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INTRODUCING...
FOR AMBIENCE

TWO-CHANNEL ANALOG DELAY UNIT
SYNTHESIS AND DELAY EFFECTS

FEATURES

* TWO INDEPENDENT CHANNELS

* 3072 STAGES OF DELAY PER 
CHANNEL

* ADJUSTABLE INPUT AND OUTPUT 
LEVELS WITH INPUT OVERLOAD 
INDICATION

* INTERNAL OR EXTERNAL VOLT­
AGE CONTROLLED DELAY TIME

* COMPANDOR IN EACH CHANNEL
* 3 MODES/CHANNEL WITH ADJUST­

ABLE MIX
* CONVENTIONAL REVERB OUTPUT 

FOR MUSIC EFFECTS
If you haven't heard what analog 

delay can do for home music reproduc­
tion, you're missing something. Let's face 
it, stereo in your living room is flat and 

2 dimensional. Without the mixture of di­
rect and delayed sounds that a large hall 
provides, almost all music reproduced in 
the. home is lifeless. Quadraphonics has 
not proved to be the solution to this 
problem. The recent developement of 
bucket-brigade semiconductor techno­
logy has made it possible to offer a rea­
sonably priced delay unit that can trans­
form your listening room into a con­
cert hall. Using your present stereo 
system, the 2AS-A, and whatever you 
have in the way of 2 additional speakers 
and 2 channels of power amplification— 
you have all the parts to put together an 
ambience system that is capable of creat­
ing the kind of 'space' you enjoy music 
in. You don't need state-of-the-art com­
ponentry to enjoy an ambience system. 
The secondary power amplifiers and 
speakers can be of very modest perfor­

mance and yet still serve to create 
strikingly realistic spaciousness in your 
listening room. If you don't have 2 extra 
power amp channels on hand, we offer 
several low cost, low power amps in kit 
form that would be ideal for this pur­
pose.

Although the 2AS-A has been de­
signed for use in music reproduction 
systems as an ambience synthesizer, its 
voltage controlled clock and mixing capa­
bilities allow it to be configured in a 
number of ways for delay effects such as 
phasing, flaging, chorous, and vibrato. Ex­
ternal voltage control for special effects 
must be user supplied.

The 2AS-A is sold in kit form only 
and includes the circuit boards, com­
ponents, chassis (111/2" x 10" x 4"), 
cover 120VAC power supply, assembly 
instructions and application notes.

2AS-A Analog Delay Unit 
$250.00 ppd. Cont. U.S.

Southwest Technical 
Products Corp.

219 W. Rhapsody, San Antonio, Texas 78216

London: Southwest Technical Products Co., Ltd. 
TokyoiSouthwest Technical Products Corp./Japan

r----------------------------------------------------------------------------- 1
MAIL THIS COUPON TODAY

 | D Enclosed is $   or BAC -----------------------------------------------------------  !

j Dor Master Charge# Bank #--------- Expire Date------------ I

 | NAME|

I ADDRESS I
I I
I CITY  STATE ZIP I

SOUTHWEST TECHNICAL PRODUCTS CORPORATION I
Box 32040, San Antonio, Texas 78284 I

I_________________________________________________________________________ I



The State of the Art
Since 1972, Epi Systems has defined the state of the art in 
professional quality modular synthesizers. Over the years we 
have introduced the first voltage controlled ASDR, the first true 
polyphonic keyboard, the first modular sequencer system, and 
the first microprocessor-based synthesizer controller. Today 
we offer the widest range of modules, sequencers, and controllers 
available in the electronic music field.

The key to the power of any synthesizer is the control it affords 
over the complex elements that make up even the most basic 
sounds. Epi Systems synthesizers are designed to give the 
musician/composer total control over these elements. Our 
oscillators are exceptionally stable and accurate and feature 
simultaneous linear and exponential FM, hard and soft sync, 
synchronous gating, and a waveform output mixer. You can 
control harmonic content with four different types of voltage 
controlled filters. And since virtually every function on an Epi 
synthesizer is voltage controllable, our modular analog and 
digital sequencers allow you to manipulate parameters with 
more speed and precision than would be otherwise possible.

For the ultimate in control there is the Epi 4060 microprocessor­
based 16 channel polyphonic keyboard/sequencer. With its 
ever-increasing library of custom, special function software, it 
is the most powerful compositional and performance tool availa­
ble to the serious synthesis!.

In addition to its many advanced functions, the Epi modular 
system is designed for reliability and ease of use. All components 
are of the highest quality compatible with the professional audio 
market. All modules are clearly and logically laid out and, where 
applicable, include integral signal and control voltage mixers, 
thus eliminating the need for banks of separate mixers and 
attenuators. Our “firm ware” patch system allows commonly 
made connections to be made inside the instrument and then 
overridden, when desired, by the insertion of front panel patch 
cords.

For the definitive modular system reference, send $5.00 for the 
100 pg. Ep Systems Technical Catalog, with photos, functional 
descriptions, and specifications of all Ep products. (Calif, resi­
dents be sure to include sales tax.)

1408) 429-9147



Not because we say so, but because they say so. . .

“The ‘New Yorker9
of audio magazines 99

—ESS, Input. Sacramento. CA

Audio Amateur is a magazine that continues a great 
American tradition—a tradition that loves tinkering 
and experimentation and embraces rather than 
eschews technology. Readers of this magazine, I 
suspect, don't simply discuss the latest heavily 
advertised "quantum leap” forward. TAA 
subscribers are impressed more by an interesting 
project they can build from scratch. They love to ex­
tract. by modification, the greatest possible perfec­
tion from classic and recently introduced audio pro­
ducts.

Like the New Yorker, the Audio Amateur 
publishes articles that are measured and 
thoughtful, articles that are beyond superlatives by 
the bushel basket found in most of the mass cir­
culated audio magazines. The reasoned tone results 
in part from the considerable contributions made by 
English writers, including the late B.J. Webb. Ed­
ward T. Dell, Jr., the editor, almost always includes a 
thoughtful editorial that, alone, is worth the cost of 
admission. Unlike some of the little audiophile 
magazines, TAA is generally beyond clannish 
allegiance to a few manufacturers. Articles on pro­
jects to construct and modify appeal to the fondness 
of its readers for a wide range of projects.

