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| hope this book becomes tattered from use and is kept close at hand on your desk or
work bench. We're going to cover a lot of information about analog synthesizers and
how to get started in the fun and engaging hobby of synth-DIY. You'll need some elec-
tronics knowledge to fully benefit, but | think you'll find what’s here interesting and
informative regardless of your experience. Be forewarned that thisis one of those hobbies
that can become consuming, with ideas building on other ideas and inspiration coming
at all hours of the day and night. You may find yourself soldering in your skivvies from
time to time because you come up with an idea that simply can’t wait for tomorrow to

try out.

How | Got Started

I've had a consuming interest in analog synthe-
sizers since the first time | heard Switched-On
Bach back in the spring of 1968. Back then, the
only thing that separated me from one of those
analog beauties was cash, and lots of it. Those
early synthesizers were way out of my financial
reach, as in thousands of dollars out of my reach.
However, | had an excellent opportunity to at
least check them out and play them. My window
into the world of analog synthesizers was pro-
vided by a music store in McKees Rocks, Penn-
sylvania, that has been there since 1965.

I haunted the keyboard room at Hollowood Music
and Sound just about every day of my adoles-
cence, and | can still remember being able to try
out any of the amazing units on display. Looking
back, I really appreciate how cool Mr. Hollowood
was for allowing a skinny kid with long, curly hair
and a penchant for trying to imitate Keith Emer-
son (I said trying...) to jam on any synth in the
store while he was well aware that | couldn't pos-
sibly afford any of them (Figure P-1). The person
who ran the keyboard room was an amazing key-
board player named John Bartel. John was one
of my heroes because not only was he an out-

standing keyboardist, but he actually knew how
to getan awesome sound out of any synth in the
place, including the ARP 2600.

Figure P-1. Would you let this character try out your ARP
26007

In those days | didn't know an ADSR from the
business end of my alimentary canal. Eventually,
after | started to work at U.S. Steel (as in an actual
steel mill),  had some money in my pocket, and
you can probably guess where | spent it. | went
through a litany of analog synthesizers, buying,
selling, and trading mainly Korgs, Mini-Moogs,



and a variety of the patchable semimodular Ro-
land units. I'm ashamed to say that often | didn't
fully explore the nuances of a synth before trad-
ing it off for a newer, shinier one.

Analog synth greed got a hold on me, oh lordy it
got a hold on me. Playing and recording with
them on my Tascam 4-track with 10-inch reels
wasablast, butl wanted something more.lwant-
ed to be able to make an electronic device that
would allow me to interact with the synthesizer
somehow. | had grandiose visions of someday
making my own synthesizer. Little did | know that
one day | would be building my own modular
analog synthesizers that could do anything any
synthesizer in that keyboard room could do (and
more). And you can too.

My Electronic Roots

When my father, who was a remarkable mechan-
ical engineer, used his influence to get me a job
at the U.S. Steel Wheel & Axle Works in McKees
Rocks, Pennsylvania, as a laborer in the “labor
gang,” | couldn’'t have guessed what was in store.
To this day it surprises me that the mill would
eventually be my ticket to receiving electronics
training and in time (OK a /ot of time) lead to me
starting my own small electronics business, Mu-
sic From Outer Space LLC, which | run to this day.

After a year or so of shoveling, sweeping, and
jackhammering—and way more than likely at
the behest of my father—I got into an electronic
repairman apprenticeship program. This meant
that | was freed from the labor gang! Not that
jackhammering scale (the drossy crust that falls
from steel billets as they are being heat-treated)
out of furnaces that had been heat-treating train
wheels the day before wasn’t fun, but the ap-
prenticeship was a godsend (well actually a dad-
send). The apprenticeship meant that | got to go
to the Homestead Works in Homestead, Penn-
sylvania (where they used to produce those giant
buckets full of molten steel) and get paid more
than | did as a laborer to learn electronics!

| had found my passion. | supplemented my
classroom training with breadboard experimen-
tation, a Heathkit microprocessor trainer kit, and
reading, reading, and then... more reading. | did
the practice math problems and experiments in
the books, and I'd encourage you to do the same
if you're just getting started. Through it all |
learned enough to spend the next 15 yearsin the
medical electronics industry, finally landing in
the biomedical engineering department of Sie-
mens Pacesetter. Interestingly, | was able to do
this without an engineering degree, but | think
those days are over, so get in college and stay
there until you're armed and dangerous with a
degree in something useful.

Equipped with enough electronics training to be
dangerous, a friend and | started a small elec-
tronics kit sideline called Waveform Processing.
We were located in Crafton, Pennsylvania, and
were in business from the late 1970s into the ear-
ly 1980s. | designed some simple sound-making
boxes (Figure P-2 shows the construction book
and PC board that came with the Waveform Pro-
cessing Mini-Synth), etched boards, kitted parts,
and advertised in the much revered and re-
nowned Radio Electronics magazine.

Figure P-2. The Waveform Processing Mini-Synth
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To this day, | still cringe when | think of what we
used to pay for a 15-word classified ad buried
among hundreds of others in the back of that
magazine: $500. Needless to say, the brand
“Waveform Processing” is not rolling off of any-
body’s tongue today.

My interest in electronics didn't wane by any
means; | kept on researching and breadboarding
and developed some very cool mono- and poly-
phonic synths. | remember the excitement of dis-
covering the Curtis Electromusic Specialties
chips designed by Doug R. Curtis. They were sim-
ply the coolest chips ever. You could easily build
voltage-controlled filters and voltage-controlled
oscillators that tracked one volt per octave per-
fectly and were completely temperature com-
pensated. | was in heaven. Eventually, however,
family and job responsibilities caused me to pay
less and less attention to synth-DIY.

| was getting my electronics design fix at Intec
Systems in Blawnox, Pennsylvania, and eventu-
ally Siemens Pacesetter in Sylmar, California, so
my focus shifted to designing electronic test
equipment and writing software. In 1994, an
earthquake of magnitude 6.7 chased us out of
California and on to Aurora, Colorado. | can still
remember throwing my first attempt at a mod-
ular into a huge dumpster as we hurriedly
cleaned house and prepared to move. (Manwish
I still had that thing.)

After my work focus shifted entirely to software
development, my need to work with electronics
brought me full circle and back to synth-DIY with
avengeance. | started a website called Ray-Land
(perhaps I'm a tad bit narcissistic) and began to
publish the circuits, PC layouts, and circuit de-

scriptions | was coming up with. | developed a
simple, battery-powered mini-synthesizer called
the Sound Lab Mini-Synth and published that as
well, and it started to attract attention
(Figure P-3 shows the very first Sound Lab Mini-
Synth prototype).

Figure P-3. The Music from Outer Space Sound Lab
Mini-Synth prototype

Music From Outer Space

A fellow DlIYer suggested | start selling the PC
board for the Sound Lab Mini-Synth, and before
you knew it, my current business, Music From
Outer Space LLC, was born. | had the privilege of
writing a 10-page article about the Sound Lab
Mini-Synth for the March 2006 edition of the
magazine NUTS AND VOLTS, Everything For Elec-
tronics. They even paid me half-decently to write
it, to boot. | get a kick out of it to this day.
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electronic components you can do it yourselfl.

Music From Outer Space

Welcome To MFOS, Your Synth-DIY

What is synth-DIY? Synth-DIY is just what the name implies. Synthesizer Do It
Yourself. Many people, like me, grew up in the dawn of the analog synthesizer age
(Moog, ARP, Oberheim, Buchla, RCA, EMu, Fairlight, PAIA and many others) and

although we may have really JvantEd our very own analog synthesizer with dozens &=
of knobs and switches they were w-a-a-a-y out of our reach flnanc\ally Mow many ‘
people with a modicum of electronic skills and a renewed interest in analog
synthesizers are discovering that with a schematic, a PC beard and some

MFOS' mission is to help people realize their synthesizer dreams. We provide
analog synthesizer projects with complete schematics, assembly drawings and
professionally manufactured PC boards. If you would like to learn more about
electronics or analog synthesizers then try these links:

» The Path to Your MFOS Modular - Getting Started and Beyond
» Analog Synth 101 {Introduction to Analog Synths)

Where're the pictures?
They're all posted on the
MFOS Facebook Page

[ You, Debra Wilson
and 1,131 others ke |
this. Il

EXPRESS ROUTE TO W5G

Hey man, where's

« How can I start learning about electronics?

» Suggested Reading (Electronics and Analog Synthesizers)

the W56 page?

Keep imagining, keep inventing, stay ingenious.

Welcome to the site. Here's a
short YouTube video to help
you get the most out of it.

NEW! - NOISE TOASTER

&% Music From Outer Space NOISE TOASTER %%

Twitter me this Batman!

KITS BACK IN STOCK

WSG and Scund Lab
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The MECQS NOISE TOASTER is way more fun than you thought was possible with 5 8V battery! It's an
awesome little 9V powered noise box that's like carrying around a miniature synth. This project is a bit
more complex than the WSG but has far more sound shaping and producing capability. This is going to
be one of your favorite portable toys (amp and speaker built in). PCBs and PLATEs TN STOCK!

Building synth cabinets
is not rocket science.

Gy

Figure P-4. The Music From Outer Space website

The name Music From Outer Space (also known as
MFOS) was inspired by the fact that space pro-
gram-related research was instrumental to the
successful development of transistor and inte-
grated circuit (IC) technology. Eventually, the
technology trickle-down brought highly relia-
ble, reasonably priced electronic components,
transistors, and ICs to the masses. Today, MFOS
is a popular website visited by synth-DIYers the
world over (Figure P-4 is a screenshot from the
website).

It's a great feeling to receive email from visitors
expressing appreciation for the information and
resources the site provides. | never forget how |
learned from and was inspired by the work and
invention of the synthesizer pioneers, many of
whom are sadly gone now. The site’s Acknowl-
edgments page pays homage to my synthesizer

heroes: the analog synthesizer inventors and
electronics book authors who have inspired and
taught so many of us. I'm convinced that synth-
DIYers are some of the most creative and clever
people around today, and I'm happy to say that
many of the emails | receive from people asking
questions or kindly thanking me are from some
of the world’s most prestigious learning institu-
tions.

What You Should Know

If you have no electronics knowledge or training
but still have a burning desire to get into analog
synth-DIY, you have a bit of work ahead. You'll
need to understand basic electronic principles
such as:

« Reading a schematic
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e Ohm’s law

« How passive components work: resistors, ca-
pacitors, coils, transformers, switches, and
relays

« How active components work: diodes, tran-
sistors, integrated circuits, and LEDs | heartily
recommend the book Make: Electronics by
Charles Platt (O'Reilly/MAKE). Don't think
you have to completely understand the
guantum mechanical level of operation be-
fore you can even get started, or you may
never get started. The quantum community

is still duking it all out.

Learning by
Discovery

Burn things out, mess things up—that’s how you learn.

Make: _
Electronics )

Charles Platt .

Figure P-5. Make: Electronics is an excellent kickstarter
for your basic electronics knowledge

Purchase one of those 75-in-one electronic ex-
perimenter kits that have the components con-
nected to springs or clips that facilitate building
up and tearing down circuits quickly. The kits
normally come with a book that takes the user
through scores of experiments that often build
ononeanotherand clearly present the principles
of operation for each circuit presented. | suggest

you discipline yourself to simply step through
every experiment and maybe even do each one
twice for good measure! Yes, the kits look a little
cheesy in their colorful cardboard boxes, but you
can bet that Bobby Moog himself went through
a number of these in his youth, and believe me,
if you apply yourself, you will learn quite a bit.

The material presented in this book assumes a
basic level of electronics knowledge and experi-
ence, including schematic reading, recognizing
electronic components and how to read their
values, soldering, and constructing electronic
projects, including PC board population and
front panel wiring. And no matter if you've been
building for years or if you've just started, you'll
need to know some troubleshooting techniques.

Once you've got the electronic basics down,
you're ready to start finding synth-DIY projects
to experiment with. The Music From Outer Space
website presents scores of fully documented
synth-DIY projects for both newbies and ad-
vanced hobbyists. | think you'll find the Noise
Toaster lo-fi noise box (see Chapter 4) to be a
great starting project if you're a synth-DIY new-
bie—and just one of the coolest portable toys
everifyoualready have DIY skills. It makes areally
wide variety of sounds, and it’s a solid analog
synthesizer through and through.

What's Next?

Chapter 1 gives some background and shows a
few examples of what kinds of synthesizers are
possible to build once you have some synth-DIY
experience under your belt. Chapter 2 shows you
what tools, test equipment, and electronic com-
ponents you'll need in your work area or lab to
succeed in your synth-DIY work. Chapter 2 also
covers how to improve your soldering skills and
presents some sage troubleshooting advice. In
Chapter 3 I'll discuss the purpose and operation
of the various analog synthesizer modules, what
they do,and how they interconnect and interact.
Chapter4 describesthe construction of the Noise
Toaster analog noise box project. Chapter 5
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presents an introduction to op amps that leads
into an explanation of the circuitry behind the
Noise Toaster in Chapter 6. Chapter 7 brings it all
together with some useful information about
how to record your next platinum synth music
CD using your computer as a multitrack record-
ing studio. The three appendixes dive deeper in-
to several common electronic circuits found in
analog synthesizer modules, how they function,
and how you can use them in your own projects.

We've got a lot of material to cover, so let’s get
started.

Conventions Used in This
Book

The following typographical conventions are
used in this book:

Italic
Indicates new terms, URLs, email addresses,
filenames, and file extensions.

This box signifies a tip, suggestion, gen-
eral note, or warning.

Using Examples

This book is here to help you get your job done.
In general, if this book includes code examples,
you may use the code in this book in your pro-
grams and documentation. You do not need to
contact us for permission unless you're repro-
ducing a significant portion of the code. For ex-
ample, writing a program that uses several
chunks of code from this book does not require
permission. Selling or distributing a CD-ROM of
examples from MAKE books does require per-
mission. Answering a question by citing this
book and quoting examples does not require
permission. Incorporating a significant amount
of examples from this book into your product’s
documentation does require permission.

We appreciate, but do notrequire, attribution. An
attribution usually includes the title, author, pub-
lisher,and ISBN. For example: “Make: Analog Syn-
thesizers by Ray Wilson (MAKE). Copyright 2013
Ray Wilson, 978-1-449-34522-8"

If you feel your use of code examples falls outside
fair use or the permission given above, feel free
to contact us at permissions@oreilly.com.

Safari® Books Online

Safari Books Online is an on-demand digital li-
brary that delivers expert content in both book
and video form from the world’s leading authors
in technology and business.

Technology professionals, software developers,
web designers, and business and creative pro-
fessionals use Safari Books Online as their pri-
mary resource for research, problem solving,
learning, and certification training.

Safari Books Online offers a range of product
mixes and pricing programs for organizations,
governmentagencies,and individuals. Subscrib-
ers have access to thousands of books, training
videos, and prepublication manuscripts in one
fully searchable database from publishers like
O'Reilly Media, Prentice Hall Professional,
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In the mid-1960s an electronics engineer with a Ph.D. from Cornell University in engi-
neering physics was starting a musical revolution, and he didn’t even know it. That en-
gineer was Robert Moog. In a small factory in bucolic Trumansburg, New York, he was
developing a series of unique electronic analog sound synthesizers that would take the

musical world by storm.

At the same time, the muse of invention was
striking a West Coast engineer named Don Bu-
chla. Buchla was developing his own unique ser-
ies of electronic analog sound synthesizers. Both
Moog and Buchla’s remarkable inventions were
voltage-controlled; they both used a varying volt-
age to control the sound-shaping functions of
the synthesizers’ modules.

It wasn't long before analog synthesizer sounds
and music were being heard everywhere all the
time. They made their way into music studios,
records, commercials, jingles, company sound
logos, movies, every genre of music, video
games: everything. Analog synthesizer sounds
and music had become so widespread that
scores of companies saw the potential market
and dove headlong into the analog synthesizer
business. Some popular manufacturers were
Moog, ARP, Oberheim, Yamaha, Korg, Fairlight, E-
mu Systems, Roland, and many others.

Although extremely popular for many years, the
analog synthesizer’s sales numbers eventually
began to dip with the advent of less expensive,
easier-to-manufacture, and pretty darn snazzy
digital synthesizers. Instead of creating sounds
using analog sound-producing circuitry, digital
synthesizers use microprocessors to do the
heavy lifting. Binary representations of various
sound and instrument waveforms are stored in
read-only memory (ROM). The microprocessor
coordinates the synthesizer’s real-time user in-

terface activity, scans the polyphonic keyboard,
and finally processes and streams the digital au-
dio data to the synthesizer’s output.

This was one of the digital synth’s weaknesses.
Instead of the completely continuous, organic,
full sound of the analog synthesizer, the digital
units often included digital conversion artifacts
and lacked sonic character. Figure 1-1 highlights
the difference between a waveform generated
digitally and a continuous waveform generated
by analog circuitry. The early digital units bor-
rowed from analog synthesis for filtering and
sound envelope shaping foratime, but the lower
cost, manufacturing advantages, and technical
advances of the digital units soon ended the an-
alog synthesizer’s dominant reign of many years.

Sadly, history also shows that while it takes an
electronics genius to invent amazingly cool syn-
thesizers, it also takes a great deal of business
sense to keep a company in the black. Just about
allof the major playersinthe synthesizerindustry
had an electronic genius or two on board, but
only a few remembered to hire a chief financial
officer (CFO). Many of the major players in the
synthesizer business are now only a memory, a
distant electronic wail in the breeze.

However, analog synthesizers were just too cool
to stay gone forever. There has always been a
small analog synth priesthood keeping the faith
alive, but today, people all over the planet are



A Bit of Analog Synthesizer Etymology

rediscovering the warm, inimitable analog syn-
thesizer sound. They're finding that turning real
knobs, flicking real switches, plugging in real
patch cords to produce real analog sounds is way
more interesting and engaging than scrolling
through an LED parameter display or clicking vir-
tual switches with a mouse. Today many musi-
cians and hobbyists with an interest in electron-
icsare discovering that with the right schematics,
tools, printed circuit boards (PCBs) and ingenui-
ty, making their own analog synthesizer is well
within reach. The book you're holding in your
hands right now has the information you need
to put you squarely onto the road to doing it
yourselfwhen it comes to building your very own
analog synthesizer.

A Bit of Analog Synthesizer
Etymology

Before we move on, let’s take a moment to con-
sider what the term analog synthesizer really

means. The word analog puts me in mind of or-
ganic, living, real, and continuously variable. A
good definition of the word analog would be “of,
relating to, or being a mechanism in which data
is represented by continuously variable physical
quantities” The key point we're interested in as
far as describing an analog synthesizer is “con-
tinuously variable” An analog synthesizer cre-
ates sound by means of electronic circuit ele-
ments: resistors, capacitors, transistors, and inte-
grated circuits. If you observed the output of an
analog synthesizer with an oscilloscope, you
would see that the waveform voltage is conti-
nous, as opposed to the characteristic stepped
appearance of adigital signal source (Figure 1-1).
This is one of the characteristics that give analog
synthesizers their warm, fat, and much-sought-
after sound.

Continuous Analog Waveform

Continuous Vs. Digital Waveform

Discrete Digital Waveform

Figure 1-1. Continuous waveform versus discretely stepped digital waveform

Additionally, much of the circuitry found in an
analog synthesizer has roots in the early analog
computers. These were very early computers
built from operational amplifiers and passive
electronic components (resistors, capacitors,
coils, etc.) that performed mathematical opera-
tions such as logarithms, multiplication, division,
addition, subtraction, and even root finding. An-
alog computers were used by scientists and en-

gineers to solve all manner of mathematical
problems before modern digital computers were
developed. Variables were entered using poten-
tiometers (informally known as pots) to set vol-
tages, which the analog computerwould process
in real time. Interestingly, the circuit used in an
analog synthesizer to regulate the response of
the voltage-controlled oscillator (VCO) to control
voltage is a linear voltage to exponential current
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converter that might well have been found in an
electronic analog computer.

Now we turn to the term synthesizer. To synthe-
size is to take existing elements and combine
them to produce something new. Anyone who
has heard the incredible range and variety of
sounds that come from an analog synthesizer
would have to agree that its combination of
unique electronic circuitry produces incredible
sounds not heard before on this planet. Analog
synthesizers are also perfect for producing con-
vincing reproductions of just about any acoustic
or electronic instrument.

How do | define analog synthesizer-DIY, or synth-
DIY, as | call it? It's people making their own elec-
tronic sound boxes, noise makers, and synthe-
sizers; and modifying Speak & Spells and other
vintage electronic sound toys to get weird and
unusual sounds from them. It's conventions
where from a few to as many as hundreds of peo-
ple who share the synth-DIY passion get togeth-
er to compare notes and see and hear one an-
other’s latest projects. It's learning about elec-
tronics and components, reading schematics,
soldering PC boards, and wiring front panels. It's
learning where to find the best prices and selec-
tionforelectroniccomponents.It’slearning what
tools and equipment you'll need to succeed and
how to troubleshoot the projects you make. It's
being creative, including learning how to set up
arecording studio right on your computer soyou
can make multi-track recordings of your sound
creations. And finally, its actually making your
own analog synthesizer, from something as small
as a lo-fi noise box to as huge as a modular mon-
ster that would have cost tens of thousands in
the analog heydays.

What Can | Build?

What you can successfully build depends on the
level of electronics knowledge you possess, the
effort you put forth to learn and become profi-
cient,and the passion you have to build yourown
analog synthesizer. Please rest assured that even

What Can | Build?

ifyouare just getting started, theanalog modular
sky is the limit—if you really want to get there. |
always suggest that newbies cut their teeth on
solderless breadboard experimentation or one
of those electronic experimenter kits. After
you've gone through the experiments and know
a bit more about resistors, capacitors, transistors,
and ICs, step up to a kit with a PCB that requires
soldering—because wielding a soldering iron is
a fundamental skill you just can’t do without. I'll
go over the tools you'll need and how to set up
your workbench in Chapter 2. But now, let’s take
alookinto your possible DIY future and feast our
eyes on some photos of analog synthesizer DIY
projects people have contributed over the years.
Many graphic artists are drawn to synth-DIY and
express themselves not only audibly but visually
as well.

Figure 1-2 shows the popular MFOS Alien Scream-
er built by DIYer Bernard Magnaval, of France.
DIYers build their own cases and make their own
faceplates. | love the creativity shown in this
build: the bright colors and cool-looking knobs.
The Alien Screamer has a VCO and a low-
frequency oscillator (LFO) that can be used to
both modulate and sync the VCO. The LFO pro-
vides a variety of waveforms with which to mod-
ulate the VCO’s frequency. For its size and sim-
plicity, this little guy makes some totally cool
sounds.

Figure 1-2. Music From Outer Space Alien Screamer
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This DIYer etched the circuit board for this eight-
step sequencer in Figure 1-3 from a layout pub-
lished onthe MFOS website and then built up the
entire project. Sequencers are used for repeating
patterns of notes and creating arpeggiation
effects.

> SEQUENCER ﬁﬂf\

$eee
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.

Figure 1-3. Music From OQuter Space eight-step
sequencer

The Sound Lab Mini-Synth (Figure 1-4) is a favor-
ite among DlIYers, with its two VCOs and warm-
state variable voltage-controller filter (VCF), as
well as a normalized switching scheme that per-
mits a ton of sonic variety. This is the project that
put MFOS on the synth-DIY map and has been
built by hundreds of people around the world.

Figure 1-4. Music From Outer Space Sound Lab Mini-

Synth

Some people go to great lengths to express
themselves through synth-DIY. Figures 1-5
through 1-7 show some of the more unusual ex-
amples. If you plan to gut your Stradivarius for a
synth case, | suggest you think it over calmly for
a bit, but in the end, the decision is yours. Using
parts of a human body is also up to you, but as
you can see, it has been done. And finally, some
folks like to wear their synthesizer and march
through their neighborhood. Doing so is entirely
up to you and perhaps your homeowners
association.

Figure 1-5. A Stradivarius made into a Weird Sound
Generator
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Figure 1-6. A skull with a WSG built into it; this controver-
sial implant technique is still in clinical trials

How Far Can | Go?

Figure 1-7. A wearable synth designed for a synth march-
ing band (I would start going to high school football
games if the band included WSGs like this one)

How Far Can | Go?

As I've stated above, and depending on your ef-
fort, the sky really is the limit. While not expen-
sive, the practice doesrequire abit of expendable
income. But then, so does just about any hobby.
When you start to get serious about analog syn-
thesizer projects, you will be surprised at the cool
things you can build. Let’s look at some more ad-
vanced projects built by some serious DIYers.

The Sound Lab ULTIMATE is a challenging MFOS
project, but the attention to detail and effort ex-
pended are rewarded with a fully featured ana-
log synthesizer. This project goes fartherthan the
Sound Lab Mini-Synth and adds a third oscillator,
a sample and hold module, a second LFO, and
several attenuators used for general signal at-
tenuation and control. The normalized switching
scheme permits wide sound variability, and
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How Far Can | Go?

patch points permit synthesists to route signals
in unique ways. The project in Figure 1-8 (which
includes the keyboard) was built by Magnaval.

