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PROCRdnURASLE ErrECib
The PRO-FX System from Sequential Circuits is the industry’s first modular, expand­
able, rackmounted, completely programmable signal processing system that lets you:

• Pick the combination of effects you want. Six are now available: Phase 
Shifter, Distortion/Sustain, 4x2 Expandable Mixer, Parametric Equalizer, 
Reverb, Transpose/Sync, and, coming soon, a Flanger/Doubler. Many 
more modules will be available in the future.

• Program 64 different combinations of control settings.

• Step through preset sequences of programs with the footswitch.

• Activate program changes with a synchronized tape pulse.

• Save sets of programs and program sequences on tape.

The Model 500 PRO-FX offers the flexibility and control of full 
programmability with the convenience of modular rackmount 
design. Each module is carefully crafted for studio quality low 
noise and distortion specs. Every knob and switch on each 
module is completely programmable, which allows com­
plex control settings to be stored and recalled instantly at 
the touch of a switch. You no longer have to worry about 
reproducing a particular effects setting in the studio or 
on stage. Now you can consolidate all your effects and 
mixing into one concise package, and have instant 
control over complete sound changes while playing.

Phase Shifter (Model 510) uses low-noise circuitry and a 4-stage phase shifting 
network. Besides speed, depth, and range controls, the regeneration knob 
controls the depth of the effect from very mild to intense. (External speed and 

range switches allow pedal or voltage control of sweep and range.
Distortion (Model 512) allows independent variable control of sustain and 

distortion, from completely clean sustain with no distortion to maximum 
distortion with a minimum of sustain.
4x2 Expandable Mixer (Model 514) has four inputs with level and pan 
controls. Maximum gain can be set from 20 to 40 dB via the internal trim­
mer on each input channel to accommodate both lineand instrument 
level signals.

Pro-FX

the people you expect it from!

For more information, see your 
dealer, or write Sequential Circuits, 
3051 N. First St., San Jose, CA 95134 
(408) 946-5240

The Model 500 System Controller is a micro-com­
puter designed to store in memory 64 knob and 
switch settings for up to 30 effects modules using 
up to 3 expansion chassis. The System Control­
ler will also allow you to preset sequences of 
program changes, actuated by the footswitch 
(for live performance) ortape track (for play- 
back/mixdown).

Parametric Equalizer (Model 516) is a 2-band, fully parametric,over­
lapping range equalizer with switchable peaking or shelving opera­
tion; any number of these unitscan be placed in series to obtain as 
many bands as required.
Reverb (Model 518) is a very smooth reverberation unit using a 6- 
spring delay line and active limiting to eliminate spring side­
effects. This module also has a sophisticated EQ which sets 
bandwidth and tone of reverb signal.
Transpose/Sync (Model 520) provides many synthesizer effects 
for other instruments. It will track a note one or two octaves 
below the original pitch as well as a separate note from an 
octave below to an octave above. The upper voice can be 
"hard synced” to the original voice or one octave below. 
The upper voice can also have its pitch swept up or down 
by a sweep triggered on each new note; this gives the 
"sweeping sync” tone used on many keyboard synthe-

Coming soon - Flanger/Doubler (Model 522) an analog delay 
in two ranges designed to cover both flanging and doubling 
effects.

Another Industry First
from
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Multi-Human Mixdown
I enjoyed Chris Meyer’s arti­

cle on Live Plus Tape Techniques, 
and thought the following comments 
might be of interest.

With regards to mixing down a 
multi-track tape with multiple 
humans, while automation has cer­
tainly taken its place in the 
contemporary world of electronic 
recording, nothing will replace 8 
hands or 16 hands on a mixing 
console - especially when there's 
a score to orchestrate dynamics 
and such. This takes some prac­
tice, but with a little practice 
you can achieve incredible re-

I've done this on two or 
three occasions, and the results 
were excellent. While I’ve found 
automation is great for elimin­
ating a bad sound or glitch, when 
it comes to true articulation of a 
sound or real dynamic expression, 
nothing beats the hand. Co-or­
dinating 16 hands together is not 
all that difficult; actually, the 
hardest part is getting them to 
fit in the space with the mixing 
console. Once that has been ac­
complished, the results of multi­
ple human mixdowns are generally 
quite good.

Jay Lee 
Norwell, MA

(Editor's note: Jay's interviews 
have proven very popular, so 
rather than have you all write in 
and ask why there isn't one in 
this issue, don't worry - he's 
real involved with finishing up 
his album, and the interviews 
will resume shortly).