Audio Amateur has served up a smorgasbord of 
projects over its ten year existence. How to properly 
adapt a Grace arm to an AR turntable, build a record 
cabinet, modify a Formula-4 tonearm to improve low 
frequency reproduction, or build a 10 dollar three- 
element Yagi antenna have all been offered as ap­
petizers. projects that require some familiarity with 
tools and a few nights of your time. The main course 
offerings demand various degrees of more 
sophisticated electronic skill. If you've only assem­
bled a one tube radio (twenty years ago), many of 
the electronic projects are going to be more than 
you can chew. Numerous past articles have shown 
how to improve classic Dynaco products. Recently, 
Nelson Pass of the Threshold Corp, discussed how to 
build a 40 watt per channel class A amplifier. Elec­
tronic articles typically assume an ability to find the 

parts necessary to build the projects. Chances are 
you'll spend some time searching through parts 
catalogs and local surplus houses before you can 
begin to wade into the actual construction.

Sophisticated articles that examine specific audio 
problems but do not involve building projects also 
abound. Walt Jung, contributing editor, has discuss­
ed slewing induced distortion in amplifiers in a series 
of articles. How we actually perceive sound and how 
many speakers may be necessary to recreate the 
closest possible approximation of the live event has 
also been discussed.

if speaker building is your forte, past articles have 
dealt with horn loaded and transmission line 
designs. Instructions on how to build electrostatic 
transducers from scratch, and box fabrication for 
sub-woofers with an accompanying active crossover 
have also been features. It's a measure of TAA con­
tributor ingenuity that a complex driver like the Heil 
air-motion transformer has been built by an 
amateur — complete instructions on how to build a 
home version of the large Heil appeared in the 
magazine in 1977.

An excellent analysis of recently introduced audio 
kits is a regular feature. Kit reviews are technically 
very thorough and are often more objective than 
you find elsewhere. A regular feature, "Audio Aids." 
offers all kinds of informative hints from readers. A 
letter section from readers comments on past ar­
ticles and present concerns and lends a thoughtful 
and inquiring tone to the magazine. Adver­
tisements. themselves, are often helpful to the 
reader since many of the ads list parts that are vital 
for project construction. Most of the better kit 
manufacturers also advertise in Audio Amateur.

If you are already an audio craftsman, or would 
like to become one, Audio Amateur is an excellent 
touchstone. For less than the price of a good meal 
and a movie ticket, you can receive four issues a 
year. — George Hortin, Staff Writer

INPUT, published by ESS, Inc.
9613 Oates Avenue 

Sacramento CA 95827

Send coupon to: The AUDIO AMATKUR Magazine, PO Box 176, Dept. P”, Peterborough NH 03458

 Send me one year (four issues) at $12. (add $2 outside USA.)
Charge card subscribers: Include all numbers & your signature.

 Here's my $3.50 for my sample issue, which I can apply toward a subscription later.
 Tell me more about The Audio Amateur.

NAME _____________________________________________________________________________
Street & No. _________________________________________________________________________
Town State ZIP_____________

THE AUDIO AMATEUR is the only U.S. publication I 
know of devoted exclusively to the home builder and 
experimenter in audio. The major distinction of this 
magazine is that it is written by doers. Thus its pages 
contain useful information, not just another collection 
of mystic reviews. Its Information content on con­
struction projects, sources of parts, and basic audio 
and electroacoustic theory make it one of the outstan­
ding values for the amateur.

W. MARSHALL LEACH, Jr.,
Dept of Electrical Engineering,
Georgia Institute of Technology, Atlanta
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EDITORIAL

the 'working' musicians.

your turn.

or self 
fellow 

stores,
> audio

publishing more 
the works; if you 
them get in touch 
(books, records,

get them 
a week for experimental 
Tell your friends and

communications 
had 
concerning the

starting to recognize 
and is helping support

of clearinghouse for hard-to-find items 
and someday 

regional electronic music 
of educational and/or 
and who knows what else.

provide these increased 
brings us full circle to 

communications.
dictionary to realize that 

'two-way street'. We need your 
The industry needs your help. Your fellow

Many of you have 
thicker or more 

love to do it, but the 
is with increased

Other current projects include 
books (we've got a couple in 
know anyone writing a book, have 
with us), finding more materials 
tapes, supplies) to make available to you through 
our Bookpage (we envision Bookpage as becoming a

dealing with experimental music), 
perhaps starting some 
expositions, production 
artistic video releases,

When Polyphony started, it provided a 
communication link between similar minded people 
who were far apart and who otherwise might not 
have been able to learn how others accomplished 
their music magic. After all, there is no reason 
for one person <*to go through the entire 
experimentation and development facets of creating 
new techniques or equipment if someone else has 
already reached a point of functional utility, or 
even perfection. I like the old adage about 'no 
need to re-invent the wheel', because it seems 
like so many people are doing exactly that. The 
material we cover is not the type of material you 
can learn of from reading the evening paper or 
watching the 10 o'clock news. There must be a 
communications link specifically for our industry 
in order to maintain educational and technological 
advancement, 
general, but 
personality 
technical dissertations. There is a definite 
for a 'Polyphony' to provide advanced applications 
for the majority of

one magazine, 
can take on many 
we are directly 
music and home

to do much more 
Communications and 
forms. (
involved 
recording- the obvious first branch to explore is 
a record label. At this point I can almost 
guarantee that this will happen. Several plans 
have been in the works for nearly a year, and are

With the release of this issue, Polyphony will 
have completed its fourth calendar year of 
publication— 16 issues. That's really not bad for 
a specialized magazine dealing with such new 
technology. But it is appropriate that we take a 
moment to reflect on some of Polyphony's original 
goals, and see how we are doing.

advertisers

Polyphony readers. Thank you for supporting them, 
because it supports us and your communications 
link, and allows us to expand our communications 
to include a number of related areas. Be sure to 
always mention that you are a Polyphony reader 
when responding to ads and product announcements.

Other magazines help the field in 
seem to tend towards either 

features or highly specialized

The best single word I can think of to represent 
the initial intent for Polyphony is 
communications. The electronic arts were, and 
still are, a very young field. Most of the people 
involved learned what they needed to know the hard 
way- scraping together manufacturers spec sheets 
and users manuals, trial and error experimentation 
in primitive 'tape oriented' studios or ill- 
equipped college music labs. It wasn't all easy or 
fun but, as most of you know, once the bug bites 
it's hard to get that sonic mirage out of your 
mind. So we persevered and grew with the industry.