Figure 1-8. Music From Outer Space Sound Lab
ULTIMATE

You can create a monster modular synthesizer
that has as many modules as you care to build,
like the one in Figure 1-9, built by DIYer Michael
Thurm of Germany. This synthesizer has capabil-
ities comparable to units costing tens of thou-
sands of dollars back in the analog synth’s hey-
day. The sound possibilities of something like
this are virtually limitless.

So now you know where this road can take you.
You can dip your toe into the water and build a
simple sound generation box, or you can dive
into the deep end and build a giant modular an-
alog synthesizer or, of course, anything in be-
tween. | can say from experience that synth-DIY
is one of the coolest hobbies going. Not only
does it provide interesting and engaging build-
ing experiences, but the resulting noise boxes
and/or musical instruments you make will also
provide endless hours of imaginative and crea-
tive fun.
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Figure 1-9. Michael Thurm's huge modular analog synthesizer
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Tooling Up for Building | «

Analog Synths

This chapter describes all the electronic instruments you'll need on your workbench to

succeed with your synth-DIY projects.

| attended NASA soldering certification classes back in my days at Intec Systems and
learned to solder and desolder through-hole and surface mount components under a
stereo microscope. I'll share some insights that will help you improve your soldering and,

just as important, your desoldering technique.

I'll also share some of the experience I've gained in getting the right price and making
the right selections for electronic components. I'll conclude this chapter with some trou-
bleshooting techniques and tips that may save you time once you're done building and

have run into problems.

Instrumenting Your
Workbench

Trying to work on an electronic project without
the proper test instruments is like trying to work
on a car without a set of wrenches. It's tough to
get the lug nuts off with your fingers. Without a
multimeter, you won't be able to read voltages,
currents, or resistances. Without an oscilloscope,
you won't be able to verify whether a waveform
is properly trimmed, afrequencyis whatit should
be, or whether two or more logic signals are co-
ordinated in time.

In some cases, you can get by with a subset if you
choose the right tools. For example, a frequency
counter is definitely nice to have, but | suggest
you save some money by buying a multimeter
with frequency counting capability built right in.
| bought a decent frequency counter but soon
discovered that the frequency counting function
in my 50,000-count multimeter captures and dis-
plays the frequency using a faster frequency de-
termining algorithm.

As|goovereach piece of test equipment, I'm not
going to recommend a particular brand or mod-

el; instead I'll give you all the features each piece
of test equipment should have before you buy it.

The Oscilloscope

There are two types of oscilloscope: analog and
digital (Figure 2-1). Both are very useful, but dig-
ital scopes have a lot of features that put them
ahead of their analog counterparts. Analog os-
cilloscopes display a continuous waveform on
their cathode-ray tubes (CRTs), whereas digital
scopesdisplay their sampled and digitized wave-
forms on what is essentially a small color com-
puter display. We'll go over the vital specifica-
tions for both types and then explore some of the
useful functions that only the digital units
provide.

Figure 2-1. An analog (left) and digital (right) oscillo-
scope



The Oscilloscope

Frequency Response (or
Bandwidth)

Alloscilloscopes have a high limit to the frequen-
cy they can accurately display without distortion.
You'll see scopes advertised as 20 MHz, 40 MHz,
100 MHz, or higher. The higher a scope’s band-
width, the more expensive it is, since they use
specialized analog components to attain the
higher frequency response. When you try to look
at a waveform whose frequency is beyond a
scope’s bandwidth, it will appear attenuated and
distorted such that you just can’t trust what
you're looking at.

Onthelowendof the frequency bandwidth, your
scope should have DC measurement capability.
This is the only way you will be able to look at
really slowly changing waveforms or DC voltage
levels. Afaster scope’s Time/Div selector will have
smaller time per division settings at the upper
end of its range than a slower (lower bandwidth)
one. In DC-capable scopes, there is a selector
switch for each input channel to set the input
mode to AC or DC. In AC input mode, the DC
component of the input signal is blocked, allow-
ing you to observe just the AC component of the
input signal. This is helpful when trying to ob-
serve alow-level signal riding on a relatively high
DC level.

The good news is that for analog synth work, you
can getaway with a relatively low bandwidth an-
alog scope. As a matter of fact, 20 MHz will do
just fine. However, if you want to be able to look
closely at the edges of digital signals, which do
come up even in analog synth work, you may
want to go with a 40 MHz, 50 MHz, or even a 100
MHz bandwidth scope. And don't forget to en-
sure that the scope has DC measurement capa-
bility.

The bottom line is this: buy the highest band-
width DC-capable scope you can afford.

Input Channels

| cut my teeth on a single channel EICO brand
oscilloscope that didn’t even feature DC meas-

urement capability. Going from no scope to any
scope was a great thing. My next step up was a
single-channel Hewlett Packard | got for $20
from a friend that at least had DC measurement
capability (the scope, not the friend). Single
channel will work for you if that’s all you can lay
your hands on. However, as soon as opportunity
knocks, go to a multichannel scope. There are
many, many times when you need to see the time
difference, voltage difference, and shape differ-
ence of two waveforms, and a two-channel
scope is just the ticket. Scopes go up to four
channels, but those tend to get pretty darn

pricey.

| recommend at least two channels for serious
analog synth work, but if you happen to own a
diamond mine, go for four.

Sensitivity

The vertical sensitivity of an oscilloscope is very
important. The better the scope is, the lower the
sensitivity will be able to go. Again, it takes spe-
cialized circuitry to allow a scope to display parts
of TmV per division with any kind of accuracy.
That's considered the noiselevelto alot of people.
A decent scope is going to start at about 2mV to
5mV per division but may include a multiplier
function that adds a bit more gain and can get
you down toa TmV or better minimum level. The
scope’s Volts per Division knob is what you use
to select the sensitivity, which ranges from about
5mV to 5V, 10V, or higher.

The oscilloscope’s probe is an important part of
the input circuit (Figure 2-2 shows a typical os-
cilloscope probe). Scope inputs generally have
an impedance of one megaohm. The X1 (“times
1”) probe mode is the what you see is what you're
measuring mode. In addition, most scope probes
have a switch that allows them to be set to X10
(“times 10”) attenuation. When in X10 attenua-
tion mode, you need to remember to multiply
the scope’s Volts per Division setting by 10. This
is because the probe puts a resistor in series with
the scope’s input, which causes the voltage
measurements to be attenuated by afactorof 10.
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This is useful for measuring higher amplitude
signals than the scope’s Volts per Division setting
permits, but just as usefully in this mode, the
probe’s impedance goes up by a factor of 10 (to
10 megaohms). The higher theimpedance of the
probe, the less effect it has on the circuit you're
observing.

Figure 2-2. The oscilloscope probe becomes part of the
circuit you're measuring, so it is important that it is a
quality part

Oscilloscope inputs have capacitance associated
with them as well. This may vary from scope to
scope, but itis generally in the range of about 10
to 30 picofarads in X1 mode and one-tenth that
in X10 mode (another X10 advantage). When
measuring low level signals, it is best to use X1
mode if possible; otherwise, you're putting a X10
attenuator in front of the scope designer’s quiet
little input amplifier, and you may need the add-
ed resolution the X1 mode provides.

Last but not least, remember to compensate the
probein X10 modeto ensure thattheimpedance
between the probe and scope input are match-
ed; otherwise, you'll be observing a distorted
waveform. Scopes generally have a square wave
generator with a connection point on the face
that provides a convenient compensation wave-
form. Just connect the probe (set to X10 mode)
and adjust the variable capacitor on the probe
until the wave looks square and not differenti-
ated (front edge of square wave higher than nor-
mal) or integrated (front edge of square wave
lower than normal). Use the plastic adjustment

The Oscilloscope

tool that comes with the probe, as a metal one
could affect the adjustment.

If you get a scope capable of at least 5mV per
division on the low end, at least 5V per division
on the high end, and X10 probe capability, you'll
be in great shape. Higher priced scopes will have
more sensitive input circuits and may permit
higher voltage measurements as well.

What Else Should | Look for in a
Scope?

When looking at an analog scope — either new
or used — check for these additional features:

« Beam Intensity and Focus controls

« Vertical Magnification Factor button on
Input Channels

« Sweep Magnification Factor button in Time/
Div control area

« Position controls for Input Channels and
Sweep Start

o Automatic Triggering and Trigger Level,
Mode, and Source selection

o Variable adjustment controls for Input Level
and Sweep Time

« Ability to invert one or both input signals

« Ability to do X/Y waveform display

Buying a scope with some of these features miss-
ing is not the end of the world, but the more of
them you get, the happier you'll be with it. |
heartily recommend that you try out a used
scope before buying it, although that may be
impossible if you're at a yard sale or flea market.
The older an analog scope is, the dimmer the
display becomes, and the more out of calibration
it may be. As you progress in electronics, try to
find a way to get access to a better scope if the
first one you buy lacks essential features.
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The Digital Multimeter (DM)

The Digital Multimeter (DM)

I'm only going to go over digital multimeters be-
cause they have become so inexpensive and
ubiquitous (Figure 2-3 shows a typical digital
multimeter). If you already have an old analog
multimeter with a precision movement that pro-
vides you with enough accuracy, stick with it.
However if you're just getting started, go for the
digital multimeter. You can get a decent starter
unitforthe price oflunchatafastfoodrestaurant.

As the number of display digits or resolution
goes up, multimeters get more and more expen-

sive. Another factorin multimeter costis whether
the unit is battery powered (lower cost) or in-
cludes a power supply (higher cost), as many
bench models do.

One thing to keep in mind when reading multi-
meter specs is that in addition to the accuracy
percentage, you will see an additional +/- least
significant digit(s) count. This just means that the
reading may bobble around a little in the least
significant (or two least significant) digits, so the
lower this range, is the better.

Always use the most appropriate range (if the
multimeter does not auto-range) for your meas-

What's Special Rbout Digital Scopes?

I have both a 40 MHz analog scope and a 50 MHz digital
scope on my bench, and | use them both all the time. The
features that set digital scopes apart from their analog
couterparts are legion. The scope’s control panel has many
of the same controls as the analog scope for convenience.
If you had to enter a special settings mode and scroll
through a software menu just to set a channel’s volts per
division or the scope’s sweep speed you would get real
tired of it real fast.

However there are a /ot of functions that are hidden be-
hind menus that you access via general purpose assigna-
ble buttons typically located on the front panel next to the
main display. In menu mode, the scope will show you a
menu of functions on the screen next to these buttons
and you use them in conjunction with a digital pot or two
to select and adjust the parameter of interest. Basically a
digital scope is an analog scope with really fast A to D
converters for the input channels and a powerful comput-
er to process the data streaming from the A to D convert-
ers.I'm not going to go over every function a digital scope
provides, but here are some of the cooler features:

« High-contrast multicolor LED or LCD display

o Cursor measurements of both time and amplitude
for the displayed waveforms

« Auto-measurements of rise time, fall time, fre-
quency, duty cycle, etc. of the displayed wave-
forms

« Math functions such as fast Fourier transform (FFT)

Pass/fail testing of waveforms

« Waveform image acquisition

Scope “set up” memory and storage

« USB output for storing scope data and waveform
images on flash drive

« Auto-calibration

Capture and hold transient signals for display and
measurment

There are times when, even with all these cool features
available on my digital scope, I still find my analog scope
very helpful. When you start working with a digital scope
you'll see what | mean. Sometimes the digital scope picks
up too much data and you find yourself looking at a lot of
noise and digital artifacts that a typical analog scope CRT
smooths over for you. In their defense digital scopes pro-
vide a variety of filtering functions to deal with this but
digging through menus to find these functions is not al-
ways conducive to productivity in my opinion.

The bottom line when buying a digital scope is to go for
the largest display, highest sample rate (for example 1G
samples/sec), largest memory (for example 1M points),
and most bits of resolution (8 at least) you can afford. Take
care of your scope and it will serve you for years and years.
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Figure 2-3. A typical digital multimeter

urement to ensure you're getting the most accu-
rate reading. Setting your meter to the 2V range
and trying to read 20mV is asking for inaccuracy.
A more appropriate range would be the 200mV
range. Set the meter so that the expected meas-
urement is near the top of or at least well within
the selected range. When measuring an un-
known voltage set the meter to the correct mode
(AC or DC) and highest voltage setting before
adjusting the range down as appropriate.

What should the multimeter you buy be able to
do? Here is what | consider to be the basic func-
tionality and accuracy required for getting start-
ed in analog electronics work:

o Minimum three and one-half digits
e Minimum 2000 count precision

e 200mV or lower minimum DC voltage scale

« High-contrast readable display

Logic Probe

o Measures voltage (AC and DC), current, and
resistance

« DC voltage measurement accuracy should
be at least +/-0.5% of full scale reading

« ACvoltage, DC current, and resistance meas-
urements should be accurate to at least +/-
1.0% of full scale reading

The more precise and accurate a multimeter is,
the more expensive it's going to be. Low noise
parts must be used, temperature compensation
must be designed in, and the circuitry has to be
reliable for years. The rather logical law of test
equipment prices is this: premium parts equal
premium price.

Multimeter Advanced Features

If you can afford to step up to a meter with these
additional features, you'll be glad you did:

o Higher accuracy than Ilisted above

(.05%, .03%, etc.)
« Auto-ranging
« AC current measuring function
« Frequency counting function
« Capacitance measuring function
» Diode and transistor test capability
« Data hold function
« Delta measurement mode
« USB, GPIB, and/or RS232 computer interface

Logic Probe

Alogic probeis a very simple piece of test equip-
ment used to verify the state of a logic gate’s out-
put (Figure 2-4). Essentially, it is a pen-like device
with two (red and green) or three (red, green, and
yellow) LEDs that glow individually, depending
on what logic level the probe’s tip is contacting.
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The Bench Power Supply

Figure 2-4. A typical logic probe

Thelogic probe must be powered from the circuit
under test, and so it has two leads (typically red
and black) that come out of one end and connect
to the positive and ground of your circuit. When
you probe the output of a logic gate, the logic
probe typically lights the red LED for a high logic
level, the green LED for a low logic level, and the
yellow LED for an indeterminate logic level.

Another feature some logic probes have is pulse
detection, which stretches out narrow logic pul-
ses (both high going and low going), giving you
avisualindication thatalogic pulse was detected
atthetip, evenifit would normally be too narrow
to detect visually. You can build a simple logic
probe yourself or buy one with more features to
save the trouble. Logic probes come in very han-
dy for troubleshooting complementary metal-
oxide semiconductor (CMOS) logic circuits in
which levels do not change very rapidly. For ob-
serving rapidly changing logic signals, an oscil-
loscope is required.

The Bench Power Supply

When you are just getting started in electronics,
you can work entirely with batteries. Eventually,
however, you may want to expand your projects
until batteries are no longer practical and a line-
powered supply becomes necessary (Figure 2-5).
When you're working on the bench, it’s not al-

ways convenient to go tear down a patch you
may have in progress, disconnect your synth-
cabinet, bring it into your shop, and run jumper
cables from its power supply to test something
you're developing or troubleshooting. After you
go through that rigmarole a few times, I'll bet
buying a bench power supply moves higher up
on your priority list. What should you look for in
a bench supply?

ove sle
UNGEG @ | =

VOLTAGE

Figure 2-5. A typical bench power supply

Most synth-DIY projects use a bipolar (or dual)
DC power supply. Op amps, for instance, one of
the most commonly used synth-DIY compo-
nents, require a positive voltage, a negative volt-
age, and a ground. In synthesizers, the dual or
bipolar power supply voltage is usually between
9V and 15V. Thus, the synthesizer’s power supply
might provide +9V, -9V, and ground; or +12V, —
12V, and ground; or +15V, =15V, and ground, de-
pending on the designer’s choice. Occasionally
you'llfind asynth that has a bipolar supply as well
asan additional +5V supply that is used to power
logic chips or microprocessors.

14 Make: Analog Synthesizers



What Is a Dual Power Supply?

It may not be obvious to people just
getting started in synth-DIY, but most
analog synth circuits require positive
voltage, negative voltage, and a
ground. The op amps in the synth’s
modules require this type of power to
work properly. You can power op amps
with a single voltage supply if you cre-
ate a “virtual ground.” To do this, use a
resistor divider to create a voltage level
that is halfway between the negative
and positive poles of the single voltage
supply. A capacitor is often added be-
tween the “virtual ground” potential
and the supply’s negative pole for sta-
bilization (as seen in Figure 2-6). This
“virtual ground” potential is then used
as the circuit’s signal ground. It should
be noted, however, that a virtual
ground is nowhere near as solid or low
impedance as a “real” ground provided
by a line-powered dual power supply.

The upshot of all this is that you'll need at least a
dual output power supply. A dual output power
supply is a box with two independent power
supplies whose output voltages can be adjusted
individually. Often they include built-in voltage
and current meters to display both the voltage
setting and the current being drawn from the
supply. More expensive units include a current
limit setting that protects the circuit being pow-
ered from being destroyed by excessive current.

If you're just getting started, | recommend using
batteries to power your electronic experiments.
It's better to make your mistakes using batteries
becausetheyarelesslikely todamage amiswired
experiment than a high current output bench
supply. Figure 2-6 shows two ways to make a bi-
polar supply using 9V batteries and a few
components.

The Bench Power Supply

Bipolar Power Supplies
Using 9V Batteries

+/-4.5V and Virtual Ground

+4.5V
9V Battery 10K
+
220uF VG
— 4+ Virtual
TN Ground
10K
-4.5V
+/-9V and Ground
+9V
9V Battery
+ 100uF
l+
™
GND
+ 100uF
l+
— ™
9V Battery
-9V

Figure 2-6. A dual power supply can also be made from a
single 9V battery by creating a virtual ground, or by using
two 9V batteries wired as shown here.

About ATX Supplies as Bench
Power Supplies

Be careful if you decide to harvest a
power supply out of an old computer.
Notonly do they supply enough current
to weld with (don't short the output
without goggles on) but often the pow-
erisnoisy, since they are switching pow-
er supplies. A full-wave rectified dual-
analog supply delivering a couple of
amps of clean power is a better choice.

The plus and minus connection points of both
supplies are normally isolated electrically from
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Some Nice-to-Haves

the unit’s case, which is connected to earth
ground. Don't connect the positive or negative
connection points to the unit’s earth ground ter-
minals when using the supply to provide plus
and minus voltage to a circuit under test. First set
the voltages on both supplies to the desired volt-
age level. For our explanation, we'll work with
+12V. Connect the negative connection of one
supply to the positive connection of the other
supply. This will become the neutral (or signal
ground) connection output point of the dual DC
supply. The remaining unconnected positive ter-
minal becomes the positive output of the dual
DC supply (+12V), and the remaining unconnec-
ted negative terminal of the other supply be-
comes the negative output of the dual DC supply
(=12V).

If you place the black lead of your DM on the
junction of the connected positive and negative
terminals and the red lead on the remaining pos-
itive supply output, you willmeasure +12V.Leave
the DM'’s black lead where it is and place the red
lead on the remaining negative supply output,
and you will measure —12V. The dual bench sup-
ply you buy should have, at least, these basic
features:

« Two independent power supplies, both ad-
justable between 0V and 30V

« Both outputs minimum 2A capacity
« Voltage and current meters

« Low output ripple voltage

If you can afford to step up to these additional
features, you'll be glad you did:

« Current limit setting on both supplies

« Tracking capability (one supply’s controls af-
fects both supplies)

« Third output (5V at 2 or 3 amps)

Look around the major Internet shopping sites
for dual power supply, and buy one with the fea-
tures and price point you want. Use your favorite
search engine to look for electronic instrument

suppliers to find even more distributors to check
out.

Some Nice-to-Haves

Here are some instruments that, as this section’s
name implies, are nice to have. However, before
you go out and buy them, look for a multimeter
with more accuracy and functionality. | say this
because you can save money by getting a mul-
timeter that also measures capacitance and fre-
quency. A multimeter of this kind will give you
the ability to match capacitors or read frequen-
cies when you need to, and you don't have to
crowd up your bench with a bunch of instru-
ments you only use once in a while. Often you'll
want (or need) to measure more than one thing
at a time, which is why | list a second multimeter
in the nice-to-haves.

Second Multimeter

Making more than one measurement at a time
comes up so often in electronics work that it just
makes sense to splurge for another multimeter
as soon as you can.

Capacitance Meter

A dedicated capacitance meter is nice to have
when you need to match capacitors or check the
value of a cap removed from equipment whose
value may be marred or gone (Figure 2-7). They
are generally auto-ranging, can measure a wide
range of capacitance (example .1pF to 199.99
mF), have data hold, and include multiple meas-
urement modes. As with multimeters, look for a
high “count” unit, since the higher the count, the
more accurate the readings will be.
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DISCHARGE CAPACITOR
BEFORE CONNECTING

Figure 2-7. A typical capacitance meter

However, unless you really need extreme meas-
urement range and accuracy, go fora more func-
tional multimeter with capacitance measuring
capability.

Frequency Counter

Before | even get started, | repeat: buy a multi-
meter with frequency-counting functionality for
your first instrument. If you know you're going to
be making simultaneous voltage and frequency
measurements, then buy a second multimeter
with frequency measuring capability. Frequency
counters are cool, but many of them take more
time to “count” the frequency than you may
think, which can be irritating when you need to
make quick measurements in real time.

Many frequency counters have precise settable
gate times, during which the number of transi-
tions that take place on the input are counted
(Figure 2-8). So if the meter reports that 10 tran-
sitions took place during a 1-second gate time,
we know that the frequency is about 10 Hz. If the
meter reports that 10 transitions took place dur-
inga 10-millisecond gate time, then we know the
frequency is about 1 kHz. So if you want to look
at a frequency that is below 1 Hz, get ready to
wait while the counter counts the transitions

Some Nice-to-Haves

during the successive 10-second gate times. The
prize for your patience is 100mS accuracy (if you
can callthataccurate). Most dedicated frequency
counters are mainly for counting high frequen-
cies in the MHz and GHz region and give short
shrift to the audio and lower-frequency range.

mamm7
=k

L}

l XTAL GATE RANGE ENTER

B @
A v
Figure 2-8. A typical frequency counter

The dedicated frequency counter certainly has
its place, but a much faster algorithm for deter-
mining the frequency of a regular non-
modulated signal is to measure its period accu-
rately and then display the period’s reciprocal
value (1/(cycle period) = frequency in cycles per
second). The more accurately you measure the
period, the more precise the frequency meas-
urement. Many multimeters do this, and in my
lab it’s the only way | measure frequency any-
more. My dedicated frequency counter sits and
collects dust. As Marley said to Scrooge: “Mark
me... buy a multimeter with frequency counting
functionality”—or something along those lines.

Function Generator

Afunction generator comesin handy all the time
when working on analog synthesizers
(Figure 2-9).1still list it as a nice-to-have because
ahobbyist can make a simple but useful function
generator for bench use. Since the waveform,
amplitude, DC offset, and frequency of the out-
put of the function generator can be adjusted,
you can create whatever type of signal you need
to exercise amodule or circuit you're working on.
Many function generators have CMOS and TTL
(transistor—transistor logic) level signal outputs
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in addition to the normal waveform outputs,
which also come in handy on occasion.

N

Q

Q O
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Figure 2-9. A typical function generator

Function generator output waveforms typically
include sine, square, and triangle waves. Make
sure the function generator you buy has adjust-
able waveform skew (or duty cycle), which gives
it the ability to produce pulse, ramp, and saw-
tooth waves as well. Another cool feature is fre-
quency sweep capability. This is the ability to re-
peatedly sweep the function generator’s fre-
quency using either a log or linear curve from a
low frequency to a high frequency, with both
sweep width and sweep rate being adjustable.
This function is often useful when looking at the
response of a filter or an amplifier to determine
its bandwidth. As you feed the sweeping fre-
guency into the circuit under test input, you ob-
serve the amplitude of the output of the circuit
under test using an oscilloscope. The frequency
at which the observed output signal’s amplitude
is 3dB lower (approximately 71% of the value be-
ing applied to the circuit under test input) is con-
sidered the top end of the circuit under test’s
bandwidth. Better (more expensive) function
generators go higher in frequency, have more
waveforms, and allow more precise sweep set-
tings. If you can manage to add one to your in-
strument ensemble, then by all means do so, as
you will find it useful.

Tips for Reliable Soldering

People often write to me regarding problems
they’re experiencing while getting a synth mod-
ule to work properly. | usually encourage them

to find a friend or relative with electronics expe-
rience but also suggest they try this or that, de-
pending on the situation. Nine times out of ten,
the problem was a bad solder joint.

