cap'’s value. 3—To avoid having
maximum output triggered by high-frequency distortion
products, many applications need a sharp lowpass filter
ahead of the input; cutoff above ~1500 Hz, such as this qua-
si-24 dB/octave design.

gregate compression, the deeper sparkle recedes.
One answer to this problem is to apply compression-
dependent treble boost. The technique dovetails with
meter drive circuits because the compression control
voltage also controls the treble boost. A second ap-
proach applies treble emphasis to the signal feeding
the compressor, but not to the signal feeding the level
detector. Matching de-emphasis occurs ina VCF after
the compressor, such that net frequency response IS
flat below the compression threshold. Above thresh-
old, the compression control voltage reduces the de-
emphasis of the VCF. This method is quieter than
compression-dependent treble boost.

The notion of vitalizing sound goes back at least
half a century. Approaches include delay, phase shift,
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Fig. A164. 1—Solid state version of Aphex exciter, redrawn
after patent (circuit inside dotted line); curve (3) shows
transfer function. Simple mixer (R3) allows experimenta-
tion with the effect. 2—Another version; placement of di-
ode in feedback loop gives smooth variation of diode clip-
ping from none to full. Op amps 07X, etc. Inputis assumed
to originate from low-impedance source. 4—Graph re-
drawn after patent shows frequency response of filter Al su-
perimposed on phase shift induced by filter. 5—Tube ver-
sion of exciter circuit uses 6K6112Wa triodes. Sixteen-volt
bias lowers threshold at which compression and distortion
kickin. 6—Graph shows several aspects of operation. Figs.
3,5, & 6 copied from Ref. 37.

spectral shift, and distortion; and combinations of
these changes, fleshed out in products like the BBE
Sonic Maximizer®and the Aphex Aural Exciter®.
The original Aphex patent describes highpass fil-
tering—specifically including the resultant phase
shift—followed by a specific type of distortion. Wet
signal mixes withdry in varying amounts. While oper-
ation of the solid-state exciter looks straightforward,
the patent itself questions what's happening in the
tube version (Fig. A164-5; the patent is intriguing to
consider in the broader context of tube sound).
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Frequency-Driven Effects (FDEs)

Frequency is to FDEs as loudness is to dynamic ef-
fects. FDEs derive a control voltage proportional to
the frequency of the input, ignoring amplitude above a
trigger threshold. Effects made possible by this ap-
proach include:

» FD tremolo (rate, depth, waveform shape)

» FD wah

» FD distortion (e.g., a distortion multiplexer
driven off a VCO whose rate varies with input
frequency)

» FD mixing
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Fig. A165. Typical options for adapting unbalanced stomp-box I/O to balanced. 1—Tremolo-Matic II's single-ended preamp.
Axe ground ties to effect ground. 2—Same circuit adapted to balanced input using 10K:10K transformer; axe ground does
not contact effectground. 3—Balanced preamp with gain of 10; separate grounds. 4—TM2's stock single-ended output; ef-
fect ground ties to output ground. 5—Balanced output achieved with transformer; effect ground now isolated from output
ground. System must account for ~12 dB of voltage loss from 10K:600 transformer; not usually a problem. 6—Active bal-

anced output.

» FD phase (bestin stereo)
» FD delay/reverb/echo

The possibilities expand if the FD voltage is
summed with or subtracted from that of a level detec-
tor, making the control voltage a function of two vari-
ables.

FDEs derive a control voltage from a frequency-to-
voltage (F-V) converter, sometimes called a tachom-
eter. The common need for such a circuit spawned a

number of integrated circuits, such as the LM2907/
2917 series; the LM13600 also makes a useful F-V
converter (Fig. A163-2).

FDEs have to be treated as if they were frequency
dividers, meant to process one note ata time. The out-
put becomes unpredictable when the converter tries
to process a chord. A six-string’s fundamental tones
cover ~80-1280 Hz, but much of the amplitude is har-
monic. Predominance fluctuates between fundamen-
tal and harmonic as notes decay. Pure tone sources,
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such as keyboards or synthesizers, give more predict-
able response from F-V converters.

Going Balanced

Most stomp boxes provide unbalanced input and out-
put stages, a convention followed by most projects in
this book. Going balanced lets the box interface with
rackmount gear equipped only with balanced inputs
and outputs, and prevents ground loops by isolating
axe ground from effect ground or (more typically) ef-
fect ground from amp ground. Balanced input stages’
ability to reject common-mode noise plays a minor
role in the grand scheme of hum.

Transformers make a simple solution. Mating them
to input or output is a formality. Their simplicity is off-
set partly by susceptibility to magnetically coupled
hum, and by limited selection in the hobby price
range.

Active stages deliver greater versatility at the cost
of greater noise. A balancedinput stageisknown as a
differential amplifier. As preamps, balanced stages
are unavoidably noisier than comparable single-end-
edstages, because they contain two transistors, each
with its own E, and |,. Quadrature addition results in
~41% more noise than an identical single stage. Typi-
cally, this noise is negligible when dealing with axe-
level signals.

The SSM2141 and SSM2142 make single-chip al-
ternatives to discrete-component balanced inputs
and outputs. Asingle transistor can supply a balanced
output in a manner reminiscent of tube amps’ catho-
dynephaseinverter.

Ground lift makes a key option in balanced gear.
Providing for this may demand a plasticjack ina metal
panel, or a plastic panel to mount a metal jack. The
shield lead of twisted-pair cable needs to contact only
one of the ground systems.

New Uses for Pedal Pots

Rather than merely switching in or out of the signal
path, pedal effects vary under control the player's
foot. Common treadle mechanisms consist of a rotary
pot whose shaftis fitted with a gear, driven by a short,
toothed strip hinged to the toe-end of the treadle. The
shaft turns when the pedal rocks (Fig. A168). To avoid
damage at the stops, the pot's wiper does not traverse
itsrotational limit.

The commonest pedal effectis the wah-wah, a vari-
able bandpass filter that moves over the approximate
range 450-2000 Hz. Fig. A167 shows the core sche-
matic and rough response curve from a wah pedal
made late in the eighties. Unlike fuzz, wah has a musi-
cal antecedentin the sound of a rubber cup flapped at
the mouth ofa cornet. Itis apparent from the schemat-
ic and the nature of the effect that wah is readily cus-
tomized by changing frequency range, Q, and gain.

Beyond wah, pedal pots’ potential remains un-
claimed. A treadle pot opens the door to effects such
as:

» pedal-controlled panner

» pedal-controlled mixer

» pedal-controlled non-wah filter

» pedal-controlled tremolo (rate, depth,
waveform shape)

» pedal-controlled delay effects (phase, chorus,
‘verb, echo)

» pedal-variant VCO tied toring modulator

» pedal-variantdistortion percentage wet/dry,
or switching rate of a distortion multiplexer

» multiple effects slaved to one mechanism
(e.g., multichannel crossfader)

The builder need not buy a new pedal to experi-
ment. Temporarily desolder the pot leads from a wah
or volume pedal, wire the pot to the power supply. Fig.