As a publishing or communications oriented 
company, we see Polyphony as having the capability 

than publish 
education 

Concerning the field 
I with- electronic

The industry is
Polyphony is doing,

link in many ways. In turn, I 
excellent reports from our 

inquiries and responses

if there isn't 
back to you with 
article. We've 

developed a useful, accepted format to help spread 
thoughts. We want to help you; we want you to 
us. We want to .... communicate ....

The search for a means to 
facilities for our 
Polyphony's founding principle. 
It doesn't take a 
communications is a

experimenting musicians need your help. Tell our 
advertisers that you are a Polyphony reader, and 
what you like about their equipment, and what new 
products you need. Tell your local radio stations 
to play more electronic music; 
aside an hour 
produced music.
musicians about Polyphony; talk to music t 
college book stores, record stores, and pro 
stores about who and what Polyphony is - and the 
possibility of becoming a dealer for the benefit 
of their other customers. Many of you 
expressed an interest in 
frequent Polyphony. We'd 
only way it's feasible 
circulation. Tell Polyphony what you are working 
on, write articles for us, send us patch charts, 
send us your criticisms. Polyphony was, and still 
is, an information exchange medium which is 
heavily based on reader contributions. We have an 
increasing need for material due to our newer high 
density format,.increased publishing schedule, and 
possible increase in pages or frequency. DON'T 
THINK THAT YOUR MATERIAL DOESN'T MATTER. It does. 
DON'T THINK THAT YOUR MATERIAL ISN'T GOOD ENOUGH. 
It is. We have an editor; we have an artist. We 
can make your ideas presentable; 
enough information, we'll get 
ideas on how to expand your

preparing to emerge. The Polyphony label is 
founded on the fact that most larger labels refuse 
to get involved with any type of experimental 
music. And then they wonder why people are bored 
with new music, and why album sales are going 
down. Obviously, we know something they don't. We 
know that experimental artists, and even the 
amateur musicians, all have something to be shared 
with other people- something that must be shared 
in order for us all to find new avenues of 
exploration and expression. Polyphony intends to 
give the artist the voice he should have had all

6 POUPHOIMy -Sept./Oct. 1979



y- - - - - - - - -  Tell them you saw It in POUJPHONU
« 1 !

<-—INDUSTRY REPORT:—>
Experimenters Boards

Gentle Electric announces the availability of their Model 
101 Pitch and Envelope Follower circuit boards to 
manufacturers and experimenters. The board sets are fully 
assembled and tested and include schematics, PC board layouts, 
suggested interconnections, trim procedure, and owner's 
manual. Two boards are included in each set. The Amplitude 
circuit board is 5.125" wide X 6" long with a 22 pin edge 
connector. The Pitch circuit board is 5.125" wide X 5.25" 
long, also with a 22 pin edge connector. All I/O and controls 
for each board are on the edge connectors. The Pitch board 
contains two potted modules: an exponential current sink 
(contents shown on schematics), and a fundamental extractor 
circuit (contents not shown). The circuit boards are designed 
to stack with the Pitch board on top to allow easy access to 
all board trimmers (7 total).

Board sets are $275 per* set; $250 each for six sets. 
Fundamental Extractor potted modules (with applications 
assistance) are $150 each; $100 each for six. Schematics are 
$200 (applicable toward purchase). For more information, 
contact: Gentle Electric, 130 Oxford Way, Santa Cruz, CA 
95060, Ph. 408-423-1561.

New Vocoder

?..« ’sssrxt s—...1 1

" ’• ’’ ■' ’ ' ’ “ * = o -a e o e
/ --ecaccooco

Bode Sound Co. (1344 Abington Place, No. Tonawanda, NY 
14120, Ph. 716-692-1670) has announced the release of their 
new Model 7702 Vocoder. This vocoder features 16 analyzer and 
16 synthesizer channels in the vocoding range, extending from 
50 Hz. to 5080 Hz. A patented high frequency section in the 
non-pitched range from 5080 Hz. to 15,000 Hz. virtually adds 
the effect of another 6 vocoding channels, thus creating the 
performance of a 22 channel vocoder. With a response time of 
only 6 milliseconds, the model 7702 is capable of processing 
drum sounds, violin pizzicato and the like. The analyzer 
outputs and synthesizer inputs are accessible through phone 
jacks, and cross patches for sound scrambling can be made and 
activated or deactivated by manual or foot control. A Sample/ 
Hold control holds entered vowels when desired. The model 7702 
has a built in voiced/ unvoiced sound selector, a noise 
generator for the "s" sounds, a hiss/ buzz balance control, 
various mode switches, overload indicators for voice (program) 
and carrier inputs, a MIC-LINE switch for the voice input with 
the nominal mic input level being -40dBm (7 mv) and the 
nominal line input level being 0 dBm (.7 volts). The maximum 
output level is +15 dBm (4.4 volts), signal to noise ratio is 
better than 70dB. Input impedances are 20K ohms minimum; 
output impedance is 600 ohms. The unit is 19" wide, 7" high, 
12" deep (without controls), and weighs 17 lbs. Suggested 
retail price is $5600. A stereo demo cassette is available for 
the 7702; for more information, contact the manufacturer 
directly.

New Synthesis Chips
Paia Electronics, Inc. announces their selection by 

Curtis Electromusic Specialties as exclusive small quantity 
distributor for CES's new line of integrated circuits for 
audio processing and music synthesis. The Curtis ICs are wide 
range, low noise, second generation devices which represent a 
higher degree of integration than similar devices currently 
available, requiring minimum external support circuitry.

The OEM 3310 is a voltage controlled envelope generator 
with a typical time control range of 250,000:1. Attack, Decay, 
and Release times are exponentially related to control voltage 
input, and control voltage feed-through is for all practical 
purposes nonexistent.

The OEM 3320 is a high performance voltage controlled 
four pole filter with on-chip voltage controlled resonance and 
temperature compensation. The 3320's four independent sections 
may be interconnected to provide a wide variety of filter 
responses.

The OEM 3330 Dual Voltage Controlled Amplifier provides 
such innovative features as simultaneous linear and 
exponential control response and virtual ground summing nodes 
so that signal and control mixing can be accomplished within 
the device itself.

The OEM 3340 Voltage Controlled Oscillator is a full 
feature device which directly provides ramp, triangle, and 
voltage controlled pulse waveforms. Both exponential and 
linear response control voltage inputs are available, and hard 
and soft sync inputs are provided. The chip is fully 
temperature compensated so that external tempco resistors are 
not required.