Questions..........
I would like to see a con­

tinuation of the AMS-100 series. 
I remember you saying you had some 
plans for a continuation of the 
series, but I don't recall what 
they were. Now I know you're 

going to say, "How can I be an 
editor and do the AMS too?" Pret­
ty impossible, I should say. What 
I would suggest is to let the 
readership know that the electron­
ic guitarists are still out 
here...if anyone has any modules 
that they have expanded their AMS 
with, let us know about it.

Finally, whatever happened to 
the Gizmo? I am really interested 
in it, and I'm quite sure that a 
lot of the other readers are 
scratching their heads too.

Joseph Mosesso
Quincy, MA

Joseph - I'm glad you brought up 
the point about having more arti­
cles for electronic guitar. Don't 
think this is exclusively a maga­
zine for synthesists; it's a maga­
zine for people who are into mu­
sical electronics. I do have some 
more AMS-100 modules I'd like to 
present, but you're correct about 
time being a big problem. In the 
meantime, check out Jacques Boil- 
eau's AMS-100 compatible flanger 
clock in this issue; also, you 
might note that the Chorus I pre­
sented in the January 82 issue of 
Guitar Player is AMS-100 compati­
ble and synchro-sonic to boot. 
There will be more, but like you 
said, there's only so much one 
human being can do.

Re the gizmo: As I under­
stand, there were two main prob­
lems. First, they couldn't make 
the little wheels that hit the 
strings durable enough; second, 
the guitar's pickups would pick up 
noise from the DC motor that made 
the little wheels go around. 
These problems were apparently 
insurmountable, and to the best of 
my knowledge the Gizmo is a dead 
issue for now.

Spiffy Op Amps

Another source for NE5534 op 
amps is MCP/Davisound (PO Box 521, 
Bypass 76, Newberry, SC 29108). 

Price is $2.85 each for more than 
25 pieces. Also, Aphex Systems 
has an IC, the 1537A VCA, which 
has good noise, distortion, and 
attenuation specs. Price (1-99 
pcs) is $12.00. The sonic quality 
is excellent. An info packet is 
available from Aphex Systems, 7801 
Melrose Ave., Los Angeles, CA 
90046.

Just thought the readers 
might be interested in where to 
get these high quality parts at 
reasonable prices.

Michael Teed 
Wizard Productions
Pewaukee, WI

Soundsheet?

Congratulations on the publi­
cation of the Jay Lee interview 
with Harald Bode. I too have the 
good fortune of knowing Harald 
personally, and agree that he is a 
"special man". He has enough 
information for electronic music 
artists and engineers to fill 
volumes, and the Bode Frequency 
Shifters, Vocoder, and Barberpole 
Phaser are all beautifully de­
signed instruments.

When I interviewed Harald for 
National Public Radio, the audi­
ence had an opportunity to hear 
tapes of his history-making ins­
truments as well as the capabili­
ties of his recent devices. I 
wish the Polyphony article could 
have included similar tapes. Your 
readers would have been treated to 
some amazing sounds!

Walter J. Gajewski 
Burbank, CA

Walter - We've looked into 
binding occasional soundsheets in 
the magazine, so the same thought 
has occurred to us. But for now, 
all you have to do to hear what 
Harald's devices sound like is 
turn on the radio!
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A Sweeping Question

Craig has often mentioned 
cascading phasers for a more 
dramatic effect. How do you sync 
up the phase sweep? Also, if I 
built the flanger from DEVICE 1:9, 
how could I get it to emphasize 
even or odd harmonics (like the 
A/DA unit)? Thanks a lot, you 
guys are great!

Dana Almasi 
Seattle, WA

Dana - With voltage control­
led phase shifters, you simply 
plug the same sweep voltage into 
both phasers. With phasers that 
have their own sweep circuitry, 
you can’t easily sync up the 
sweep; however, often the sound of 
one sweep working against the 
other produces a very pleasing 
effect. As for the flanger, with 
the phase switch in the (+) posi­
tion you get even harmonics, and 
with the phase switch in the (-) 
position, you get the odd ones. 
Remember also to glance at the 
corrections in issue 1:10 before 
you start building!

More on REMCO FX

In response to Dave Wilson's 
letter (Polyphony, Nov/Dec 1981), 
the REMCO FX uses the SN76477’s 
brother (sister?), the SN76488. 
These two chips are functionally 
90% identical, and are available 
(with extensive applications 
notes) from Radio Shack. For 
those investigating the 76488's 
application notes, let me point 
out two apparent errors: 1) in 
the logic entries for the Mixer 
Select Inputs, the data for col­
umns C and A are reversed; 2) 
there is no difference in the 
first two entries for the logic 
table under Envelope Select Logic 
- Mixer Only applies to both.

