


5uiIH Stereo Preamp

SPECIFICATIONS

#198 Preamp Kit $74.50 PPd

TIGER .01

Would you believe a high quality preamp and control 
center for less than $75.00?? Well it's true. With a few 
hours work you can assemble our #198 preamp kit and 
have a unit equal to, or superior to products costing 
three, or four times this amount. Our kit features push­
button tone controls, and extremely low distortion gain 
modules. Descrete transistors are used for lowest noise 
and distortion—no cheap IC's in this unit. Self contained 
110 Volt power supply and wood grain finished cabinet.

Southwest Technical Products Corp.
219 W. Rhapsody, Dept. FM 
San Antonio, Texas 78216

Sensitivity..........
Maximum Output.
Freq. Response . .
Distortion
Noise and Hum . .

................................... less than .01%
50 or greater 20 Hz to20,000 Hz. 

.............-90 dB

$110.00 PPd
$ 77.50 PPd

. . 2.0 Mv. for 1.0 Volt Output 
5.0 Volts RMS 

. . . ± 1 Db 10 Hz to 100K Hz. 
Less than .05% Harmonic or IM 
..........More than 65 Db down

Introduced three years ago, our "Tiger .01" is still one 
of the finest amplifiers available in its power class. This 
amplifier introduced our 100% complementary circuit 
which has become a standard feature in many of the 
better amplifiers. This combined with an output triple 
produces a circuit that can honestly be rated as having 
less than .01% IM distortion at any level up to 60 Watts. 
Relatively low open loop gain and a conservative amount 
of negative feedback results in clean overload charac­
teristics and good TIM characteristics.

Other features are volt-amp output limiting, plus three 
fuses and an overheat thermostat. Despite the "budget" 
price an output meter is standard equipment. Each 
channel measures 4% x 5 x 14. Four will mount in a stan­
dard width relay rack for four channel systems.

SPECIFICATIONS
60 Watts—4.0 or 8.0 Ohm load Minimum RMS from 20 
Hz to 20 KHz with less than .05% Total Harmonic 
Distortion.
IM Distortion . 
Damping Factor 
Hum and Noise
#207/B Amplifier (single channel) 
# 207/B Amplifier — Kit

Southwest Technical Products Corp.
219 W. Rhapsody, Dept. FM 
San Antonio, Texas 78216
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-have fun
Thousands of musicians have discovered the ad­
vantages of building their own sound modifiers 
thanks to Craig Anderton’s books and articles. 
We supply parts kits for his projects that include 
etched and drilled PC board, pots, and electronic 
components (switches, connectors, and other 
mechanical parts are generally not included).

Save the hassle and expense of rounding up 
parts with these best sellers ...

“Tube Sound Fuzz” (#24; $15.00) FET distortion 
elements give tube distortion sound.

“Noise Gate” (#27; $20.00) Not only cleans up 
noisy effects, but does much more... see 
Craig's February/March 78 columns. Includes 
SP6T switch and SPDT toggle switch.

“Headphone Amp” (#4; $8.50) Practice without 
disturbing others, tune up on stage, or just enjoy 
the sound of your axe through a clean amp.

“Compressor” (#8; $15.00) Our most popular kit. 
Increases sustain without distortion, brings up 
soft notes by squeezing dynamic range.

“Splutter" (#26; $10.00) This active splitter/dual 
buffer allows you to switch your guitar between 
1, 2, or both channels of a 2 channel amp. Also 
provides PA or recording feed directly from your

“Super Tone Control” (#17; $10.50) Use for 
ultrawide range wa-wa or as simple equalizer. 
Very versatile.

Terms: Cal res add tax. Allow up to 5% shipping; excess 
refunded. Add 50e to
orders under $10. VISA* /Mastercharge® ($15 mln.) call

10 day examination: If it doesn't look like our kit meets 
your needs, return unassembled within 10 days for refund.

state: zip:

John Simonton’s time -proven 
design provides two envelope 
generators VCA, VCO & VCF in 
a low cost, easy to use package.

Use alone with it’s built-in ribbon 
controller or modify to use with guitar, 
electronic piano, polytonic keyboards, etc.

The perfect introduction to electronic 
music and best of all, the Gnome is only 
$49.95 in easy to assemble kit form. Is 
it any wonder why we’ve sold thousands?

Send the GNOME IMICROSYilTHESizER Kit 

($49.95 plus$2^postage)
: I ) Send FREE CATALOG SSHB

name:_
address: 
city:
BAMISA MC  card no. 
cut out & mail to: „ (4051843-9626
Hll*  DEPT 7—Y 

1020 w WILSHIRE,OKLAHOMA CUT. OK 73110

LETTERS:
“DEFENDING DIGITAL’’

Dear Editors,
Your magazine is really getting 

slick! I thought I was getting Contem- 
pory Keyboard from the feel of the 
front cover. Your printing of pictures 
has really improved.

I’m afraid that I must take issue 
with the "back to music” letters in the 
Feb. 1978 issue. Such thoughts crop up 
many times in discussions I have with 
friends, and technology vs. music vs. 
musician is a hot subject.