Reliable solder joints are the cornerstone of a re-
liable circuit. Improper solder joints can lead to
all kinds of problems: intermittent behavior,
noise, crackling, and even circuit failure. A host
of factors affect the quality of solder joints. Here
is a list of some of the important factors affecting
solder joint quality:

o The temperature of the soldering iron

« The condition of the solder iron’s tip

« The type of solder and flux used

o Thecleanlinessof the surfacestobe soldered

« The skill of the person soldering

Temperature-Controlled Solder
Station

I must have gone through 12 dozen cheap pencil
soldering irons before | finally broke down and
bought a temperature-controlled soldering sta-
tion (Figure 2-10). While the cheap pencil solder
irons are an inexpensive way to get started, |
heartily recommend that you save up and get an
adjustable temperature-controlled solder sta-
tion ASAP. | have seen units on Amazon selling
for between $20 and $100, so it's not a major in-
vestment. | have a couple of soldering stations:
one by a “name brand” company, and one by a
“never heard of them” company. | use both of
them all of the time and they both do the job just
fine. So what exactly should you look for in a
temperature-controlled solder station?

« Adjustable temperature range from 250 de-
grees C (500 degreesF) to 450 degrees C (850
degrees F)

o Working temperature attained within a
minute

« Solder pencil holder included
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« Tip cleaner sponge or brass coils included

« Soldering pencil that’s comfortable to hold

Figure 2-10. Typical temperature-controlled soldering
station

Alright, now that we have adecent solder station,
how do we put it to the best use?

Soldering Tips

I recommend 1/32-inch thick, rosin-cored, 60/40
(tin-lead) solder. When wiring panel compo-
nents, you might want to use a thicker solder
(1/16 inch) of the same type. Buying solder in
bulk is less expensive than buying small rolls or
tubes. The one-pound spool of solder, while a bit
of an investment, is actually the most cost-
effective way to go and will last a long time.

Set the temperature of your solder station to be-
tween 320 degrees C (608 degrees F) and 380
degrees C (716 degrees F). The 60/40 (tin-lead)
solder melts at a lower temperature than that
(215 degrees C or 419 degrees F), but when you
apply the soldering iron’s tip to whatever you're
soldering, it rapidly loses heat. This necessitates
the higher temperature setting to ensure that
the solder becomes molten quickly and good
eutectic bonding takes place.

The rosin flux in the solder has several important
benefits. It prevents surface oxidation during
heating, cleans the surfaces to be soldered, and
lowers the surface tension of the molten solder,

Tips for Reliable Soldering

helping it to flow readily and form a reliable eu-
tectic bond between itself and the items being
soldered. Always remove rosin flux residue after
soldering with an appropriate solvent for the ros-
in type. Choose an environmentally friendly type
of fluxremover (no chlorinated fluorocarbons) to
keep the ozone layer and your karma in good
shape. Don’t apply power to the PC board until
you have removed all of the cleaning solvents
and the board is dry.

Get yourself a chemical pump bottle and keep it
full of a mixture of 75% isopropyl alcohol and
25% acetone, and you'll have a great solvent for
cleaning rosin flux. If you can get the 99.9% pure
isopropyl alcohol (drugstore variety is 91% pure),
the mixture will contain less water, which can be
absorbed by PC boards and components, but
don'tobsess, sincethe 91% variety seems towork
just fine. Use solvent-soaked plastic or horse hair
bristle brushes to scrub areas in need of flux re-
moval. | like to cut the bristles short on a few
brushesforwhen more scrubbing power is need-
ed. Cotton swabs can be used for cleaning but
can leave fibers behind. Canned air is good for
blowing the excess solvent and suspended flux
off of the board as well as drying it after cleaning.
Whenthesolderjointsare shinyandthe PCboard
material looks clean, not dull and streaky, you're
good to go. Figure 2-11 shows the basic tools
necessary for reliable soldering and desoldering.

Figure 2-11. Tools you'll need for soldering
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Setting the tip temperature too high (not far
above 380 degrees Q) is just bad all over. You will
evaporate the solder’s rosin core, preventing it
from doing its important work. You will melt
plastic elements of components that adjoin ter-
minals. You will delaminate pads from your PC
board. You may cause value changes or worse,
destroy temperature-sensitive components.
Stay within the safe temperature range (320 to
380 degrees C), and don't linger on a soldered
joint once the solder flows.

Be careful when soldering switches, jacks, or any
components that have plastic parts. Applying
the solder pencil’s tip toa component’s terminals
for too long or with too much pressure or heat
can transfer heat to any surrounding plastic,
melting it and damaging or destroying the com-
ponent. Turn the heat down a bit when you're
about to solder components with plastic parts.
Experiment on a spare part so you know how it
will react when exposed to soldering tempera-
tures.

Rosin Paste Flux

I've mentioned that excessive heat can
damage plastic parts of panel compo-
nents. To minimize the solder iron ap-
plication time, | apply a tiny amount of
Qualitek 50-4002B PF400 Rosin Paste
Flux with a toothpick to terminals prior
to soldering. The additional rosin flux
makes the solder wet to the panel com-
ponent terminals more quickly, reduc-
ing their exposure to high temperature.

Let the soldering iron heat up before beginning.
Dampen the solder station’s cleaning sponge by
first wetting it and then squeezing the excess
water (and any solder balls) out of it over the trash
can. Damp is good but soaking wet is...not so
good. You want the sponge to be able to clean
the tip, but you don’t want to cause the tip's tem-
perature to fall excessively by dipping it into a

soaked sponge. After a few wipes on the damp
sponge to remove any lingering old solder or ox-
idation, apply some fresh rosin core solder to the
tip and wipe it on the sponge again. Keeping the
tip coated with fresh solder will help it to transfer
heat quickly to the items being soldered.

You don’t have to clean every pad/lead combi-
nation with solvent prior to soldering because
therosin flux coreinthe solderdoesanadmirable
job of cleaning the surfaces. | can't remember the
last time | was plagued with a cold solder joint,
so history bears me out on this. Of course, if there
isobvious oxidation onacomponentlead orpad,
you should take the time to clean it before sol-
dering.

When soldering a joint, you want to contact all
ofthe surfacesto be soldered with thetipin order
for heat to transfer to them evenly. Figure 2-12
illustrates the recommended application of the
soldering iron tip to all surfaces for best heat
transfer. After you apply the solder iron, imme-
diately apply the solder so that it contacts both
the tip and the heated surfaces. Once the solder
flows, remove the tip and let the joint cool un-
disturbed. Don't linger after the solder has flow-
ed, or the bad things discussed above will hap-
pen, possibly ruining a perfectly good day. Don’t
apply too much solder. The soldered joints
should not look like bumps but should have con-
cave fillets. Practice on a scrap PC board until you
feelcomfortable and yoursolderjointslook shiny
and have nice fillets.

Figure 2-12. Proper solder tip and solder application
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| generally solder about 10 to 16 component
leads and then repeat the tip cleaning process.
During soldering, if you apply the solder so that
it contacts the tip and the materials being joined,
you will ensure the tip has fresh solder and rosin
on it, which will keep it from oxidizing. However,
after you solder a number of joints, the tip will
starttoaccumulate crud,and you'llneed to clean
it. With experience, you'll find the optimum num-
ber of solder joints you can make between tip
cleanings.

Double-sided PC boards have what are known as
plated through-holes. During the manufacturing
of PC boards, the holes for mounting compo-
nents are drilled through the copper-clad mate-
rial first, and then those holes are plated through
with copper (Figure 2-13 shows a cross-sectional
view of a plated through-hole). This is a process
that causes copper to be plated onto the walls of
the component mounting holes drilled through
the PC board material. These plated through
connections give PCB pads extra strength and
resistance to delamination and are used to route
electrical signals between the two sides of the PC
board. AAfter plating the insides of the through-
holes with copper, the etching, solder coating,
and solder masking processes are completed.

Figure 2-13. Plated through-hole

When soldering a double-sided PC board, the
solder flows onto the donut pad surface and
component lead, through the cavity between

Tips for Reliable Soldering

the component lead and the sides of the plated
through-hole, and all the way up onto the top
side’s anular ring (Figure 2-14). This is exactly
what you want, and you'll see solder fillets (met-
allic concave surface surrounding the compo-
nent lead) formed on both the bottom and the
top of the PC board.

Figure 2-14. Solder flow through plated through-hole

If too much heat is applied by the tip and the
rosin boils away, you may get poor wetting, the
solder may appear bumpy and gray, and no top
fillet will be seen. STOP! Turn the heat down a bit
and apply some fresh solder (with rosin in it) to
reflow the joint. A good solder joint should ap-
pear bright and shiny, especially after cleaning
(Figure 2-15). Too much solder applied to a joint
or that accidentally bridged two pads may need
to be removed using desoldering braid (dis-
cussed below).
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Solder Joint Cross Sections
Well Soldered Joint

Good top wetting \:ﬁ

Through-hole T T

cavity filled —» : :

Good bottom wetting /' l ';

Component Lead

Poorly Soldered Joint

Bad or no top
wetting \Q

Through-hole T T
cavity has voids —® b \;
Bumpy gray &‘ )
appearance

poor bottom 7 1
wetting. *

Component Lead

Figure 2-15. A well-soldered joint versus a poorly sol-
dered joint

Companies make special vises that can hold a PC
board during soldering. They are very conve-
nient to use but in no way required. When pop-
ulating a PC board for soldering, your best bet is
to install a few components at a time onto the
board. Bend the leads protruding through the
bottom of the PC board so the components don’t
fall out of the board when you invert it to trim
them. In higher density areas, bend the leads
away from any nearby pads to avoid accidental
solder bridges from forming.

The reason | suggest trimming component leads
prior to soldering is that the physics of trimming
the leads post-soldering can apply a significant
shockto the solder joint that can break the joint’s
eutectic bond. Something like that has the po-
tential to haunt your circuit’s future reliability, so
before soldering, always trim the leads using a
lead trimmer designed to reduce mechanical
shock to the component.

Desoldering Is Important, Too

You've been troubleshooting a circuit,and loand
behold, you find a component you need to re-
move. Here is what to do. On the top side of the
PCboard, cutthe component’s leads and discard
it. Turn the board over. Using aluminum or stain-
less steel tweezers with a fine point, grasp the
remaining lead with one hand and apply the sol-
deringirontip sothatit contactsthe PCB pad and
the lead simultaneously. When the solder be-
comes molten, gently pull the lead with the
tweezers and remove it. If the solder solidifies,
apply a bit more solder (we want its rosin flux)
and try again. The lead should come out with lit-
tle effort. Once you've gotten the leads out, it's
time to clear the holes of solder so you can install
the replacement component.

I find solder braid extremely useful, so that’s what
I'm going to discuss. | think spring-loaded vac-
uum solder suckers have too much capacity to
do harm to circuit board pads, so | very rarely use
them. | will occasionally use a solder sucker for
desoldering jack or pot terminals (things | can’t
suck pads off of), but thicker braid works fine for
that, too.

Desoldering braid is made of very light gauge
copper wires that are braided and impregnated
with rosin flux.Itcomesin a variety of widths, and
thewideritis, the more capacity to absorb or wick
solder it has. Desoldering braid is not very ex-
pensive, so buy a few rolls of varying widths to
have on hand. Figure 2-16 shows some typical
solder wick dispensers.
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Figure 2-16. Two widths of desoldering wick

To use desoldering braid, expose a couple of in-
ches of new braid and then use the plastic case
as a handle. Don't hold the copper braid itself, as
it can get quite hot. We're going to apply the
braid to the pad whose hole we want to clear and
then apply the soldering iron’s tip to the braid. If
possible, apply the braid so that an eighth of an
inch or so extends beyond the pad. Always clean
and re-tin your soldering iron’s tip immediately
prior to applying it to the braid. Apply the
cleaned, newly tinned tip to the braid right over
the pad to desolder with light force so that the
heat from the tip transfers to the braid, which in
turn transfers to the solder on the pad and melts
it. You should see the copper-colored braid turn
silver as the solder flows into it. In Figure 2-17, |
have removed the soldering iron but left the
braid for you to see the silver color that forms as
the solder flows into the braid. In practice, as
soon as you see the braid become silver, remove
itand the soldering iron tip simultaneously. Nine
times out of ten, the hole will be clear but if it's
not, don’t panic; here’s what to do.

Obtaining Electronic Components

Figure 2-17. Clearing a pad's hole with desoldering braid

Apply a bit of fresh rosin core solder to the pad’s
hole and try again. Sometimes you need to prime
the braid with a tiny bit of solder to get the heat
to transfer properly. Don’t use too much, or the
braid will become saturated, rendering it inca-
pable of wicking additional solder. With practice,
you'll hit the nine-times-out-of-ten mark and on-
ly have to fuss with a pad once in a while.

Obtaining Electronic
Components

I've been buying electronic components for dec-
ades, and one thing I've seen over the years is
that prices are all over the map. Always shop
around when you're preparing to gather parts for
a project. Potentiometers, switches, resistors, ca-
pacitors—any electronic component can be pur-
chased online from hundreds if not thousands of
vendors.|'m not saying that you should abandon
your local electronics retail store, especially if it
provides a wide selection of parts at competitive
prices. However, if that has been the only place
you've been buying components, it's time to find
out what online electronics stores have to offer.
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Surplus Parts

You'll want to stock your lab, be that the desk in
your bedroom or a space set aside in your attic,
basement, or garage. When it comes to things
like resistors and capacitors, you can often find
greatdeals by scouring the surplussites. Use your
favorite search engine to look for “surplus elec-
tronics,”and you'll be visiting websites foras long
as you've got time.

Capacitors

Often, surplus electronics sites will sell capacitors
that they’ve bought from companies that have
overstockorare goingoutofbusiness.fyou can't
find the value you need there, remember that
you can create capacitance valuesyoudon't have
in your stock by putting caps in series or parallel
with one another (see Figure 2-18).

Parallel Capacitance Formula
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Figure 2-18. Formulae for capacitors in parallel and series

There are several types of capacitors commonly
used in analog synths: nonpolarized ceramicand
film caps, nonpolarized aluminum caps, polar-
ized aluminum electrolytic caps, and polarized
tantalum electrolytic caps. The polarized types
must be connected so that the polarity of the
applied voltage matches the polarity markings

on the body of the cap. Applying reverse voltage
to a polarized cap will damage or destroy the ca-
pacitor, rendering it leaky or otherwise physically
compromised.

Ceramic caps are great for coupling AC signals
within a circuit where DC blocking is important.
Film capacitors have characteristics that come in
handy in certain applications. For example,
polycarbonate and polystyrene film capacitors
have great temperature tolerance and very low
leakage. They are often used in sample-and-hold
circuits where the capacitor has to hold a voltage
for a long time without drooping.

Tantalum electrolytic capacitors have very low
leakage and are great in instances where you're
putting a large resistance in front of the cap and
charging it. In this circumstance, if the cap ex-
hibited excessive leakage, it might, for example,
never charge to a necessary threshold voltage.
To appreciate what capacitor leakage is like, just
imagine putting a 10M or lower resistor in paral-
lel with the cap you're trying to charge. The leak-
ageisalways trying to discharge the cap whether
you want it to or not.

Aluminum electrolytic capacitors come in values
from submicrofarad to several farads (yep, | said
farads). They are often used for localized stabili-
zation of voltage levels on PC boards in the 10uF
to 100pF range and comein values large enough
(tens of thousands of pF) to be used as the main
filtering caps in power supplies. They are useful
in timing circuits, filters, AC coupling, power sup-
plies, and many, many other uses. Aluminum
electrolytic capacitors have higher leakage than
tantalum types.

Bipolar electrolytic caps provide a high value of
capacitance, without the polarization normally
associated with electrolytic caps. They use a trick
you can use when you need a large amount of
capacitance but don't want polarization issues. If
you connect the negative poles of two polarized
caps, you can use the remaining two positive
poles as the leads of a bipolar (or nonpolarized)
cap. The value of the two caps in series can be
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determined from the formula shown in
Figure 2-18.Ifthe caps have the same value, 10uF
for example, the value of the newly formed bi-
polar cap will always be one-half of the original
values, in this case 5uF.

The working voltage of a capacitor is the voltage
that can safely be applied to its plates before the
dielectric material between them breaks down,
resulting in destructive arcing. To avoid this, al-
ways buy capacitors for your project whose
working voltage is well above the highest volt-
age you plan to apply to them in your applica-
tion. Normally this is the power supply voltage,
but a safety factor of 1.5 to 2 times the power
supply voltage will keep your project’s reliability
up. Thus, if you are working on a project in which
your caps might be exposed to a potential of 20V,
then buy caps with a working voltage of 35V or
more. For a 9V battery-powered project, 16V or
25V caps would fill the bill.

The physical size and lead spacing of capacitors
can be important. Film and ceramic capacitors
with lead spacing of 5mm (.2") are very conve-
nient for breadboard work. Getting caps with too
high a working voltage can result in caps that
take up more physical space than necessary for
a lower voltage project, so keep package size in
mind when buying caps. Capacitor data sheets
contain detailed size specifications, and you
should become familiar with them.

For people who are just getting started, | suggest
building projects that come as kits to ensure that
you have all of the correct parts. This not only
provides a more satisfying project experience,
but it also teaches you what the components
look like and what size and type to buy next time.
Sourcing the parts yourself for projects is defi-
nitely the most cost-effective way to go. Request
catalogs from the larger online electronics part
distributors and look through them to familiarize
yourself with what parts are out there, what sizes
they come in, and what they cost.

Any time I've been in an artist’s studio, I've no-
ticed that there are normally several tubes of the
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colorsused, as well as an easel, a palette, brushes,
and canvases ready to go for when inspiration
strikes. Having to stop and round everything up
can be a real creativity killer. As you progress,
you'll find that having a stock of commonly used
electronic components on hand is practically a
necessity. That way, when a circuit idea pops into
your head, you'll be able to plunk it onto a sol-
derless breadboard and experiment with it,
which is one of the best ways to learn. What part
values should you have on hand?

Capacitors to Keep On Hand

| suggest that you stock your lab with these val-
ues of capacitance for your experiments. Buy in
bulk to save money. You'll notice that I've gone
with an approximate 1, 5, 10, 50... series of val-
ues. Again, bear in mind that you can put these
values together in series and parallel for addi-
tional values. When opportunity knocks, | sug-
gest you expand your parts cabinet to contain a
1,2, 5, 10... series of values. A series like that
would go 10pF, 22pF, 47pF, 100pF, 220pF, 470pF,
etc. You can generally find surplus ceramic or film
caps that have these values, and for experiments,
either type will work fine. Capacitor assortments
are available that contain a nice range of values
for breadboard experiments. You can buy tanta-
lum or aluminum electrolytics for values at and
above 1pF.

Value | Max Voltage Rating | Type
0pF [sov | CeramicGapactor
s | CeramicGapactor
00pF [s0v | CeramicCapacitor
gk [sv | CeramicGapactor
oo [sov | CeramicCapacitor
oo [sov | CeramicCapactor
oosgF [sov | polystyrene Capacitor
ok s | CeramicGapacitor
oanF [sov | CeramicGapactor
CaF o [sov | CeramicGapacitor
e v [ Aumiem
Electrolytic Capacitor
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e v [Aumiem
Electrolytic Capacitor
10uF 35V Aluminum
Electrolytic Capacitor
47uF 35V Aluminum
Electrolytic Capacitor

The .005uF polystyrene capacitor is
handy for VCO and sample and hold
experiments.

Resistors to Keep On Hand

Surplus houses will often offer new resistors sold
in either tape and reel format or bulk. It's way
cheaper to buy resistors by the hundreds (or
more if you use enough of them) than to buy
them one at a time, so take advantage of bulk
pricing and stock your lab with the values | sug-
gest below. As in the case of capacitors, resistor
experimenter sets with 5 or 10 pieces of a wide
range of common resistance valuesare also avail-
able. It's good to have one of those on hand as
well as a good number (20 to 100 each) of each
of the following values for your breadboard ex-
perimentation work.

Value | Max Power Rating | Accuracy | Type
100 ohm | 1/4W 5% Carbon Film or
Composition
1K 1/4W 5% Carbon Film or
Composition
2K 1/4W 5% Carbon Film or
Composition
4.7K 1/4W 5% Carbon Film or
Composition
7.5K 1/4W 5% Carbon Film or
Composition
10K 1/4W 5% Carbon Film or
Composition
20K 1/4W 5% Carbon Film or
Composition
47K 1/4W 5% Carbon Film or
Composition

sk [vaw Js% [ crbonFimor
Composition
100K 1/4W 5% Carbon Film or
Composition
200K 1/4W 5% Carbon Film or
Composition
470K 1/4W 5% Carbon Film or
Composition
™ 1/4W 5% Carbon Film or
Composition
2M 1/4W 5% Carbon Film or
Composition
47M 1/4W 5% Carbon Film or
Composition
10M 1/4W 5% Carbon Film or
Composition
100K 1/4W 1% Metal Film
200K 1/4W 1% Metal Film

Resistors can also be arranged in series and par-
allel to obtain values you don’t have in your parts
cabinet. The formulae for determining the resist-
ance of resistors in series and parallel are shown
in Figure 2-19.The 1% resistor value parts drawer
suggestions are for times when you want more
accuracy, say fora D to A converter or a precision
gain circuit.
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Parallel Resistance Formula

| |
o 3V a o

Total R ém ;RZ ;Rs Rn

| — — — —
|

1
1 1 1 1
TotalR= | — 4+ — 4+ — -
<R1+R2+R3+...+Rn>

Series Resistance Formula

| 2M1 2M1 2¢\/\,+
Total R

Total R <R1+ R24+ R34+ ... + Rn

Figure 2-19. Formulae for resistors in parallel and series

Mechanical Components

Mechanical parts like potentiometers, battery
snaps, switches, transformers, wire, etc., are often
available from surplus houses, and buying them
there can save you a lot of money. Revisit the
same places you found when doing your Internet
searches for “electronic surplus,” and look for
pots, switches, and transformers specifically to
see what they’ve got. When all else fails and you
can'tfind whatyou're looking for on surplussites,
you'll have to bite the bulletand gotoa bonafide
electronics distributor like Mouser, Digi-Key,
Jameco, Avnet, etc. Compare who has the best
price and buy it there. Do an Internet search for
any of these distributor names to quickly find
links to their websites.

Potentiometers are a common feature in most
analog synths, and prices for them can vary a lot.
Atypical potentiometer can costbetween $1and
$50, and if you don’t know what you're looking
for, you may spend way more than you need to.
You'll typically want to buy carbon film or con-
ductive plastic pots with a power rating between
300mW and 500mW, tolerance of 20%, panel-
mounted configuration, in a 24mm or 16mm
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case size. Pots come with a variety of shaft
lengths and types. There are knurled shafts, “D”
shafts, and round shafts.

To avoid ending up with some goofy-looking,
long-shafted pots, always check part numbers
and specs before clicking OK. When in doubt, call
the company you're buying from and ask for help
selecting the correct pot/shaft/knob combina-
tion. You don’t want to be up pot creek without
aknob, toborrow a phrase.lbuyalot of the Alpha
Taiwan brand potentiometers (which have a 1/4-
inch-thick, round shaftand length of .335 inches)
from a variety of part vendors; they work very
well and are reasonably priced. Knobs for this
type of pot are very common and come in a wide
variety of shapes, sizes, and colors.

It's a good idea to keep some pots on hand for
breadboard experimentation. | use solderless
breadboards that work with 22 AWG solid wire
when experimenting. For convenience, I've sol-
dered six-inch lengths of 22 AWG solid wire to
the terminals of several pots whose values | find
useful and use them regularly during my exper-
imentation. Keep five or so potentiometers of
each of these values (10K Linear, 100K Linear, TM
Linear, 100K Audio, and 1M Audio) on hand for
breadboarding. Other than that, | buy pots and
knobs on a project-by-project basis, since it
would be an expensive overkill to keep scores of
pots on hand.

Switches are another part you need all the time
and whose price can vary wildly. Take it from me
that you can find decent-quality mini toggle
switches foraround a dollar each if you look hard
enough. I've seen a mini toggle switch SPDT (sin-
gle pole double throw) go for between $0.75 and
$5.00 each. The generic mini toggle switches |
buy that are in the $1.00 range are UL approved
and have a currentrating of 5A, which will handle
any situation typically found in an analog synth.
So look around, compare prices, and don't waste
your money on name brands or excessively ex-
pensive components. Again, the surplus houses
generally have all of the switch configurations
you'llneed (SPST, SPDT, DPDT, 3PDT, various push
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buttons, etc.). Do an Internet search for mini tog-
gle switch sales or push button sales to find hun-
dreds of distributors and switch styles.

Forbreadboarding, I've soldered six-inch lengths
of solid 22 AWG wires to the terminals of a num-
ber of switches, just as | have for the potentiom-
eters. It adds a lot of convenience to my experi-
mentation not to have to stop and add wires to
switches or pots while I'm in the heat of an
experiment.

Transformers are something you run into when
you start to build power supplies. You can buy
power supplies prebuilt with multiple output
voltages from several sources or make one your-
self. If you go the self route, make sure you buy a
transformer that has the correct primary AC volt-
age for your area of the world.

The most important thing after that is to get the
right secondary AC voltage. When you rectify the
output of a transformer, the rectified voltage is
approximately the square root of 2 (1.414) times
the VAC (Volts Alternating Current) value of the
transformer’s secondary (or secondary segment
in the case of center-tapped transformers). De-
pending on the voltage regulator chip you use,
you typically need to apply about three to five
volts above the regulator’s output voltage for
proper operation of the voltage regulator. See
the data sheet of the regulator you plan to use to
determine what the secondary voltage of your
transformer needs to be.