Overall, I'd give the 76488 a 
very slight applications edge com­
pared to the 76477: the 76488 
contains its own power amp stage, 
and its accessible one-shot output 
makes the "X2" two-stage sound 
effect possible on the FX. On the 
other hand, the 76477 permits 
varied attack (as well as decay) 
time on its envelope generator.

Many new effects, and much 
new mileage, can be gotten from 

the REMCO FX through modification, 
and the box does have space to 
accommodate these additions. The 
back of the good sized board is 
readily accessible, and the main 
modification problem is soldering 
on to those miniscule IC legs. 
Incredibly, my original chip sur­
vived; it must be rugged indeed!

Incidentally, during a 
Christmas "special" I picked up 
one for $10. Quite a bargain if 
you go for sound toys. (On the 
other hand I'm also writing a 
serious piece of contemporary mu­
sic for it - to explore its musi­
cal potential.)

Dr. Arthur B. Hunkins 
University of NC 
Greensboro, NC

(Editor's note: Dr. Hunkins 
informs us that he is preparing an 
article about these modifications 
for Polyphony.)

Pro-One Interface Credit
This letter’ is in regard to 

the article entitled "A Digital 
Interface For the Pro-One", in

LETTERS Continued on page 32

INTRODUCING THE

INFINITE PHASING IS HERE!

BARBERPOLIj PHASER

« "L 1

INFINITE PHASING, EITHER DIRECTION 
NO GLITCHES, NO SPLICES
STANDARD UP & DOWN PHASING & FREEZE
MULTIPLE PHASING
VARIABLE NUMBER OF COMB FILTER PEAKS
ROTATING SOUND EFFECTS
BUILT - IN VARIABLE FUZZ
MANY OTHER FEATURES

BODE SOUND CO.
1344 Abington Place 

North Tonawanda, N.Y. 14120
Tel.: (716) 692-1670

BEFORE YOU DECIDE ON ANY PURCHASE, FIND OUT EVERYTHING 
ABOUT THIS REVOLUTIONARY NEW PRODUCT

BARBERPOLE PHASER™

D-s- ....
I
»OM SOUND CO * “i z
»ODU NO tIO)
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ELECTRONIC MUSIC CIRCUIT DESIGN

Electronic Music Math

Fig.1

amp

coupling

Fig.4

R 
input 
impedance

by: Craig Anderton

Many people think that elec­
tronic design involves sitting 
down with a computer and solving 
differential equations. Wrong! 
All you really need is a knowledge 
of basic algebra and a $29.95 
scientific calculator (I like the 
kind with reverse Polish entry, 
but anything that handles alge­
braic functions and gives logs 
will do). Scientific calculators 
are great - for example, if you 
need to take the log of a number 
to plug into a formula but you 
haven't the foggiest idea of what 
logarithms are all about, no prob­
lem; just enter your number and 
punch the "log" key. Talk about 
simple.

Following is a list of the 
most important formulas I use in 
my design work, with some examples 
thrown in just to show how easy 
this all really is.

Time constant equation. 
Let's say you've got a circuit 
like figure 1, where a resistor 
discharges a capacitor (you find 
this type of circuit in portamen- 
tos, slew rate limiters, envelope 
generators, and so on), and want 
to figure out different discharge 
times for different resistor val­
ues. Suppose, for example, you 
want a 1 uF timing capacitor to 
discharge in 1 second. How do you 
choose the resistor value that 
will give this discharge time?

The formula we want is:

T = R times C

Or, time equals resistance 
(in Ohms) times capacitance (in 
Farads). Most of the time, it's 
easier to state the formula in 
MegOhms and microFarads (since 
we're multiplying the resistance 
by 1,000,000, and dividing the 
capacitance by 1,000,000, accord­
ing to basic algebra the formula 
is still valid). So, substituting 
our real world example, we end up

with Time - 1 second, and capaci­
tance = 1 uF; so, R must equal 1 
MegOhm. For 1/2 second, R = 500k; 
for 1/ 10th of a second, R = 100k.

How about attack time (see 
figure 2)? Let's say you're de­
signing a limiter with a 10 uF 
timing capacitor, and want a 10 ms 
(or .01 second) attack time. 
First, we need to algebraically 
transpose our formula so that 
instead of T - RC, we have T/C = 
R. Solving for R, we plug in our 
numbers and end up with .01 se­
conds divided by 10 uF = .001 
MegOhms, or, Ik.