I DO NOT feel that the magazine OR 
the company has left the idea. While 
you seem to have gone strongly digital, 
and the analogue seems to have slowed 
down, the goal is still the same - - 
MAKE MUSIC. Whether I do it by 
fingers or microprocessor is irrelevant. 
The beauty of your system is that I can 
do it EITHER WAY. Or both at the 
same time.

Audio is strongly going digital. Who 
cares? Anybody who likes music should. 
I call your attention to the "reworked" 

Carruso record, which in effect amounts 
to a remix job without a master tape. 
How about the digital tape and discs 
showing up at the trade shows ? These 
show promise for previously unheard 
of levels of distortion and noise (namely 
NONE) and dynamic range almost ex­
ceeding natural events. How about the 
’environmental’ experiments (by JVC?). 
With proper processing and speaker 
placement, et al, walls seem to ’dis­
appear’.

The point is, that anybody involved 
with the technical side of music (or 
sound), be he (she) synthesist, record­
ing engineer, performing musician, 
or composer, etc., MUST keep up with 
the advances in his area of interest, 
ff they deal with your company, they 
must be into synthesis, and synthesis 
is strongly digital, by nature.

But why should we have to learn 
digital electronics ? I just want to 
PLAY! To answer a question with a 
question (A questionable idea at best): 
Why should the brass player know the 
harmonic response of a brass tube, 
and the results of changing its length? 
Why should the string player understand 
the vibration pattern of a taut string or 

continued on page 37

("CORRECTION for "An Ultra VCO from
a 4720" by Gary Bannister, Polyphony
February 1978

The drawing of the conversion cir­
cuit for the Sine output shown in figure 
6 should have shown the new 50K trim­
pot replacing both R24 and R25. The 
4700 ohm R26 should then be connected 
to the wiper of the trimmer. This 
control allows an extra fine adjustment 
for minimum sine distortion. To set 
the control, you should first adjust 
R21 for proper symmetry. Then use 
the new 50K trimmer to adjust for min­

imum distortion, or the smoothest 
curve as viewed on a ’scope.

The 2 mfd bypass capacitors shown 
in figure 4 were non-polarized in the 
original prototype, however polarized 
electrolytics could be used if you first 
note the voltage which has been selected 
at the wiper of the offset trimpot and 
then install the electrolytic with the 
appropriate polarity.
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for lower noise
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r-^te>-Craig-

I have become rather enamored 
of the flanging effect, and use the 
PAIA Phlanger not just for flanging 
but for chorusing, pseudo-doubling, 
and vibrato. However, one aspect of 
the Phlanger where there is room for 
improvement is the noise level. 
Bucket brigade devices like the 
SAD 1024 are inherently noisy, so 
there’s not much you can do about 
that part of the circuit; but there is 
also some noise contributed by the 
input stage, IClc, and the output 
mixer, 16Id. By replacing these 
stages with special, low noise op amps, 
it’s possible to obtain a dramatic 
decrease in the Phlanger’s noise level.

This is not a particularly messy 

modification, but you will have to be 
patient and careful ... remember that 
the goal of this exercise is to improve 
the Phlanger, not destroy it! So, 
follow the instructions carefully as we 
go along.

Here are the items required for 
the modification:

1) 4739 dual low noise op amp. 
Don’t confuse this with the regular 
739, which requires external compen­
sation and is unsuitable for our appli­
cation. The 4739 is manufactured by 
Raytheon (second sourced by Exar) 
and may be purchased from local 
stocking distributors, or is available 
by mail from Bill Godbout Electronics, 
PO Box 2355, Oakland Airport, CA 

Figure 1: 4739 pinout

Output, amp 1 
No connection 
No connection 
No connection 
4- input, amp 1 
— input, amp 1 
(-) supply

Table 1: Wiring the 47

Connect the wire from p 
Connect ... p
Connect ... p
Connect... p
Connect ... p
Connect ... p
Connect... p
Connect... p

1 14
2 13
3 12
4 11
5 10
6 9
7 8

39

in 1 of the 4 
in 5 of the 4 
in 6 of the 4 
in 7 of the 4 
in 8 of the 4 
in 9 of the 4 
in 13 of the
in 14 of the

(+) supply
Output, amp 2
No connection
No connection
No connection
4- input, amp 2
— input, amp 2

739 to pad 9 of IC1 on the foil side of the board,
739 to pad 12 & 13 (see figure 4) of IC1
739 to pad 8 of IC1
739 to pad 7 of IC1
739 to pad 11 of IC1
739 to pad 12 & 13 (see figure 4) of IC1
4739 to pad 10 of IC1
4739 to pad 14 of IC1

94614 for $1. 65 (orders under $10 
add 50? handling). See figure 1 for a 
pinout of the 4739.

2) A 14 pin IC socket for the 
4739. It’s best to use a mechanically 
strong circuit for this application... 
low profile types are not recommended; 
use 2 level wire wrap types or some 
other sturdy socket that can hold up
to having its leads soldered to and 
generally messed with.

3) A . 1 to . 22 uF ceramic or 
mylar capacitor; any working voltage 
over 10V is fine.