Center Tapped Transformer With Full Wave Bridge Rectifier

Primary Secondary
Mains 36VAC

+25 VDC

[+ \
™

10000uF 4 |
Raw DC

outputs
need further
regulation.

10000uF , [,

r?'/

-25 VDC

Figure 2-20. Center-tapped transformer with full-wave bridge rectifier

Most analog synths use a dual (also known as a
bipolar) power supply, and they are most readily
constructed using a center-tapped secondary
transformer. Forinstance, a center-tapped 36VAC
transformer has three wires onits secondary side.
Two are attached to the two ends of the secon-
dary coil, and the third is attached to the center
of the secondary coil (the center tap). If you put
the leads of your multimeter (set to measure AC
voltage) across the center tap and either outer
secondary wire, the meter will display 18VAC. If
you put the multimeter’s leads across the two
outer secondary wires, you will read the full
36VAC. This arrangement is perfect for driving a

full-wave bridge rectifier to supply a beefy dual
DC supply.

Figure 2-20 shows the skeleton for making a sim-
ple but effective dual DC power supply. All you
need to do is add some voltage regulators to the
raw DC outputs and voila—you have a regulated
power supply with 1A or more of output capacity,
depending on the regulators used. The LM78XX/
LM79XX series or three terminal regulators are
widely used and provide up to 1A or more of
regulated power to your project. They comein a
variety of fixed voltages (LM7805/7905 +/-5V,
LM7809/7909 +/-9V, LM7812/7912 +/-12V,
LM7815/7915 +/-15V, etc.). | highly suggest that
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you add a switch and a fuse to the primary side
of any mains powered supply.

For adjustable supplies, you can use the LM317/
LM337 adjustable positive and negative voltage
regulators. You could even make your own ad-
justable dual DC bench supply using these reg-
ulators. By reading the data sheets for the regu-
lator chips (a skill you should definitely develop),
you'll see exactly how easy they are to put into
your project.

Active Components

Active components are things like integrated cir-
cuits, transistors, and diodes. There are hundreds
of thousands (if not millions) of different active
devices available for electronics. You will often
need to buy specialized components for
projects, and you can't stock everything, but

Obtaining Electronic Components

Table 2-1 lists some transistors and ICs to stock
for your experimental work. Electronic parts
come and go, so the specific integrated circuits |
mention here may not be available in the future,
which is why | will specify the function of each
chip.Find the current version by searchingonline
for the description rather than the specific part
number, or try both. The Music From Outer
Space website is a great resource for hard-to-find
active and passive components.

This is my suggested list of active parts to stock
in your parts cabinet. | have several of each of
these devices on hand for experimentation. Look
up the data sheets for the components you're not
familiar with to discover the unique functions
they provide. I'll cover specific uses for some of
these devices in Chapters 4 and 5 as well as the
appendixes.

Table 2-1. Active components parts drawers

Part Number | Function
N3904 | General Purpose NPN Transistor | DrivingLI
"ON3906 | General Purpose PNP Transistor | DrivingLI
CNs457 | N-ChannelJFETTransistor | Sourcefol
P91 | N-ChannelJFETTransistor | Samplea
CMPFI02 | N-ChannelJFETTransistor | Samplea
 LM13600/LM13700 | Dual Transconductance OpAmp | VCE,VCA,
(444 | QuadJFETInputOpAmp | Samplea
074 | QuadFETInputOpAmp | Amplifica
072 | DualFETInputOpAmp | Amplifia
071 | FETiputopAmp | Amplifica
(DA0G6 | CMOS Quad Analog Transmission Gate | Sample
(D401} | (MOS4-BitUp/Down Counter | AtoD, co
(DAOT06 | CMOS Hex Schmitt Trigger Inverter | Timing an
(D409 | CMOS8-Stage Shift-and-Store Bus Register | Timing ar
(D413 | MOSDualDFipFop | Frequenc
(D401 | (MOSQuadNORGate | Logicand
(D411 | (MOSQuadNANDGate | Logicand
(D424 | CMOS 7-Stage Ripple Carry Binary Counter | AtoD, co
LEDs | General Purpose LEDs (various colors) | Lighting
INOT4orIN4TAS | High-SpeedDiodes | General

Great For

General rectification, timing and logic
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Many online sources carry many or all of these
devices. Some of the N-Channel JFET transistors
are becoming harder to find but are still readily
available at Music From Outer Space and other
boutique synth-DIY sources. So what are we go-
ing to do with these components we've gath-
ered? That’s where the solderless breadboard
comes in.

Solderless Breadboarding

Solderless breadboards (SBBs) are standard
equipment for any aspiring synth-DIYer. They're
often the place where new circuit ideas are born
and honed. They're super handy for learning
and/or experimenting. | can’t think of an easier
way to set up and tear down a circuit than using
one of these guys.

Solderless breadboards are equipped with
phosphor-bronze, nickel (or gold) plated wire-
clipsarranged on aone-tenth-inch grid. The one-
tenth-inch spacing is the same as that of dual in-
line package (DIP) integrated circuit leads. The
clips are designed to accept component leads
and solid hookup wire (22 AWG is a great size)
and provide good electrical connections for low-
frequency, low-current work.

Kits are available that contain a variety of wire
lengths and colors with prestripped ends, preb-
ent at 90 degrees for use with solderless bread-
boards. A less expensive alternative is to buy
some spools of solid 22 AWG wire, cutit tolength,
and strip the ends as you work. Bending the ends
at 90 degrees is not necessary, and you can just
poke the stripped wire ends into the breadboard.
Don't poke big fat leads into the breadboard or
you may overbend the clips, reducing the relia-
bility of the connection points. When I'm finished
with a breadboard session, | gather up the strip-
ped wires and keep them in a bin for next time.
Figure 2-21 shows a typical solderless bread-
board and two spools of 22 AWG solid hookup
wire allready to breadboard the nextkiller circuit.

Figure 2-21. Solderless breadboard and solid 22 gauge
hookup wire

Figure 2-22 shows the typical connection
scheme used on solderless breadboards. The red
lines indicate which of the clips are connected
together. The power buses on the sides of the
SBB are connected along the length of the SBB.
Beware that often the power bus is only connec-
ted halfway down the side of the SBB. You may
needtoaddajumperbetween the two segments
of the power bus if you want power all the way
down the strip. The connection points that go
across are connected together but do not con-
tinue through the center of the board to the oth-
erside. They are separated specifically so you can
plug a DIP integrated circuit with one-tenth-inch
lead spacing into the SBB and then connect its
leads via the remaining socket clips on either side
of the chip to additional components mounted
in other areas of the SBB (Figure 2-22).

- E
e
e
-

Figure 2-22. Solderless breadboard highlighting connec-
ted clips
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Hand Tools

In Figure 2-23 we see the typical set of handtools
you'll need to get started. You'll want to buy a
pair or two of fine-point tweezers for use in your
soldering and desoldering work. | like the stain-
less steel types because they're strong and they
resist corrosion. Aluminum tweezers are also
good but less durable. An advantage of the alu-
minum tweezers is that they remove less heat
during desoldering when the soldering iron tip
comes into contact with them.

Figure 2-23. Hand tools for synth-DIY

You'll also need needle-nose pliers, a good pair
of diagonal cutters, a wire stripper (with small
AWG stripping capability), Phillips and flat bla-
ded screwdrivers (including small jeweler’s
screwdrivers), an IC remover, hobby knife, and a
trimpot adjustment tool. Also important to have
on hand is an assortment of multicolored test
leads with alligator clips or mini-clips on the
ends. They're perfect for quickly connecting
things on the work bench. You'll want to get
yourself a static mat and wrist band with a con-
necting cord to aid in combating static damage
to your active components. A nice magnifying
glassisinvaluable when trying to read the micro-
writing on small components or transistors. Last-
ly, a fluorescent lamp with a magnifier is invalu-

Troubleshooting Tips

able for PC board inspection, soldering, desol-
dering, and troubleshooting.

Coming up with cases for your projects is part of
the fun,and whenyou're just getting started, you
can use available materials to save money. When
I first got started, | used aluminum bake pans for
making chassis and face plates. They're cheap,
readily available, and can be drilled easily. When
breadboarding and coming up with circuits, I'll
often mount the panel controls on a piece of
cardboard with HVAC aluminum tape on the
back to provide a ground plane.

You can also buy premade aluminum and plastic
cases from electronic suppliers to house your
projects, but even then you'll need at least an
electric drill to make the component mounting
holes. If you plan to make your own cases for your
projects,you'llneed at the very least a power drill,
ajigsaw,avise, sandpaper, nails, and screws. Start
small and obtain tools as you need them. You can
find deals on used tools at garage sales and flea
markets.

Well, you're all tooled up and you have the in-
struments you need to troubleshoot your
projects. In the next section I'm going to cover
some troubleshooting basics. Anyone building
electronic equipment will tell you that trouble-
shooting your work is standard procedure, and
the better you get at it, the faster you'll be en-
joying the projects you make.

Troubleshooting Tips

You've populated your PC board with all of the
components, soldered carefully, made a front
panel, mounted the componentsonit,and wired
it to your PC board. With high anticipation, you
power it up, connect a cable from your project to
your amp, and... nothing. To quote a famous
guide often used by universal hitchhikers,
“DON'T PANIC! It's not the end of the universe,
you're not a failure, you're still every bit as special
as your mom told you—you simply have a bug
and need to do some troubleshooting.
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You should put on a pair of goggles
when powering up a project. There are
components that will explode if they're
not installed in the proper orientation.
Tantalum caps, for instance, go off like
firecrackers if installed backwards.

Everyone makes mistakes, especially when
building an electronic project. I've been building
electronic projects for decades, and | still goof
from time to time. | forget a part, wire something
tothewrong place, forgetawire entirely, or make
some other simple mistake. The trick is knowing
how to track down the problem and fix it, and
that’s what I'm going to try and prepare you to
do.

How to Minimize Troubleshooting

You can cut way back on troubleshooting if
you're ultra-careful and attentive to every detail
during the construction of your project. Observe
static precautions in your work area. Get yourself
a static mat and a wrist band with a cord that
connects to the mat. Wear it while working with
active components (ICs and transistors) to en-
sure you don't statically damage your compo-
nents while handling them. Use a magnifier light
when inspecting your PC board’s component
values and solder joints.

| advise people to print out the PC diagram with
the component legends or values on it so they
can work from it. Then after the printed circuit
board is populated, go back and check that you
put the correct components in every location
and that each of them is properly soldered. In-
spect the resistor color bands carefully to be sure
each is correct. For example, it's very easy to mis-
take a 200 ohm resistor (red/black/brown) with
a 1Kresistor (brown/black/red). Be certain tolook
carefully at the capacitor values to be sure they're
all correct as well. Make sure all active compo-
nents and IC sockets are oriented correctly. A
transistor, diode, or IC that is oriented incorrectly
will definitely cause havoc. Use IC sockets for all

ICs just in case you have to go looking for a bad
one. It's way easier to desocket than to desolder.

Make sure there are no component legends
without a component on the PC board. Look the
board over very carefully until you are certain all
components have correct values and are sol-
dered correctly. If you find a component with an
incorrect value, carefully desolder and replace it.
If you see a suspect solder joint, reflow it (add a
tad of fresh rosin core solder) or desolder it using
desoldering braid and resolder it.

lalso recommend that people printout the panel
wiring details for a project and then use a high-
lighter to mark off each wire as they install it. Do
the intra-panel wiring first. These are the wires
that interconnect the components on the front
panel. Here again, careful inspection and atten-
tion to detail will give you the best chance of
success on power-up. Go over each wire in the
wiring diagram, comparing it to the wiring you
justinstalled. Install any missing wires or reroute
any that got misrouted.

When you're ready to wire the panel to the PC
board, look over the schematic for the project to
determine which wires will be carrying which
signals. This is another reason it's important to
learn to read schematics well. Keep inputs and
outputs away from one another. Keep high-level
signals away from low-level signals or inputs.
When you put two wires next to each other, par-
asitic capacitance and inductance exists be-
tween them, which can cause a high-level signal
in one wire to be coupled into a separate but ad-
jacent wire.

Examples of high-level signals include VCO out-
puts, LFO outputs, gate signals, trigger signals,
and comparator outputs. Examples of sensitive
signals susceptible to reflection from high-level
signal-carrying wires include mixer inputs, filter
inputs, and VCA inputs. Use coax cable for sensi-
tive inputs and only ground one end of the cable
to avoid ground loops. By routing your wires
properly, you'll avoid issues related to signal
reflection.
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What to Look For

Here are a number of things to consider when trying to » Go over the component values on the PC board
find anissue with a circuit. This is where your oscilloscope, again to make sure every one of them is properly
multimeter, and Sherlockian sleuthing skills (Figure 2-24) oriented and of the correct value.

are going to get a good workout.

Figure 2-24. A loupe is handy for close inspection of com-
ponents and solder joints

Read over the circuit’s description so that you are
thoroughly familiar with what it's supposed to be
doing.

Make a copy of the schematic and use it to record
notes and measurements made during trouble-
shooting.

If you are lucky enough to have another working
version of the circuit, use it to compare what you
are seeing in the defective one. This is one of the
easiest ways to find a problem within a circuit.

Look very closely at changes or modifications you
may have made to the circuit, even ifit worked fine
for a while after the change was made. Consider
any degradation in circuit operation observed be-
fore the circuit stopped working. Did you connect
the input or output to something you hadn’t con-
nected it to before? Considering these things can
give you a leg up on where to start looking for the
problem.

Go over the wiring again, as this is the most com-
mon cause of errors. Forgetting any wire is prob-
lematic, but when it's a ground or power wire that
subsequently connects to other panel compo-
nents, you'll see erratic behavior.

If an IC is hot, it may not be oriented correctly.
Powering an IC with reverse voltage will absolutely
burnitoutand destroy it. You mightas well replace
any chips you installed backwards because theyre
dead, Jim.

If you etched the PC board yourself, inspect it with
an illuminated magnifier to ensure that there are
no shorts or opens in the copper traces. Open any
shorts with a hobby knife, and close any opens
with thin solid wire and solder. Look closely, as sol-
der balls can be teeny-weeny and still short closely
spaced lands or pads.

Check that the appropriate power supply voltage
is present on every IC's power pins.

Make sure your mechanical components are wired
properly. An incorrectly wired jack on the input or
output of your project can stop it dead in its tracks.
The terminals on phone jacks with switch legs are
not always arranged the same way, so you might
have the input or output wire connected to the
wrong terminal on the jack.

Ifyou severely distorted a plastic panel component
during soldering or desoldering, it may now be
kaput.

Check that all ICs are plugged into their sockets
properly. If a pin gets bent under an IC instead of
plugged into its socket, it will definitely be a
problem.

Swap active components (op amps, logic chips,
transistors) for known good ones (IC sockets to the
rescue again). Cut the pins off of and throw out bad
ICs (so you don't inadvertently use them again).
Some people prefer to slingshot them as far as
possible from the lab.
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ntinued)

The outputs of op amps used as comparators will
always be in either high or low saturation. If the
output of a comparator doesn’t correspond with
the measurements you observe on the inputs, you
either have a bad IC or an issue with the compo-
nents used to set the comparator’s threshold or
input level. A positive feedback resistor with an in-
correctly low value will cause a comparator to stick
in high or low saturation.

The outputs of op amps used as amplifiers or filters
should never be saturated high or low. If you come
acrossone thatis, make sure the associated resistor
values are correct. If the feedback resistor’s value
isincorrectly high, it could cause the op amp's out-
put to be saturated high or low. Knowledge of op
amp theory (see Appendix A) will help you to de-
termine if the output you are observing corre-
sponds with the signals or voltage levels on the op
amp’s inputs. Consider the signals or levels ob-
served on the inputs, along with the op amp’s gain
and biasing, and then determine if the output is
appropriate. Look at the values of resistors associ-
ated with the op amp’s circuitry to verify their val-
ues. If all component values and input signals are
correct, replace the op amp.

If using an NPN transistor as a switch to drive an
LED, the transistor should allow current to flow
from collector to emitter when the base is biased
high. If the transistor doesn’t respond to changes
in base voltage (and subsequently current), and
the resistors in the circuit are the correct values,
replace the transistor.

When using an N-Channel JFET in a high impe-
dance source follower application (where its drain
goes to V+and its source goes to V- through a load
resistor), you should see the voltage vary on the
load resistor in the same manner as observed on
the JFET's gate although the DC level may be dif-
ferent. If the voltage on the load resistor is not
varying, make sure the resistors in the circuit are
the correct values—and if they are, replace the
JFET for a known good one.

Op amps with gains higher than 1 can suffer from
instability and oscillate ata high frequency (usually

super-audio). Sometimes this oscillation will be
heard as noise on the op amp’s output, butin other
cases you will need an oscilloscope to observe it.
Using an oscilloscope, this high-frequency oscilla-
tion can be seen superimposed on the normal sig-
nal at the op amp’s output. A small value capacitor
(4.7pF to 100pF) placed across the op amp’s feed-
back resistor may quell the oscillations.

Leaky capacitors in timing applications will reveal
themselves by discharging too quickly or never
charging to full voltage when being charged by a
low current. Tantalum capacitors are permanently
damaged by being reverse-biased and become
leaky very quickly, even with short exposure to in-
correct polarity.

Shorted capacitors will show the same DC level on
both sides of the cap and will show up as shorted
when tested with an ohmmeter.

Low-quality potentiometers can suffer from poor
conduction between the wiper and the resistive
element, resulting in crackly operation in mixers or
other odd behavior associated with dead spots in
the pot’s rotation.

You will occasionally find switches that provide in-
termittent contact between terminals. Replace
them.

CMOS logic chip outputs should be at supply V+
or supply ground. If you observe an intermediate
level on a CMOS chip’s output, it could be that the
circuit it is driving is too low in resistance (check
values) or that the chip is defective and needs to
be replaced.

Anytime you want to see what's going on with an
IC’s pin while it is disconnected from the circuit,
remember you can remove the chip, gently bend
thelead of interest out, reinsert the chip,and probe
the now isolated lead.

LEDs are extremely reliable, so always check the
driving circuitry first if you have an LED that won't
come on.
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Divide and Conquer

During troubleshooting of a complex circuit that
contains many ICs and modules, it's often diffi-
cult to see the forest for the trees. In a case like
that, it is necessary to divide and conquer. You
may need to remove all of the chips from the PC
board and then reinstall them one module at a
time so you can test each module in isolation.

Isolate the power supply if you think it is the
problem. Disconnect it from the circuit and see
ifitworksunderareasonableload. Keeping some
1to 10 watt ceramic resistors in low values (10 to

Troubleshooting Tips

100 ohms) around is good for exercising a power
supply.

With patience and determination (and perhaps
a wee bit o’ luck), you'll find and solve the prob-
lem that’s keeping your project from coming to
life. And never forget that a second set of eyes is
always recommended. Cultivate relationships
with relatives, teachers, professors, and friends
who possess electronics knowledge so you'll
have a resource to bounce ideas off of when
you're in a tight spot.
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Analog Synthesizer
Building Blocks
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In this chapter I'll cover a number of analog synthesizer fundamentals and then present
the main building blocks or modules that provide the analog synthesizer with its in-

credible sound-shaping capability.

Three Configurations:
Normalized, Modular, and
Hybrid

Analog synthesizers generally fall into three cat-
egories: those with normalized switching
schemes, those with modules and patch cords,
and those that are a hybrid of the two (see
Figure 3-1).

A synthesizer with a normalized switching ar-
rangement lets the user connect the internal
modaules in a straightforward way using switches

and potentiometers on the front panel. With this
type, the user can only connect modules in the
way the designer of the synth thought was most
useful. That may be a slight limitation, but you
can still do a ton of fantastic sonic work with one
of these. Two of the most popular analog syn-
thesizers of all time (the Mini-Moog and the ARP
Odyssey) fall squarely into this category. The fact
that these types are ready to go as soon as you
turn them on and that they don't require patch
cords is offset by the fact that they’re generally a
lot less flexible than their modular counterparts.

Figure 3-1. Analog synthesizer modules vary in size, but are generally about two to four inches wide by eight or so inches
tall. The faceplates bristle with cryptic legends, knobs, switches, buttons, and LEDs. Each one performs a particular
function and has clearly marked inputs, outputs, and controls. The Mini-Moog (left) is an example of a normalized synth.
The Synthesizers.com synthesizer (center) is a modular synth, and the ARP 2600 (right) is a hybrid of the two types.

A completely modular synthesizer usually has a
wooden case (or several) with tens (or even
scores) of separate electronic modules in each
one that the synthesist interconnects with patch
cords. Patch cords are coax cables with phone
plugs on both ends that fit into the jacks of the

modaules, permitting them to be interconnected.
Some synthesizers use banana jacks instead of
coax plugs to interconnect the modules. An ex-
perienced synthesist knows just how to connect
the modules to produce whatever sound he is
after.
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Voltage Control

The third type of synthesizer, the normalized-
patch cord hybrid type, attempts to add the flex-
ibility of patch cord interconnections to the nor-
malized model. The famed ARP 2600 falls into
this category. Although the front panel has a
completely normalized switching scheme, al-
lowing the synth to operate without patch cords,
it also has jacks that allow the user to intercon-
nect the modules in ways only possible with a
completely modular synthesizer. It is generally a
good idea to limit module interconnections so
that outputs go to inputs. Doing otherwise can
result in unexpected and possibly damaging
results.

Voltage Control

Another important feature of analog synthesiz-
ersisthat they are “voltage-controlled.” The main
voltage-controlled building blocks are the
following:

Voltage-Controlled Oscillators (VCOs)
Varying voltage is used to control the fre-
quency of a sound-producing oscillator.

Voltage-Controlled Filters (VCFs)
A voltage controls the cutoff frequency of a
filter circuit.

Envelope Generator
A voltage may control the times for each of
the attack, decay, sustain, and release pha-
ses.

Low-Frequency Oscillators (LFOs)
Varying voltage is used to control the fre-
quency of a low-frequency modulation-
producing oscillator.

Voltage-Controlled Amplifiers (VCAs)
A voltage controls the output amplitude of
a signal.

A “one volt per octave” standard was developed
by Robert Moog and was subsequently used by
the majority of major analog synthesizer manu-
facturers. To illustrate what this means, consider
this example. If you apply 1V to the control volt-
age input of an oscillator and note its frequency

(we'llimagine 100 Hzfor our example), when you
increase the control voltage to 2V, the oscillator
will put outafrequency precisely an octave high-
er (200 Hz in this case). If you raise the voltage to
3V, the oscillator will put out precisely 400 Hz,
another frequency increase of one octave. The
change in the VCO’s frequency as its exponential
control voltage is increased in 1V increments is
illustrated in Figure 3-2.

Expo CV =0V, VCO Frequency = 100 Hz.
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Figure 3-2. VCO frequency doubling as control voltage in-
creases by 1V increments
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In order to play notes that sound “in tune,” the
VCO’s circuitry has to achieve a very precise con-
version of control voltage to current. The ability
of a VCO to “track” the control voltage accurately
is extremely important.

Analog synthesizer VCOs are delicate pieces of
circuitry that require temperature compensation
and careful calibration to be used for musical
purposes. The human ear can tell when some-
thing is even slightly out of tune. The “cent” sys-
tem divides the distance between two adjacent
semitones on the equally tempered scale into
100 divisions, and your ear can hear when your
synth’s VCO is only a few cents out of tune. VCFs
that double as sine wave oscillators use similar
circuitry to achieve cutoff frequency stability and
precise volts per octave tracking. The ear’s per-
ception of loudness is not anywhere near as pre-
cise as its perception of frequency, so VCAs (the
modules used for loudness shaping in a synthe-
sizer) do not need to employ as precise a con-
version mechanism as VCOs or VCFs.

The range of signal and control voltage
amplitudes used within a synthesizer
will vary depending on the manufac-
turer. They can range from +/-5V to as
high as +/-15V. If you interface your
synthesizer with another one, be sure
notto exceed any control voltage limits,
oryou could damage one or both units.

The voltage used to control the modules of an
analog synthesizer can come from several sour-
ces, but often a keyboard controller is used for
musical applications. One of the outputs of the
keyboard controller is a precise one volt per oc-
tave “control voltage” used to “play” VCOs de-
signed to operate from the one volt per octave
standard. We'll go further into the details of the
keyboard controller below, but it will be instruc-
tive to briefly touch on two other signals sup-
plied by the keyboard controller before we move
on: gates and triggers.

Voltage Control

Next let’s explore the basic analog synthesizer
modules and how each contributes to the amaz-
ing analog sound.

Figure 3-3 shows the symbols used in the analog
synthesizer block diagrams that follow. Potenti-
ometers and switches are typically used to set up
a module’s initial conditions. The module’s oper-
ation is then dynamically changed by modulat-
ing voltages applied toits control voltage inputs.