Current drain. One of the 
most useful formulas in electron­
ics is Ohm's law, which states 
that voltage (in Volts) = current 
(in Amps) times resistance (in 
Ohms), or:

E = IR

Doing some algebraic trans­
positions gives us two other use­
ful formulas, current = voltage 
divided by resistance (I - E/R), 
and resistance - voltage divided 
by current (R - E/l). Now, sup­
pose you have a circuit like fig­
ure 3, and you want to push 10 mA 
of current through the LED. What 
would be the correct value for the 
current limiting resistor? Sub­
stituting numbers in our formula, 
we have resistance - 10 Volts 
divided by .01 Amps, which gives 
us 1000 Ohms. Simple, yes?

DeciEel formulas. Here's 
where your scientific calculator 
really comes in handy. Suppose 
you have two peak-to-peak volt­
ages, and you want to know their 
ratio in dB. The formula is: dB = 
20 times the log of (voltage one 
divided by voltage two), or:

dB = 20 • log (V1/V2)

Suppose we're measuring the

6 POLJPHOFJy March/April 1982



signal-to-noise ratio of an ef­
fect, and according to an oscillo­
scope we have 10V p-p of output 
signal coming out of the effect, 
and 2 mV p-p of residual noise 
with the input signal removed. 
Getting out our trusty calculator, 
we find the ratio of V1/V2 is 
10/.002, or 5000. We then take 
the log of that by pushing the log 
button, and end up with 3.69897. 
Multiply this by 20 for the ans­
wer: 73.9794 dB. That’s a pretty 
decent signal-to-noise ratio.

Or, let’s say we have a flan­
ger and want to calculate the 
depth of the notches. We put a 
constant signal (like a sine wave) 
through the flanger, and check its 
maximum value on either side of 
the notch - say, 2V p-p. Then, we 
carefully tune the flanger to 
notch out the signal, and we find 
the minimum (notched) signal level 
is 32 mV p-p. Plugging into our 
formula, we have 2/.032 for the 
ratio of VI to V2, or 62.5. We 
take the log of 62.5, which is 
1.79588, and multiply that by 20, 
which means our notch depth is 
35.917 dB (36 dB is close enough).

cuit like figure 5, where you need 
to limit the high frequency res­
ponse of an op amp because other­
wise, it oscillates like crazy. 
Plugging numbers into our formula, 
if we put a .1 uF capacitor in 
parallel with the feedback resis­
tor, the high frequency response 
would be down by -3 dB at 15.92 
Hz. Putting in a .01 uF cap means 
the response would be down by -3 
dB at 159.2 Hz. A 1000 pF cap 
would put the high frequency limit 
at 1.592 kHz, and a 100 pF cap 
would give us 15.92 kHz. Since 
that's a little lower than we 
might like for full audio band­
width, let's try a 47 pF capacitor 
instead. That gives us a -3 dB 
point of 33.863 kHz, which is fine 
for our applications.

Period and frequency. After 
all that log stuff, let's get back 
to a real easy formula. Suppose 
you're measuring a signal with an 
oscilloscope, and according to the 
scope's time base, the period of 
the signal is 10 milliseconds (see 
figure 6). What is its frequency 
in Hertz? The formula we want is:

P - 1/15,962, which equals 
seconds, or if you like, 62.64 
microseconds.

Op amp gain formulas. Here 
are two more quickies to close out 
the article. For an inverting amp 
(figure 7a), the formula for gain

Gain = R(feedback) 
R( source)

R can be either Ohms, kOhms, 
or MegOhms, as long as you express 
both resistances in the same 
units. Soj a 100k feedback resis­
tor and a 10k source resistor 
gives us a gain of 10 inverting

A non-inverting amp (figure 
7b) is just a little more complex. 
The formula is:

Gain = R(feedback) + R(source) 
R(source)

So, again with a 100k feed­
back resistor and 10k source re­
sistor, we end up with a gain of 
(100 + 10)/10, or a gain of 11.

Coupling capacitor formulas. 
Suppose we have a circuit like 
figure 4, where we need to capaci­
tively couple into a stage with a 
100k input impedance. If you use 
a .1 uF capacitor, at what low end 
frequency will the response be 
down by 3 dB? Well, the formula 
is Frequency (in Hz) at which the 
signal is down by -3 dB - 1 di­
vided by (2 pi times Resistance 
times Capacitance). Resistances 
are in Ohms and the capacitances 
in Farads, but to simplify life, 
we can express the resistance in 
MegOhms and the capacitance in 
microFarads. Also, let's just say 
6.28 for 2 times pi. This gives 
us a more manageable:

F = 1/ (6.28 . R . C)

To solve our problem, we 
substitute the numbers given above 
and come up with:

uF)
F = 1/ 6.28 (.1 MegOhmsX.l

This comes out as 15.92 Hz, 
certainly an adequate low frequen­
cy response. Had we coupled in 
with a .01 uF capacitor, we would 
end up with a low frequency -3 dB 
point of 159.2 Hz.