We might as well start the mod­
ification by doing the roughest part 
first. We need to disable and remove 
pins 8 through 13 of 101 on the Phlanger 
board from the component side. 101 
is either a 3900 ot a 3401, and is 
located towards the right hand side of 
the Phlanger. I luckily had the fore­
thought to mount this IC in a socket 
when I built the unit, so disabling the 
pins simply involved unplugging the 
IC, cutting off pins 8-13, and re-insert- 
ing the IC back into its socket. If your 
IC1 is soldered to the board, you can 
either use a very fine point diagonal 
cutters to clip off leads 8-13 very 
close to the board, then bend the re­
maining part of the pin up horizontally 
(see figure 2); or, if you have the 
patience, unsolder the IC (or at least 
the side with pins 8-13) from the board, 
cut off the appropriate pins, and reinsert 
into the board. Be careful when un­
soldering the IC that you don’t over­
heat it (which can cause failures) or 
overheat the board (which can cause 
the traces to lift up). Also, make sure 
during this operation that when it’s all 
over pin 14 is still connected to the 
board, since that’s the pin that carries 
power to IC1.

OK, now we have pins 8-13 dis­
connected from the circuit. Next step 
is to remove R16, the 470K resistor, 
and replace it with a . 1 uF capacitor. 
This modification adds extra decoupling 
on the bias line, and keeps noise carried 
on the power supply lines out of the 
input stage after the 4739 is wired in.

Next step is to take your 14 pin 
socket and solder eight 1-1/4” - 1-1/2” 
lengths of flexible, thin, stranded wire 
to pins 1, 5, 6, 7, 8, 9, 13, and 14, as 
shown in figure 3.

POLYPHONY APRIL/MAY, 1978
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Now, from the foil side of the board, 
hook up these wires to the pads formerly 
associated with pins 8-13 of IC1, in 
accordance with table 1. Then hook up 
the power and ground lines, pins 14 and 
7. The wires coming from pins 5 and 9 
of the socket should have their ends 
twisted together; put these combined 
leads inbetween pads 12 and 13 of 161, 
and let solder flow over both pads and 
both pieces of wire (see figure 4) so 
that pin 12 and pin 13 are connected to 
each other as well as the two wires. 
After checking that all the wires from 
the 4739 connect to the right pads 
associated with IC1, plug the 4739 into

You are going to have to re-cali- 
brate the Phlanger to complete the 
modification. I recommend using a 
sine wave generator or PAIA VCO for 
calibration. Plug in the Phlanger, 
listen to the output on an amp, and feed 
the generator into the input. Obviously, 
the case has to be open to do this, so 
make sure you don’t come into contact 
with any "live" parts of the circuit.

Set the controls so that speed, 
accent, center, and span are fully 
counterclockwise, with the mix con­

trol set full clockwise. Turn up the 
sine wave generator to a low level; 
don’t be surprised if you don’t hear 
any sound yet, as the bias trimpot, 
R5 must be properly set for every­
thing to work. Adjust R5 until you 
obtain a clean, undistorted sound. 
You will note that turning the trimpot 
to the left or right of this position 
will give distortion, and eventually 
the sound will poop out altogether at 
either extreme. Now, turn up the 
signal generator a bit more, and re­
adjust the trimpot for minimum dis­
tortion. Eventually, you will reach 
an input level where there is no un- 
distroted setting of the trimpot. Leave 
the trimpot where it is — you now have 
minimum distortion consistent with 
maximum level. If you don’t have a 
signal generator or VCO (although the 
odds are admittedly remote that you 
don’t if you’re reading this!), plug an 
instrument like electric guitar into the 
Phlanger *s  input and simply adjust R5 
for minimum distortion consistent with 
maximum level. While you’re at it, 
you may want to readjust R6, the bal­
ance control, since R5 and R6 are 
somewhat interactive. Referring to 
page 10 of the Phlanger instructions, 

adjust trimpot R27 and turn up the 
span control (with the speed control 
full clockwise) until you obtain a 
"wheep-wheep-wheep-wheep" sound; 
then adjust R6 for a minimal amount 
of "wheep" level.

Well, your Phlanger is now modified 
for low noise operation. Before putting 
the case back together, sandwich a 
piece of foam around the 4739 and its 
associated socket so that it’s held 
firmly in place between the foil side of 
the circuit board and the case bottom 
(see figure 5).

The difference in noise level is most 
dramatic, and shows up the most under 
studio conditions where every decibel 
counts. Now instead of having one of 
the neatest flangers on the block, you 
can have one of the quietest ones, too.

P. 8.: You may have noticed that 
grounding the cancel control line gives 
a bit of a thump at the output. You can 
remedy this by locating the end of RIO 
that connects to the R11-C5-R12 
junction, and inserting a .22 uE capaci­
tor in between this end of RIO and the 
junction (see figure 6). Also add a IM 
resistor from point C to ground. Now 
your cancel line is as quiet as your 
front end and output mixer. m

6
POLYPHONY APRIL/MAY, 1978



a number of jobs from giving your 
instrument a "metallic" sound, to 
making the strings of your guitar sound 
like rubber bands, and so on. One of 
the biggest problems with balanced 
modulators is that they so drastically 
alter the input signal that a great deal 
of time and patience must be spent on 
trying to use the effect artistically - 
and not overdoing it.