Fig. A167. 1—Basic schematic of one type of wah pedal. 2—Crudely plotted I/O curve of circuit reveals bandpass that shifts

between ~450 and ~2000 Hz.
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Fig. A168. Photos show mechanism found in many wah and
volume pedals, a rotary pot w/gear attached to shaft, driven
by toothed strip linked to treadle. Pedal is easily adapted to
controlling external effects by desoldering the three wires,
labeling them and insulating their ends, then wiring pot to
battery as shown in schematic, a generic means to adapt
pedal mechanism to drive voltage controlled effects. Output
of pedal potis a voltage that varies from less positive to more
positive, because wiper does not traverse its full range. C1 &
C2 helpreduce scratchy response as pedal potages. R1 var-
ies the percentage of pedal voltage into inverting amp Al; R4
determines static voltage at Al’s output.
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Fig. A166. Basic ring modulator circuit. Instrument feed
multiplies against constant tone in 4QM; output consists of
sum and difference products. Use a sine oscillator for clean
sound; a squarewave oscillator for a nasty quality. Substi-
tute any 4QM for 534: LM1496, OTA, etc.

A168 gives a generic means to adapt a pedal pot to
voltage controlled effects.

Ring Modulators

Among guitar effects, ring modulator defines a four
quadrant multiplier in which the axe feed meets a sin-
gle frequency generated by an oscillator (Fig. A166).
The output consists of sum and difference products
whose dissonance resembles that of voice scramblers
based on the same principle. Ring-modulator-like ef-
fects also arise when the axe feed beats against itself
in a 4QM, but possess a more musical sound.

Ring modulation’s potential seems as neglected as
the effectis sparingly used. By making the oscillator a
VCO, oscillator pitch becomes level-dependent or fre-
quency-dependent; or varies rhythmically from a sec-
ondary oscillator, or manually through a pedal.
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Cooking Up New Effects

The several stomp-box ingredients equip hungry
builders to cook up effects thatdon’t exist, or thatcan't
be had in the form desired. The process follows a plan
thatquickly becomes intuitive:

1. Define the effect as specifically as possible.
2. Prepare a block diagram of the effect.

3.If the block diagram looks feasible, substitute
specific circuits for blocks. This narrows many
choices: single vs. dual supply, battery vs. AC
power, discrete components vs. integrated
circuits, and soforth.

4. Prepare a schematic, breadboard the effect,
test the sound. This is the key step, for sound
defines success. Cooking up effectsis easy.
Getting effects that sound good takes work.

5.Be aware thatfirst attempts often miss the
mark; reworking and fine tuning are ways of
life. Return to Step 2 if the effect fails to
dazzle.

6. Once you have a circuit that gives the desired
sound, prepare a final schematic, lay out a
printed circuit board, build the box.

Example 1

Let's design a compressor specifically for guitar. To
simplify use without sacrificing performance, we'll in-
corporate auto-variable attack & decay; to suit stately
tastes we'll add switchable soft-knee compression. A
fixed-gain preamp means that the box needs only
three knobs: threshold, ratio, and output level; plus a
switch to choose the knee.

These specs suggest a block diagram which makes
some other choices by default (Fig. A175). The
SSM2120 defines a dual-supply system using op-amp
ancillary circuits. Not only does this diagram look fea-
sible, butingredients from the Appendices let us plug
in specific circuits. Since we're using the rectifier/log
ampinside the 2120, threshold control is achieved with
an external noninverting op amp. Auto-variable at-
tack employs the diode-bypass method; auto-variable
decay uses the falling-edge detector.

We could plug in any of a dozen blocks for soft-knee
compression. To eliminate trimming, which requires
access to an oscilloscope, we'll use a summing block
and adiode. The only crucial feature is that the diode's
forward drop match that of the prototype reasonably
well, 1.82V in this case (the drop measured across the
diode, notnecessarily the drop specified in a parts cat-
alog).

Making the box instrument-specific calls for limited
level detector bandwidth. Listening tests defined a
bandpass filter that rolls off at 12 dB/octave below 60
Hz and above 2500 Hz.

Because it's meant to live in a pedal and doesn't
need tremendous headroom, we'll optimize the circuit
for twin-9V power. This means choosing appropriate
values for the 2120's bias resistors. This recipe result-
edin Squeeze-O-Matic Il.

Example 2

Confusion between tremolo and vibrato suggests an
intriguing question: How do the two sound combined?
Let'sresolve theissue by building a box not just to pair
the functions, but to run them synched or indepen-
dently. We'lluse 13600-based allpass filters, but these

3 N
1 GND 22 |
aut%—t\tf:gkable) [ nfé?\t:g}(k w - ' % 40 \ - 2 rectifier out v+ 21
Fig. A175. Block diagram of - 3
prospective guitar-specific "_|_ha,dc;mee | 4 output (current)
compressor. Choice of SSM2120 o
defines several other options. From nonlinear ) 5 *+' control ~
that pgir_xt, desigp be_comes:.:l matter transfer softknee S no buf'fer 6 feedthrough trim E
of chaining subcircuits, leading to a | . s
schematic detailed enough to allow = 7 onm 1)
sound tests. & 8 signal in w
™
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Fig. A176. Block a o)
diagram of prospective —— % 1 GND 22
sustainerwith separate + ground-referenced 2 rectifier out v+ 21
upward and downward - polarity splitter
compressionratios. 3
The only thing that 4 output (current)
distinguishes this - o
device from an ordinary n(lLinvening RN N
dual-mode compressor summing amp | 6 feecthrough tim )
is the polarity splitter o 7 <ol UE)
and dual ratio control. ( \
Because feedback proari) Lo g signalin 1))
sustain sounds distinct 2O o rectfier in
from parallel sustain, , —O ek
the box offers both ai.;;.:'l!o ] : 10bias
modes. audio iy 11v-

out converter L P,

saddle us with significant feedthrough. To vary from
Phase-O-Matic's approach, we'll gate the effect, us-
ing essentially the same circuit as Tremolo-Matic Il1.
The tremolo will use our standard no-feedthrough
570-based VCA. For variety we'll choose the ancient
op-amp triangle oscillator rather than a sine oscillator.
This recipe resulted in Tremolo-Matic V.

Example 3

Passive in-axe mods are big at the moment. Let's get
in on the action with something worthwhile, a mod not
subtle; something to make the stock tone pot a quaint
memory: a passive sweepable mid.

To vary frequency continuously using only caps
and resistors, we have to resort to phase as the gain
manipulation element. The technique is the one re-
sponsible for fixed passive notches in old Gibson
amps. We'll put the network in series with the pickup;
adual potreplaces the stock tone pot. This recipe pro-
duced Axe-O-Maticll.

Example 4

The problem with some dual-mode sustainers is that
the ratio control affects both modes. Some situations
crave independently variable downward and upward
sustain. By recognizing a sustainer as a dual-mode
compressor, the only innovation required is a means
to separate gain reduction from boost.