This same formula also works 
for figuring out high frequency 
limits. Suppose you have a cir­

Frequency (in Hertz) - 
1/Period (in seconds)

A close relative of 
formula is:

Period = 1/Frequency

this

So, plugging in numbers from 
the above example we come up with 
F = 1/.01, or 100 Hz. Suppose you 
want to know the period of a 
15.962 kHz waveform; now we use 
the second formula given above, or

Summing up. Believe it or 
not, the formulas presented above 
take care of 99% of my design 
work. I still don't understand 
transfer functions, and know vir­
tually zero about calculus...but 
it sure hasn't held me back. So, 
fellow mathematical idiots, take 
hope. Get a scientific calcula­
tor, practice plugging numbers 
into the above formulas, and 
you'll be well on your way to at 
least appearing that you know what 
you're doing!  H
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SCREEN
WAVE

This article describes a simple method for 
using the TRS-80 Model I, Level II (with at least 4K 
of RAM and a cassette-based mass storage system) as 
a programmable waveform control voltage or tone 
source generator. This is a simple, effective ap­
proach that can be up and running in an hour's time, 
and can also serve as a starting point for further 
experiments.

By: James Lisowski

Overview. In addition to the computer, this 
system uses a mixture of hardware (electronic cir­
cuitry) and software (computer programming). The 
hardware in figure 1 creates a simple one chip 
interface to the TRS-80. The 8255 chip is a most 
useful device, as it contains three input or output 
ports (channels of information). One of these ports 
is used a digital to analog converter, abbreviated 
as D/A or DAC. The remaining ports are available 
for custom control or sensing functions (such as 
triggering VCAs or reading a keyboard), although 
these are beyond the scope of this article.

Parallel output port "A" of the 8255 is used in 
conjunction with the classic "2R" DAC design that 
PAIA synthesizer users have seen before. To get a 
certain voltage level at the output, have the compu­
ter send a number to port A. To change the output 
voltage, send another number. Do this rapidly for a 
continuous waveform of the desired shape. Indivi­
dual resistors are turned on and off according to 
the numbers presented at port A; summing their volt­
age contributions produces a final output.

The computer program presented here deals with 
creating the waveform you desire and getting it into 
a form that the DAC can use. It allows you to draw 
a waveshape on the computer's TV screen, which is 
then converted into numbers suitable for feeding the 
DAC, which then turns these numbers into a waveform. 
The program is written in BASIC; various comments 
indicate the function of each part of the program. 
However, some sections require a little more depth 
of understanding, so a line by line explanation has 
been included. While lengthy, this explanation 
should help you follow the program logic, or assist 
conversion to a different dialect of BASIC used by 

8 FOLJFHONU

other computers. After comparing the program to the 
comments, you may not know exactly how the process 
is done, but you will know what steps were required 
to get from concept to reality. This should enable 
you to add to, or modify, the program. This program 
is placed in the public domain, so no fees are 
required to use or duplicate it. If you do develop 
something interesting, however, please write me.

Screen Wave: the program. Type the BASIC 
program in to the comput-er in the usual manner, RUN 
it, and correct any spelling or syntax errors. Then 
save two tape copies for later use. Upon RUNning 
the program, you will see a clear television screen 
that has white borders running vertically on the 
right and left sides. These borders are broken into 
sections by small rectangular blocks. Also, at the 
bottom left of the screen, you will see a blinking 
white box cursor (the cursor is a moveable position 
indicator). The borders are guides to vertical 
position, like the scale of a graph. If you press 
one of the arrow buttons on the TRS-80 keyboard, the 
cursor will move in that direction (up, down, left, 
right). If you press the space bar, a plus sign (+) 
will be deposited on the screen at the current 
cursor position, thereby marking one dot of the 
final waveform. You may now move the cursor to a 
different position. To erase an existing marker, 
position the cursor directly over the mark and press 
the CLEAR button.