Controller modules are required 
to "tell" the processing modules what 
you want them to do. There are a 
wide variety of controller modules

Walk into a room full of musicians 
and mention the word synthesizer. 
Chances are that you will meet with 
about as many opinions as there are 
people in the room. Obviously, the 
keyboard artists are going to be pretty 
much in favor of the device. And why 
not?! Most of the synthesis equipment 
rolling off the assembly lines is aimed 
directly at the keyboardist. With the 
widespread use of synthesizers in 
bands, many of the other musicians 
have developed an interest in the pos­
sibility of using synthesizer equip­
ment with their own instrument. How­
ever, in many cases the musician gets 
a bit confused when confronted with 
all the new terminology. But even 
worse, he doesn^t know where to turn 
when he walks into his local music 
store, heads to the synthesizer depart­
ment, and only sees row after row of 
keyboards staring at him. Well, let’s 
take a look at some of the effects that 
are available to non-keyboard music­
ians, and how to use them.

The body of musicians which would 
most easily be initiated to the world 
of synthesis are probably the guitarists. 
Actually, guitarists were probably the 
first modern synthesists due to the 
barage of effects boxes which were 
created for them back in the ’60s. 
Fuzz boxes, wa-was, treble boosters, 
octave boxes, and talk boxes were all 
available before the turn of the decade 
for the adventurous experimental 
guitarists. And in recent years, even 
more effects units have become avail­
able. Therefore, it should be relatively 
easy to introduce the guitarist to a 
modular, patchable effects console 
which would eliminate most of the stand­
alone effects gadgets he has lying at 
his feet. Using synthesizer modules 
will offer the guitarist increased flex­
ability, future expansion capabilities, 
and possibilities for increased complex­
ity of effects.

A closely related group of instru­
ments includes the instruments which 
can have contact mikes or pickups 
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installed to convert them to electric 
instruments. These include violin, 
saxophone, banjo, autoharp, acoustic 
guitars, trumpet and many more. The 
module system array for these instru­
ments would be the same as for guitar, 
and would operate in the same manner, 
but the musicians would probably re­
quire a bit of introduction to the 
techniques of signal processing.

A third group of potential synthe­
sists is drummers. Drum sensor 
systems are actually rather easy to 
build, and can consist of custom built 
"drum-type" sensor pads or they 
could actually be converted acoustic 
drums with some type of pickup mounted 
on them. The module array for a drum 
package would be slightly different from 
a guitar-type system, and it would be 
operated in a different manner also.

Let’s take a look at the types of 
modules which are particularly suited 
to use as processing elements for 
external signals. First of all, the 
audio processor modules such as 
VCFs, VCAs, reverb, and balanced 
modulators are immediately applicable 
to external signals. All that is in­
volved is patching your external signal 
into the module rather than the typical 
synthesizer signal source such as 
VCOs, or noise sources. The VCFs 
can be used to do wa-wa effects, 
pseudo-phasing, treble or bass boost­
ing, and much more. A VC A acts 
like a voltage controlled volume control, 
and lends istelf to effects such as vol­
ume pedals, attack delay units, gener­
ation of new percussive or soft envelope 
timing structures, noise gating, and 
tremelo or amplitude modulation effects. 
Initially, you may feel that a reverb 
unit in an effects system may be a 
redundancy if you have a reverb unit 
built into your amp. Not so! With a 
separate reverb unit which can be 
patched into various points throughout 
the effects unit, a myriad of effects 
can be obtained which are absolutely 
impossible with a standard guitar amp 
reverb. Balanced Modulators can do

available, and when used in conjunc­
tion with each other, some incredibly 
complex control functions can be pro­
grammed. One of the simplest con­
troller devices is a bias supply such 
as in the Paia 2720-7 Power Supply. 
A bias supply is used to set a fixed 
voltage output which you won’t need to 
change. For example, you could use 
a bias supply to control a VCF. The 
result would be like a tone control - 
set the bias control to get the desired 
amount of "sharpness" in your tone, 
and then leave it., Another type of 
controller which should be familiar 
and easily implemented by the guitarist 
is a Foot Pedal control. These are 
most commonly seen as volume pedals 
and wa-was. Minimal parts and labor 
are required to convert a basic volume 
pedal into a multi-purpose pedal which 
can process audio or control voltages, 
or can be used as a variable source of 
control voltage with the pedal supplying 
it’s own voltage source. For more 
information on this easy modification 
see issue #2-76 of Polyphony, page 9. 
It is highly recommended that the pro­
spective "guitar synthesis!" invest in 
one of these goodies as well as the 
following item. These two devices are 
going to be the most important in the 
entire modular system. An Envelope 
Follower is the one module which is 
directly responsible for allowing the 
guitar or other external signal to 
trigger and control the various para­
meters of the effect you have program­
med. Let’s initially take a few lines to 
define our terms. An Envelope 
Follower is a circuit which senses the 
"volume" of an input signal and puts 
out a varying DC voltage which is 
proportional to the "volume" changes 
at the input. Most envelope followers 
will also put out a trigger gate or 
pulse which can trigger external equip­
ment whenever a signal is present at 
the input. When the signal drops below 
a certain level, the trigger output will 
then disappear. NOTE that the envelope 
output is a variable fluctuating voltage 
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from 0 to about positive 5 or 6 volts, 
while the trigger output is always a 
fixed voltage jumping from 0 volts to 
positive 5 volts or more. One point 
of frequent confusion is the commercial 
availability of certain types of sound 
modifier products which are also 
called envelope followers. These are 
filter devices in which the filter (or 
wa effect) is variably swept as the input 
signal is changed in amplitude. In 
actuality, these devices are envelope 
followers which are driving VCFs. 
They are NOT just the basic envelope 
follower, and in most cases they don’t 
make the variable voltage and trigger 
available at the rear for use with ex­
ternal voltage controlled equipment. 
Another point of importance is the 
frequent confusion between envelope 
followers and pitch (or frequency) 
followers. Recent (so-called) guitar 
synthesizers frequently feature pitch 
followers and circuitry which allows 
the machine to determine which note 
is being played by the guitarist, con­
verting it to an appropriate control 
voltage, and using the voltage to drive 
a VCO to a pitch identical to what the 
guitarist originally played. For the 
purposes of this article, we need not 
get into how this works — or whether 
it even works at all. This would take 
an entire article in itself. The impor­
tant point is that the Envelope Follower 
does not sense pitch changes at all, 
only changes in amplitude.