Synth Module
Block Diagram Symbols

Potentiometer
oo Toggle Switch
o—o_l_o—o Pushbutton Switch
—G—»  Module Output
»-©O— Module Input

o0Oo

o B, Selector Switch
Oe—o o

Figure 3-3. The block diagrams in this chapter use these
symbols to represent the controls found on each of the
modules discussed.
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The Voltage-Controlled Oscillator (VCO)

Gates and Triggers

Many analog synthesizer modules need to be activated
with an electrical signal known as a gate (usually a voltage
step from zero volts to some positive voltage) and/or a
trigger, a few milliseconds-wide pulse that also typically
goes from zero volts to some positive voltage. Figures 3-4
and 3-5 show typical gate and trigger signals, respectively.
For instance, an envelope generator (which is often used
to controlaVCA to produce an amplitude envelope) needs
to be activated when a key is pressed or some other con-
troller is signaling that a note should sound.

Keyboard Controller Gate Output

ov

Key pressed |

All keys released

Figure 3-4. Keyboard controller gate signal

Keyboard Controller Trigger Output

o L1l
ov
Key pressed J

Legato note change

All keys released

Figure 3-5. Keyboard controller trigger signal

In the case of the keyboard controller, when a person
presses a key, the gate goes high. This gate output signal
is connected via a patch cord to the gate input of the en-
velope generator, and when the gate goes high, the en-
velope generator begins its attack cycle . As long as the
key is held down, the envelope generator continues to
provide a voltage to the VCA, causing it to continue pass-
ingthessignal applied toitsinput. When the keyisreleased,
the envelope generator enters its release or decay cycle,
and the VCA's gain reduces to zero as the control voltage
goes to zero at the rate set by the Decay or Release control
of the envelope generator. This cycle is described in more
detail later in Figure 3-15.

Atrigger pulse afew milliseconds long is emitted from the
keyboard controller any time a key is initially pressed and
any time the note is changed (as in legato-style playing).
A trigger pulse can also cause an envelope generator to
spring into action, but with slightly different results that
we'll detail below. I'll be referring to gates and triggers
below, and now you'll know what I'm talking about.

Never let it be said that you won't come across some old
piece of analog synth gear that uses negative voltage for
gates and/or triggers or starts negative and goes positive
(or weirder yet...vice versa). Always use an oscilloscope or
multimeter to measure the output of a gate or trigger on
a piece of gear you are unfamiliar with before connecting
your project to it, just to be sure it's not one of these more
unusual units.

The Voltage-Controlled
Oscillator (VCO)

Figure 3-6 presents the block diagram of a
voltage-controlled oscillator, a staple of all ana-
log synthesizers. It is the main tone-producing
module, and large analog synthesizers often in-

clude several of them. Sound is produced by vi-
brating the air around us, and sound waves pro-
pogate through the air as variations in air pres-
sure. The shape of the vibrations makes a huge
difference in the harmonic characteristics and
timbre (tone color or tone quality) of the sound.
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The Voltage-Controlled Oscillator (VCO)

) . O
Exponential CV in p»——
>0

Linear CV in -p»—O—
Pulse Width Mod in —»——
Sync in —-O—

Waveform outputs

VCO

T

Coarse Fine Pulse

Freq.

Freq. Width

Figure 3-6. VCO module block diagram

Voltage-controlled oscillators generally produce
several “waveforms,” which are differently sha-
ped impulses with which to vibrate the air. Typi-
cal waveforms are shown in Figure 3-7.

Each of these waveforms has a unique set of har-
monics that give it a distinctive timbre. With ex-
perience you'll be able to identify each simply by
hearing it.

Sawtooth
The sawtooth wave is a rather harsh sound
and is often used in horn patches.

Ramp
The mirrored twin of the sawtooth, the ramp
wave, sounds similar and is often at home in
string patches.

Square

The square wave, with its infinite set of odd
harmonics, is characteristically hollow-
sounding. Some oscillators permit the
square wave's duty cycle to be controlled
and even modulated to produce the slow
beating effect of two closely tuned oscilla-
tors. As you adjust the pulse width, you def-
initely hear when the duty cycle goes
through the 50% point. Your eardrums just
know when they’re being vibrated back and
forth evenly by the symmetric hollow-
sounding square wave.

Rectangle
Therectangle wave is differentiated from the
square wave by the fact that its duty cycle
(high time versus low time) is not 50%. The

more narrow the pulse width, the more
nasal-sounding this waveform becomes, as
more and more even harmonics are accen-
tuated. The narrow rectangle/pulse wave al-
ways reminds me of the timbre of a harpsi-
chord.

Sine

The sine wave is the “purest” waveform
known to man and occurs frequently in na-
ture. Any waveform can be built from sine
waves occurring at the proper harmonic fre-
qguencies and amplitudes, and all waveforms
have a fundamental frequency that is, you
guessed it, a sine wave. As you can imagine
justbylooking at the rounded shape with no
quick changes in direction, the perfect sine
wave has no harmonics, and thus you only
hear its fundamental frequency. However,
since there are no perfect sine waves, suffice
to say that sine waves have the fewest and
lowest amplitude harmonics.

Triangle
The triangle wave is the sine wave’s slightly
dirty cousin in that its shape has far more
harmonics thanthesine, butit’s a pretty mel-
low wave by itself.

If all the VCO did was produce a variety of wave-
forms, it wouldn't be that useful. One of the main
features of a VCO is its response to a control volt-
age. We discussed one volt per octave control
voltage previously, and VCOs must be carefully
calibrated to achieve this goal.
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The Voltage-Controlled Oscillator (VCO)

Waveform Name Wave Shape

Sawtooth

Ramp

Rectangle/Pulse

Square

Sine

=

Triangle

Figure 3-7. Typical VCO waveforms

Once calibrated, a VCO can track one volt per oc-
tave over eight or more octaves. A VCO typically
has potentiometers for both coarse and fine ad-
justments in frequency. The coarse control per-
mits changing the frequency over the VCO’s full
range, while the fine control permits delicate
tuning adjustments. The range of the VCO is typ-
ically the same as that of human hearing (20 Hz
to 20 kHz), but many VCOs can go much lower in
frequency and can be used as sources of low-
frequency modulation.

Frequency is measuredin cycles per sec-
ond, or Hertz (after the German physi-
cist Heinrich Hertz). It is the number of
times per second that the sound source
vibrates your eardrums back and forth.
The abbreviation kHz stands for thou-
sands of cycles per second, MHz stands
for millions of cycles per second, and
GHz stands for billions of cycles per sec-
ond. Audible frequencies lie between 20
Hz and 20 kHz.

A VCO typically has two types of control voltage
(CV) inputs: exponential frequency response in-
puts and linear control voltage inputs. Whereas

the exponential control voltage inputs change
the VCO's frequency at a rate of one volt per oc-
tave, thelinear control voltage input changes the
frequency in evenly stepped increments. For ex-
ample, if the VCO is oscillating at 100 Hzat 1V, an
increase to 3V on the linear input would cause
the frequency to rise to 300 Hz. A similar change
ontheexponentialinputwould causeadoubling
with each volt, with a resulting frequency of 400
Hz.

Often the linear control voltage input
on a VCO is used for low-level modula-
tion like vibrato.

The voltage control inputs to a synthesizer mod-
ule are often referred to as modulation inputs.
Modules with dynamically changing outputs are
typically used to change or “modulate” the fre-
quency of the VCO. Another typical modulation
input on a VCO is the pulse width modulation in-
put. Usually there is a Pulse Width control poten-
tiometer on the VCO with which you can set a
square or rectangle pulse wave’s output to a de-
sired width (and resulting timbre). Having the
ability to modulate the pulse width with a low-
frequency sine wave (for instance) can make one
VCO sound like two closely tuned VCOs beating
against each other.

In Figure 3-8, you'll see the square wave voltage
output of an LFO modulating the frequency of a
VCO.The LFO’s square wave is the blue trace, and
the VCO's modulated frequency is the yellow
trace. When the amplitude of the LFO’s output is
low, the VCO's frequency is correspondingly low;
and when the amplitude of the LFO’s output
goes high, the VCO’'s frequency goes corre-
spondingly high. This is an example of voltage
control of the VCO's frequency.
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Figure 3-8. VCO frequency modulated by LFO square
wave

In Figure 3-9, the VCO’s frequency (yellow trace)
is modulated by a ramp wave (blue trace). You
can see how the VCO's frequency follows the am-
plitude of the ramp wave’s voltage. As it gets
higher the frequency increases and when it re-
turns low the frequency follows. This is another
example of voltage control of the VCO's frequen-

cy.
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Figure 3-9. VCO frequency modulated by LFO ramp wave

Voltage-controlled oscillators come in two fla-
vors: ramp core and triangle core. Even though
VCOs can output several waveforms, the one that
is produced in the bowels of the oscillator prior
to being modified by wave shaping circuits is
typically a ramp wave or a triangle wave. These
two waveforms are able to be generated at pre-
cise frequencies from current sources and are
great starting waveforms to put through wave
shape modification circuitry to generate other
waveforms.

As the name implies, a ramp core oscillator uses
a precision circuit for generating a ramp wave

The Voltage-Controlled Filter (VCF)

whose frequency is directly proportional to the
current flowing in the VCO's linear voltage to ex-
ponential current converter. The triangle (or tri)
core oscillator uses a precision circuit for gener-
ating a triangle wave whose frequency is, again,
directly proportional to the currentflowinginthe
VCO’s linear voltage-to-exponential current con-
verter. The VCO has circuitry to modify the shape
ofthe core wave into the other waveforms shown
in Figure 3-7.

Another interesting feature many VCOs possess
is the ability to be synchronized (or synced) to
another VCO. The output of one VCO (the sync
source) is connected to the syncinput of another
VCO (the synced VCO), and the synced VCO’s core
oscillator is reset every time the sync source VCO
finishes a cycle. The effect of this is that the
synced VCO sounds like an emphasized set of
harmonics, with its fundamental frequency set
by the sync source VCO.

There are two types of sync: hard sync, in which
the VCO's ramp core is reset to zero by the sync
source; and soft sync, in which the synced VCO'’s
triangle core oscillator’s direction is reversed by
the sync source. Hard sync is a much more in-
your-face sound effect than soft sync. By sweep-
ing the frequency of the synced oscillator, you
get an unusual dynamic change in its timbre.

The Voltage-Controlled Filter
(VCF)

The resonant voltage-controlled filter is one of
my favorite modules because of its incredible
sound-shaping capability. Figure 3-10 shows the
block diagram for the versatile state variable type
of VCF, which provides three response types si-
multaneously (low pass, band pass, and high
pass).

The “wah-wah” sound that can be heard in ev-
erything from guitar foot pedals to the largest
modular synthesizer is the result of a VCF.
Voltage-controlled filters remove harmonics
from the original signal, and because of this are
often referred to as subtractive synthesis
elements.
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The Voltage-Controlled Filter (VCF)
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Exponential CV in p»——
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Linear CV in p»—©—]
Signal in —p»—O—

VCF

State Variable

Filter Outputs
O High Pass

—O—P» Band Pass
G Low Pass

% % % TSineOscilIation
None

Coarse Fine Resonance
COF COF

Figure 3-10. VCF module block diagram

This oscilloscope image in Figure 3-11 shows a
square wave being put through a VCF. The VCF’s
cutofffrequency is high and the resonanceis low,
and thus the square wave passes through the fil-
ter virtually unchanged.
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Figure 3-11. VCO through VCF (high cutoff frequency, low
resonance)

Inthe oscilloscopeimagein Figure 3-12,the VCF’s
cutoff frequency has been turned down, which
subtracts much of the higher harmonics from the
square wave. If we continued to turn the cutoff
frequency down, only the fundamental frequen-
cy of the square wave (appearing as a sine wave)
would be passed. The filter’s cutoff frequency
could be adjusted even lower, completely block-
ing the square wave’s fundamental frequency if
we desired.
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Figure 3-12. VCO through VCF (lower cutoff frequency,
low resonance)

VCFs typically have adjustments to set the cutoff
frequency (often with coarse and fine adjust-
ments), and to adjust the amount of resonance,
thefilteradds to the signal being passed through
them. They also have several control voltage in-
puts, both exponential (i.e., one volt per octave)
and linear. Somefiltersinclude a convenient mul-
tichannel signal mixer as an integral part of the
module.

The VCF’s exponential control voltage inputs that
control the VCF's cutoff frequency follow the one
volt per octave standard. When a VCO is put
through a VCF, the VCF's cutoff frequency can
track modulating voltages, just as the VCO does.
Thisfacilitates adjusting the VCO's frequency and
the filter’s cutoff frequency and resonance for in-
teresting timbres, which can track across the en-
tire range of a keyboard controller.

In addition to keyboard voltage modulation, the
VCF can be modulated by envelope generators,
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VCF Ringing

When the VCF’s resonance is turned up, the filter
emphasizes the center frequency of the signal be-
ing passed through it, resulting in “ringing” (see
Figure 3-13). The ringing results from harmonic si-
nusoidal elements that are added to the sound
passing through thefilter. This ringing is what gives
the resonant VCF its signature sound. The frequen-
cy of the sinusoidal ringing is the cutoff frequency
inalow- or high-passfilterand the center frequency
in a band-pass filter. The range of the VCF’s cutoff
frequency typically starts from well below audible
and goes up to about 18 kHz or so.
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Figure 3-13. VCO through VCF with high-resonance
“ringing”

sampleand hold modules,and LFOs:inshort,any
source of modulating voltage. The envelope
generatorisa popular modulator for the VCF and
allows the synthesist to change the harmonic
content of the sound dynamically in response to
gates and triggers from a keyboard, a sequencer,
and/or other types of voltage controllers.

On many VCFs, the output is a remarkably pure
sine wave when the resonance is turned all the
way up (see Figure 3-14). This allows the filter to
double as a voltage-controlled sine wave oscil-
lator. Under these conditions, the VCF’s output
can be used as a signal or modulation source.

The Voltage-Controlled Amplifier (VCA)

-
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Figure 3-14. A VCF with maximum resonance, resulting in
oscillation

The Voltage-Controlled
Amplifier (VCA)

All sounds have amplitude envelopes. All sounds
start, sustain, and end with a particular ampli-
tude signature that helps us identify what they
are. For example, the amplitude of a bell struck
with a clapper starts high and then slowly decays
over time until the bell’s vibrations cease. A ham-
mer striking an anvil has high initial amplitude
that decays very rapidly. The amplitude of the
sound of a cello or bass viol starts low and builds
as the instrument’s string begins to vibrate in re-
sponse to the bow dragged slowly across it. The
sound sustains as long as the bow continues to
be dragged across the strings and can stop sud-
denly or slowly, depending on the actions of the
musician.

Each of these phases of the amplitude envelope
have names. The initial rise in amplitude is called
the sound’s attack. After the sound’s attack, there
is a decay phase in which the sound’s amplitude
falls to a lower level at which it sustains until it
fades away over what we refer to as the release
phase. Put together, these phases are referred to
as the ADSR voltage envelope. You'll hear these
terms again when we discuss envelope genera-
tors.

In Figure 3-15, we see clearly how the output of
an ADSR envelope generator applied to the con-
trol voltage input of a VCA can create an ampli-
tude envelope. The voltage envelope output by
the ADSR is the blue trace, and the output of the
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The Low-Frequency Oscillator (LFO)

VCA is the yellow trace. As a gate is applied and
maintained, the envelope starts with the attack
phase, followed by the decay phase, which falls
into the sustain phase (the constant amplitude
phase). Following removal of the gate signal, the
release phase is entered, and the VCA’s ampli-
tude falls to zero along with the output voltage
of the ADSR envelope generator.
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Figure 3-15. ADSR modulating a VCA

The VCA is the module that allows us to control
the amplitude of the synthesizer’s signal sources
by means of a modulating voltage. The modula-
tion source for the VCA is often an envelope gen-
erator (discussed in “The Envelope Generator

(EG)" on page 48), alow-frequency oscillator, ora
VCO. Often it is a mixture of many modulators
(mixed using the DC mixer discussed in “Audio
and DC Signal Mixers” on page 53).

VCA's typically have one or more signal inputs, an
output, and several control voltage inputs. The
VCA may include an Initial Amplitude control to
allow the VCA to pass a set amount of the signal
applied to its input. Applying a control voltage
subsequently increases or decreases theamount
of signal passing through the VCA. A Control
Voltage Offset control is a useful feature that fa-
cilitates modulation from a variety of sources,
some of which may be bipolar (oscillating about
ground) in nature and others unipolar (biased
either positive or negative). We'll talk more about
bias in the sidebar “Biasing the Op Amp’s Out-
put” on page 128 in Appendix A.

VCAs can have both exponential and linear con-
trol voltages. Exponential VCA response sounds
more organic than linear because humans per-
ceive sound amplitude that way naturally. The
block diagram of the VCA is presented in
Figure 3-16.
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Figure 3-16. VCA module block diagram

The Low-Frequency Oscillator
(LFO)

An LFO is like a VCO in many ways, except that
it'sin really slow motion. Whereas the typical VCO
can go as low as a couple of cycles per second,
the LFO’s cycle time can be as long as several mi-
nutes. LFO oscillation can range from millihertz

to audible frequencies (frequencies above 20
Hz).

LFOs typically have one or more frequency con-
trols (coarse or coarse/fine) and can have several
linear and/or exponential control voltage inputs.
They typically produce all of the waveforms that
a VCO can, including the variable-width-pulse
waveform.
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LFOs often serve as a modulator, producing vi-
bratoin a VCO by applying the LFO’s sine output
(adjustedtoabout 10 or 12 Hz) to the VCO’s linear
control voltage input. LFOs can be used to mod-
ulate any voltage-controllable module. Some
LFOs are capable of being reset with a gate or
trigger pulse to sync the output with other
events or modules. The block diagram is the
same as that for the VCO in Figure 3-6.

The Keyboard Controller

In order to “play” the synthesizer like a keyboard
instrument, you need a keyboard voltage con-
troller. This controller has an organ-style key-
board with precision circuitry to cause the con-
troller to output exactly one volt per octave. Key-

The Keyboard Controller

board controllers come in varying sizes: two oc-
tave, three octave, four octave, and all the way
up to 88 keys, just like a full-size piano keyboard.
A block diagram of a keyboard voltage controller
is shown in Figure 3-17.

All key presses result in a control voltage output
thatis proportional towhere on the keyboard the
key resides. For example, say that pressing the
lowest C on the keyboard resulted in an output
voltage of zero volts, and pressing the C above
that results in one volt. What about all the keys
in between those two notes? Each key will output
1/12 of a volt (or 83.333mV) more than the next
lower key. Table 3-1 shows one octave of control
voltages.

Keyboard Voltage Controller
:4— 0to 3V in steps of 83.33 mV ——»!

Oto 1V ' 1to 2V

' 2to 3V

Portamento 1

oY SR I

patiudbbidbadbbdbadbiad]

]

]

|

]

L oy !
] ] }

}

}

}

]

[} G .
| —O—P» 1V/Oct CV Out
! —C—

I
! —O— Gate [ |
—O— Trigger

Note Bend

Figure 3-17. Keyboard voltage controller block diagram

Table 3-1. One octave of control voltages (all units in mV)

c J|c# |p |p# |E |F |F#
0 [ 83333 | 166666 | 249999 | 333332 | 416.665 | 499998
6 |at |A [ax [B [c |
'583.331 | ce6.c64 | 749997 [ 83333 |9teee3 [V |

Many synthesizer players feel that a
keyboard is not expressive enough for
themany sounds an analog synthesizer
can produce. Ribbon controllers, light
controllers, voltage sequencers, and
knob twiddling are all viable alterna-
tives to using a keyboard controller for
producing electronic sound or musical
compositions.

Keyboard controllers often include modulation
wheels or joystick controls that allow a musician
to augment the keyboard controller’s output
voltage with sine wave (or other waveform) mod-
ulation, as well as adding to or subtracting from
the control voltage to produce note-bending
effects.
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The Envelope Generator (EG)

Many classic keyboard controllers are mono, meaning
they only allow one note to played at a time (no chords).
Mono keyboard controllers usually have low note priority,
which means that if more than one key is depressed at the
same time, the voltage corresponding to the lowest key
down will be emitted by the controller.

Some keyboard controllers allow playing two or more
notes simultaneously and provide control voltage out-
puts that correspond to the keys being pressed. When

used with a modular synthesizer, this feature permits con-
trolling several oscillators, with the various control voltage
outputs allowing the synthesist to produce chords.

Keyboard controllers that can output two separate control
voltages can be designed with purely analog circuitry. En-
abling a keyboard controller to output several control vol-
tages, each corresponding to the nth note being pressed,
typically requires a good deal of digital circuitry or a mi-
croprocessor and a scanning matrix style of keyboard.

A portamento or glide control is another feature
typically present on keyboard controllers. When
the portamento control is off, the keyboard out-
puts discrete voltages as the various keys are de-
pressed. When the portamento control is ad-
vanced, the keyboard controller’s output voltage
slews from one level to the next as the keys are
pressed. An excellent example of keyboard con-
troller portamento is heard in the famous Moog
solo performed by Keith Emerson in the Emer-
son, Lake, and Palmer song “Lucky Man.”

If you were controlling a VCO with the keyboard
controller and had the portamento control on,
you would hear the notes slide from one to the
other instead of changing pitch immediately.
The more you advance the portamento control,
the longer the slew between changing output
voltages takes. Some keyboard controllers per-
mit selection of either RC voltage slewing or lin-
ear voltage slewing. With RCslewing, the voltage
changes respond in the same manner as a ca-

pacitor being charged or discharged through a
resistor, whereas linear slewing (as its name im-
plies), results in linear slewing from note to note.

Keyboard controllers also output two important
control signals, known as gates and triggers, as
discussed in “Gates and Triggers” on page 40.

The Envelope Generator (EG)

Thediscussion of the VCA touched on the subject
of amplitude envelopes. The envelope generator
is the module used to produce the actual voltage
levels that correspond to the various amplitude
envelope phases. The two most common types
of envelope generators found in analog synthe-
sizers are the attack release envelope generator
(AREG) and the attack decay sustain release en-
velope generator (ADSREG). In Figure 3-18, you'll
see a block diagram of the ADSR envelope
generator.

48 Make: Analog Synthesizers




The Envelope Generator (EG)

Gate Input—p—O—

Trigger Input —»——

1
Manual Gate e—o o—

ADSR Envelope
Generator

Envelope Voltage Out
—o—»

N

Attack Decay Sustain Release

Time Time

Level

Time

Figure 3-18. ADSR envelope generator module block diagram

AR Envelope Generator

The AREG has two phases: the attack phase and
the release phase. Correspondingly, the AREG
has Attack and Release Time controls that adjust
the time the AREG takes to complete the attack
and release phases. When adjusted to the lowest
setting, the attack or release times are as short as
possible (typically a few milliseconds). When ad-
justed to thefully on setting, the attack or release
timesareaslongas possible (typically 20 seconds
or more). The controls can be independently
adjusted.

The AREG can be activated by either a gate or a
trigger. When it is gated (i.e., a high gate signal is
applied to its gate input), the AREG enters the
attack phase, and its output voltage rises to its
maximum (usually between 5Vto 10V) at therate
set by the Attack Time control. The output of the
AREG stays at that level until the user releases all
keys, at which time the output of the AREG de-
cays to its minimum output voltage at the rate
set by the Release Time control. If the gate is re-
moved prior to the AREG attaining its maximum
output level during the attack phase, the module
enters the release phase. The output voltage de-
cays from whatever level it was at when the gate
was removed back to its minimum level at the
rate set by the Release Time control.

When the AREG is triggered (instead of gated) it
starts and completes its attack cycle and then
enters the release phase. Once in the release
phase, the AREG can be retriggered to enter the

attack phase and begin to climb to its maximum
output level, at which time it enters the release
phase and decays to minimum output.

ADSR Envelope Generator

The ADSREG can produce more interesting en-
velopes than the simpler AREG. Its ability to con-
trol the decay and sustain phases of its envelope
provides the synthesist with more flexibility. The
ADSREG responds to gates and triggers, so it can
be gated, triggered, or gated and triggered si-
multaneously. We'll discuss the ADSREG's re-
sponse in these three scenarios.

When the ADSREG is gated, it enters the attack
phase, and the output of the module begins to
climb toward its maximum output voltage at the
rate set by the Attack Time control. If the gate is
still applied at the completion of the attack
phase, the ADSREG will enter the decay phase,
and the module’s output voltage will begin to
decay to the sustain level at the rate set by the
Decay control. If the gate continues to be applied
throughout the completion of the decay phase,
the ADSREG enters the sustain phase. The sustain
phase is a user-settable DC level whose range is
adjustable between the ADSREG’s minimum and
maximum output voltages (Figure 3-19 shows
the ADSREG's output as a gate is applied
throughut its attack, decay, and sustain phases).
If the gate is removed during any of these phases
(attack, decay, or sustain), the module enters the
release phase, immediately skipping any phases
between. Figure 3-20 shows the ADSREG’s out-
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The Envelope Generator (EG)

put when the gate is removed during the decay
phase, and Figure 3-21 shows its output when
the gate is removed during the attack phase.
During the release phase, the module’s output
falls from the current voltage level to the ADSREG
minimum outputlevel atarate set by the Release
Time control.

iAttack i Decay iSustain i Release
| |
| I

Gate signeL! I l ||

|
key down

Key up

Figure 3-19. ADSREG with gate applied throughout the
attack, decay, and sustain phases

ecay

Gate signal I |

|
| iKey up
'Key down

Figure 3-20. ADSREG with gate removed during decay
phase

Gate signal | |

: Key up

Key down

Figure 3-21. ADSREG with gate removed during attack
phase

If the gate input is brought to the inactive state
(low) and then brought to the active state (high),
the ADSREG will reenter the attack phase, start-
ing at the voltage level that the module’s output
had fallen to during the previous release phase.