By now you probably get the idea: moving the 
cursor to various positions and leaving a marker 
there defines points on a continuous waveform. By 
erasing markers and placing new ones elsewhere you 
can edit a waveform, altering the sound or voltage

March /April 1982



5 ’CURSOR DIRECTED MUSIC OR CONTROL WAVEFORM INPUT PROGRAM
10 ’FOR TRS-80 <TM TANDY) MODEL I LEVEL 11 4K AND MORE RAM
11 ’AUTHOR: JAMES A. LISOWSKI 902 WILLOW LN., S.MILW.,WI 53172
12 ’VI.1 3—18—81

THE PROGRAM

20 DIM W <61): ’SAVE WAVEFORM VALUES IN W<0 TO 61)
50 P=16321:M=43:’CURSOR START POSITION, MARKER CHARACTER (+)
55 U=14400:’CONTROL KEYS/ARROWS KEY MEM LOC
80 CLS:’CLEAR SCREEN, DRAW GUIDES
90 FORV=15360T016320STEP64: POKEV, 157: POKEV+63, 174: NEXT
1OO K=PEEK<U):1=0:'GET CONTROL/ARROW KEY, RESET POSITION INCREMENT
199 ’CHANGE INCREMENT ACCORDING TO ARROWS
200 IFKAND8THENI=I—64:’UP
210 IFKAND16THENI=I+64:’DOWN
220 IFKAND32THEN1=1-1:’LEFT
230 IFKAND64THENI = I +1: ’ RIGHT
299 ’DON’T MOVE OFF SCREEN
300 IFC+I>163830RC+I<15360THENC=PELSEC=C+I
399 ’BLINK CURSOR/EX1ST ING CHARACTER
400 T=PEEK <C):POKEC,191:POKEC,32:POKEC,T
500 IFPEEK <U)=128THENPOKEC,M:’SPACE BAR PRESSED, LEAVE MARKER
510 IFPEEK<U)=2THENP0KEC,32:’CLEAR PRESSED, ERASE CHARACTER
520 IFPEEK<U)=lTHEN2000:’ENTER PRESSED SCAN DRAWING FOR VALUES 
999 'KEEP DOING IT
1000 GOTO100
2000 S=16321:’BOTTOM LINE START POSITION OF SCAN
2010 F0RX=0T061:’SCAN 62 POSITIONS, LEFT TO RIGHT
2100 FORV=OTO15:’SCAN 16 POSITIONS BOTTOM TO TOP
2110 W=(X+S)-(V«64) :’CALC VIDEO MEM POSITION
2141 'IF IT IS A MARK, CHANGE IT. IF NO MARK JUST ABOVE IT, STOP SCANING THIS CO 
LUMN, SAVE WAVE VALUE IN WO
2150 IFPEEK<W>=MTHENPOKEW,140:W <X)=V:IFPEEK <W—64)<>MANDV<>15THENV=16
2200 NEXTV,X
3000 FORI=61TOOSTEP—1:IFW<I)=OTHENNEXT:’READ WAVE ARRAY BACKWARDS TILL LAST NON­
ZERO VALUE (END OF WAVE) FOUND
3010 NP=I:’NP IS THE NUMBER OF POINTS (VALUES) MAKING UP THE WAVE MINUS ONE
3020 I=-l:’FINISH I LOOP
3999 ’------------CUSTOM USER ROUTINE MAKING USE OF WAVE DATA GOES HERE
4000 ’======DUMMY D/A DRIVER======
4005 PRINT"»» WAVE BEING OUTPUT »*";
4010 FOR I=OTONP:OUTO,W(I):NEXT:GDTO4O1O

SCREEN WAVE
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sequence it will produce. Since the creation and 
editing process is visual, you can easily experiment 
with waveforms, to "see what it sounds like".

Using the program. RUN the program, and using 
the up arrow key, move the cursor vertically to the 
desired height position. There are 16 possible 
vertical positions, the lowest (0) being the minimum 
amplitude value of the waveform, and the highest 
(15) being the maximum amplitude. Each intermediate 
position represents an output voltage level between 
the minimum and maximum values. For this hardware 
configuration, min -- 0.25V or height value 0, while 
max = 2.5V or height value 15; adding an op amp 
level shifter can change this voltage range. When 
the cursor is in the right place, press the space 
bar. Then move the cursor to the next column to the 
right, using the right arrow key. Move the cursor 
vertically in this column to the desired height and 
mark this new point with a press of the space bar. 
Continue in this fashion until you have defined your 
waveshape or have reached the maximum of 62 horizon­
tal point positions. If you are satisfied with the 
waveshape you have drawn, press the ENTER key to 
complete the process and output the waveform. To 
alter the waveshape (this must be done before you 
press ENTER), use the arrow keys to move the cursor 
to the location of the marker(s) you would like to 
change and press the CLEAR key to erase that marker. 
Then, move to a different vertical position and 
leave a new marker. Repeat as desired, then finally 
press ENTER when finished.