Using only the envelope follower 
variable output in conjunction with the 
previously mentioned audio processing 
modules, several interesting effects 
are available. With the envelope output 
feeding a control input on a VCF, the 
envelope controlled filter effects which 
are currently so popular can be easily 
obtained. Every time a guitar string 
is played, the envelope follower will 
detect the sudden increase and gradual 
decay of the guitar output and will out­
put a voltage which will cause the filter 
to suddenly jump to a "sharp" high 
frequency setting and gradually fall to 
a mellow, bassy filtered tone. See 
figure 1. This is basically the effect 
which the commercial "envelope 
follower" devices create, however, we 
can already begin to appreciate the 
added power of a modular effects sys­
tem by realizing that not only the 
standard bandpass filter type of wa-wa 
is available, but also low pass and high 
pass outputs if you are using a multi­
mode filter. Additionally, most filters 
will have adjustments available for 
filter "Q" or resonance. This is some­
thing you won’t find on most of the in-

POLYPHONY
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the versatility has only begun. Note the repetitive sweeping of a phaser
that most modules have multiple con­
trol voltage inputs so you can sum 
together several independent control 
sources. With this in mind, you can 
use your control voltage pedal to oper­
ate the VCF as a wide-range, multi­
mode wa-wa pedal ... perhaps even in 
conjunction with the envelope follower. 
Another variation could be used to get

over its entire range.
When the VCA is substituted for the 

VCF above, the two primary modes of 
operation are as an expandor and a vol­
ume pedal. When the foot pedal is used 
to provide the control voltage required 
to vary the VCA level, it looks like a 
waste of equipment since the pedal itself 
can be used as a volume control. The 

pseudo-phasing effects. Through the 
use of an external mixing circuit, the 
low pass and highpass outputs of a multi­
mode filter can be combined to create 
a NOTCH filter which will sound very 
much like a simple phaser. Using your 
foot pedal, you can achieve manually 
controlled phaser effects rather than 
the fixed periodic sweep of most com­
mercial phasers. Or, how about using 
the envelope follower to get phasing 
sweeps which are proportional to how 
loud or how hard you are picking. I 
always think it makes an effect seem 
much more like an integral part of the 
music when it is directly related to 
the dynamics of the music such as in 
this set-up. Give it a try. I think 

primary advantage would be that rather . 
than feeding an audio signal across the 
stage (perhaps alongside power, lines or 
lighting equipment lines, which are 
notorious for inducing noise in audio 
lines), you are feeding only a slowly 
varying DC voltage. Your audio signal 
remains inside your little box of mod­
ules, safe and sound. An expandor is 
generated by using the envelope output 
to vary the VCA level (See figure 2) in 
proportion to the input signal, causing 
the original dynamic range to be in­
creased by a factor of two. This gives 
the signal added punch and definition.
Using the envelope follower step trigger 
output to control a properly calibrated 
VCA will act as a simple noise gate

APRIL/MAY, 1978
8



properly calibrated, otherwise the fast 
switching of the step trigger being fed 
into the VCA control input may cause a 
pop. If you are using a number of sig­
nal processing devices which are adding 
to your noise level, a noise gate could 
be the answer to your quest for silence 
between songs!

From this basic starting point, 
additional controller modules can be 

trigger output of the envelope follower 
can be used to trigger the Envelope 
Generator, which will in turn sweep a 
filter, vary the level of a VCA, and so 
on. The effects achieved with these 
types of patches are similar to the use 
of the ’envelope’ output from the Enve­
lope Follower, except you no longer 
have the "randomness" related to the 
varying input amplitude. Each gener-

added to make your special effects unit 
a bit more ’super’. Adding an ADSR 
Envelope Generator will allow you to 
preset a timed sequence of sweeping 
voltage which can be used to control 
any of the modules which are voltage 
controlled. When an ADSR is triggered, 
the output begins rising from 0 volts 
towards 5 volts at a rate that is set 

ated envelope will have exactly the 
same timings, dynamics, and charac­
teristics. Using the Envelope Gener­
ator to control a VGA can produce 
some good "bowed" string effects or 
reverse tape simulation if you set the 
Attack for a moderate to long timing. 
See figure 3. This patch also tends to 
work best if the Release is set to min-