Let’s now consider applying only a trigger pulse
to the ADSREG (instead of a gate). If the ADSREG
is triggered, the ADSREG enters the attack phase
and its output voltage rises to its maximum. As
soon as maximum output level is reached, the
module enters the release phase and begins to
decay to the ADSREG minimum output level at a
rate set by the Release Time control.Ifretriggered
during the release phase, the module enters the
attack phase and begins to rise toward its maxi-
mum output voltage again (from the level fallen
to in the last release phase), at which time it im-
mediately enters the release phase.

The ADSREG can be gated and triggered at the
same time. When the ADSREG is triggered and
gated at the same time, it responds just as it does
when gated, with the only difference being that
the trigger input can reset the ADSREG to the at-
tack phase if the ADSREG is in any other phase
(decay, sustain, or release). This is so that the
module can be both gated and triggered with a
keyboard voltage controller that emits triggers
when the synthesist plays in a legato fashion
(changing notes but never releasing all keys).
When the synthesist changes notes but never
releases all keys, a trigger pulse is emitted for
each note change. Those triggers allow a per-
haps percussive amplitude envelope to be emit-
ted for each note change. Without this feature,
the ADSREG would not enter the attack phase on
note changes without all keys being released
(see Figure 3-22).

ADSREGs have potentiometers for adjusting the
time (or DClevelinthe case of the sustain control)
for each supported phase (AR or ADSR). Some
envelope generators have circuitry built-in to
gate them at regular intervals (repeat gate), with
the rate set by an additional repeat rate pot; or
they have a repeat switch, which causes the en-
velope to automatically repeat at the end of the
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The White Noise Generator

release cycle. Also normally present is a push  The White Noise Generator
button to apply a gate signal to the envelope

generator manually. The white noise generator is the module that
produces the “shhhhhhhh” sound often used to
'A 'A 'A produce wind, rain, thunder, drums, gongs, and
,'D /D D so on. White noise is made up of all audible fre-
I |
|

| s s s Release guencies in an equal power distribution, similar
| \ | to how white light is made up of all visible colors
: : : ! in an equal distribution. White noise can be con-

I

|

Gate signal ' ! verted to “pink” noise through specialized low-

Kev down | ! pass filtering. Raw pink noise generally sounds

y [ ' more thundering than raw white noise. Often,
TriggersJ'l "

1 All keys up
I

: noise generators will supply outputs for both
types.

Figure 3-23 shows the block diagram of the white
(and often pink) noise generator.

I
i Note change
Note change

Figure 3-22. ADSREG with gate and triggers applied
simultaneously

. . White Noise Out
White Noise o
Generator Pink Noise Out
—C—»

Figure 3-23. White noise generator block diagram

Making White Noise

White noise is most often generated by reverse-biasing
the emitter-base (EB) junction of an NPN transistor with
enough voltage to exceed its breakdown voltage. The
noise produced at the EB junction is then amplified with
high gain in order for the amplitude of the white noise to
be high enough to use as a signal or modulation source
in an analog synthesizer.

White noise can also be generated digitally with shift reg-
isters and XOR logic gates, but the technique suffers from
the fact that most digital white noise generators have a
“period” over which they repeat. If the “period” is too
short, the noise will have an unfortunate cyclic character
that you can easily hear. The reverse-biased EB junction
technique produces a never-repeating series of random
voltages and thus no cyclic artifact, as shown in
Figure 3-24.

Figure 3-24. White noise waveform
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The Sample and Hold (S&H)

The sample and hold is an often misunderstood
module. It is not something that you normally
useto putasignal “through”to produce an effect.
Usually the output is used to modulate other
voltage-controlled modules. The S&H has a Sam-
ple Rate control, whichis therate at whichit takes
a millisecond or so duration snapshot of the volt-
age level on its input.

The way it works is this: an analog switch of some
type (CMOS analog switch, MOSFET, JFET) is used
to route the voltage level at the input onto a ca-
pacitor (the voltage level storage medium) at
regular intervals (the sample rate). The sampled
level is held until the next sample is taken (thus,
sample and hold). Figure 3-25 presents the sam-
ple and hold block diagram.

Signal in »——

External Clock -p»—©—]

Sample
and
Hold

Sampled Voltage Out

L

Portamento

T

Input Signal Sample
Rate Offset

Level

Output

Figure 3-25. Sample and hold module block diagram

The input to the sample and hold can be the out-
put of any other module: VCO, LFO, noise gener-
ator, ADSREG, etc. Sample rate is adjustable from
one sample every few seconds to hundreds of
samples per second. The effect of the S&H is to
turn the waveform applied to its input into a
stepped representation of that waveform. In
Figure 3-26, the blue trace is the triangle wave
output of an LFO, and the yellow trace is the out-
put of the sample and hold, which is taking pe-
riodic samples of the LFO’s output voltage and
holding them until the next sample is acquired.

If we applied the LFO's triangle wave directly to
the control voltage input of a VCO, the VCO's fre-
qguency would rise and fall in a continuous siren-
like manner. However, as you may imagine from
looking at the yellow trace in the scope photo of
Figure 3-26, the sample and hold module’s out-
put applied to a VCO’s control voltage input re-
sults in a series of discrete rising and falling steps
in pitch.

RIGOL RUH R = = f EEml

[CH. ezl Time 18

Figure 3-26. LFO triangle wave being sampled and held

In Figure 3-27, we see the output voltage of the
sample and hold (yellow trace) that is sampling
the ramp wave output of an LFO (blue trace).
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Figure 3-27. LFO ramp wave being sampled and held

Controls for adjusting input and output levels as
well as a voltage offset are often provided on this
module. When the rate of the signal applied to
the input of the sample and hold is higher than
the sample rate (for example, a VCO used for S&H
input), interesting beating effects can be
achieved. Another interesting use of the sample
and hold is to apply white noise to its input. The
instantaneous voltage level of white noise taken
atintervals is random, so if you apply the output
of the S&H that is sampling white noise to a VCO,
you will hear a never-ending series of random
tones. Figure 3-28 shows the random levels of
output voltage put out by the sample and hold
when white noise is applied to the input.

RIGOL STOP e F— = F FE@mL

Figure 3-28. White noise being sampled and held

The S&H also has multiple control voltage out-
puts, glide adjustment (sliding between notes
effect),and gate and trigger outputs that go high
synchronously with each new sampled output
voltage. Sample and hold modules can also be
clocked by an external clock source for more flex-
ibility.

Audio and DC Signal Mixers

Audio and DC Signal Mixers

Mixers are the unsung workhorses of the analog
synthesizer. Analog synths often have several au-
dio signal sources: multiple VCOs, a noise gener-
ator, and possibly an external signal input. The
signal mixer allows the synthesist to mix the out-
puts of these sources prior to further signal pro-
cessing, such as filtering or amplitude modula-
tion. This is generally a simple mono mixer with
level controls and perhaps mute buttons or
switches for each input.

Although the synthesizer’s signal outputs can be
connected directly to an amplifier or mixing
board, a large modular synthesizer often in-
cludes an integral stereo panning mixer with ef-
fects loops, equalization controls, stereo line out-
puts, and a stereo headphone jack. The outputs
of this mixer can go straight to a stereo power
amplifier or to the inputs of an audio mixing
board.

The synthesizer’s DC mixer is for combining the
outputs of modulators whose levels change dy-
namically over relatively long periods of time
(long relative to the periods of audio signals).
Audio mixers typically block DC signals and off-
sets using capacitive coupling on the input and
output, but DC mixers are designed without ca-
pacitive coupling and permit mixing of DC mod-
ulation signals such as multiple LFOs, ADSREGs,
keyboard controller voltage, etc. A DC mixer will
containlevel controlsforeachinputand mayalso
include a DC bias control for adding a DC offset
to the resultant mix (see the sidebar “Biasing the
Op Amp's Output” on page 128 in Appendix A for
more information). Additionally, the DC mixer
may allow any or all of the inputs to be inverted
(phase shifted by 180 degrees).
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The Ring Modulator

AC Versus DC Coupling

When an input is AC coupled (i.e., cou-
pledthrough acapacitor), any DC offset
the signal may have is blocked, since
capacitors do not pass DC voltage. We
illustrate this in Figure 3-29. When a
voltage is applied to an AC-coupled in-
put, only the AC component of the sig-
nal is passed through the capacitor—
and thus the voltage on the resistor, if
observed on an oscilloscope, would be
oscillating about ground (not about
2V). When the input is directly coupled
(DC coupling), the 2V offset remains, as
well as any AC signal riding on the DC
offset.

Input Level Controls

AC Coupling Versus DC Coupling

DC Blocked
no offset.

2V
Offset Coupled [Wfset

Ground (0V)

2V oupled
Offset

Ground (0V)

DC Coupled
offset remains.

Figure 3-29. AC versus DC coupling

The block diagrams in Figure 3-30 show the dif-
ferences between the audio signal mixer with its
AC-coupled inputs and output versus the DC
modulation mixer, which allows mixing of slow
changing DC levels of several modulation
signals.

%
%
%

Audio
Signal
Inputs

L

Signal
Mixer

Mixed Signals

o>

Input Level Controls

Modulator
Signal
Inputs

DC Modulation
Mixer

Mixed Signals

Ll

| D%ﬁ

Mixed Signals (inverted)

Output Offset —/\%—‘

Figure 3-30. Signal and DC modulation mixers

The Ring Modulator

The ring modulator produces very interesting
sonic effects by amplitude modulating or by mul-
tiplying one input signal by another. The multi-

plying or modulating signal can be an adjustable
frequency sine wave, the input signal itself, or
another input signal. Although modern ring
modulators often do not contain the diode ring
of the early transformer-based circuits, the name
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has stuck. The block diagram of the ring modu-
lator is presented in Figure 3-31.

Level Controls

The Ring Modulator

Ring Modulator

Signal Input 1 —P—O—’\%

Internal Osc CV —pp—©—{ Oscillator

Al Multiplied Signals

\o—oﬂ
Signal Input 2 -P-O—’\%——O—o

®AXB o

Internal Oscillator

Frequency

Figure 3-31. Ring modulation module block diagram

Two of the most popular methods of producing
ring modulation are amplitude modulation and
signal multiplication. The first is similar in effect
torouting onesignal through a VCA (forexample,
a 1000 Hz square wave) and then modulating the
VCA's control voltage with another signal (say a
500 Hz sine wave). The output of the ring mod-
ulator would be a 1000 Hz square wave, with am-
plitude modulation at 500 Hz. The deeper the
amplitude modulation, the more pronounced
the effect becomes.

Figure 3-32 shows a400 Hz sine wave and a 5 kHz
square wave and the result of multiplying the
signals together via a ring modulator (in this case
the MFOS Sonic Multiplier). The resulting signal’s
timbre is very different from either of the original
waveforms.

400Hz. Sine and 5KHz Square

£ 1.4@1)

RIGOL STOP

Figure 3-32. Sine and square wave through a ring
modulator

By adjusting the modulating (or multiplying) sig-
nal’s frequency, you can discover many interest-
ing bell-like timbres. When the modulating (or
multiplying) signal’s frequency is modulated
with an LFO, the effect is unique and must be
heard to be appreciated.
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The other method of producing the ring modu-
lation effect is to use an analog multiplier chip
(the AD633 from Analog Devices, for example) to
multiply the two signals together. This produces
a very similar sonic effect to the amplitude mod-
ulation method. Both methods result in the out-
put containing the sum and difference of the fre-
qguencies contained in both signals, which pro-
duces the bell-like tone. Modulating one VCO’s
control voltage input with the output of another
VCO can produce very similar-sounding timbres
(in case you don't have a ring modulator yet). By
experimenting with different waveforms and fre-
guencies for both the carrier (input signal) and
the modulator (modulating signal), you will dis-
cover a wide range of interesting timbres.

The Voltage Sequencer

Another extremely cool module is the voltage
sequencer (usually just called a sequencer). A se-
quencer is a module that sequentially steps
through a series of user-adjustable voltages at a
rate set by the user. So, for example, if the se-
quencer was being used to control a VCO, the

Sixteen Channel Voltage Sequencer

Clock
Rate Portamento

VCO would repeatedly output a series of fre-
quencies corresponding to the voltage settings
output by the sequencer. The voltage output of
the sequencer can be used to modulate any
voltage-controllable module. Sequencers typi-
cally have eight or more channels, with each
channel (or step) having an active channel (or
step) indicator LED, coarse and fine control volt-
age adjustment pots, a gate on/off switch, and
on some sequencers a time per step adjustment.

Sequencers generally have two modes. One is
the manual mode, in which the user uses a push
button on the sequencer’s control panel to step
the sequencer forward or backward through the
various channels (or steps) to adjust the coarse
and fine voltage level for each step. The other is
the run mode, in which the sequencer automat-
ically steps through the series of voltages atarate
determined by the user. The sequencer’s clock
rate (rate at which the sequencer steps through
the series) is adjustable by means of a front panel
pot (or an external clock if the sequencer sup-
portsit). Ablock diagram of the voltage sequenc-
er is presented in Figure 3-33.
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Trigger Out

’—(B—P Gate Out
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Step Voltage
Adjustments
€1
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Action Step
Selector
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—0  Action at Step
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Reset e—o

(O External Clock In

(O External Start In

Figure 3-33. Voltage sequencer block diagram

The sequencer allows selection of the number of
steps in the series (usually from two up to the
maximum number of channels) and the se-
quence type. The sequence type can vary based

on user setup and can sequence start to end and
stop or sequence repeatedly: start to end; start
to end, then reverse direction to start and con-
tinue; or randomly (any channel has an equal
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chance to be active). Some sequencers provide
additional sequence types. For example, a 16-
step sequencer may have a mode in which it al-
lows 8 steps with two separate output voltages
per step, channels 1 and 8 being active together,
followed by 2 and 9, 3 and 10, etc.

Additionally, there are gate and trigger outputs
that go high synchronous with the output volt-
age changes that can be used to control enve-
lope generators or other modules. Sequencers
often provide circuitry to allow external clock
signals to start, stop, and/or advance the se-
guence.

Portamento control, another common feature,
enablesthegliding effect between voltage steps.

Putting It All Together

Sequencers can be set up so that the gate from
a keyboard controller starts the sequence via its
external start input. If the sequencer’s mode is
set to sequence and then stop on the last step,
an arpeggio effect is produced every time a key
is pressed. Needless to say, sequencers are a blast
to both build and play with. The MFOS 16-Step
Sequencer in Figure 3-34 was built by synth-
DIYer Girts Ozolins, of Latvia. Girts, a seasoned
DIYer, made his own professional-looking
panel and added a MIDI clock interface to the
sequencer.

Figure 3-34. MFOS 16-Step Sequencer

Putting It All Together

The typical normalized analog synthesizer has
one or more oscillators and a white noise gener-
ator to produce signals. Those signals are routed
via level pots into an audio mixer, whose output
is normally fed to the VCF. The output of the VCF
is routed to the VCA, whose output is routed to
the synthesizer's output. Several modulation
possibilities are provided by the modulation sig-
nal routing.

A fully featured synthesizer will have two sets of
modulation sources (ADSREG and LFO), one for

the VCF and one for the VCA. The modulation
sources are also routed to the VCOs. Modulation
level pots are provided for each module to adjust
from zero to full modulation from any source.

The keyboard controller applies one volt per oc-
tave control voltage to each VCO and to the VCF.
We mentioned above that the resonant VCF,
when adjusted to maximum resonance, can dou-
ble as a one-volt-per-octave tracking sine wave
oscillator. We have shown the same set of ADSR
and LFO modulators as providing modulation for
both VCOs, but a more flexible scheme would be
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to have switches to permit either oscillator to be
modulated by either set of modulators.

Another desirable feature is to be able to route
one of the VCO outputs to become a modulator
for the VCA in order to achieve ring modulation
effects. Permitting one of the VCOs to modulate
atthefrequency of the other oneis another very-

nice-to-have feature. | have not discussed every
control shown in the typical normalized analog
synthesizer architecture in Figure 3-35 due to
space considerations. This rather simple config-
uration, even though it is normalized, can easily
make an infinite set of unique sounds.

Signal Sources Level

e o 14

Typical Analog Synthesizer Architecture

‘02 veo |, s
Frea. 1oy ov cov —]
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Cut Off Resonance
Level Freq.
- Initial
Audio Amplitude
Mixer
|:—|' VCF Output
[ cv cv cv
Level ? % % %
ADSR LFO ADSR
EG EG

% Rate % Rate

Gate and Trigger

Keyboard Controller Modulators

Figure 3-35. Typical normalized analog synthesizer architecture

Note that the setup in Figure 3-35 does
not show the sample and hold, ring
modulator, or additional audio or DC
mixers in the diagram because they are
not typically found in most normalized
synths and fall more into the realm of
the modular synthesizer.

Remember that the modular analog synthesizer
can have multiple VCOs, VCFs, VCAs, modulators,

noise generators, ring modulators, waveform
modifiers—in short, as many modules as you
want to putinto your synth cabinets. Some mod-
ular synths fill an entire room, and not with large
1950s tube technology, but with modern
transistor- and IC-based circuitry. Search for in-
formation on the “TONTO Synthesizer” if you
want to see a jaw-droppingly huge modular
synthesizer.
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Make the Noise Toaster
Analog Sound Synthesizer

In this chapter we're going to get down to business and build a small analog synthesizer
called the Music From Outer Space Noise Toaster. For many of you, this may be your first
project, so I'll include many details that will become second nature to you as you gain
knowledge of and experience with synth-DIY. | know for a fact that veterans (including
me) find this project fun to build as well. For many of us, it's a reminder of when we were

just getting started and life was simpler.

Before we get building, let’s quickly review the Noise Toaster block diagram and learn a

bit about its normalized switching scheme.

Noise Toaster Block Diagram

The Noise Toaster (Figure 4-1) has seven main
modular components:

« White noise generator

« Voltage-controlled oscillator (VCO)

« Voltage-controlled low-pass filter (VCF)

« Voltage-controlled amplifier (VCA)
 Low-frequency oscillator (LFO)

o Attack release envelope generator (AREG)

o One watt amplifier

The white noise generator’s output can be rout-
ed to the input of the VCF via the White Noise
Input Select switch. Sounds such as wind, explo-
sions, surf, and other white noise-based sounds
can be created by the unit thanks to this module.
A block diagram, highlighting the main modules
of the Noise Toaster, is shown in Figure 4-2.

The VCO produces ramp and square wave out-
puts, and either waveform (or none) can be rout-
ed to the VCF via the Input Select switches. The
VCO’s frequency is set by the Frequency control
and ranges from a few clicks to 10 kHz or more.
The LFO Mod Depth control adjusts how much

the LFO modulates the VCO’s frequency. The AR
Mod Depth control adjusts how much the AREG
modulates the VCO’s frequency when the AR
Mod switch is turned on. Finally the Sync switch,
when on, allows the LFO to reset the VCO's ramp
core, producing unusual timbral effects. The Sync
effect is most pronounced when the LFO is near
the top of its adjustment range and the VCO's
frequency is swept up and down.

Figure 4-1. The MFOS Noise Toaster
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Noise Toaster Block Diagram

The VCF accepts the output of the VCO and white
noise generator as inputs. The VCF’s Cutoff Fre-
quency control adjusts the top end of the filter’s
response. As Cutoff Frequency is turned up, more
and more of the input signal’s higher harmonics
are passed through the filter. The Resonance
control adjusts the amount of ringing the filter
produces. When Resonanceis turned up, the VCF
adds harmonic character to the signals being
passed. The VCF's cutoff frequency can be modu-
lated by either the AREG or the LFO (or neither),
depending on the setting of the Mod Source
switch and the Mod Depth control.

The unit’s simple VCA is always modulated by the
AREG but can be bypassed with the Bypass
switch. When not bypassed, the VCA's amplitude
is controlled by the AREG voltage envelope.

NOISE TOASTER
Block Diagram

White Noise 0 o—]|

Inputs

<
Q
o

,_/\%_ AR Mod.
/\%_ LFO Mod

|
Output Output In
LFO AREG VCA
cv

Figure 4-2. Noise Toaster block diagram

The LFO produces three selectable output wave-
forms: Square, Differentiated Square, and Inte-
grated Square. The Frequency control sets the
LFO’s repetition rate, which ranges from less than
1 Hz to over 200 Hz. The output of the LFO can
be switched to modulate the VCOand/or the VCF.

The AREG produces a voltage envelope that is
used to modulate the VCF and the VCO. The At-
tack control adjusts how fast the voltage enve-
lope rises and the Release control adjusts how
fast the voltage envelope fades away. Attack and
decay time adjustments range from a few milli-
seconds to several seconds. The AREG can be ga-
ted manually when the Repeat/Manual switch is
in the Manual Gate position and the Manual Gate
button is depressed. Holding down the Manual
Gate button will cause the AREG to rise to its
maximum voltage and stay there until the button
is released. When set to Repeat (Repeat/Manual
switch in Repeat position), the AREG behaves like
an LFO whose output waveform shape and fre-
qguency can be adjusted with the Attack and Re-
lease controls.

Finally, the unit’s battery-powered one watt am-
plifier adds portability to the unit, allowing you
to play itanywhere. When a cable is plugged into
the unit’s output jack, the internal amplifier and
speaker are bypassed. The volume control ad-
justs the output level whether using the internal
amplifier and speaker or connecting the unit to
an amplifier or mixing board.

The whole thing is powered by one 9V battery,
but you can also use a clean 9V power supply if
you choose to. Now you have an overview of
what makes up the Noise Toaster. We'll discuss
the Noise Toaster schematics and theory of op-
eration in much greater detail in Chapter 6. | de-
cided to putthe Noise Toaster construction chap-
ter first so you can dive right in and get making!

The finished project makes a great portable
sound generator and an excellent gift for that
imaginative young person in your life. You'll nev-
er be unprepared foranimpromptu sound battle
or performance art opportunity again.
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Building the Noise Toaster

| can’t emphasize enough how much
reading through this chapter and visu-
alizing yourself succeeding with the
project before picking up a tool or com-
ponent will help you. You will avoid
putting yourself into one of those
glue-on-your-fingers, ~ not-enough-
hands moments_ where you say..."Oh
drat, | wish | had known this before

”

now.

Thefirstthingyou'llneed to dois gatherthe parts
by reviewing the project part list (also known as
a BOM or bill of materials) and purchasing them
from your favorite electronic component distrib-
utor. I'llinclude some suggestions regarding ob-
taining parts online from sources | have used for
years with excellent success.

Noise Toaster PCBs, component Kits,
and faceplates can be made from the
images in this section or purchased
from the Music From Outer Space
website.

All MFOS PCBs are professionally manufactured,
double-sided glass epoxy material with plated
through-holes, solder-coated donut pads, solder
masking, and silk-screened component legends.
The PC patterns for the top copper layer, bottom
copper layer, and silk-screened legend are pro-
vided in this chapter to enable you to make your
own PCB should you desire to. | do not cover PCB
fabrication, so you need to know how to make
double-sided PCBs if you decide to make your
own.

I suggest you make a simple case out of wood as
showninFigure4-1.Ifyoudon't have thefacilities
tofabricate a case, an alternative would be to buy
an aluminum chassis and construct the unit in-
side it. Mouser Electronics sells a 7” long by 7”

Building the Noise Toaster

wide by 2” deep chassis from manufacturers BUD
and LMBthatwillhouse the project perfectly. You
can purchase the chassis alone or buy the chassis
and separate chassis bottom plate to completely
enclose the project. Table 4-1 includes the Mous-
er Electronics part numbers for both chassis and
cover plates.

Table 4-1. Chassis parts

Chassis Mfgr's Part | Mouser Part

Plate #563-BPA-1592

7"x7"LMB Chassis Cap Cover | LMB #772C Mouser #537-772C

Ifyou fabricate your own case, | suggest
you make the front panel from conduc-
tive material (aluminum or stainless
steel). Since the output jack is mounted
onthe front panel, its ring (ground con-
nection) is in contact with the front
panel, providing it with a convenient
grounding point. It is important to
make sure that all of the potentiometer
bodies are connected to the circuit’s
ground, and having the front panel
made of metal and grounded by means
of the output jack works perfectly.