FIGURES

++++ ++++ ++++ + +
+ + + +

+ + + +
+ + + +

+ + + + + + + + + +

This Not This This Not This

Note: In order to reduce the screen scanning 
time, the program determines the top marker in any 
particular vertical column by checking to see if 
there is a marker above it. If a marker is there, a 
check is made for a marker above that one, etc.

The above sequence is the input phase of the 
program. Pressing ENTER indicates to the computer 
that you are finished defining a waveshape. The 
program will then automatically scan the screen for 
markers, determine their height values in sequence, 
save this information, and start to output height 
values to the VAC. When a marker is found, it is 
changed into a white block so that you can follow 
the scanning process. There will be several seconds 
of delay as the scan takes place. The program 
automatically counts the number of points in the 
waveform for you; see figure 2 for some sample 
waveforms.

+ +
I FIGURE 2

When the top position has been reached or there is 
no higher marker, the last position is saved and 
scanning continues with the bottom of the next col­
umn to the right. Because of this procedure, all 
totally vertical wave segments must be a continuous 
line of markers. You may not define a vertical 
segment by placing one marker at the bottom and 
another marker several blank positions above the 
first marker (see figure 3). Going horizontally, in 
a leftward direction, each vertical column from the 
start to the end of the waveshape must have at least 
one (though possibly more) marked position(s). In 
other words, the waveshape must be horizontally 
continuous. Other than these constraints, any other 
wave configuration is possible.

How the program works. Here are some back­
ground notes on the computer system and TRS-80 
BASIC. TRS-80 BASIC uses the colon (:) to place 
more than one BASIC statement on a line, and an 
apostrophe (’) to denote REM (remarks or comments). 
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The PEEK statement reads a decimal value from a 
particular memory location and a POKE statement puts 
a decimal value in to memory. Memory locations in 
the 15360 to 16383 (decimal) range are the visible 
screen memory (POKE places characters on the 
screen). Decimal memory location 14400 represents 
the arrows and other keys. When PEEKed it returns a 
decimal value of 1 if the ENTER key is pressed, 2 
for CLEAR, 8 for up arrow, 16 for down arrow, 32 for 
left arrow, 64 for right arrow, and 128 for space 
bar in a Model I system. This information should 
help in converting this program for other computing 
systems. Now, let's move along to the line by line 
comments.

Lines 5-12 identify the program. Line 20 (L20 
for short) sets up a storage area (called "W") that 
has 62 subparts, labelled 0 through 61. The program 
can store a number (the individual waveform height 
value) in each of these subparts. L50 defines the 
character used for a cursor. In this case, the 
number representing a plus sign is selected but you 
could make it any character you like. L50 also 
defines the cursor's starting place in the screen 
memory. L55 sets the variable (a temporary storage 
location) named "U" to the decimal value of the 
memory location assigned to the arrow/control keys 
so that this number doesn't have to be repeated 
later in the program. L80 uses the CLS command to 
clear (blank out) the video screen. L90 draws the 
white vertical height guides by POKEing graphics 
characters into the screen memory. The FOR/TO/STEP- 
/NEXT statements in this line repeat the POKEing and 
specify the memory locations to be POKEd. Up to 
this point, the program has been just setting the 
stage; the rest of the program from here on does 
most of the actual work.

L100 - L299 check the TRS-80 keyboard to find 
out what buttons are being pressed. Variable "I" 
holds the number of memory positions the cursor 
should move with respect to the current position; it 
starts out with a value of zero each time the pro­
gram executes L100. The values associated with each 
key are summed into "I" if that key is pressed 
(determined by IF statements in L200 - L299). L300 
checks to see IF the new cursor position (the sum of 
"C" and "I") might be out of the range of screen 
memory, placing it off screen. IF this condition is 
true (off screen), THEN don't alter the cursor posi­
tion, otherwise (ELSE) allow cursor movements to the 
indicated position (calculate a new current cursor 
position, "C"). L400 reads the value in the current 
cursor video memory position, saves it temporarily 
in variable "T", POKEs a white block graphics char­
acter on to the screen, blanks the block out by 
POKEing a space, and then POKEs the original charac­
ter back again. This gives a blinking effect to the 
cursor while allowing you to see any character "un­
der" it. L500 checks to see IF the space bar is 
pressed. IF it is, a marker (+) is POKEd into the 
cursor location (IF not, no action occurs, and exe­
cution continues with the next line. This is used 
to draw the waveform. Similarly, L510 erases a 
marker IF the CLEAR key is pressed. L520 will 
direct program execution to the section starting 
with L2000 IF the ENTER key is pressed (when wave­
form definition is finished). Otherwise, the next 
statement the program will GOTO is L100 (which 
starts the main cycle over again, reading the keys, 
moving the cursor, etc. until ENTER is pressed).