Small quantity prices are: 3310 and 3330, $7.95 each; 
3320, $8.95 each; and 3340, $10.00 each. Complete applications 
documentation is provided with each chip. A $2.00 shipping and 
processing charge is required on each order. For more 
information, contact: Paia Electronics, Inc., PO Box 14359, 
Oklahoma City, OK 73114.

Rack Equipment System
RolandCorp US is introducing The Roland Rack, a system 

featuring complimentary products that provide a complete 
amplification and effects package for the performing and 
recording musician. Included in the Roland Rack products are 
two models of instrument preamplifiers, two power amplifiers, 
and five different signal processing devices; any and all of 
which can be housed in the rugged Roland Rack case. The system 
concept allows the musician maximum flexibility in tailoring 
his amplification and effects set-up to his individual taste. 
Rather than being limited to the control features found on 
conventional guitar amplifiers, the musician can build his 
system by adding the desired effects where he chooses, 
gradually or all at once.

The Roland Rack products and the Rack itself are built to 
existing industry standards of 19" in width and 3.5" in 
height. The Rack itself has 24.5" available rack space, which

continued on page 14.. ..
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Have A Project? 
Write It Up

For. . POUPHONU
.........Polyphony will pay $25 per printed 
page for articles on items such as 
equipment modification, circuit design 
and "build it" projects, software, 
equipment service and maintenance, 
interviews, theory tutorials, recording 
tips and techniques, and other topics of 
interest to our readers. $10 is paid 
for each patch chart published - we want 
patches for any model synthesizer. We 
also want photo or graphic submissions 
for use on our cover ...........................................
.........If you have never written an 
article before, don’t hesitate to give 
it a try. Material need not be polished 

that’s our editor’s job! 
Illustrations and schematics can be 
presented as rough pencil drawings. 
Photos should be black and white 
glossies. Text should preferably be 
typed double spaced .............................................
......... All material submitted must be 
original and never before published. 
Payment is made upon publication. 
Submissions are returned if you provide 
a SASS. All materials- accepted and 
associated copyrights become the 
property of POLYPHONY (unless arranged 
otherwise) and may not be reproduced 
without written permission from the 
publisher. If you’d like to test your 
ideas first, send 'em in. Or, if you 
have any questions, let us know .................

IDEMKEI
The publication for 
electronic musicians

Finally! A monthly source of informa­
tion, dedicated totally to electronic 
musicians. Edited by Craig Anderton; 
subscriber supported (no commercial 
ads) for maximum editorial freedom. In 
less than a year, we’ve reviewed pro­
ducts by Intersound, ARP, A/DA, 
Electro-Harmonix, MXR, Blacet Music 
Research, Schecter, TEAC, and others; 
ran schematics for a voltage-controlled 
phase shifter, 24 dB/octave VC filter/ 
phaser, 2 guitar re-wirings, envelope 
trigger for guitar, LED meter, control 
voltage processors, low cost envelope 
generators, and more; featured inter­
views with Cod ley & Creme (Gizmo in­
ventors) and Steven St. Croix (Marshall 
Time Modulator); told you the truth 
about cable capacitance, filed reports 
from the German and Hong Kong 
music scenes, showed how to lay out 
circuit boards, troubleshoot effects, or 
play prepared guitar; and published 
editorials, opinion polls (with some very 
interesting results), circuit design 
tips ... even how to soup up commer­
cial effects for new and different 
sounds!

You can plug into this information 
network: Subscribe today. Send $15/yr 
USA, $16 Canada/Mexico, $18 foreign 
surface/$24 foreign air mail to 
DEVICE, 12304 Scribe Drive, Austin, 
TX 78759. You can’t lose — if not 
satisfied, mark 1st issue “cancelled” 
and return for refund.

non-linearity. Probably 
figure Gary saw was in reference to

Having long found the CA3080 OTA to 
be useful for electronic music, Gary 
Bannister's "Experimenters Circuits" in 
your recent issues are certainly on the 
right track. I would like to mention 
however one point of possible 
misunderstanding with regard to the 
input level of the CA3080. Gary states 
(Nov/Dec 1978 issue, pg. 19) "The input 
voltage on pin 2 or 3 cannot exceed 100 
millivolts. There seems to be some 
confusion on this by the way. Some 
sources recommend no more than 10 mv, 
others up to 200 mv. My experience is 
that 100 mv won't hurt."

of these newer units, which are far 
better choices for a general purpose VGA 
than the CA3080.

Sincerely, 
Bernie Hutchins 
Electronotes 
1 Pheasant Lane 
Ithaca, NY 14850

In fact, this choice can be pinned 
down quite well, and is a matter of both 
theoretical and experimental record. The 
input stage of the CA3080, a standard 
two transistor differential pair, is 
inherently non-linear. As soon as you 
apply any voltage, it starts to bend 
over at the output. The engineering 
trade-off is to choose a large enough 
signal voltage so that signal-to-noise 
ratio is not terrible, and a small 
enough voltage that non-linearity does 
not produce excessive harmonic 
distortion. This is a very tight corner 
in fact. Most designers have chosen to 
limit the input level to ±10 mv or ±20 
mv at most. The ±100 mv Gary suggests is 
totally excessive from a linearity point 
of view. If you input a triangle wave at 
this level, it will be rounded beyond a 
sine wave. Incidentally, about ±80 mv 
makes a pretty good triangle-to-sine 
converter.

Therefore, ±100 mv is excessive, 
but we must always be careful to say 
what it is excessive for. Gary says "My 
experience has been that 100 mv won't 
hurt.", and I suspect that there is a 
lot of truth in this, and there is a 
very interesting point here. Gary is 
talking about using these in a 
synthesizer system, and the signals we 
present to a VGA in a synthesizer system 
are (logically enough) synthesized. They 
have no prior identity, nothing to be 
faithful to, making the term 
"high-fidelity" meaningless here. Such 
signals are also generally rich in 
harmonics and highly processed already. 
While we normally think that a VGA only 
alters amplitude, it is also permissible 
to think of the synthesizer as a string 
of modules, and at the output it doesn't 
matter who did what. The fact that the 
VGA altered the harmonics slightly may 
not be important, or it may even add a 
useful enrichment to the sound. In 
short, you may not be breaking the rules 
because there aren't any rules.