I'll present a suggested front panel layout and
accompanying wiring diagram; if you are confi-
dent in your electronic skills, use your imagina-
tion and design a front panel with your personal
touch. If you opt to design your own panel, | sug-
gest that you also make an accompanying wiring
diagram to reference while constructing the unit.
The suggested panel layout and accompanying
wiring diagram presented covers both the intra-
panel wiring and the PCB to panel wiring.

Last but not least, we'll cover testing the com-
pleted unit, along with some troubleshooting
tips in case things don’t go as planned.
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Gathering the Parts

Before we begin to detail the operation of the
Noise Toaster’s circuitry, | want to cover some
specs shared by all the parts. In the circuit de-
scriptions that follow, instead of clogging up the
text with repeated component specifications,
e.g., R58 (1/4W 5% 100K resistor), | would like to
state the following:

« All resistors are 1/4W 5% carbon film or car-
bon composition.

« All capacitors must have a voltage rating of
at least 16V.

« Allpotentiometers are linear taper, with min-
imum power rating of 250mW.

« All diodes are 1N914 high-speed switching
type or equivalent.

« All switches are mini-toggle type.

| will cite a component’s value or specification in
parentheses onits first reference within a section
but thereafter by designator only. Switch type
SPDT means single pole, double throw, type SPDT
C.0. means single pole, double throw - center off,
type SPST means single pole, single throw, and fi-
nally type SPST N.O. PB means single pole, single
throw - normally open - push button.

I don't have a good electronics shop within a rea-
sonable distance of my home, so | regularly buy
my components online. | find buying electronic
components online very convenient, and | can
usually find anything | need for a reasonable
price. However, if you happen to live in an area
where electronic shops with good prices and
wide selection abound, by all means give the
business tothelocal shops.However, ifthey don't
have a part you need, then | suggest you give
online component shopping a go. | think once
you go through the process, you'll find that most
places provide excellent prices and fast delivery.
Here are some suggested online component dis-
tributors | have used for years:

o Jameco Electronics has been around for
years serving hobbyists and professionals

alike with a wide selection of components
and reasonable pricing.

« All Electronics is another great place to buy
from, and if you live in the Los Angeles area,
they have a huge retail store that is a blast to
browse in. They sell surplus and new com-
ponents.

o Mouser Electronics has been around for
years and will send you their free catalog,
which is three or fourinches thick. They have
everything.

« DigiKey is another company that sells every-
thing electronic.

Below you'll find the list of parts you'll need to
purchase to construct the Noise Toaster.

The Bill of Materials (BOM)

All of the parts listed in Table 4-2 have the fol-
lowing requirements, as applicable:

« All capacitors should have a working voltage
rating of at least 16V.

« Capacitors with lead spacing of .2" (5mm) fit
nicely on the PCB.

« All integrated circuit packages must be DIP
type.

« The power rating of potentiometers should
be at least 250 mW.

« Control knobs must fit the potentiometer
shafts.

62 Make: Analog Synthesizers


http://www.jameco.com/
http://allelectronics.com/
http://www.mouser.com/
http://www.digikey.com/

Active Components

‘Qty  [Description ~ [Value/Note
LM324Quad LowPower OpAmp | w4pinDP
| LM386N4 (or N3) Low Voltage Audio Power Amp | 8pinDIP
N3O0 PNPTRansistor T2
ONS4S7NChannelFET [T092
ON3904NPNTansisr T2
| INO14High Speed Sw.Diode  [D035
Redtto  |cenewlPupose
l4pinDPICSocket | HighReliabilty
8pinDIPICSodet | HighRelibilty
[Linear Taper Potentiometer 100k
LinearTaper Potentiometer [
Resistor 1/4Watts% |
Resistor 1/4Watts% |30k
Resistor 1/4Watts% |3k
Resistor 1/4Watts% [k
Resistor 1/4Watts% |3k
Resistor /4Watts% [k
Resistor 1/4Watts% 4k
Resistor 1/4Watts% 4w
Resistor 1/4Watts% |40k
Resistor 1/4Watts% |4k
Resistor 1/4Watts% sk
Resistor 1/4Watts%  |80om
Resistor 1/4Watts%  [10ohm
Resistor 1/4Watts% [k
Resistor 1/4Watts% [k
Resistor 1/4Watts% 1ok
Resistor 1/4Watts% [
Resistor 1/4Watts% [
Resistor 1/4Watts%  |2000m
Resistor 1/4Watts% .k
Resistor 1/4Watts% a0k

Table 4-2. Noise Toaster bill of materials

Building the Noise Toaster

R14, R24, R25, R31, R44, R45, R47, R55, R58,
R59, R60, R67

R62
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Building the Noise Toaster

25" Spool of Stranded
Wire

22 0r 24 AWG

Mouser Part# 563-AC-405 7"
x 7" x 2" BUD Chassis

Figure 4-3 shows a variety of capacitor types, all
of which are found in the BOM.
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Figure 4-3. Capacitor types. Note that C17 and C21 are
nonpolarized capacitors, as shown at left. The polarized
electrolytic capacitors have a polarity indicator (top),
whereas the nonpolarized type are marked as B.P. (bipo-
lar). Ceramic capacitors are also nonpolarized (bottom).

The Noise Toaster Printed Circuit
Board (PCB)

The Noise Toaster PCB is 5.2" long by 2.7” wide.
The top layer's copper pattern (see Figure 4-4)

A

Building the Noise Toaster

and the silk-screened legend are as viewed from
the top of the board. The bottom layer’s copper
pattern (see Figure 4-5) is as viewed from the
bottom of the PCB. Be sure and expose the pat-
ternsin the correct orientation when making the
board. Any text within the copper traces or silk
legend (see Figure 4-6) will read properly when
the pattern is correctly oriented.

Professionally manufactured, double-sided PCBs
have plated through-holes, which are often used
to route circuit connections between the top and
bottom sides of the board. These top-to-bottom
circuitconnectionsare called vias. All pads on the
board not used for component leads must be
drilled and have a “Z" wire inserted and soldered.
A“Z" wireis a piece of solid 22 or 24 gauge hook-
up wire that is inserted through the pad’s hole
and then bent at a 90-degree angle on the top
and bottom sides of the PCB. Trim any excess wire
after bending, make sure the ends are not short-
ing to adjacent pads, and then solder the “Z” wire
top and bottom.
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Figure 4-4. This is the Noise Toaster PCB's top copper layer as viewed from the top of the PCB
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Figure 4-5. This is the Noise Toaster PCB’s bottom copper layer as viewed from the bottom of the PCB
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Figure 4-6. This is the Noise Toaster PCB's top silk screen layer as viewed from the top of the PCB

All circuit points with Xn designators throughout
the schematics represent pads on the PCB, which
are used to interconnect the populated PCB with
the front panel controls. See the front panel wir-
ing diagram in Figure 4-10 for full PCB to front

panel wiring

details.

Populating the Noise Toaster PCB

Now thatyou’ve obtained or fabricated the Noise
Toaster PCB, it's time to populate it. Figure 4-7 is
aview of the Noise Toaster PC board showing the
component outlines overlaid with their values.
It's just what you need for the PC board popula-
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tion phase of the project. | like to work from low
components to taller components, so | start by
installing the resistors and diodes onto the PCB.
Insert a few components at a time, and then sol-
der them. Prior to installation, bend each com-
ponent’s leads so that they align with the holes
atthe ends of its respective silk-screened legend.
With practice, this will become easier to do. | like
to hold the component between my thumb and
forefinger and then with even pressure, bend
both leads down with the thumb and forefinger
of my other hand. There should be a small arc of
lead next to each side of the component.

Once a component is installed, you should bend
the leads so that the component will not fall out
of the board when you turn it over for soldering.
Bend the leads away from any surrounding pads
or lands to avoid shorts during soldering. I try to
clip the leads before soldering to avoid mechan-
ical shock to the solder joints.

Oncetheresistorsand diodes areinstalled, install
the IC sockets. Take extra care to install the IC
sockets in the proper orientation. The little divot
on the end of the socket must line up with the
oneonthePCBlegend.Itindicatesthe end of the
IC where pin 1 is located. To solder the ICs to the
PCB, first clamp a length of thin solder into a
“helping hands” alligator clips device (or tape it)
so that it protrudes several inches over the edge
of your workbench. This is necessary because
you'll need one hand to hold the PCB and unsol-
dered IC socket in place and the other to wield
your solderingiron. The benchis playing the part
of a third person holding the solder for you.

Now insulate the tip of your forefinger with
something that will not conduct heat (some
tape, a piece of Post-it note, etc.). Then place the
correctly oriented ICsocketintothe PCBand hold
itdown with your forefinger while pickingupand

Building the Noise Toaster

inverting the PCB with your remaining fingers.
Move the inverted board so that the solderin the
“helping hands” is positioned near one of the
protruding corner leads of the IC socket, and
then solder that lead. Do the same for the oppo-
site corner, and then remove your finger, lay the
board on the bench, and solder the remaining IC
socket pins. | find this easy to do, but you may
elect to simply tape the sockets in place, invert
the board, and solder them. However, this can
leave cooked tape adhesive residue on the sock-
et pin receptacles.

After that, install the capacitors and then the re-
maining active components. Don't linger with
the soldering iron when soldering active com-
ponents (transistors, diodes, ICs, etc). They are
only rated for a few seconds of exposure to sol-
dering temperature. Overexposure to soldering
temperature has the potential to change a com-
ponent’s characteristics. When you see solder
flow, remove the tip and let the joint cool.

Inspect your solder joints, looking for any that
need to be reflowed or any tiny solder balls that
might be lurking. Clean the excess flux from the
PCB as described in Chapter 2 and dry it with
canned air.

Figure 4-7 is aview of the PCB showing the values
of each component, which is useful for when
you're populating the PCB. With this view, you
don’'t need to constantly go back and forth be-
tween the schematic and the silk-screened com-
ponent designators to determine which compo-
nent value goes where.

I suggest that you wait until after the PCBis wired
tothe front panel before plugging theintegrated
circuits into their sockets. You might as well min-
imize the chance of damaging them during
construction.
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Figure 4-7. Noise Toaster PCB with values overlaid

Making the Noise Toaster Front
Panel

Figure 4-8 shows a view of the suggested Noise
Toaster front panel. When scaled correctly
(100%), the front panel template should be a
square6.5”x6.5”.The 100% scaled drawingisalso
designed to be used as the front panel drill guide.
| suggest that you fabricate the front panel out
of aluminum, as it provides a good ground plane
for all of the potentiometer bodies and the unit'’s
1/4” output jack. If you don’t use aluminum, |
suggest you use copper tape or another mecha-
nism to connect the pot bodies to the circuit’s
ground.

You can download the front panel tem-
plate or buy a professionally machined
panel with a silk-screened legend from
the Music From Outer Space website.

Print out a copy of the 100% scaled front panel
template and use it as a drill guide for your front
panel (see Figure 4-8). First, cut the drawing out
along the thin lines around the edge. Next, place

the drawing over the aluminum panel on a work
bench, aligning it so that it sits parallel to the
panel’s edges. Tape the drawing in place so that
itdoesn't slide around while you use a sharp cen-
ter punch to carefully make drill guide indenta-
tions at each of the template hole crosshairs.
Next, carefully drill 5/32” holes at all of the in-
dentations, doing your best to stay on the in-
dentations made by the punch. These will serve
asguide holeswhen drilling the holes to the sizes
necessary to mount the components. When drill-
ing the holes, | lubricate the bit using a light oil
(such as WD-40). It helps the bit cut and reduces
burring.

Next drill the holes out to size as follows:

o All mini-toggle switch mounting holes
should be drilled to 1/4” (6.4 mm).

« Allpotentiometer mounting holes should be
drilled to 5/16” (8 mm).

« The LED mounting hole should be drilled to
2/10” (5 mm).

« The 1/4” jack mounting hole should be dril-
led to 3/8" (9.53 mm).
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After drilling the holes, remove any remaining
burrs, clean the panel with soap and water to re-
move any grease or grime accumulated during
drilling, and set it aside.

 The push button mounting hole should be
drilled to 9/32” (7.14 mm).

« Leave the PCB mounting holes as they are.
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Figure 4-8. Noise Toaster suggested front panel layout

drawing (see Figure 4-8) on whatever color paper
you want your front panel to be. Using a heat
laminator, apply a plastic laminating jacket to the
drawing. This will keep the legend overlay clean
and neatlooking. Next, carefully cut out the lami-

Making the Noise Toaster Front
Panel Legend Overlay

After the panel is drilled, it's time to make the
legend overlay that will be glued to the front
panel as a legend for the controls. Once again,
print out a 100% scaled copy of the front panel
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nated legend overlay, drawing along the thin
lines along the edges.

Once your legend overlay is laminated and cut
out, place it on the drilled front panel and hold it
up toabrightlight so you can align the crosshairs
ofthe front panellegend overlay with the centers
of the holes on the aluminum panel. Get a good
idea of where the panel template will be placed,
and then set the panel overlay aside. Next, apply
a thin layer of contact cement to the front of the
aluminum panel, being careful notto getitin the
holes. You don't have to cover the whole surface,
but it's a good idea to try and get close to the
outside edges of the legend overlay.

Now, before the contact cement dries, place the
legend overlay onto the panel as close as possi-
ble to where you know it should be. Hold it up to
the light again and adjust it by nudging it to
where the crosshairs are aligned with the centers
of the panel’s holes. When it is located properly,
carefully burnish the legend template in place by
placing a piece of paper over the glued-in-place
legend template and gently rubbing it down so
that the legend template adheres to the contact
cement and the contact cement spreads evenly.
Be careful not to move the legend overlay during
burnishing.

Place the panel with the attached legend overlay
on a flat surface with a large book on top of it,
and let the contact cement dry for as long as the
package says it should. Once the contact cement
is dry, use a hobby knife to carefully cut out all of
the holesinthelegend overlay (Figure 4-9). Work
from the front of the panel with the legend over-
lay facing you. Poke a hobby knife tip through
the holes, and then use the rim of the hole in the
aluminum panel to guide the hobby knife as you
cutout the holes.Onceall of the holes are cut out
(including the PCB mounting holes), you are
ready to mount the front panel components.

Figure 4-9. Cutting legend overlay holes

Installing the Noise Toaster Front
Panel Components

The Noise Toaster front panel wiring diagram
(Figure 4-10) is a view of the Noise Toaster’s con-
trols from the back of the front panel. Start by
mounting all of the potentiometers first. Often,
potentiometers have a small tab that protrudes
from the front that you will need to break off so
thatthe potentiometers sit flush against the pan-
el when mounted. Simply grasp the tab with pli-
ers, bend it,and voila—it snaps right off. Each pot
should be mounted to the control panel so that
its shaft protrudes from the front of the panel.
Secure each pot with the washer and nut that
comes with it, observing the orientation shown
in the drawing. Tighten all pots to the front panel
using pliers or a crescent wrench, being careful
not to mar the legend overlay. Attach the knobs
to the pot shafts and tighten the set screws using
a small jeweler’s screwdriver.
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Next, mount the switches, observing the orien-
tation shown in the front panel wiring diagram
(Figure 4-10). Be careful to mount the right type
of switchineach position.The SPDTand the SPDT
C.O. type switches look identical, so make sure
you don't confuse them during mounting. You
can tell the difference between them because
the SPDT C.O. switches have a center position,
whereas the SPDT switches do not. You can use
SPDT switches for SPST switches by simply using

Building the Noise Toaster

the center pole and one of the other terminals.
For most mini-toggle SPDT switches (including
those sent with MFOS kits), the bat points away
from the terminal that is in contact with the cen-
ter pole. If using SPDT switches instead of SPST
switches, mount them as shown in the front pan-
el wiring diagram (Figure 4-10), wire the two ter-
minals shown, and leave the third terminal
unconnected.

MFOS NOISE TOASTER Rear Wiring View

Keep wire runs out
of dashed box.

8 ohms
25W to 1W

——————

To PCB pad
next to X26
which connects
to point BN.

Keep wire
runs out of
dashed box.

____________________________

Figure 4-10. Noise Toaster suggested front panel wiring

Finally, mount the remaining push button switch
(S10), the 1/4” output jack (J1), and LED1. To
mount the LED, | cut a small piece of 1/10”
(2.54mm) grid perf board with copper-clad do-

nut pads into a small rectangle of about 1/4” x
1/2" (6.35mm x 12.7mm). | solder the LED to the
middle of the perf board. Then | apply double-
stick foam tape to the “wings” and tape the
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assembly to the panel so that the LED protrudes
through the front panel. | find that this method
holds the LED to the panel quite nicely. Suppliers
also manufacture LED ring clips that hold LEDs
to a front panel, which you can purchase if you
prefer. You may need to carefully drill the LED
hole out a bit to get the ring clip to fit properly.
The cathode of LED1 will get soldered to the ter-
minal of R49 as shown. Don't solder it until the
other wires connected to the same terminal are
installed.

Make sure all of the front panel component
mounting hardware is nice and snug and you're
ready to move on to wiring the front panel com-
ponents. Don't use excessive force while tight-
ening the front panel component hardware or
you may strip the threads on pots, switches,
and/or jacks.

Wiring the Noise Toaster Front
Panel Components

Now that the front panel mechanical compo-
nents are mounted, it’s time to do the intrapanel
wiring (see Figures 4-10 and 4-11). Wiring mis-
takes are some of the most frequently encoun-
tered problemswhen building a project. Toavoid
overlooking a connection, I recommend that you
make a copy or two of the wiring diagram to re-
cord each wire installed with a highlighter. When
you're done, look it over very carefully and maybe
have a friend look at it, too. Two heads are often
better than one, and when you've been staring
at something a while, your brain can simply re-
fuse to see something that another person will
pick out right away.

The wiring diagram shows additional panel-
mounted components (C17, LED1, D3, D2, and
R43), the panel-mounted component terminal
interconnections, the PCB pad legend labels that

get wired to the front panel component termi-
nals, and the battery’s positive and negative con-
nection points. Where the colored wiring indica-
tors end at component terminals, they should be
stripped and soldered. However, when a front
panel terminal has connections to other front
panel component terminals as well as a wire to
the PCB, | recommend the following: either leave
the terminal unsoldered until you run the wire to
the PCB later, or solder it in such a manner that
you can still fit the PCB-to-panel wire into the
terminal later. It is better to have the PCB-to-
panel wires properly attached to front panel
component terminals rather than tack soldered
to them, as tack soldering provides less physical
strength.

Next, you should install the five panel-mounted
components (C17, LED1, D3, D2, and R43). You
should already have mounted LED1. Connect re-
sistor R43 (27K) between the terminals of pots
R38 and R66 as shown. Since the connection on
the R38 side has no other connections, you can
solder it in place there, but leave the other side
unsoldered until the additional wires are added.
Capacitor C17 (1pF nonpolar aluminum) is
mounted across the terminals of S7 as shown.
Diode D3 gets installed so that its anode is con-
nected to the terminal of R53 as shown, and its
cathode gets connected to the center pole of S8.
Diode D2 gets installed so that its anode is con-
nected to the center pole of S8, and its cathode
gets connected to the terminal of R51 as shown.
Solder the two diode leads that get connected
to S8's center pole, and then solder the other
ends to their respective terminals, since no ad-
ditional wires get connected at either terminal.
Itisimportant that the diode leads don’t contact
anything else.
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Figure 4-11. Front panel components and intrapanel wiring

Make sure theintrapanel wiring is tucked in close
to the components so that the PCB that gets
mounted on top of them later is not putting
pressure on any wires. If a solder joint with a
sharp end is pressed against a wire, the wire’s in-
sulation may flow away from the pressure point,
resulting in a short circuit down the road.

Preparing the Noise Toaster Case

The Noise Toaster’s battery holderand 8 ohm 1W
speaker (SPK1) both get mounted within the
project’s case, as shown in Figure 4-12. You can
getascreative as you like with your project’s case,
or you can just use one from a manufacturer like
BUD, LMB, or Radio Shack. This case was fabrica-
ted using 1” x 3” select pine wood. | buy the 4’
length and cut the pieces for the case as needed.
| used a dado blade to make the shelf that the
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front panel and case bottom mount to, but in-
stead you could make the box so that the interior
dimensions are 6.5” x 6.5” and then use strips of
3/8" thick pine to create the mounting shelfs. Do
this for both the aluminum front panel and for
the bottom case covering. | used 1/8” thick ma-
sonite for the bottom of the case. | cut the case
bottom in half so that | could glue the half where
the speaker is mounted, but use screws for the
other half to provide battery access.

Figure 4-12. Project case with speaker and battery holder
mounted

For the speaker grill, | used a piece of 1/16” thick
powder-coated perforated aluminum | bought
at a hardware store. First | drilled a hole in the
bottom of the case about the size of the speaker’s
cone, and then | glued the perforated aluminum
on top of it. After that | glued the speaker on top
of the grill material. | used contact cement for
mounting both.

I mounted the battery holder on the inside of the
case, and as mentioned above, half of the bottom
of the case on the battery’s side can be removed
toinstall or change the battery. The battery hold-
er in the component list is from Radio Shack, but
as you can see, any 9V battery holder will do.

Be careful to align the speaker so that it is cen-
tered on the hole you drilled for it. After contact-

cementing the grill and speaker into the case,
leave it undisturbed to dry for the time recom-
mended on the contact cement package. When
the contact cement has dried, twist a pair of 8”
length 22 or 24 gauge stranded wires together
and carefully solder them to the speaker’s
terminals.

lused asetof clear polyurethane bumpers for the
feet of the unit (Figure 4-13). The ones | used are
0.8"(20.32 mm) in diameter and 0.4” (10.16 mm)
tall. They come on a sheet of 24 and peel off in-
dividually to expose theiradhesive backing. They
stickreally welland hold the unit up nicely so that
the bottom-mounted speaker is not blocked. |
got mine from All Electronics, catalog number
RF-32.

Figure 4-13. Case bottom rubber feet

Wiring the PCB to the Front Panel

At this point, it is time to wire the front panel
controls to the PCB’s external connection pads.
All of the external connection pads on the PCB
have the format Xn (except BN, BP, and GND). The
wiring diagram (Figure 4-10) shows where each
wire must be run to the PCB for each Xn point.

When installed, the PCB will be mounted to the
aluminum panel, with the electronic compo-
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nents facing away from the front panel using two
1 1/4” long 6-32 machine screws. There are two
holes on the front panel that are used for mount-
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ing the PCB. Figure 4-14 shows how to orient the
PCB on the front panel when mounted.

Figure 4-14. PCB mounted to front panel

As long as you get a wire from the panel to the
PCB for each Xn position, you'll be good to go,
but here is some advice that will help you get it
put together correctly. I ran all of the wires to the
board from one side to facilitate easy removal of
the board for troubleshooting or modifications.
The wires have what is called a service loop,
which is just a fancy name for a bit of slack to

allow the board to be folded back from the panel
after wiring, if necessary.

The next step is a bit tedious but it will ensure
that you get everything wired up correctly. Do
not mount the PCB yet, but visualize where it will
eventually be mounted. Attach a length of wire
to each Xn point on the front panel that will be
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long enough to solder to the PCB after itis moun-
ted. Leave adequate length, as you can trim them
later before soldering them to the PCB’s Xn pads.

As you attach and solder each wire to its front
panel control terminal, label the opposite end of
it with its Xn designator. The multicolored
adhesive-backed dots sold at office supply stores
work well for this. Continue soldering and label-
ing the remainder of the panel-to-PCB wires.

When you believe you have attached and sol-
dered every last one, inspect every terminal on
the front panel that the wiring diagram indicates
should have an Xn wire attached. Install any miss-
ing wires, and reflow any solder joints that ap-
pear dull and gray. Now it’s time to mount the
populated PCB and attach the interconnecting
wires.

The PCB gets mounted on the two 1 1/4", 6-32
screws that you previously installed, but you
must put two 3/8" long spacers on each of them
to “stand off” the PCBfirst (Figure 4-15). Once the
PCB is mounted on the screws and spacers, at-
tach the remaining 6-32 nuts to hold it in place.

Figure 4-15. Nylon spacers for PCB stand-offs

Carefully connect the labeled Xn wires attached
to the panel components to the PCB one at a

time. Take extra care to connect each Xn panel
wire to its corresponding Xn PCB connection
point. You can solder the wires to the PCB from
the top easily thanks to the top annular ring (do-
nut pad) each plated through-hole has. One at a
time, remove each wire’s label, and strip about
1/8” to 3/16” of insulation from its end. Place the
stripped end into the PCB’s Xn pad, leaving
enough bare wire exposed on the top side of the
PCB to touch with the tip of your soldering iron.
Apply thesolderironto the exposed wire and top
annular ring simultaneously and feed in some
solder. The solder will flow into the stranded wire
and the hole and will make fillets on the top and
bottom sides of the PCB. Continue to work your
way around the board, soldering all of the Xn
panel-to-PCB interconnection wires until
complete.

Connect the red and black wires of the battery
snap to the points indicated on the front panel
diagram. The red lead goes to one side of the
power switch (S11), and the black lead goes to
R66’s terminal, as shown in the wiring diagram.

The two wires you attached to the speaker go to
the PCB at point X26 and the donut pad right
next to it. The pad next to X26 is routed to BN.
The speaker’s polarization is notimportantin this
application, so simply attach the two speaker
wires to the two pads. Figure 4-16 shows the cor-
rect pads to attach the speaker wires to outlined
in red.