Using a 2120-type VCA, the ‘=’ control port dictates
unity gainwhenitsees ground potential; positive volt-
age reduces gain, negative voltage boosts gain. The
box needs a circuit that seamlessly separates positive
from negative with respect to a crossover at ground.
We could use diodes, but their forward drop leaves a
gap of ~0.6V on either side of ground; no big deal in
many applications. Augmented diodes eliminate the
forward drop. Once separated, each voltage is con-
trolled by its own pot. The voltages recombine in a
noninverting summing block (Fig. A176).

The remainder of the piece is completely stock but
for a bit of auto-variable attack, to help prevent clip-
ping caused by delayed attack in upward sustain. The
box doesn’t need manually variable attack & decay, so
we'll putboth functions in one stage; tune them to suit
guitar or bass by choice of resistance during construc-
tion. The breadboard stage exposed a significant DC
offset at the output when the VCA applied more than
20 dB of boost. In feedback mode this manifested as
cycling. The offset was easily nulled using a trim net-
work.

Because sustain sounds different with parallel and
feedback control paths, we'll include both. Listening
tests revealed grossly unnatural response in parallel
mode that evened outby adding a seriesresistance to
the parallel-mode control path. Sustain-O-Matic Il re-
sulted from thisrecipe.

Fig. A177. Block diagram of proposed tremolo/vibrato. Switchable oscillators let effects run in synch or at separate rates.
Noise gate quells resting feedthrough of 13600-based phase shifters.
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Project No. 35

Squeeze-O-Matic Il

SOM2 invades the upscale world of auto-variable at-
tack and decay; throws in soft-knee compression just
for kicks. These features combine with a frequency-
contoured level detector to make a smooth-sounding,
easy-to-use compressor for guitar.

Circuit Description

Signal Path: Signal input couples through C4 to IC4-a,
a noninverting preamp whose gain the builder sets
during construction, nominally ~22. IC1-a output cou-
ples through R9-C9 to signal port of IC5, half an
SSM2120 dynamic control chip. IC5 output (as a cur-
rent) couples to current-to-voltage converter IC4-c;
R10 varies the output level. Signal couples through
R11-C12 to the output path. The signal path is nonin-
verting.

Control Path: IC1-a output passes through band-
passfilter IC4-b, thence through R8-C10 to IC5's recti-
fierinput. Raw rectifier output feeds IC2-a, where it's
boosted by a factor of 40. R22 applies a variable DC
offset that sets the compression threshold. IC2-a out-
put feeds decay network D7-C14-Q1-R24. When R24
sees ground, the charge in C4 takes ~3 seconds to de-
cay from 5V to ground. However, if the program de-
caysrapidly, a negative voltage is generated by a fast-
decay sensing network made up of IC1 and associated
components. This voltage causes Q1 to pass a con-
stant current that neutralizes the C1's charge in as lit-
tle as 50 milliseconds. The decay-sense network is a
falling-edge detector whose function is detailed in an
Appendix.

The decay network feeds an auto-variable attack
network made up of D3-5, R30-R31, & C15. The basic
attack timeis about 20 milliseconds. If the program at-
tacks fast enough and has sufficient amplitude, the
voltage differential between D5's anode and cathode
surpasses its forward drop, at which point the control
voltage passes through R30, speeding attack by a fac-
torof 10. If the program attacks extremely fastand has
sufficient amplitude, the differential that develops
across D4 reaches conduction, at which point attack
becomesinstantaneous. The attack network outputis
buffered by IC2-c, feeding D6, which blocks negative
voltage. D6's cathode ties to one throw of S2, and to a
nonlinear transfer block made up of IC3, IC4-d, and
their associated components. Function of this block is
detailed in an Appendix; Fig. 35-5 illustrates the
transfer function. IC4-d's output ties to S2's second
throw. S2's pole ties to pot R41, which varies the per-
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centage of control voltage into buffer IC2-d, thence
through R16 to the VCA control port, IC5 pin 7.
When S2 selects hard knee, the control voltage

SQUEEZE-O-MATIC Il PARTS LIST
Resistors

R1 470

R2, 21,26, 27, 30, 34, 35,36, 37 10K
R3,38 150K

R4, 5 3.6K

R6,7, 19, 20 39K

R8 7.5K

R9 36K

R10 20K audio-taper pot

R11 100

R12, 28, 31,32 100K

R13,15 200

R14 47

R16 8.2K

R17,25,29 1M

R18,33 1K

R22 20K pot

R23 2.2K

R24 10M

R39 15K

R40 22K

R41 100K pot

Capacitors

C1 4.7puF aluminum electrolytic

C2 10pF

C3, 11,16 100pF

C4 10uF nonpolar

C5,6,18 0.01uF

C7.8,15,17 0.1uF

€9, 10,12, 19, 20 10uF aluminum electrolytic
C13 0.0022uF

C14 0.0056pF

Semiconductors

D1,4,5,9 red LED, forward drop 1.82V
D2,3,6,7 8 1N914

D10, 11 1N4001

IC1, 2,3 TL064 quad low-power op amp
IC4 TLO72 dual op amp

IC5 SSM2120 dual-channel dynamic controller
Q1 2N3904 NPN transistor
Miscellaneous

S1 DPDT switch

S2 SPDT switch

wire, circuitboard, solder, /4" jacks, knobs, etc.
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Fig. 35-1. Squeeze-O-Matic |l circuit board.

feeds straight off D6 to R41. When S2 selects soft
knee, the control voltage passes through the nonlin-
ear transfer block, then to R41.

Use
Pots & switches have these functions:
R10 outputlevel
R22 threshold
R41 ratio
S1 compress/bypass
S2 knee select soft/hard

Initial settings: R10 fully CCW; R22, R41 fully CW, S2
hard. In this condition the box acts as a preamp. Con-
nect unit to axe and amp, trim R10 for desired output
level.

Lower the threshold until obvious compression is
noted. Explore the sound of various threshold and ra-
tio settings; try to ‘fool’ the compressor with fast at-
tack, or a loud, fast chord followed immediately by a
very soft passage. Switch to soft knee and again ex-
plore the ranges of threshold and ratio.

Using component values shown, threshold ex-
tends from ~10 mvp—p (—40 dBV) to >8Vp-p. Ratio mea-
sured in hard-knee mode extends from 1:1 with ratio
control at minimum, to infinite with ratio control at
85%. Paradoxical compression results if the ratio is
taken past 85%: gain falls as the signal intensifies.
This feature was included to let the player emulate
'sag.’ If the feature is not desired, change R16 to 12K.

Notes
SOM?2 is optimized to run off a pair of 9V batteries. The

ratio control tolerates reasonable shifts in supply volt-
age without major shifts in threshold.

Auto-variable attack and decay are easy to accept
once the player learns to trust them. Their conve-
nience tends to spoil one for manual modes.

Differences Between
the Squeeze-O-Matics

Both compressors use SSM2120 VCAs, and the
chip’sinternal rectifier/log amp, but externalize
the remainder of the level detector.

» SOM is a spot compressor: the level detec-
tor's bandwidth equals that of the signal path.
It will compress any signal between 20 Hz and
20 KHz, and do so according to the control
settings. Furthermore, attack, decay, thresh-
old, and ratio exist under full manual control.
Certain settings sound unmusical but prove
handy for special effects. Versatility is further
enhanced by the choice of feedback and
parallel control paths.