with the Attack control. When the 
Attack peak is reached, the voltage 
Decays at the same rate you selected 
until the present Sustain level is reached. 
At this point, the output holds until the 
trigger voltage is removed from the 
input. The output voltage then falls 
through the Release period until the 
ioutput is again 0 volts. Using these 

imum. This way, the Envelope Gener­
ator will reset immediately after the 
input signal has been damped or re­
moved, and the system will be ready 
for the next note. The ADSR/VCA 
combination will also generate a 
noise gate which is much less prone to 
popping as mentioned earlier. This 
would be the recommended noise gate 

configuration.
Adding a Low Frequency Oscillator 

to the system will allow any of the vol­
tage controlled parameters to be period­
ically swept at various rates and with 
various waveforms. We could go back 
to the NOTCH filter which we discussed 
earlier, and use a LFO to continuously 
sweep the effect, just like the commer­
cial phasors. Alternatively, the LFO 
could be used to automatically sweep 
the VCF or control the VCA for tremelo 
effects. By itself, the LFO as a con­
troller .tends to be a bit (dare I say it) 
boring. BUT, when summed with or 
processed by additional modules, this 
can be one of the most useful circuits. 
To get an unending variety of low 
frequency waveforms, the LFO output 
can be used to repeatedly trigger an 
Envelope Generator. With minimum 
Attack and medium to long Release, a 
falling ramp wave can be generated. 
Conversely, an upward ramp is easily 
generated. These techniques can be 
used to also generate trianglo-type 
waves and square waves for control 
purposes. And I haven’t even mentioned 
repeating ADSR shape waveforms yet! 
There’s a lot of fun to be had with this 
patch! See figure 4.

Adding the Inverter will greatly 
increase the possibilities from any 
given set of modules, as you will now 
have not only the original audio and 
control waveforms available, but also 
their inversions. Instead of upward 
deflections of the filter with an Envelope 
Follower or Envelope Generator, you 
will now be able to achieve downward 
sweeps. Using any of the controller 
devices, you can feed the original con­
troller output to one effect module 
(let’s say a VCA), and feed the inverted 
control signal to an identical effects 
module which is connected to a second 
output amplifier. In the case of VC As, 
this will cause a panning effect as the 
controller output changes. See figure 
5. If the controller is an Envelope 
Follower or Envelope Generator, you 
will get one "pan" for each note. With 
a LFO, you will get continuous panning, 
and so on. This same patch could be 
used to route the signal between two 
different effects or to manually select 
the effect "depth" with a foot pedal 
control voltage.

Another interesting mode of oper­
ation is to use the input signal (guitar, 
mike, or whatever) to control some 
other signal. As an example, we can 
use the white noise source which is 
built in to the Paia LFO to augment 
the basic input signal. If the input is 
detected by an envelope follower, the 
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trigger output (pulse trigger this time) 
can be used to trigger an ADSR which 
is set for minimum attack, minimum 
decay, maximum sustain, and 25% to 
50% release. The resulting envelope 
can be used to control a VCA which 
has the noise source as an input. The 
VCA output is then fed to the external 
amp along with the input signal. The 
result ? Every time a note is played 
on the instrument, it will sound as if 
a cymbal was played simultaneously. 
There will be a short decaying burst of 
"hissing". To use this technique in a 
more interesting patch, substitute the 
noise source for a reverb unit. Set the 
reverb output mix so you get ALL 
reverb and no normal signal. Feed 
the input of the reverb with the input 
signal which is feeding the Envelope 
Follower. The input signal should 
also be fed to the final amp as usual. 
Now, every time a note is played, 
there will be a sudden burst of reverb 
which will shortly die away. See 
figure 6. This patch can give a kind 
of spooky effect, because it sounds as 
if the size of the room is changing as 
you are playing. One more variation 
of this patch would be to delete the 
ADSR, and use the variable envelope 
output to directly control the gain of 
the VCA. This gives the same basic 
effect as before, except the effect 
depth is now responsive to your play­
ing technique, breath inflections, and 
dynamic variations. Don’t forget the 
use of the inverter for applications 
such as these, also. The inverter 
could be used to invert the envelope 
control signal (whether it is from the 
envelope follower output, or from the 
envelope generator makes no difference) 
such that there would be NO reverb 
when an input signal was present and 
the reverb would then fade in as the 
input signal got softer or was removed. 
Bizarre, to say the least!

All of these effects could be 
achieved with what I would consider 
to be a basic processing package. For 
starting your experiments in signal 
processing synthesis you should get a 
4761 wing cabinet, a 2720-7 power 
supply (so you’ll have the bias supplies 
for fixed parameters), a 2720-11 
envelope follower, a 2720-12 inverter, 
a 2720-1 VCA, a 4712 reverb, a 
2720-5 LFO/noise source' a 4740 
ADSR, and a 4730 multi-mode filter. 
Also remember that a foot pedal 
should be included as an important 
part of the system even though it is 
not part of the module cabinet. With 
this system, you should be able to 
blow away most of the people who are 

attempting processing synthesis using 
an array of foot pedal effects devices.