L2000 - L3020 are the screen scan section. The 
process, in summary, is this: scan the video screen 

memory in a bottom to top, left to right sequence, 
checking for markers. When the top marker in any 
vertical column is found, calculate and save its 
height value in the associated subpart of "W" for 
later use. In more detail, the scan starts at the 
lower left video memory location and checks the 
position "X" units over and "V" units up (L2000 - 
L2110) for a marker. IF on is there, THEN POKE a 
small white block into that position and also save 
the height value in the "X"th subpart of "W". If 
there was a marker here, check the position above it 
for another marker or check to see if the scan has 
reached the maximum height position. IF either of 
these two conditions are true, stop scanning this 
column and move on to the next. IF false (there is 
a marker above and column top not reached), continue 
scanning, POKEing, and saving height values for this 
column; repeat this scan for the next "V" and "X" 
positions (L2200). Do this for a possible 62 hori­
zontal positions (L2010), each time checking 16 
vertical positions (L2100). When done, continue 
with L3000.

When the program was RUN, all the subparts of 
"W" were set to zero. As the scan section progres­
sed, the zeroes were replaced by height values. If 
your waveform had markers in all 62 positions, "W" 
would now be filled with values. If the wave was 
less than 62 columns long, some of the original 
zeroes will remain in "W". L3000 scans "W" back­
wards (STEP -1) from the "left end" until it finds a 
non-zero value. At this point, the variable "I" 
contains the position of the last wavepoint (length 
of the wave, minus 1 - since the count goes from 0

..........................CONTINUED ON RAGE 33
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FREQUENCY DOMAIN 
MODIFIERS

By: Mike Beigel

While special effects are 
commonplace, many musicians still 
do not understand them well enough 
to use them to full advantage, or 
to note the many similarities 
between seemingly dissimilar de­
vices. In this article (which is 
a synopsis of a lecture-demonstra­
tion given at both the 1981 Mid­
west Acoustics Conference and the 
70th AES Convention), we'll look 
at devices such as phasers, en­
velope-controlled filters, flang­
ers, and similar "Frequency Domain 
Modifiers" . These devices, un­
like "static" frequency domain 
modifiers such as parametric 
equalizers and graphic equalizers, 
are interesting from a musical 
standpoint because their frequency 
response changes with time, there­
by adding a sense of additional 
motion or "aliveness" to the musi­
cal sound input.

General format of frequency 
domain modifiers. Fortunately, 
virtually all of these modifiers 
follow a similar format. Figure 1 
shows a generalized system for a 
frequency domain modifier, which 
includes two important elements: 
the signal processing elements, 
and the control elements. Note 
that the input signal can go to 
three places:

• Straight to the output, 
through an attenuator.- This is 
needed because many audio effects 
(especially flangers and phasers) 
combine portions of the original 
sound along with the modified 
signal.

• Into the signal processor 
section. Here, a frequency-res­
ponse modification, phase shift 
modification, or time delay alters 
the signal to provide the main 
component of the musical effect. 
These processors will be discussed

• Into the control parameter 
section. This allows the musical 
effect to respond directly to the 
music you play into it. Envelope- 
controlled effects are among the 
types of processors that use this 
configuration.

The part of the input signal 
that goes through the signal pro­
cessor section has two further 
destinations:

• To the output, through an 
attenuator. The attenuators for 
the unprocessed input signal and 
the processed signal allow the 
musician to control the balance 
between the straight and processed 
sounds.

• Back to the input of the 
signal processor section through a 
"feedback" attenuator. The use of 
feedback around a frequency, 
phase, or time process creates a 

wide variety of frequency response 
characteristics based on the pro­
perties of the process itself.

Notice that the solid lines 
in the diagram represent audio 
signal paths, whereas the dotted 
lines represent control signals.

Types of signal processors. 
For now, there are three major 
signal processing elements used in 
frequency domain modifiers. Hope­
fully, new processors will be 
discovered as the technology ad­
vances; still, you can create a 
great many sounds just using these 
three basic signal modifiers.

• Frequency dependent fil­
ters. There are four main filter 
types: lowpass, bandpass, high- 
pass, and notch filters (see fig­
ure 2A - 2D for their frequency 
responses, with and without feed-

GENERAL SYSTEM DIAGRAM: 
FREQUENCY DOMAIN MODIFIER
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