» SOM2 is tuned to sound smooth and natural
when compressing guitar feeds. The band-
pass filter ahead of the level detector empha-
sizes the guitar’'s ~80-2500 Hz range,
ignoring subsonic and ultrasonic energy. The
auto-variable functions cloak compression
while reducing the number of knobs. The
control pathis parallel, which listening tests
showed met the objective of smooth sound.
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Fig. 35—4. Squeeze-O-Matic Il layout & wiring diagram.

Fig. 35-5. /0 of SOM2's nonlinear transfer block. Below
D1's 1.8V turn-on point, only ~15% of control voltage gets
through (R40+R38 = 22K+150K = 0.15). Once D1 conducts,
percentage of voltage increases progressively until, above
~4.9V, it exceeds the input voltage. Despite simplicity, this
curve proved highly musical. Scale 1V, sweep 500ys.

The bandpass filter covers the guitar's fundamen-
tal tones and low harmonics. To retune the box for
bass, double the values of the BPF caps.

The red LED used in the nonlinear transfer block is
not critical, but should exhibit a forward drop reason-
ably close to 1.82V, measured as follows: one end of a
10K resistor ties to 10.0V, other end ties to the LED's
anode, whose cathode ties to ground; voltage is mea-
sured at juncture of resistor and LED.
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Project No. 36

Tremolo-MaticV

TM5 resolves confusion between tremolo and vibrato
by pairing the functions.

Circuit Function

Signal Path: Instrument feed couples through C1 tain-
verting preamp 1C9-d whose output feeds four serial
phase-shift networks similar to those used in Phase-
O-Matic. Output of the final phase shift network feeds
a quasi-18dB/octave highpass filter made up of IC9-c
and associated components. The filter attenuates
subsonic feedthrough from the phase network, and
couples through C18-R47 to IC2, half an NE570 config-
ured as a VCA whose gain varies 0-1, depending on
control voltage feeding pin 16 through R48. IC2 output
couples to pot R45, thence through R44-C17 to the
output path. The net signal path is noninverting.

Tremolo Control Path: IC4 and associated compo-
nents form a triangle generator whose frequency var-
ies under control of R8. IC4 output couples to R37,
which varies amplitude feeding summing amp IC3-d.
R33 controls the DC offset present at IC3-d's output.
Tremolo control voltage couples through R48 to pin 16
of IC2.

Vibrato Control Path: IC3-b & -c form a triangle os-
cillator identical to IC4. Qutput couples to one throw of
S2, whose other throw ties to the output of the tremolo
oscillator. S2's pole ties to pot R38 which varies the
amplitude of the vibrato control voltage feeding sum-
ming amp [C3-a. Trimpot R41 controls the DC offset
presentat IC3-a's output. Vibrato control voltage cou-
ples through R54 to all four phase-shift ports wired in
parallel. When S2 selects the tremolo control feed, vi-
brato and tremolo occur in sync; when S2 selects the
second oscillator, the twa functions observe indepen-
dentrates.

Noise Gate Control Path: Preamp output couples

TREMOLO-MATIC V PARTS LIST
Resistors

R1,6,9, 27 22K

R2,43 220K

R3.5, 11,20, 29, 30, 31, 10K
R4,10,13,18,21,22,25 39K

R7 8 100K reverse audio pot

R12 2.2K

R13, 15, 24, 32, 34, 35, 39, 40 100K
R14,16 1M

R17 23,49,54 47K

R19 10M
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through C3-R3 to a level detector essentially identical
to that used in TM3, and whose function has been de-
tailed elsewhere in the text. Output of the noise gate
level detector couples through R20 to base of Q1.

R26 1K

R28, 37,38, 45 10K audio-taper pot

R33 20K pot

R36, 47,55, 56 36K

R41 50K trimpot

R42 50K multiturn trimpot

R44,53 100

R46 7.5K

R48 47K

R50,51 330K

R52 33K

[resistors notindividually identified on schemat-

ic: 16x10K, 4x36K, 8x1K]

Capacitors

C1,17,18, 20 10pF aluminum electrolytic

C2 22pF

C3,8,10,11,21, 0.1uF

C4,5 2.2uF aluminum electrolytic

C6, 9,13, 14, 24 100pF

C7,12,15 0.001uF

C16 10pF

C19, 21 220pF aluminum electrolytic

C22,23 0.01uF

[caps notindividually identified on
schematic: 4x0.01uF]

Semiconductors

D1 1N4001

D2,3,6,78,9,10 IN914

D4, 5 red LED, forward drop ~1.8V

IC1 TLO71 opamp

IC2 NE570 dynamic controller

IC3, 6,7 TLO64 quad op amp

IC4,5 TL062 dual opamp

IC8 78L05 5V positive regulator

1C9-c/d V/2TLO74 quad op amp

Q1 2N3906 PNP transistor

Q2 2N3904 NPN transistor

[semiconductors notindividually identified on

schematic: 2xLM 13600, 1xTL072, 1/2IC9-a/-b

TLO74]

Miscellaneous

S1 DPDT switch

S2 SPDT switch

wire, circuit board, solder, V4" jacks, knobs, etc.
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Fig. 36—2. Tremolo-Matic V circuit board.

Use
Switches & pots have these functions:

S1  effect/bypass

S2  vibratocontrol select
synched/independent

R7 vibratorate (independent mode)

R8 tremolorate

R28 noisegate threshold

R33 VCAstaticgain

R37 tremolodepth

R38 vibratodepth

R41 vibratostaticpointtrim

R42 VCAfeedthrough trim

R45 outputlevel

First, trim the vibrato static point. Turn R38 fully
CCW, attach voltmeter or scope probe topin 1 of IC3.
Trim R41 to give 2 volts.

Next, trim VCA control feedthrough. Center R33,
turn R37 fully CW. In this state the tremolo control
voltage clips at both extremes. Connect scope probe
to IC2 output pin 10; trim R42 for minimum feed-
through. If no scope is available, trim feedthrough by
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ear, as detailed in connection with prior Tremolo-
Matics.

Initial settings: S1 effect, S2 synched; R7, R8, R28
fully CW; R33, R45 straight up; R37, R38 fully CCW. In
this state the box acts as a preamp with gain of ~2.
Connectunitto axe and amp, establish desiredlisten-
inglevel.

Verify the tremolo functions of rate, depth, and stat-
icpoint as detailed for prior Tremolo-Matics. Set trem-
olo depth to minimum, explore the vibrato depth &
rate functions. With independent tremolo and vibrato
established, test their combined sound, running
synched and independently. Finally, turn R28 CCW
until the desired gating action occurs.

Notes

TMS5 is optimized for a 15V supply. Significant depar-
ture from this voltage is not recommended. Despite
extensive use of low-power op amps, the prototype
drew ~40 ma, making a 1W DC-DC converter an at-
tractive power option (e.g., Digi-Key p/n 179-1072 or
Mouser p/n 580-NMEQ515S). Use of non-low—power
op amps will require a 2W converter.