So the 100 mv figure may be 
realistic for synthesizer VGA's, but it 
is well to know exactly what is going on 
if you use it. Don't use much more than 
that however because the curve saturates 
at about 400 mv. For a general purpose 
VGA however, where harmonic distortion 
may not be so well neglected, you should 
limit the signal to 10 mv. By the way, 
we mentioned the "tight corner" that the 
CA3080 gets us into, and there is a 
better way. Some newer OTA's and similar 
chips have a "Gilbert input" which 
compensates for the inherent

Count my vote with those in favor 
of a basic programming column. Every 
issue I see the computer carrying us to 
new levels of versatility. But just as 
one must know how basic connections 
within a synthesizer will resond as 
opposed to simply following a patch 
diagram, so it is with computers/ 
synthesizers. I really appreciate the 
software, but what the program does is 
not (in the long run) so important as 
how it does it.

I opted to buy a Pet 2001. Hence I 
know some BASIC, but nothing about 
anything concerning machine language, 
memory locations, etc.. Also, such 
statements as "...press the second C on 
the keyboard...", how do I interpret 
this on my homebrew 5 octave system? You 
see, with some insights as to (for 
example) what location $AE actually 
does, I could modify the listing to run 
on my custom homebrew system. Such a 
column would be invaluable to owners of 
PETs, Apples, Z-80s; in short, any 
computer based system, and mostly those 
not using the Paia 8700 or 650X 
processors.

Right now there is a routine that I 
would like to write, but don't have the 
programming chops for. I'm experimenting 
(as often as finances allow) with the 
E-Mu music ICs mentioned in a previous 
issue of Polyphony. Eventually this 
system will be quite large and make 
extensive use of FM synthesis 
techniques. To create a synthesizer 
voice, the computer would print "Carrier 
to Modulation Ratio?" whereupon you 
would input the desired ratio. Then the 
computer asks "Modulation Index?", and 
you input some kind of transient 
generator code. It's set. The computer 
looks at the C:M ratio and sets the 
appropriate control voltages at the 
respective sample and hold outputs. The 
modulation index controls a VCA which 
perhaps is an internal part of a 
dedicated Modulation Oscillator. The 
output of the Mod. Osc. goes to an AC 
coupled linear input of the Carrier 
Oscillator and presto! FM! The advantage 
is, of course, hundreds of pre-sets 
without ever pulling a patch cord or 
twiddling a knob. Each voice also uses a 
minimum number of modules. FM should be 
able to run at the same time as Poly 
1.0, Seque 1.0, Echo, Shazam, as it 
could greatly (and easily) expand the 
sound resources available to use during 
these routines. It will probably require 
some very high resolution DACs, though
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this problem may be circumvented by some 
use of look-up and transposition tables.

As I said before, I can't write FM. 
But I believe it would be a tremendously 
powerful routine in the right 
circumstances. Programming columns and 
articles in Polyphony would provide the 
musician with the skills needed for him 
to turn such ideas into useful tools for 
his art. If you know of anyone working 
in this field, please let me know, or 
send my name and address along to them, 
please.

David Mays
212 Elm St.
Hurst, TX 76053

P.S. Oh yes. It seems that EM 
composition has permeated your 
typesetting methods in the new style 
Polyphony. First, pick a word event. 
This event may sometimes be followed 
immediately by another event, or by a 
long space (silence)....

David:
Your ideas for additional coverage 

of software would undoubtedly be 
worthwhile for the development of your 
FM program, and I think we all want more 
software. But, the results being 
indicated in Polyphony's current reader 
survey show that most readers feel that 
a basic programming or microprocessor 
fundamentals column would just use up 
space which needs to be devoted to 
advanced coverage of existing analog 
synthesis equipment and techniques. Many 
readers said they felt programming and 
processor technique could be found in 
any number of other magazines and books, 
and that Polyphony should concentrate on 
providing the advanced construction, 
modification, and applications education 
which has been our major strength in the 
past. I tend to agree with the survey 
response. The great flood of computer 
books and magazines from the past two or 
three years is just sitting out there 
waiting to teach us all something. We 
will continue to run some software and 
computer interface articles (in fact we 
already have articles lined up for 
future issues which present music 
software for a number of other machines 
including SWTPC 6800, PET, TRS-80, and 
others), but Polyphony will probably not 
become primarilly digitally oriented. 
Meanwhile, if some of you readers can 
help David realize his program, contact 
him directly. AND REMEMBER — when you 
guys get the program finished, be sure

3 REASONS WHY YOU NEED
OUR

iiiiiiiiiiiii
Music:
iiiiiiiiiiiii

NEW CATALOG.
11111111111111111111 ii i
Computers:
iiiiiiiiiiiiiiiiiiiiiii

iiiiiii i hi i i iiiii
Components:
iiiiiiiiiiiiiiiiiiiiiiiii

We provide parts kits for the pro- The CompuPro™ line from God- We stock resistors, low noise op
jects in Craig Anderton's widely ac­
claimed books, Electronic Projects

bout Electronics is one of the most 
specified product lines in the micro­

amps and other linears, capacitors 
(electrolytic, tantalum, mylar, poly-

for Musicians and Home Recording computer industry; from Apple styrene, and disc), TTL and CMOS
for Musicians. We also stock parts 
kits for many of the projects pre­
sented in his monthly Guitar Player 
column, as well as individual com­
ponents for those who like to start 
from scratch. Whether it's compres-

memory expansion to Z-80 CPU 
cards, we have something for your 
system. Our current product line in­
cludes static RAM for major busses 
like 8-100, Digital Group, H8, and 
SBC busses, along with 8-100 buss

ICs, memory and microprocessor 
ICs, regulators. Vector equipment 
(including enclosures), specials that 
represent exceptional values, and 
too many other parts and kits to 
mention here.

products such as a 2708 EROM 
board, color graphics board, dual 
serial and triple parallel + single llllllllllllllllllllllllllll

sors, tone controls, fuzzes, mixers, 
ring modulators, phase shifters, or a 
batch of other projects, we've got

to send it to Polyphony to be published 
so others can benefit from it, too!

Marvin

P.S. Concerning our new word processor 
(our new machine's name is AL) and his 
printouts— he is still young and has a 
lot to learn. But with some upcoming 
software modifications, ALs printouts 
should be increasingly better looking 
and easier to read.<7>

PRINTED IN U.S.A.