Another common question from 
people interested in signal processing 
concerns an easy way to use foot­
switches to turn an effect on and off. 
The best way involves using the foot­
switch to actually supply a control 
voltage or logic signal rather than 
actually switching the audio signal. 
The reasons for this are the same as 
when we were discussing use of a 
pedal and VCA for a volume pedal. 
Rather than get into all the details of 
analog switches and how to build a 
footswitch system, I refer you to 
Craig Anderton’s book, "Electronic 
Projects for Musicians" ($6. 95 from 
Guiter Player Productions, PO Box 
615, Saratoga, Cal. 95070) in which 
Craig describes an electronic foot­
switch system. This would perfectly 
suit the experimenters needs, and a 
kit is even available for the project.

Drummers interested in expanding 
the capabilities of their "skins" have 
recently taken to drum triggered signal 
synthesis systems. For this type of 
application, the package described 
previously is still valid with the excep­
tion of the requirement of a VCO. For 

drum type sounds, the VCO is required 
to produce the drum "strike tone". 
Further, the two waveforms most likely 
to be used to approximate traditional 
drum sounds would be sine and triangle 
waves. These waves are nearly pure 
(meaning that they have little or no 
harmonic content) and should need no 
filtering, so we can exchange a 4720 
VCO for the 4730 VCF mentioned in the 
package outlined previously.

The most requested electronic 
drum patch is the "bending" conga 
drum effect. To achieve this effect, 
a drum sensor is used to trigger the 
ADSR which has been preset for min­
imum attack, minimum decay, max­
imum sustain, and moderate release 
times. The variable ADSR output should 
be summed into the VCO control inputs 
along with a fixed bias voltage from the 
power supply. See figure 7. The bias 
supply is used to initially tune the VCO, 
while the ADSR variable output sets 
the "bend" range. The sine wave output 
of the VCO is fed to a VCA which is 
being controlled by the full-range out­
put of the ADSR. The VCA output goes 
to the external amp.

To backtrack a few lines, we need 
some type of trigger input from the 

Ftq. 6 : ENVELOPE DR/ VEN REVERB
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drum sensors. There are several ways 
to get "solid-state" drum sensors which 
don’t generate any sound of their own. 
However, for the initial experimentation 
of a drummer who already has a trap 
set, probably the best route to take 
would be to detect triggers fxom your 
existing drums. For our purposes, 
you could use an inexpensive contact 
mike, or a small mike like you can 
get to use with portable cassette re­
corders, etc. This can just be taped 
to make contact with the shell or 
bottom head of the drum which you 
wish to make a sensor. The mike can 
then be run through an envelope follower 
to generate one output proportional to 
the drum dynamics, and another straight 
trigger signal. In most cases, you will 
need to work with the sensitivity control 
on the envelope follower to make sure 
that the vibration caused by playing 
nearby drums will not falsely trigger 
the electronics array. If you have a 
particularly sensitive microphone, 
you may even wish to wrap it in a rag 
or place a thin piece of foam rubber 
between the mike and drum to make it 
less sensitive. With the sensor problem 
out of the way, you have a clear road 
to the latest in drum effects units.

On the commercial Syndrums, a 
switch is provided to cause the drum to

bend up or down. In our system, we 
can use the inverter module to change 
the ADSR output from a falling VCO 
bend to a rising bend. The LFO can 
also be summed into the VCO to 
give your drum vibrato. The noise 
source can be processed through an 
envelope controlled VC A to add a 
"snare" effect to any of your drums. 
You could perhaps use the pulse wave­
form output of the VCO, with the drum 
triggered ADSR causing a sweep of the 
pulse-width modulation. This would 

give a raspy, phased drum effect. And 
the tricks with the reverb unit mentioned 
earlier are equally as useful on the 
drum system as on the processing 
system. There is a lot of power to 
be discovered in a modular drum
synthesizer. As usual, if one drum 
sensor and module package is neat, 
an array of two, three, or more could 
be hazardous to your 
sanity? lethal? .... 
. . . Well, at least interesting,
wouldn’t you say? I

1020 W. Wilthire Blvd. 

Oklahoma City, OK 73116

DIGITAL SYNTHESIZER MODULES From-
8780 D A Converter Kit $34.95 (+$1 postage)

8781 QuASH Kit $34.95 ( + $1 postage)

4700/J SYNTHESIZER
By anyone's standards this is a BIG synthesizer, as you can see by reviewing the 
module complement. Like our other packages, it may be used without a computer 
as a normal monotonic synthesizer. With a computer in the loop, you are ready 
to do polyphonic instruments, multi-track recording work, and innumerable 
composer and performer assisting functions that are only possible with a com­
puter/synthesizer combination. The 4700/J includes: the 8782 encoded keyboard, 
D/A converter, QuASH, two 4710 Balanced Modulator/VC A's, three 4720 VCOs, 
2720-5 Control Oscillator/Noise Source, 2 -4730 Filters, 4711 Stereo Mixer, ’ 
Envelope Generator, Reverb, three Watt Block power supplies and two Road 
Module cabinets. Included are step-by-step assembly instructions and using 
manual.
# 4700/J Synthesizer Kit $549. 00 (shipped freight collect)