GATE
THRESHOLD
15.6V

GND red LED, top view
flat spot identifies
cathode

Fig. 36—4. Tremolo-Matic V prototype board.
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Project No. 37

Axe-O-Matic Il

Some of the best-sounding mods prove to be the sim-
plest. Caseinpoint: Axe-O-Matic I,

Circuit Function
AOM2 consists of a phase-based tunable passive
notch of the type whose function was discussedin the
Appendix on Tone Control. The axe retains its stock
volume pot; the notch frequency control replaces the
existing tone pot.

Notes
No circuit board is required; solder the parts point to
point. Be sure to ground the pot's case.

The pot tunes a notch ~20 dB deep over the approx-
imate range 80-15,000 Hz, offering more tonal versa-

tility than one might anticipate from the nature of the
function. If limited range of the stock tone control has
you frustrated, definitely give AOM2 a listen.

For bass guitar, change C1 to 0.1uF, change C2 to
0.0047uF, andincrease R1 & R2 to 10K.

AXE-O-MATIC [ PARTS LIST

Resistors

R1,2 1K

R3 250K dual audio-taper pot

Capacitors

C1 0.047uF polypropylene or polystyrene
C2 0.0022uF polypropylene or polystyrene
Miscellaneous

wire, solder, etc.

. 1 C2 .eaz2
y; o it =3 |
ol EXISTING ‘
PICKUP !

g i = voLUME Bl B, SEORA | |
—_— o por =y 2 ||
| e —0 2 ¥

¢+— P1lckuP {d L4 AAA |

| g | R! r2

AXE |
GROUND ¢

1 PICKUP

|SELECTOR
SWITCH

EXISTING
VOLUME
POT

OUTPUT

SLEEVE :_
JAack |l
9 7r | i

TO GUITAR GROUND

Fig. 37—2. Axe-O-Matic Il wiring diagram.
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Project No. 38

Sustain-O-Matic Il

Sustain-O-Matic |l separates the Siamese twins of
downward and upward sustain, giving the player inde-
pendent control of each.

Circuit Function

Signal path: Signal feed couples through C10 to nonin-
verting preamp |IC4-b, whose gain the builder deter-
mines during construction according to the value of
R26. Preamp output couples through C4-R19 tosignal
input of IC1, half an SSM2120 dynamic control chip.
IC1 output, as a current, is taken off pin 4 and feeds
current-to-voltage converter |IC5-a, whose output ties
1o output-level pot R24, feeding voltage follower IC5-
b. Signal couples through R23-C7 to the output path.
The net signal pathis noninverting.

Control path: One of S2's poles couples through
C3-R18 torectifier input of IC1. One throw of S2 ties to
the preamp output, the other to the output of IC5-a.
These define parallel and feedback control paths, re-
spectively. (S2's other pole and one throw tie to each
end of R29, such that, when the feedback control path
is selected, R29 is shorted; when the parallel control
path is selected, the control voltage passes through
R29 in series with R30. This mitigates the exaggerat-
ed response thatotherwise accompanies parallel con-
trol.) IC1's raw rectifier output is taken off pin 2, feed-
ing 1C2-a, where it's boosted by a factor of 40, and
where the variable bias fed through RS-R11 creates a
DC offset at IC2-a's output, which varies the sustain
threshold. IC2-a's output feeds a fixed decay network
made up of D3-R5-CT; and a program-dependent at-
tack network comprised of D4-6, R6-7, and C1. The re-
sultant control voltage is buffered by IC3-a, whose
output swings negative in the absence of a positive
voltage from the level detector, due to the bias applied
through R4. IC3-a output couples to a variable voltage
divider consisting of IC2-b, IC3-b/c/d, and associated
components. This network seamlessly separates
positive from negative control voltages; R1 varies the
fraction of positive voltage, which controls downward
sustain; R2 varies the fraction of negative voltage,
which governs upward sustain. These separate volt-
ages recombinein noninverting summing amp 1C4-a,
whose output ties through R29-R30 10 IC1's '-' control
port, pin 7.

The result of this control path is for bipolar control
voltages to be generated in response to inputdynam-
ics; and for both polarities to reach the VCA control

port. The polarity splitter allows independent control
of upward and downward compression ratios. S2 al-
lows use of a feedback or a feed-forward control path,
and automatically varies the attenuation applied to
the control voltages, to maintain comparable tracking
between modes.

Trim network R21-20 exists tonull the DC offset that
develops at IC5-a's output when the VCA applies
more than 20 dB of gain. If not nulled, this offset dis-

SUSTAIN-O-MATIC I| PARTS LIST
Resistors

R1, 2, 24 10K pot

R3,4,11,12 39K

R5 2M (see text)

R6, 18, 26, 31,32 10K

R7 33,34 100K

R8 15K

R9 10K audio-taper pot

R10 47K

R13 1K

R14 1.5M

R15,16 200

R17 47

R19, 25 36K

R20 4.7M

R21 100K multiturn trimpot
R22,28 150K

R23 100

R27 470

R29 6.8K

R30 1.5K

Capacitors

C1 01 pF

C2 0.0022 uF

C3,4,5,6,7 12 10pF aluminum electrolytic
C8,9 100pF

C10 10uF nonpolar electrolytic
C11 10pF

Semiconductors

IC1 SM2120 dynamic controller
IC2,4,5 TLO72 dual opamp
IC3 TLO74 quad op amp

D1-6 1IN914

D7, 8 1IN4001

Miscellaneous

S1,2 DPDT switch

jacks, pats, wire, circuit board, knobs, case, etc.
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Fig. 37—4. Sustain-O-Matic Il layout & wiring diagram.
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Use
Switches & pots have these functions:

R1 downward compression ratio

R2 upward compression ratio

R9 sustain threshold

R21  output DC offset trim

R24 outputlevel

S1 sustain/bypass

S2 control path select feedback/parallel

First, trim the DC offset. Short the input, set upward
sustain ratio and threshold at 1 o'clock, downward ra-
tio and output level at minimum, control path to feed-
back. Set scope sweep to 20 ms/div., scale to 1V/div.,
DC-coupling. Connect scope probe to pin 1 of IC5,
power up the circuit; trim R21 to give ground at pin 1 of
IC5-a. This gives best suppression of cycling, but
does not completely quell a minor downward pulse
that repeats at 0.5-1 Hz. This trim is sensitive to the
supply voltage.

Power down, remove scope probe, set R1, R2, &
R24 fully CCW; R9 fully CW; S2 to feedback. Connect
unit to signal source and target output device; slowly
advance R24 to setdesiredlistening level. In this state
the box acts as a preamp, with no effect on dynamics.

Turn R1 fully CW to give maximum downward com-
pression ratio; slowly turn R9 CCW until obvious
downward compressionis noted.

Now turn R1 to fully CCW, which lowers downward
compression ratio to 1:1. Using material suitable to de-
tectupward compression, slowly advance R2 until the
effectis noted.

Next, explore the effect of both modes operating si-
multaneously.