OOPS! :
A few bugs jumped into our * 

previous issue at the last moment. .
In "The Achilles Heel ..." • 

article, the picture in the left • 
column of page 11 should be ex­
changed with the one on page 12. •

The author of the Hex VCA • 
project on page 30 is Jim Rosen. *

Sorry for any inconveniences . 
these mistakes have caused. •
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The purpose of this article is to explore the use of 
analog synthesizers as a compositional tool, and to examine 
the various relationships that can develop between the 
performer and the synthesizer. When the concept of the 
synthesizer as an extension of oneself is adopted, the 
performer will attain a higher level of awareness in his 
playing.

I have conducted a series of experiments where individual 
modules and the patching of the synthesizer itself played a 
part in the composition of a musical piece. The first half of 
this article contains some background information and theory 
while the second part contains specific patches and 
explanations.

Anyone familiar with synthesizers recognizes the factors 
which come into play as one goes about operating his or her 
system. Musical ability, hearing, tactile response, 
psycho-acoustics, logic, and sonic recall are but a few of the 
areas that are encompassed. The human ear may be regarded as a 
microphone or transducer which translates air pressure 
fluctuations (sound) into nerve impulses. The brain processes 
this information along with data in its memory, and then sends 
commands out. Since our brain can only understand 
electro-chemical impulses, all information recieved and sent 
must be in this medium. Our senses therefore act as an 
interface to the outside world.

The synthesizer also acts as an interface; it is the 
medium which allows us to manipulate and process voltages into 
meaningful sound. In figure #1 we can get an idea of the 
various feedback loops that are set up when using a 
synthesizer. The brain directs the hand to move sliders, pots, 
etc. The commands sent from the brain are affected by 
information recieved from the ears, eyes, hands, and 
information already stored in the brain. Once a person is 
familiar with the particular equipment involved and the 

has become a vehicle for the content or message. By forgetting 
about the mechanics involved, the doors to creativity have 
been opened and the boundaries expanded simply by the nature 
of your interaction with the equipment.

I freelance as a composer, recording engineer, and 
synthesizer programmer and find it humorous when unaquainted 
musicians first confront and work with synthesizers. They will 
usually experience what is known as the "Me Against The 
Machine" syndrome. The novice's conception of the synthesizer 
usually is a machine which they must battle, coax, intimidate, 
or whatever to get the desired result. The sound created is a 
result of the process of a musician interacting with a 
machine. Until one "gets" this concept he will never realize 
the full potential of himself and the equipment.

Emotional and Social 
Consequences

Examining the emotional and social consequences of the 
creative process can give valuable insight into ourselves. The 
emotional consequence of playing synthesizers obviously is a 
sense of satisfaction in the realization of particular sounds. 
On occasion, I have done pieces which were the result of pure 
frustration. This 'music as therapy' will assuredly never make 
it to the top ten, however, it releases the tension for me to 
move on to new areas of exploration. At other times, my 
compositions have reflected tranquil and happy states of mind, 
and on listening to these pieces repeatedly, it becomes an 
affirmation of myself.

It is interesting to note what different people will find 
desirable and satisfying in a particular piece of music. Some

The aA cl Medium
by Mark Styles

procedures used, his consciousness will transform the 
synthesizing process into one continuous action.

At this point, the experienced synthesist will realize 
his knowledge and use of the equipment has transcended to an 
intuitive level. The achievement of a particular sound is no 
longer broken down into basic steps; rather it has become a 
series of programmed muscle movements which are guided by 
auditory feedback. One's awareness, then, is a whole 
integrated process; your consciousness is normally unaware of 
the consecutive steps being carried out by the brain when 
solving any given problem. Stated more simply, we are normally 
unaware of our awareness. This is a cybernetic or 
self-organizing process, and the success in achieving the 
desired sound depends on the synthesists abilities, habits, 
experience, mood, and so on.

Another way to view this cybernetic process is that your 
brain has stored all the commands necessary to achieve the 
desired results and filed them under one name. It is like a 
subroutine or a defined function. Your brain goes through all 
the steps to achieve the end results while consciousness is 
focused only on the right sound.

When this level of proficiency has been reached the 
instrument becomes an extension of yourself. While using the 
instrument, your concentration is focused on the achievement 
of the end result rather than individual components, patch 
cords, etc. Your ideas have been translated to electrical 
information and the synthesizer is being used as an extension 
of yourself to manipulate and process this information. The 
resulting sound represents a manifestation of your creative 
thought processes.

Once you have mastered this creative process, you are no 
longer dealing with the medium (the synthesizer itself), but 
rather it's content (your ideas). The synthesizer, in effect, 

synthesists will gravitate to specific uses of their 
equipment. Jan Hammer has an uncanny knack for doing guitar 
licks. His bending of notes and speed riffs obviously give him 
a sense of pleasure and release in playing.

The social consequence of a man/machine interaction can 
reach incredible proportions. While the content or message is 
spread more or less intact, it is possible for the medium 
itself to shift radically in the process.

The sounds created by Jimi Hendrix and the Beatles opened 
new vistas of sonic territory. Their interaction with 
technology accelerated the pace for exploration in sound 
producing and modifying equipment. The music of these artists 
was a reflection of their lifestyle in that it had a certain 
undefinable freeform style to it. Part of the message was "I'm 
doing what I want, it doesn't conform to the social norm, and 
I don't care.".
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While a number of musicians followed the footsteps of 
Hendrix and the Beatles in the quest for sound, many listeners 
got just the second part of the message. A similar attitude 
was adopted and applied to other areas of life rather than 
music (colorful clothes, long hair, a more open viewpoint of 
life, drug experimentation, etc.). This audience has 
definitely had some effect upon society although we are still 
too close to ascertain it’s full impact.

I am not implying the next time you adjust your "Initial 
Decay" it's going to have great social impact upon the world, 
rather I'm trying to demonstrate the potential for change. If 
someone can create a sound unique enough, he has the potential 
to reach and affect literally millions of people.

Intuition Versus Logic
The intuitive process used in tuning a patch is 

constantly moving in and out of focus as you work. While you 
are in the intuitive mode, your analytical mind is in the 
background, functioning to a degree. Each person operates on a 
unique basis; one individual's intuitive level may be 80% 
intuitive and 20% analytical, while another person's might be 
55% intuitive and 45% analytical.

For example, if you are working on a gong-like chime 
patch and have not done much exploration in this area, you 
will probably switch between analytical and intuitive methods. 
When analytical methods do not achieve results you will turn 
to intuitive methods or, if desperate enough, even try random 
ideas. Eventually, when you have reached the desired sound, 
your brain will have made some record of what you did so the 
next time the search will be shorter.