4700/J

P-4700/J POLYPHONIC Package
The P-4700 Series packages pull it all together; synthesizer, computer 
AND software ready to load from any cassette recorder and begin playing. 
The package includes all of the modules listed above plus an 8700 
Computer/Controller fully loaded with RAM, CS-87 cassette interface, 
power supply and all required hardware and connectors and represents 
a significant savings when purchased in this package configuration. 
Software and firmware provided with the P-4700/J includes both MUS-1 
PROM and PMUS cassette.
#P-4700/J SYNTHESIZER WITH COMPUTER/CONTROLLER.. $749. 00 

(shipped freight collect)

MUS1 System Firmware featuring Polyphonic Synthesizer ' 
and Software transient generators $22. 50 postpaid ,

8780 D/A
8781 QuASH i I

I keyboard with / / 
computer controller as featured

I in P-4700 packages.
I Cassette recorder not included. I
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TO I'l l JN . OR TO I l\ JT il. 
—OR TO ETCH HI? OWN J
The Age of IC ’s has been here a

long time, and with each new chip a
previous impossibility has become 
reality.

And so it is with the SAD 1024.
This unit is of the Charge Coupled 
Device class, which also include solid 
state image sensors (a TV camera with 
no tubes - Remember Yule Brenner’s 
eyes in "WestWorld”?). However, the 
exact workings of such devices is not 
important here. For those interested, 
a block diagram is included of the PAIA 
#1500 Phlanger. A more complete 
explanation may be found in the #1500 
User’s Manual.

What is important is the question, 
"Is this enough?" If you purchase a 
Phlanger (I prefer Flanger for spelling.

you need to become another Isao Tomita Note that with the proper delay a
PAIA unit. - GB) You have everything
Phlanger will be used to indicate the

Input

Output

J

VV v
JW 
lELAS/

7

Fi<t. 2

right? Well, maybe. Let’s see just 
what you get.

The purpose of any flanger is to 
produce a true TIME delay of a signal 
(phase delay will be covered later). 
Ideally there should be no degrading of 
the waveform, although this is a necess­
ity as PAIA so carefully explains in the 
Phlanger manual.

If the above rules are adhered to, 
we would have the following available. 
(See figure 2)

Due to the characteristics of the 
Phlanger these two signals are sub­
tracted from each other. Depending on 
the amount of delay this produces var­
ious results. (See figure 3)

sine wave can be made to totally cancel 
or to boost to a higher output. These 
boost and cut actions occur at different 
frequencies over the audio range.

The amount of delay necessary to 
boost or cut a frequency is a function of 
the PERIOD of the frequency. The 
period is the amount of time necessary 
for the waveform to complete ONE 
CYCLE. This is found by dividing one 
second by the number of cycles per 
second. (See figure 4)

For any given time delay, the boost 
and cut action will produce a series of 
"peaks and valleys" which look like 
figure 5.

The actual frequencies at which

iWV Wv
i ! ! i

Zu ffeizenze

Fiq.3

ww —
7T/£Se~ LOAVES subtract //
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Fie,, "t All of these are ikhz Steals.

IE: 1KHz Perjodz /ooocp.5 - .oof sec - 1 micuoecoa/d • 740562.

L-OU) Hl&H
Frequence

Fiej.5

Frequenc./
77$. 7

these peaks and valleys occur is a 
function of the delay time. The delay 
time is, of course, dependent on the 
number of stages in the delay chip (512 
per side of the SAD 1024) and the clock 
frequency (usually from 30KHz to 
500Hz).

For specifics, let’s introduce a 
hypothetical example:

The SUPERDUPER QMOP 
1000 delay chip (500 stages 
per side)
A clock of 500KHz
This will give us a delay of 
.001 sec or 1 msec.

(In practice, the exact formula for 
finding delay time with any of the pop­
ular delay line chips is: Td=N/(2Fc). 
In this equation, N represents the num­
ber of stages in the delay line, and Fc 
is the frequency of the clock. The 
halving factor in the denominator is 
present due to the fact that the ’charge 
packets’ in the delay line are actually 
transferred on each clock transition, 
thus two stages are passed per clock 
cycle. In the example, the delay time 
would be . 5 msec., making the notches 
shown below at 2KHz intervals. How­
ever, the overall frequency response 
pattern would be as shown. Marvin)

A delay time of 1 msec, corres­
ponds to a frequency of lKHz. This 
means that any frequency that is a 
multiple of lKHz (lKHz, 2KHz, 3KHz, 
4KHz, etc.) will receive a cut and 
frequencies between them (500Hz, 
1.5Hz, 2.5KHz, etc.) will be boosted. 
(See figure 6) Note that these are all 
evenly spaced.

Now, if the delay time is increased 
by a factor of 10 to 10 msec, the re­
sponse becomes: (figure 7). Note that 
there are now MANY more humps and 
dips, and that they are closer together.

From the above examples it can be 
seen that as the delay time is increased 
the number of peaks and valleys in­
creases, and vice versa. The change 
in response is what gives the flangers 
their characteristic ’smooth’ sound.

Now let us consider the true phaser. 
The difference is more than just sem­
antics. While the flangers depend on 
TIME delay, the phaser depends on 
PHASE delay.

The actual effect of phase delay is 
quite similar to time delay. However, 
we must look at each in a different 
light. With a flanger we can make any 
given time delay that will affect ALL 
frequencies that pass through. With a 
phaser we can affect only one frequency 
with a given response. Restated, a 
flanger affects ALL frequencies
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