Return controls to initial settings, switch S2 to ‘par-
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allel,' andrepeat the checkout sequence.

Notes

SM2 is optimized for a regulated 15 supply. The pro-
totype ran off a discrete version of the Append-A-
Board Power supply, and for that reason does not in-
cluderectifier diodes. If you elect to run the box off bat-
teries, install the polarity protection diodes shown an
the wiring diagram.

Appropriate preamp gain depends on whether the
box treats instrument-level or line-level feeds. The
stock 26 dB gain suits instrument-level inputs. Taking
advantage of this box's large headroom calls for an av-
erage preamp output of at least 5Vp-p. This leaves
room for peaks, while prolonging downward sustain.

SM2 produces very natural-sounding sustain, par-
ticularly in feedback control mode, when the upward
and downward compression are applied with re-
straint. For natural sound, keep R1 ator below 50%; R2
ator below 60%. Higher settings produce longer sus-
tain, at the cost of increasingly audible artifacts. That
option was retained for players who prefer a conspicu-
ous sound.

The 2Mvalue of R5 sets decay at a rate that produc-
es low distortion down to the guitar's lower limit. In-
crease R51to04.7M for bass; reduce R5 to 1M for extra-
fastonset of upward sustain.

High preamp gain coupled with more than 20 dB of
boost in the VCA in parallel mode predisposes to in-
stability. When upward compression beyond 50% is
selected, and when not playing, either turn the axe's
volume all the way down, or unplug it from the box. In-
termediate settings of axe volume leave a high-im-
pedance node tied to the input through a long path,
which may resultininstability.



Troubleshooting

Careful construction technigue is something you
could apply to a Heathkit®, Building projects from
scratch demands anticipatory troubleshooting, an ac-
tive search for errors at each phase of construction.
Those who built one of the now-defunct Heathkits
probably recall how much fun the process gave them.
Building a stomp box can do the same if the builder
treatsitasrecreation and sets aleisurely pace.

Thefirstchance to err comes in transferring the cir-
cuit pattern to copper-clad board; error modes depend
on the method. Photomethods tend to suffer mechan-
ical errors: toner fails to stick to the board; the photore-
sist missed a swatch at the edge; and so forth. These
dictate manual repairs at which photomethod-users
have to be adept. Patterns transferred as crepe tape
and rub-on pads present many chances for applica-
tion error, minimized by careful technique. Take your
time, divide the work into blocks, do not work to the
point of fatigue. Carefully compare traces against the
pattern before etching.

Etching errors occur when wax-based transfers lift
off, especially in hot etchant. Crepe tape can lift at the
end andreattach toan adjacent pad. The resultantun-
suspected connection may be fiendishly difficult to
spot. If a floating end is seen early in the etch, cease
etching andrinse the board. Press the loose end back
on the correct pad, reinforce the connection with rub-
on etchresist, then continue the etch.

Manually transferred patterns benefit from a post-
etch comparison against the circuit board pattern. Er-
rors that escaped pre-etch scrutiny often stand out
once the board is etched.

The importance of inspecting the etched board un-
der magnification cannot be overstressed. Look for
undercutting, in which traces have been notched or
severed by etchant; and incomplete etching, in which
copper bridges remain between pads or traces. If trac-
esrun at all close, as they do in many projects in this
book, run a continuity test on adjacent traces. Bridge
undercut traces with wire and solder; break bridges
between traces.

Soldering presents countless opportunities for er-
ror, reduced by a methodical approach. First, install
parts in like groups. Start with IC sockets and flat-
mounted resistors. Follow with vertically mounted re-
sistors, then vertically mounted caps, then miscella-
neous parts, such as transistors, regulators, and
trimpots. At the start of each step, verify that the right
parts sitin the right holes, and that the parts are cor-
rectly oriented. After soldering each group and clip-
ping their leads, inspect the board for solder bridges.

Mostbridges are obvious, butsome lurk in the flux be-
tween closely spaced pads. If in doubt, test continuity
to verify that the pads do not connect. Before solder-
ing wires to the fully stuffed board, make a last visual
comparison against the layout diagram. Then solder
wires to board, pots, and jacks.

Double-check the polarity of power diodes and by-
pass caps. Tantalum bypass caps pose a particular
hazard in that reversed wiring usually causes them to
short when powered up. Also, verify that ICs' power
pins match the correct power bus. Incorrect socketing
i5a common mistake.

Once all pots are connected and chips socketed,
run an ohmic check on the power leads before power-
ing up the board. Connecta DMM settoa 20K or 100K
scale across V+ and GND, and V- and GND in dual-
supply circuits. Typical readings fall in the range
2000-15,000 ohms, depending on the nature of the
circuit and on which meter lead connects to which
power lead. The reading first fluctuates, then stabiliz-
es as bypass capacitors charge. If no reading is ob-
tained with either polarity, short the polarity protection
diode(s). The author did not observe a stable reading
below 1800 ohms on any of the projects in this book.
Do not power up the board if you get a reading below
500 chms. A potentially serious error requires correc-
tion. This test catches some disastrous errors, such
as a shorted power bus. It will not detect incorrectly
mounted parts unless they resultin a low ohmic read-
ing.

Perform the initial power-up prepared to cut power
instantly should you note hissing, smoking, or hot
parts or wires. These indicate a major error that prior
steps were meant to catch.

If the board passes all tests but fails to work—relax.
You're going to find out why. Frustration breeds haste
that practically guarantees error while troubleshoot-
ing. A major screw-up, including one that dictates
starting anew, isn't the end of the world. Experienced
builders gained much of their experience through er-
ror. Take a break if frustration intrudes. Return to the
problemwith a clean perspective.

First, check battery voltage. Depending on the cir-
cuit's currentdrain, batteries that read good can fade
under load. Measure the voltage under load.

Next, check voltage at all circuit points having a
known, constant voltage, such as chips' power supply
pins. If you find thata certain pinis not getting voltage,
trace the voltage at all accessible circuit points be-
tween the battery terminal and that pin. If a circuit
point reads the wrong voltage, confirm that the supply
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Fig. A178. As an example of signal tracing, take Tremolo-Matic. Problem: no output. Procedure: assu ming voltages checked
good, apply a 1V 1 KHz sinewave to the input. Set oscilloscope for DC coupling, to display DC offsets as well as AC signals.
First, place scope probe on output pin of IC1. Signal should be inverted; amplitude depends on setting of R4. A DC offset
equal to //2V+ should be present at IC1's output. Assuming IC1 is good, trim R4 for unity gain.
Next, check to see that the signal is getting into the VCA, IC4. Touch probe to IC4 pin 14. If no signal registers, the prob-

lemlies in the C5-R7 path. The amplitude at pin 14 may be reduced due to divider action between R7 and the resistor inside
the chip atpin 14; the DC offset at this pinis ~1.8V, which comes from the 570's internal voltage reference, and explains the ori-
entation of C5, since IC1 pin 6 exists well above 1.8V.