If your tape deck suddenly stops working, your 
consciousness moves from its automatic "get your favorite 
patch" mode to its analytical, step-by-step, "trace down the 
problem" mode. Other factors are also present; you might be 
waiting for the phone to ring (three rooms away with closed 
doors) or you might be excited or sad. All of your feelings 
and thoughts will affect your interaction with the synthesizer 
to a degree. Shifting back and forth between the dozens of 
appropriate modes results in different levels of 
consciousness. I have reached an almost blissful state on the 
fiftieth take of an overdub. After going through boredom, 
frustration and anger, I would reach an incredible level of 
sereneness. A totally detached feeling would envelope me as my 
hands mechanically moved about the keyboard and my mind 
thought of nothing.

Composing with Machines
What I propose to examine are a few methods of using 

sequential devices as compositional tools. Naturally the 
reader is encouraged to use these ideas to the extent he or 
she sees fit. By understanding these principles and making 
them part of his own personal knowledge, the composer will be 
free to draw upon this information and use it appropriately. I 
am not suggesting that we give up writing music and relegate 
the task to sequencers, switches, etc., but that we use these 
devices to implement our ideas and to make them an extension 
of ourselves.

The equipment I use throughout these experiments consists 
of an Aries AR-334 analog sequencer module, an AR-335 switches 
module, an AR-318 sample/hold clock and noise module, an 
AR-323 dual mixer, an AR-331 preamp and envelope follower, and 
a digital divider module. Also used were the usual complement 
of standard synthesizer modules found in a medium sized 
system. The procedure I followed was to record a sub-audio 
sawtooth on tape and use it as my click track to clock the 
sequencer, divider, and switches on subsequent passes. In this 
way, I could lay up several passes onto tape to check out the 
various results.

Description of Modules
The sequencer is an 8 step, 2 layer analog sequencer with 

position gate outputs at each step. Its features include a 
reset input, a run/enable/step input, and a three position 
toggle switch to detirmine the mode of operation. The 
sequencer requires an external clock to operate. Sequences 
shorter than eight notes can be obtained by patching one of 

the sequencers gates to the reset input. The run enable and 
step input permits voltage control of the sequencers start and 
stop. Normailed to this input is +10 volts. When the sequencer 
switch is in the RUN position and greater than +3 volts is 
present at the run enable and step input, the sequencer will 
step once with each rising edge presented to the R/E/S input. 
The step position is a spring loaded position which permits 
the user to manually step the sequencer through its positions. 
The eight dual pots provide +10 volts out for maximum 
versatility. To facilitate tuning of the VCOs, the +10 volts 
should be attenuated.

The switches module consists of two 2 position switches 
and two 4 position switches. All four switches are 
bidirectional. The clock of the second 2 position switch is 
normalled through a divide-by-two to the clock input of the 
first 2 position switch. The 4 position switch is identical in 
operation to the 2 position switch except it has four stages. 
These switches each have their own clock input and their own 
manual toggle. In addition there is ten volts normailed to the 
single input of each switch.

The second 4 position switch is a threshold sensitive 
switch (consecutive window comparators). This switch does not 
step on the rising edge of a waveform as do the other three, 
but rather on the threshold levels that are set for each 
position of the switch. There are four threshold pots which 
will turn on their respective positions depending on the 
voltage present at the clock input. By sampling noise and 
patching the sampled output to the switch clock input, the 
switch will randomly step among the four stages. By setting 
each succesive threshold higher, a sawtooth will turn on each 
position sequentially - A, B, C, D, A, B, C, D, etc. A sine 
wave, after it has been biased up above 0 volts, will fire C, 
D, C, B, A, B, C, D, C, B, A, B, etc. The switch will not 
respond to negative voltages, although they do no harm.

There is also a three position toggle for the threshold 
switch which allows only one stage on at a time, or each stage 
to stay on as it's threshold is exceeded, or each stage to 
turn off as it's threshold is exceeded. This module also 
contains ten LEDs which display the status of each switch at 
all times. Both the sequencer and the switches module can be 
driven by TTL logic without an interface.

The sample/hold module also contains a voltage 
controlled, syncable low frequency oscillator and white, pink 
and random noise. By adjusting the output attenuator, the 
sample/hold can be scaled to unity gain. Thus sequencer 
permutations can be derived by using two different clocks (one 
for the sequencer, one for the S/H). This is illustrated in 
diagram #7 and covered later.

The preamp and envelope follower is a four function 
module containing a preamp, envelope follower, comparator, and 
inverter. The comparator provides a gate and trigger output, 
which makes it very useful for generating timing signals from 
an external instrument.

The digital divider is a home made module. It was 
designed by John Ball, a radio astronomer at Harvard, who 
experiments with synthesizers in his spare time. This project 
was originally described in Electronotes (EN #34, 8- 1974). 
The divider utilizes five TTL counter chips and has a number 
of uses. Dividing an audio frequency produces octaves and 
other justly intoned intervals which allow one to build a 
really big sound from just one oscillator. Dividing sub-audio 
signals can provide various rhythmic divisions.

The divider basically consists of three sections, the 
first of which is the comparator. The comparator's function is 
to derive a clean usable pulse from any waveform that is 
presented to it. The pulse is then fed to the two other 
sections, both of which are divider circuits. The second 
section actually consists of nine counters, each with its own 
output. So by feeding a waveform in, one can obtain 
simultaneous divisions of 2, 3, 4, 5, 6, 8, 10, 12, and 16. 
The third section is a counter which will divide by any number 
from 2 to 256. This is accomplished by eight binary coded 
toggle switches (weighted 1, 2, 4, 8, 16, 32, 64, and 128). 
You merely add 1 to the sum of the toggles thrown and this 
output is available at a separate jack.

Three LEDs have been installed to show the status of the 
input, monitor, and output sections. A suitable pulse is 
derived by adjusting the comparator so that the monitor LED 
matches the input LED. A visual check on the second divider 
section is provided by the output LED. It's rate will 
correspond to the toggles switched into the circuit. I have 
also added a pushbutton which resets all the counters to zero. 
This will allow me to sync 'divide by' pulses to a tape. As a 
convenience to use with the rest of my system, I have added an
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attenuator with a 'multipled' outlet. As mentioned earlier, 
the divider's TTL logic will drive the Aries switches and 
sequencer directly. To fire an ADSR, an additional circuit has 
been added to bring up the voltage level to the ADSRs 
threshold.