If no signalis presentat|C4 pin 10 (DC offset approximately 1/2V+ina 9V system), it'slogical to assume that no control
voltage is getting into the VCA control port, pin 16. Place scope probe on IC2 pin 8. Turn R16 fully CCW to eliminate the sine
component. The static DC voltage should respond as R14 is taken throughiits range. If itdoes not, check voltage atthe wiper
andthe ends of R14, and check the integrity of R13’s connections at both ends. If the correct voltage is entering R11 but there
is no VCA output, either the voltage isn't getting through R11, or IC4 is bad (or IC4 pin 4 isn't making contact with system

ground, a problem that voltage tests don‘tdetect).

If the signal is present at IC4 pin 10 but not at the output jack, you‘ve narrowed the problem to the path thatincludes R9,
R10,C4, & S1. Place scope probe on all junctures between pin 10 and the outputjack tolocate the break.

If the problem happened to be a good static signal but no tremolo, you'd suspect that the sine oscillator wasn'tworking,
or thatthe sinewave was being interrupted somewhere between IC2 pin 7 and IC4 pin 16. If the sinewave is present at IC2 pin
7, stepwise tracing with the scope will reveal the interruption point. If the sine generatorisn'tworking, check the trim state of

R18, and verify that the R21-R20 path is not an open circuit.

These steps diagnose the problemin 99% of cases, though sometimes they turn up errors that should have been caught
earlier, such as omitted circuit traces or shorted pads, or animproperly socketed chip.

is notatfault, then trace the voltage from the supply to
the point that reads wrong. Location of the departure
shouldreveal the problem.

Check to see that variable voltages vary with ad-
justment of the appropriate pot. Verify that DC offsets
in the signal path fall within spec. If seemingly bizarre
DC offsets are found in the signal path, and if the sig-
nal path uses polarized coupling caps, suspect re-
versed orientation of the coupling caps.

A meter takes this process just so far. Serious trou-
bleshooting demands an oscilloscope. Assuming the
supply voltages checked good, trace the signal path.
Feed a 1 KHz sinewave to the input, trace it through
the signal path. Tracing means viewing the signal in
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sequence, at every accessible circuit point from input
to output (some prefer to trace from output to input).
Note whether the signal possesses proper shape, am-
plitude, and DC offset.

The schematic tells what you should see at each
point. Fig. A178 uses Tremolo-Matic as an example.

Faulty parts are rare enough not to justify a working
assumption. You can swap out socketed chips, but
desoldering parts without evidence that they're bad
shouldbe alastresort.

Troubleshooting is simple, logical, stepwise; but
the better alternative to is to take enough care build-
ing the box that it works straight away.



Stomp Box Glossary

~ approximately

aliasing generation of artifacts by adigital or quasi-
digital system attempting to process a signal whose
frequency exceeds half the clock frequency

bleederresistor a high-value resistor tied between
the floating end of a coupling capacitor and ground,
whose purpose is 1o preventaccumulation of a charge
inthecap

BPF bandpass filter; sometimes shortened to 8P
C shortforcapacitor
CCW counterclockwise

class A amplifier biasclassinwhichthe stage
conducts 100% of the inputcycle

class A/B  amplifier bias classinwhich the stage
conducts >50% but <100% of the inputcycle

classB  amplifier bias classinwhich the stage
conducts 50% of the input cycle

classC  amplifierbiasclassinwhichthe stage
conducts <50% of the input cycle

CMRR

corner short for corner frequency; when speaking of a
resistorin series with a capacitor, orinparallel with a
capacitor, the corner is the frequency at which thecap's
reactance, Xc, equals the resistance; corresponds to
the point at which response of a lowpass or highpass
network is 3dB down

common maode rejection ratio

CW clockwise

cycling  aconcomitantof dynamicsystems thatusea
feedback control loop; in limiters, fast attack and decay
cause gain reduction tocycle onand off atratesin the
KHz; in upward sustainers, cyclingresults when VCA
gainrises 10 the point that system noise or some minor
transient generates a control voltage that flips the VCA
into unity or low-gain mode, often accompanied by an
audible pop

de-esser sibilancereducer

DIP dualin-line package, the name of standard-size
integrated circuit packages

directbox acircuitthatconverts anaxe'shigh-
impedance unbalanced signal to a low-impedance
balanced one, to enable the signal tofeed line-level
gear directly without suffering loading losses; might or
might notinclude gain; can be built from active circuitry
or from a transformer

DPDT switch nomenclature: double pole double throw

dry referringtoamusicalinstrument effect, the sound
of the instrument before alteration by the effect; see
wel

dutycycle referring generally tosquarewave trains, the
percentage of time spent highrelative to the time spent
low

dynamic tracking  inloose usage, the extent towhich
the dynamics of an effect’s output follow those of the

input

envelope  shortformusicenvelope, the low-frequency
DC that results from fullwave rectification of audio,
followed by integration; the quantity obtained gives an
index of music dynamics

feedthrough  the fraction of control voltage applied to a
voltage controlled block that appears at the output
along with the signal

FET field-effecttransistor; shortfor JFET (junction FET)
f_3 cornerfrequency
GND ground

heg loosely, the currentgain of a transistor, specified in
data sheets and in some parts catalogs; canbe
measured by many digital multimeters; usedin the
calculation of I thatgives minimum total noise of a
preamp mated to a given source impedance

Hz Hertz; cycles persecond
IHF Institute of High Fidelity
IC  integratedcircuit

I collector current; the current flowing through the
collector resistor of a bipolar transistor

lp  draincurrent; the currentflowing through the drain
resistor of a field-effect transistor

instrument-level referring 10 audio, the raw output of
an electric guitar or bass; between microphone-level
and line-level; usually more than 50 mvp-p butless than
Wo-p

/O input/output

ips  inchespersecond (tape speed)
-V current-to-voltage

K kilohm; 1000 ohms

KHz kilohertz; 1000 cycles persecond

knee thepointand mannerinwhichacompressor
shifts from linear transfer to compression-law transfer

LC inductor-capacitor

LDR light-dependentresistor,a’k/a cadmium sulfide
orcadmium selenide photocell

LED light-emittingdiode

line-level  referringtoanaudiosignal, atleast 200
Mvp-p butoften }]Vp—p

LP long-playing vinyl phonograph record

M  megohm; 1,000,000 ohms

ma milliamps; 10~3amps; a commonunit of current
MHz  megzahertz; 1,000,000 Hertz

microphone-level referring to an audio signal, the
output of an unpowered microphone, typically no more
than 10 mvp-p and requiring >30 dB of preamp gain

MOSFET

mv  millivolts

metallic oxide surface field effect transistor
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NAB  National Association of Broadcasters

nm nanometer, one billionth of a meter; unitof length,
commonly used todesignate wavelengths of light

OTA  operational transconductance amplifier

optocoupler  anelectrical componentinwhich a light
source, usually an LED, is potted with a phototransistor
ora photoresistor

period 1+frequency

pF  picofarad; 10712 tarad; a common unit of capaci-
tance

p-p peak-to-peak, as involts measured peak-to-peak
(Vp-p)

R resistor

rail splitting  the practice of converting a single power
supply voltage into a dual supply, by creationof a
reference point halfway between V+and ground; the

reference becomes the new ground, the existing
ground becomes V-

railtorail  extending from the positive supply to the
negative supply

RC resistor-capacitor
RIAA Record Industry Association of America
RMS (orrms)

sag alevel-dependentfallin volume caused by a drop
in tube bias voltage; occurs in some tube amps when
driven hard

rootmean square, as in volts RMS (Vims)

scope oscilloscope
S/N signal-to-noise (ratio)

snubber aresistor-capacitor network that suppresses
ultrasonic oscillation of a circuit

SVF  state variable filter; an active filter built from op
amps, resistors, and capacitors, which directly
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provides highpass, lowpass, and bandpass outputs,
and fromwhich a band-reject (notch) can alsobe
derived; frequency and bandwidth are readily tuned;
commonly used torealize parametric EQ

SVR  sliding or stepwise variable ratio, the formal
definition of soft-knee compression

tremolo  aneffect produced by rhythmic amplitude
modulation, usually at arate between 1 and5Hz

pa  microamp; 10~8 amp; a common unit of current

pF  microfarad; 10-8farad; a common unit of capaci-
tance

UL Underwriters Laboratories

varistor  anelectronic component that exhibits very
highresistance in the presence of low voltage, very low
resistance above a threshold which ranges from 4V to
several hundred volts, depending on type; varistors are
usually used to protect electronic gear from spikes in
the AC line voltage, but were adapted to phase-shiit
circuits in Magnatone amplifiers

VCA  voltage controlled amplifier
VCF  voltage controlled filter

vibrato  inastomp box or amp, the sound of rhythmi-
cally shifted phase, which manifests as shifting pitch
only while phase is changing; also called pitch vibrato

Vp-p volts peak-to-peak
V+ the positive power supply
V- the negative power supply
V-l voltage-to-current

wet referring to a musical instrument effect, the sound
of the instrument after alteration by the effect; see dry

XL inductivereactance
X¢ capacitive reactance
zZ impedance
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Parts Sources

DC Electronics, Box 3203, Scottsdale, AZ, 85271, Parts
include: NE570, XR2206, MC3317X op amps, FET-input op
amps, Mouser pots & transformers. Free catalog.

Digi-Key, Box 677, Thief River Falls, MN, 56701. Carries
Panasonic BBD chips & databook, OP-27 1W DC-DC
converters, most of the ICs made by Maxim, Linear
Technology, and National Semiconductor; pots, jacks,
switches, and many other parts. Free catalog.

Groove Tubes Electronics, 12866 Foothill Blvd., Sylmar,
CA, 91342, Sells tube amps and tube mics; plus a large
selection of screened and graded triodes & pentodes; also
carries The Tube Amp Book. Free catalog.

Hosfelt Electronics, 2700 Sunset Blvd, Steubenville, OH,
43952. Carries 2N2646, Vactec VTL2C2, cheaply priced
CdS photocells for building custom optocouplers; XLR
hardware; large selection of wall warts. Free catalog.
Jameco Electronics, 1355 Shoreway Road, Belmont, CA,
94002. Carries 40-KHz ultrasonic transducers, NE570,
ADS536A, OP-27, AD633 analog multiplier, large semicon-
ductor selection. Free catalog.

Mouser Electronics, 2401 Hwy 287 N., Mansfield, TX,
76063. Inexpensive audio transformers, 1W & 2WDC-DC
converters, XLR hardware, pots, semiconductors; Clairex
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CdS and CdSe photocells. Free catalog.

PAIiA Electronics, 3200 Teakwood Lane, Edmond, OK,
73013. Carries a stomp-box case w/six punched holes for
pots & jacks and a larger hole for the stomp switch;
SSM2120; kits to build stomp-box effects & rackmount
processors, books. Free catalog.

Parts Express, 725 Pleasant Valley Dr., Springboro, OH,
45066. Sells Accutronics reverb tanks, semiconductors,
XLR jacks, studio cables, Celestion guitar speakers,
2N2648, triodes, pentodes, tube sockets, tube-amp
transformers, old tube-amp manuals, The Tube Amp Book;
richcomplement of guitar-amp-related parts. Free catalog.

Stewart-MacDonald’s Guitar Shop Supply, Box 900,
Athens, OH, 45701. Carries a heavy-duty DPDT stomp-
box-style switch; also pull-switch-equipped pots; single &
dual 9V battery compartments designed to mountin the
body of a guitar but adaptable to stompboxes; large
selection of books, pickups, guitar construction & repair
supplies. Free catalog.

Torres Engineering, 1630 Palm Ave, San Mateo, CA,
94402. Vast selection of tube-amp parts and modification
kits, short-spring and long-spring reverb pans; Inside Tube
Amps. Free catalog.
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build these 38 advanced effects
forelectric guitar & bass:

Soft-Knee Compressor w/Auto-Variable Attack & Decay @ Dual-Mode
Sustainer ® SIX Unique Distortion Boxes ® Quad Parametric EQ @ SIX
Unique Tremolos, including variable-waveform designs @ Full-Featured
Noise Gate @ Stereo Vibrato ® Studio-Grade Spot Compressor @ Direct
Box ® Play-Along w/Built-In Limiter ® Dual-Channel Transformer
Isolation Box ® Signal Splitter ® 4-Channel Mixer ® Advanced Envelope
Filter ® Dynamic Modulator ® Six-Stage Phase/Vibrato @ Outboard
Companding System @ Five-Band Graphic EQ ® Freestanding Spring
Reverb ® Tape Echo Adapter @ Active In-Axe Preamp @ Seven More

—or cook up entirely new
effects withthese “ingredients’

Preamp Design —op-amp & discrete-transistor preamps; inverting,
noninverting, & differential stages; high-impedance designs for piezo
pickups ® Tremolo —choosing a VCA, minimizing feedthrough, building
& using subsonic oscillators ® Distortion — dozens of modes to create
your own sound ® Dynamic Effects — compression, expansion, auto—
variable attack & decay, soft-knee circuits, limiters, sustainers, level
detector design; more @ Vibrato & Phase Effects — op amps, transistors,
or tubes; including stereo designs @ Delay Effects — bucket brigade
delay lines, spring 'verb, tape echo @ Voltage Control Methods —
techniques to put any stompbox effect under voltage control are probably
here ® Active Electronics — details of putting preamps & effects in your
axe ® Noise Reduction Techniques - single-ended, complementary,
static, & dynamic @ Tone Control — active & passive; heavy on warm,
inductor-based circuits ® Tube Sound — detailed treatment of tube amps
and solid-state emulations of tube amps ® Miscellaneous Adjuncts —
frequency-driven effects, meter & bargraph drivers, ring modulators,
antidotes to compressor deadening ® Power Options — batteries, AC-DC
converters, AC-derived supplies ® Switching — power & signal, clickless
& otherwise ® Hum —reduce it by learning the mechanisms @ Electronic
Noise — kill hiss at the source ® How to Use the Ingredients — four
complete effects taken from concept to block diagram to schematic, to
finished stomp-box prototype @ and Much More!
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