Using The Sequencer 
and Switches Modules

The consensus seems to be that analog sequencers are 
obsolete now that digital units are available. Analog 
equipment still has some merits to it, and when used in 
conjunction with the switches module, you can obtain some 
quite interesting results. See figure #2.

This patch takes two eight note sequences and generates a 
32 note sequence before repeating. I have depicted the results 
in both musical notation and in a step representation. Note 
that the second 2 position switch is normailed to fire at one 
half, the rate of the first 2 position switch. The numbers 
stand for sequencer step positions, and the letters stand for 
pitch output (sequencer layer) A or B.

STEP AND PITCH BREAKDOWN

1A, 2B, 3A, 3B, 4A, 5B, 6A, 6B, 7A, 8B,
1A, IB, 2A, 3B, 4A, 4B, 5A, 6B, 7A, 7B, 8A,
IB, 2A, 2B, 3A, 4B, 5A, 5B, 6A, 7B, 8A, 8B

The first pulse from the LFO steps the sequencer and
toggles both switches to position 1. Switch 1 sends the
voltage from 1A to the VCO. The next clock pulse steps the 
sequencer to the second position and toggles switch 1. The 
voltage at sequencer position 2B is sent to the VCO. On the 
third clock pulse switch 1 toggles to pass the voltage at 3A, 
switch 2 is toggled and the +10 volts is disconnected from the 
R/E/S input. The fourth clock pulse toggles switch 1 and it 
routes the voltage at 3B to the VCO. Note that the sequencer 
did not step to a new position because the +10 volts was not 
present at the R/E/S input. The fifth pulse toggles switches 1 
and 2. The +10 volts from switch 2 advances the sequencer and 
pitch 4A is sent out. The result of this patch is a 32 step 
repeating sequence.

Bear in mind that the switches will process any signal 
put through them. For instance, they could be used to select 
between two different envelopes, audio waveforms, or similar 
signals. With some audio signals, undesirable transients could 
be encountered when the switch changes state. These are most 
apparent when switching between mellow, continuous sounds; an 
altering of the patch could achieve similar results however.

The patch in figure 3 utilizes one 2 way and one 4 way 
switch. The 4 way switch is used to reset the sequencer 
position gates, and the 2 way switch is fired once every 22 
notes. This gives you a 44 note sequence.

It is possible to program rests into your sequences. 
There are a number of methods to accomplish this. The patch 
shown in figure 4 will cycle through every 14 steps with 6 
rests occuring. It is permissable to mix position gates by 
simply 'multing' them together. Two mixes of gates are sent to 
a switch and then inverted. These inverted gates will then 
close down the VCA which in turn will stop the audio output.

Using The Divider in 
Conjunction

With The Sequencer
By utilizing the patch of figure 5 we are able to come up 

with an almost limitless variety of sequences. The procedure 
was to lay down one track on tape of sequenced material, 
rewind the tape, and then lay down a second pass of the 
sequencer. The gain, envelope follower, and threshold levels 
must be properly set so as to derive sharply rising gates as 
timing signals. The sequencer must be reset to its starting 
position if you want the two tracks to be in sync. On 
successive passes you can try different "divide by's" for 
different effects.

two

In figure 6 I have notated some of the different 
permutations. 6A is the original eight note sequence. On pass 
one, line 6B was recorded. The digital divider was then added 
to the patch and VCO 2 was tuned a fourth above VCO 1. Divider 
output 5 was patched to the sequencer clock and preamp. This 
resulted in the divider stepping the sequencer at one-fifth 
the speed of the previous track. The resulting line is 6C. The 
two tracks, represented as lines 6B and 6C will coincide on 
every 40th pulse recieved from the tape.

12 FOWPHONy -Sept. /Oct. 1979



five
On the third pass I changed the divider output to 3. This 

resulted in line 6D. The sound is now beginning to get 
thicker; switching envelope and filter settings, plus changing 
octaves can relieve some of the tension. Now the coinciding 
point for all three voices will be 120 clock counts (3 X 5 X 
8).

introducing The Sample/Hold
The patch in figure 7 has had a sample/hold added. Note 

that the digital divide monitor output is the same as the 
input. The divider's output is 5 and the second VCO is still 
tuned to a 4th. This results in the musical passage 
illustrated. Here again the sequencer will count 40 tape 
counts before resetting. By using different filter and 
envelope parameters these two lines can set up a lot of 
activity. The aural effect does not strike one as being the 
same notes because of the voice difference, the fourths, and 
the different attack rate.

The Mixer as a Modifier
It is possible to use a mixer for automatic transposing 

as shown in figure 8. First the mixer must be inserted between 
the sequencer and VCO at unity gain. Next, patch +10 volts to 
mixer input #2 and adjust the pot to transpose by the desired 
interval. In the example cited, I added 2/12 of a volt which 
raises the sequence by a whole note. I find it easier to 
disconnect the sequencer and substitute a sequencer for this 
tuning procedure. If both switches are set to the first 
position the resulting notes will be as illustrated. Every 
second note of every even measure will be raised by one whole 
step. By using more mixers, both layers of the sequencer, and 
the 4 way switch, the permutations become staggering.

Another use of the mixer is to patch the four outputs of 
the threshold switch into a mixer and then use the mixer 
output to frequency modulate the VCO clock as shown in figure 
9. The threshold switch is illustrated as being clocked by the 
sequencer pitch output. An interesting alternative would be to 
trigger the threshold switch with a sample/hold output. I have 
also inverted and biased the divider output so every 48th note 
holds the sequencer for one count before moving to the next

The mixer may be used with the four way switch as a 
simple sequencer by patching directly to a VCO. This could be 
used in conjunction with the sequencer. Another possibility 
would be to patch the mixer output to the PWM and FM inputs of 
a voltage controlled clock. This would not only control the 
speed, but the duration of the sequencer position gates (note 
duration).

A number of previous examples are called into play in the 
patch of figure 10. It will shift keys twice, a whole step and 
an octave. The length is indeterminable because ot the 
sample/hold's function in the circuit. The multimode filter is 
being opened and closed by three ADSRs. Care must be taken so 
as not to overload the filter when both ADSRs are present. 
Certain notes will be accented with an amplitude shift. Gates 
could be attenuated and used for PWM, VCF or VCA modulation to 
add more variation.
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