Don'tinsertthelCsintotheirsocketsyet!
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Figure 4-16. PCB speaker connection points

Congratulations are in order, because at this
point you have completed the construction of
the Noise Toaster, except for attaching the front
panel to the case and inserting the ICs into their
sockets. Before attaching the front panel to the
case, however, you need to test the unit and, if
necessary, troubleshoot.

Testing the Noise Toaster

I'm going to approach the Noise Toaster test pro-
cedure under the assumption that each test
passes with flying colors. However, if you runinto
issues, | suggest that you reread the section
“Troubleshooting Tips” on page 31 from Chap-
ter 2. The information will give you a lot of pos-
sibilities to consider while you're searching for
whatever problem stands betweenyou and mak-
ing cool analog synthesizer sounds. Additionally,
atthe end of this test procedure I've included the
section “My Noise Toaster Is Being Sullen and
Listless” on page 82. It contains a table that lists a
variety of possible problems and the active com-
ponents that may be involved with each. You will
still need to troubleshoot, but at least you'll have
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some signposts pointing you in the right
direction.

Before installing the ICs or attaching the battery,
use your multimeter to make sure that the bat-
tery connector is correctly connected to the unit.
Set the meter for the lowest ohmic range, touch
the leads together, and remember the reading.
Turn the power switch on and put one of the
meter’s leads on the battery snap’s positive lead.
Figure 4-17 shows which of the battery snap con-
nections is positive (the other is negative).

Figure 4-17. 9V battery snap polarity

Place the meter’s other lead on pin 4 of IC1's
socket. The meter should read the same as when
you touched the leads together. If the reading
varies by an ohm or so, no worries, but if it varies
by 5 or more ohms, you should revisit the IC sock-
et solder joints and the solder joints for the bat-
tery and power switch.

Do the same for IC2’s pin 4 and then for IC3’s pin
6. With one lead on the battery snap’s positive
connector, each of the readings should be the
same as when you touched the leads together.
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Now place one meter lead on the battery’s neg-
ative connector and the other on pin 11 of IC1.
Again, you should see the same low reading as
when the leads were touching. Do the same for
IC2’s pin 11 and then for IC3’s pin 4. If you see a
significant difference in the readings, you should
revisit the IC socket soldering and the battery
wire soldering.

If all is well, turn off the power switch, insert the
ICs into their sockets, making sure to observe the
correct orientation, and connect a fresh 9V bat-
tery to the battery snap. Support the board with
your fingers while applying the pressure re-
quired to insert the ICs. Set the front plate on the
project case during testing, but don't attach it
with the screws that came with it yet.

Testing the White Noise Generator

1. Set the Noise Toaster’s controls as shown in
Figure 4-18. The switch icons show which
way to set the toggle switches. For two po-
sition switches (SPST and SPDT), there are
two states down (bottom box filled in) and
up (top box filled in). For SPDT C.O. (center
off type switches), there are three states
down (bottom box filled in), up (top box fil-
led in), and centered (middle box filled in).
Set knobs to the position with the red
indicator.

2. Now turn the power switch to on. After a
second or two, you should be hearing white
noise coming from the speaker. The short
delay after powering the unit is the time
needed for the virtual ground capacitor C15
to charge up. If you turn the Output Volume
control up, the white noise should get loud-
er, and if down, softer. Turn the White Noise
switch to the down (or off) position, and you
should no longer hear it. Leave the controls
in this configuration.

If that test went well, it means that the white
noise generator works, the TW amplifier and
speaker works, the volume control works, and
the White Noise switch is wired correctly. Bravo!

Testing the VCO

To prepare for this test, return the unit’s controls
to the settings shown in Figure 4-18 again. Set
the VCF’s White Noise Input Select switch to Off.

1. Setthe VCF's Input Select Switch for the VCO
to the Ramp Wave position (up). You should
be hearing the ramp wave coming through
the speaker. Set the VCF’s Input Select Switch
for the VCO to the Square Wave position
(down). You should be hearing the square
wave coming through the speaker with a
more hollow timbre.

2. Return the VCF's Input Select Switch for the
VCO to the Ramp Wave position (up). When
the VCO’s Frequency knob is turned clock-
wise, the VCO'’s frequency should increase.
Depending on your hearing’s frequency
range, you may still hear it when it is turned
all the way up. When you turn the VCO’s Fre-
quency knob the other way, it should go
down in frequency until you can only hear
clicks through the speaker. If you turn the
knob too far counterclockwise, the VCO may
stop oscillating (which is fine).

3. Return the VCO’s Frequency knob to the
twelve o'clock position. Turn the VCO’s LFO
Mod Depth control up slowly. The VCO’s fre-
quency should begin to go up and down in
time with the LFO’s flashing LED rate indica-
tor. As the VCO’s LFO Mod Depth control is
advanced, you should hear more modula-
tion and an increase in the VCO'’s frequency.

4. Return the VCO'’s LFO Mod Depth pot to the
fully counterclockwise position. Set the
VCO’s AR Mod switch to the AR Mod position
and its AR Mod Depth pot to the twelve
o'clock position. The frequency of the oscil-
lator will fall and may even stop oscillating
(again, it’s fine). Now press and hold the
Manual Gate button. The VCO's frequency
should rise to a maximum and stay there un-
til you relase the button, at which time the
VCO'’s frequency should fall back to where it
was.
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5. Return the VCO’s AR Mod Depth pot to the
fully counterclockwise position and its AR
Mod switch to the Off position. Turn the LFO
Rate pot fully clockwise. Set the VCO's Sync
switch to the Sync position. The tone of the
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VCO should change. Now advance the VCO’s
Frequency pot slowly upward. The VCO’s
timbre should change in a sweeping man-
ner, emphasizing harmonics as it does so.
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Figure 4-18. Initial test patch

If everything worked, you deserve a pat on the
back before continuing. The VCO works properly,
the LFO is oscillating, the AREG is functional in
Manual mode, and the Manual Gate push button
works.

Testing the VCF

To prepare for this test, return the unit’s controls
to the settings shown in Figure 4-18 again. The
VCF's White Noise Input Select switch should be
set to On.
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1.

80

You should be hearing white noise coming
through the speaker. Slowly turn the VCF’s
Cutoff Frequency knob down. The cutoff fre-
quency of the filter should go lower as you
do so. Leave the Cutoff Frequency knob in
the counterclockwise position.

. Setthe Resonance knob toits fully clockwise

position. Slowly turn the VCF's Cutoff Fre-
quency knob up. The cutoff frequency of the
filter should go higher as you do so, and the
sound should be more howling in nature.
Play with the Cutoff Frequency knob and
make some wind sounds for a while. Adjust
the resonance down a bit and compare the
sound. If you've got good cutoff and reso-
nance adjustment, excellent.

. Set the White Noise Input select switch to

Off. Return the Resonance knob to its lowest
setting and the Cutoff Frequency knob to its
highest setting. Set the VCF Input Select VCO
Switch to Square Wave, and adjust the VCO'’s
Frequency knob until its frequency is very
low. Slowly turn the VCF’s Cutoff Frequency
knob down. The cutoff frequency of thefilter
should go lower as you do so. Leave the Cut-
off Frequency knob in the counterclockwise
position.

Set the Resonance control to its fully clock-
wise position. Slowly turn the VCF's Cutoff
Frequency knob up. The cutoff frequency of
the filter should go higher as you do, accom-
panied with an opening wah-type sound.
Adjust the VCO’s Frequency control down
until it is only ticking. Play with the Cutoff
Frequency control and make some cool tick-
ing or popping sounds for a while.

. Turn the Resonance and Cutoff Frequency

controls completely down again. Set the
VCF’s Mod Source switch to the AR setting
and the Mod Depth control to twelve o'clock.
Press the AREG’s Manual Gate button. The
filter's cutoff frequency should rise while you
hold the button down and then fall when
you release it.

6. Set the AREG's Repeat/Manual Gate switch
to Repeat. The VCF’s cutoff frequency should
be modulated by the AREG’s repeating en-
velope. Turning the Mod Depth control up
shouldincrease the modulation,and turning
it down should decrease it. The Mod Depth
knob must be turned beyond 2 or 3 for the
effect to be heard.

7. Adjustthe LFO’s Rate control to 7. Switch the
VCF’s Mod Source switch to LFO and its Mod
Depth control fully counterclockwise. Ad-
vance the Mod Depth control to beyond 6,
and you should hear the VCF's cutoff fre-
quency being modulated by the LFO’s Inte-
grated Square Wave. As you advance it fur-
ther, the modulation should intensify. Switch
the LFO's Waveform Select controls to select
the Square wave output. Now adjust the
VCF's Mod Depth control to below 5,and you
should hear its cutoff frequency being
modulated by the LFO’s Square Wave out-
put.

If everything worked, you deserve a beverage
break before continuing. The VCF works proper-
ly, and the AREG’s Repeat functionality works,
too.

Testing the VCA

To prepare for this test, return the unit’s controls
tothesettings showninFigure 4-18.Setthe VCF’'s
White Noise Input Select switch to Off.

1. Set the VCF Input Select VCO Switch to
Square Wave, and adjust the VCO's Frequen-
cy knob to twelve o'clock. Turn the VCA's
select switch to VCA (AR mod). Press the
Manual Gate button on the AREG. You
should hear the VCO slowly come on and
stay on aslongasyou hold the button. When
you release the Manual Gate button, the VCO
should fade away.

2. Set the AREG's Repeat/Manual Gate switch
to Repeat, the Attack control to 0, and the
Release control to 1. You should be hearing
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the VCO with a repeating volume envelope
kind of like “bink-bink-bink-bink..."

If everything worked fine, do a couple of victory
yoga poses as a reward before continuing. The
VCA is working great.

Testing the AREG

If the other tests you've been doing have all
worked as described, then the AREG is function-

ing properly.
Testing the LFO

To prepare for this test, return the unit’s controls
to the settings shown in Figure 4-18 again. Set
the VCF’s White Noise Input Select switch to Off.
Set the LFO’s Rate to 8.

1. Setthe VCF's Input Select Switch for the VCO
to the Ramp Wave position (up). You should
be hearing the ramp wave coming through
the speaker. Advance the VCO’s LFO Mod
Depth control to 5. You should hear the
VCO’s frequency sliding up and down. Ad-
vance the LFO’s Rate knob; the frequency of
the modulation should increase, and the
LFO’s rate indicator LED should flash in sync
with the modulations. When the LFO’s Inte-
grated Square Wave is selected, the depth of
the modulation will decrease as the LFO’s
Rate control is advanced.

2. Reduce the VCO’s LFO Mod Depth to 2.
Change the LFO output waveform to the
Square wave (LFO’s top switch down, bot-
tom switch up). Since the LFO’s Square wave
output has greater amplitude than the Inte-
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grated Square Wave, it produces more mod-
ulation.

3. Increase the VCO’s LFO Mod Depth to 5.
Change the LFO output waveform to the Dif-
ferentiated Square Wave (LFO's left switch
down, right switch down). The character of
the modulation should change to sound
more like a bird chirping.

Testing the Output Jack

When you insert a phone plug into the output
jack, the internal amplifier and speaker are by-
passed, and you should not hear the unit’s speak-
er. The volume control should continue to con-
trol the unit’s output level when it is connected
to an amplifier or mixing board.

If everything worked, find someone to nominate
you for person ofthe year before continuing. Your
Noise Toaster is ready for prime time! Insert the
battery into the battery holder and attach the
paneltothe projectcase withitsincluded screws.
Watch that you don't pinch the speaker or bat-
tery wires while attaching the panel.

If your Noise Toaster checks out and you want to
get straight to making cool sounds, you can
move on to Chapter 7. | heartily encourage you
to come back and read Chapters 5 and 6 when
you want to learn exactly how all those cool
sounds are being made.

Figure 4-19 is a blank Noise Toaster patch sheet
with which you can document the control set-
tings when you find an elusive sound you want
to reproduce at a later time.
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Figure 4-19. Noise Toaster patch sheet

My Noise Toaster Is Being Sullen
and Listless

It's a bummer when something doesn't work
right the first time, but if it's any comfort, we've
all been there. | first want to assure you that if the
project is built according to the plans presented,
it will absolutely work. When all of the correct
component values are where they should be and
all of the active components are good, your Noise
Toaster will work like a charm. If one or more of

the tests above failed, it's time to put on your
thinking cap and start troubleshooting.

As | mentioned at the outset of the test section,
it would be a good idea to read the section
“Troubleshooting Tips” on page 31 from Chap-
ter 2 to get some good ideas of what can go
wrong with a project before beginning to trou-
bleshoot. You're going to have to trace the oper-
ation of the circuit, following the schematic and
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probing around until you find something that is
acting strangely.

Checkyour panel wiring for missing or misrouted
wires. Check the component values on the PCB,
looking for incorrect values or missing compo-
nents. Look back over your soldering, and if a
solder joint looks suspect, give it some reflow
love. Inspect the project with a magnifying glass,
looking for tiny solder balls that may be shorting
adjacent pads, lands, or component leads.

| have found both the LM324 and LM386 to be
hardy and forgiving chips, but applying reversed
power or delivering a twitch-inducing static
shock to either of them can destroy them, so you
may need new chips if nothing seems to work
and the wiring is all there and the components
are all correctly oriented and soldered.

Table 4-3 lists a variety of problems you may en-
counter with the unit’s modules and the active

Testing the Noise Toaster

components that may be involved if they are not
working properly. Besides a bad active compo-
nent, a dead battery, incorrect wiring, poor
soldering, missing components, or incorrect
component values are pretty much the only re-
maining possibilities.

Table 4-3. Possible issues and associated active
components

Problem Associated Active Components

1W amp problem U3
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You may be familiar with operational amplifiers (or op amps) and have perhaps even
done some experiments with them. They are one of the most useful circuit elements
you'll encounter, and it's well worth the effort to become proficient in applying them in
your synth-DIY circuit design and experimentation work.

The Noise Toaster design uses several op amps for different purposes; before we dissect
the various circuits of the Noise Toaster, it is important to have a good idea how op amps
work. I'm not going to cover the chemical formula for cadmium yellow here. Instead, I'm
going to show you how to paint things; specifically 'm going to show you how to paint

circuits with op amps.

Figure 5-1. Typical op amp IC packages.

There are hundreds, perhaps even thousands of
unique op amp ICs. Figure 5-1 shows some typi-
cal op-amp packages. Op amps can be powered
from as little as +/-1.5V or as much as +/-18V,
and there are special op amps deigned to oper-
ate from a single voltage supply. Op amp ICs
contain one, two, or four independent op amps
and generally come in 8- or 14-pin DIP (dual in-
line package) or SOIC (small outline integrated
circuit) packages. Every op amp has a corre-
sponding data sheet detailing all of the op amp’s

parameters (which are legion) and also, impor-
tantly, which pin is which. Op amps have invert-
ing inputs, noninverting inputs, outputs, power
connections, bias connections, offset adjust-
ment connections, etc., which if not connected
properly can result in baked op amp (not a fa-
vorite dessert of anyone | know).

Op Amps as Amplifiers

Op amps can perform many functions, but one
of the most common is amplification of low level
signals. A typical op amp can easily provide gains
of up to 1,000, and the op amp parameter known
as open-loop gain can be as high as 1,000,000.
However, you need to understand thatwhen|say
“amplify,” I'm not talking about the kind of am-
plification you get from your guitaramplifier. You
can’t connect your guitar up to an op amp with
againof 1,000,000 and hook the op amp’s output
to a giant speaker cabinet and rock the universe!

You can, however, connect your guitar to an op
amp circuit whose gain is between, say, 10 and
100, and boost its output to line level (about a
volt or so AC). Op amps are not power amplifiers.
Power amplifiers that drive speakers generally
have large heat-sinked power transistors or
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integrated IC amplifiers (also containing power
transistors) to do the heavy lifting. But you can
be sure that op amps will be found in the front
end of your amplifier, providing the initial gain
for the low level signals connected to its input,
be they microphones or guitars. And it's a safe
bet that op amps will be in the active filtering
circuits used in the amplifier’s front end tone
controls as well. Let’s go further into what makes
op amps so useful.

Negative Feedback
Demystified

Op amps use what is known as negative feed-
back to produce precise amounts of gain (ampli-
fication), and they make it as easy as pie to get
whatever gain you need. Figure 5-2 shows the
circuit that you could use to amplify a low-level
signal (a guitar or microphone for example) up
to a level that would be considered line level. In
this section I'll try to demystify op amps and neg-
ativefeedbackand then show yousome practical
uses for them in your own synth-DIY work.

100K
Input Output
V+
AuF qoK
v—) W\ 10UF Bipolar
= b — '?__I]
= v

Figure 5-2. Op amp inverting buffer

operation. Some op amps have input

impedance as high as 10’2 ohms, which
means they consume very, very...very
little current. Thus, when you buffer a
signal with a high-impedance input op
amp, the circuit being buffered hardly
notices that the op amp input is there
at all since it consumes so little current.
This is one of the reasons you need to
use a high-impedance input op amp in
sample and hold circuits. The cap hold-
ing the sample voltage does not get dis-
charged by the high-impedance op
amp buffering it. The output of the op
amp is just the opposite. The lower its
output impedance, the more current
drive capability it has.

What Is Impedance?

To impede is to resist or inhibit. When a
circuit is high impedance, it resists the
flow of current. A 100 ohm resistor is
relatively low impedance, whereas a 10
megaohm resistor is relatively high im-
pedance. When an op amp’s input is
high impedance, it means that it con-
sumes very little current in normal

In Figure 5-2, we see the op amp has an input
resistorvalue of 10Kand afeedbackresistorvalue
of 100K, which results in an inverting amplifier
(or buffer) with a gain (or amplification factor) of
10. The term buffer refers to the op amp’s ability
to take alow-level, often high-sourceimpedance
signal and amplify it, as well as provide the am-
plified signal from its relatively low-impedance
output with some current drive capability. We're
talking milliamps here—nothing grand—but
within most electronic circuits that’s all we need
to do whatever we want. Before we can under-
stand what’s happening in this circuit, we need
to consider Figure 5-3.

RFB
Input '\/@\/\/ Output
~@["
v
v Y
Wy
v
- i :
Adjustable = Vi =
V source

Figure 5-3. Understanding negative feedback
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We are going to discuss this circuit’s response to
DC to understand how negative feedback deter-
mines the gain of the circuit. For our demonstra-
tion, the input of the op amp is connected to the
output of the adjustable voltage source, and the
outputofthe opampisconnectedtoavoltmeter.
One goal of op amp designers is for the op amp
inputs to be high impedance so that they have
minimal loading effect on signals applied to their
inputs. The impedance of op amp inputs can be
as high as one gigaohm (1,000,000,000 ohms)!
When configured as an inverting buffer, the op
amp’s internal circuitry attempts to keep its in-
verting input (marked with a minus symbol) and
its noninverting input (marked with a plus sym-
bol) at the same voltage by adjusting its output
voltage.

The adjustable voltage source is applied to one
side of the input resistor RIN, whose other side is
connected to the inverting input (-) of the op
amp. The feedback resistor (RFB) is connected
between the opamp’sinvertinginputand the op
amp’s output. The values of both RIN and RFB
determine the gain (or amplification factor) of
the op amp circuit. Consider that RIN is 10K and
RFB is 20K, and remember the op amp’s job
(when configured as an inverting buffer) is to
keep the inverting and noninverting inputs at
the same voltage by means of the feedback re-
sistor. If we set our adjustable voltage source to
1V, what will the op amp’s output do? What volt-
ageisthe noninverting input at? Itis at 0V (GND),
so the op amp’s internal circuitry is going to try
and keep both inputs at OV.

It's not hard to put this circuit on a
breadboard and experiment with it
yourself. Figure 5-4 shows a solderless
breadboard with this experiment wired
up. Power is supplied by two 9V batter-
ies. One battery is for the positive sup-
ply, and the other for the negative, and
the remaining positive and negative
leads are connected to create the cir-
cuit’s ground. You can open the input
and/or feedback circuit and insert an

Negative Feedback Demystified

ammeter to observe the currents flow-
ing in the circuit. The trimpot supplies
the adjustable voltage for the experi-
ment.
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Figure 5-4. Breadboard with op amp experiment

The op amp keeps both inputs at the same volt-
age by adjusting how much current is pushed or
pulled through the feedback resistor from the op
amp’s output. In this case, with 1V fed to the in-
verting input via our 10K RIN resistor, the op
amp’s output is going to have to go to -2V in
order to pull enough current (100pA) through
the feedback resistor to balance the current
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arriving through the input resistor. Since we have
100pA arriving at the inverting input and 100pA
flowing away from it, the net currentis 0, and the
voltage at the inverting input is OV. Notice that
with the 10K input resistor and the 20K feedback
resistor, 1V of input voltage got translated into —
2V on the output of the op amp. We say that the
op amp exhibited a gain of minus 2.

What if we adjust the voltage applied to RIN to
2V? Now we'll have 200pA flowing to the invert-
ing input through the 10K input resistor. To keep
the inverting input at OV, the op amp’s output is
goingto haveto changeits voltage so thatit pulls
200pA away from the inverting input through
the feedback resistor RFB. To pull away 200uA
through 20K, we need -4V, and the output of our
op amp obliges and adjusts itself accordingly.

How about if we adjust the voltage applied toRIN
to-2V? Now we'll have 200pA flowing away from
the inverting input through the 10K input resis-
tor. To keep the inverting input at 0V, the op
amp’s output is going to have to change its volt-
age so thatit pushes 200uA toward the inverting
input through the feedback resistor RFB. To push
200pA through 20K, we need 4V so that the out-
put of our op amp behaves like a perfect gentle-
man and delivers the goods.

Op amps are amazing, and without them our
synth-DIY work would be about 20 times more
complicated, circuitry-wise. They contain hun-
dreds of transistors and passive components like
resistors and capacitors (albeit with small values
of C) aswell.Op amps of today are precise despite
their low cost,and when it comes to determining
gain, we don't have to hook up various values of
resistance and then check to see if we gotitright.
There is a simple formula used to calculate the
gain for an op amp used as an inverting buffer,
shown in Figure 5-5.

Inverting Buffer Gain Formula

RFB
AN
V+
RFB RIN
Gain= —[——| +—AW
( RIN ) | .
iy
- V.

Figure 5-5. Inverting buffer gain formula

When using the op amp as an inverting buffer,
the gain is simply the value of the feedback re-
sistor divided by the value of the input resistor
times —1. Remember that when we applied a
positive voltage to the input of the inverting
buffer, the output voltage had to go toa negative
voltage to balance the effect of the current flow-
ing into the inverting input via the input resistor.
Conversely, when we applied a negative voltage
to the input of our inverting buffer, the output
voltage had to goto a positive voltage to balance
the effect of the current flowing out of the in-
verting input via the input resistor. That’s where
the times -1 comes from in the simple gain
formula.

Unwanted Op Amp Oscillation

If you discover that your inverting buffer with gain
higherthan 1isadding a high-frequency oscillation
to its output, it could be because the op amp is not
internally compensating for the gain you're using.
This oscillation can vary in frequency depending on
the op amp, but it is typically above 100 kHz. You
will need an oscilloscope to seeiit, but often you can
hear it as excessive noise in the op amp’s output.
Most op amps are internally compensated but only
fora gain of 1. A trick to keep your inverting buffers
quietis to add a 10pF to 100pF capacitor in parallel
with the feedback resistor. This lowers the gain of
the pesky high frequency enough to get it to shut
up.
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The Noise Toaster uses an inverting buffer in its
VCO as well as in its VCF. In the VCO’s case, an
inverting buffer (U1-C) is used to mix the control
voltages applied to the VCO to modulate its fre-
qguency. The op amp continually adjusts its out-
put voltage in response to the current arriving at
its inverting input from the three input sources.
The output voltage then controls the voltage to
the current converter comprised of U1-D and its
associated components.

The Noise Toaster’s VCF uses an inverting buffer
(U2-A) to both mix the signal sources applied to
its input and to apply filtering to the signal via
the additional components found in its negative
feedback network.

This is all well and good, but what if | don't want
the outputto beinverted? What if Ilwantgain but
that's all  want? The friendly op amp is ready to
serve.Lets considerthe opampasanoninverting
buffer, as shown in Figure 5-6.

Noninverting Buffer Gain Formula

RFB

V+

RFB RG
Gain = RG +1 J_—’\/\/\,

Vin e—+

Figure 5-6. Op amp noninverting buffer

The op amp works in the same way that it did
before, except we've configured things a bit dif-
ferently. We still have a feedback resistor (RFB) as
before, but instead of applying the input to the
inverting input via a resistor, we simply connect
the inverting input to ground through a resistor.
We have named this resistor to ground RG. An-
other difference to note is that we are applying
the signal we want to amplify to the noninverting
input. Let’s consider applying a DC voltage to the
noninverting input and see what voltage the
output of the op amp needs to attain in order to

Negative Feedback Demystified

keep the inverting input and the noninverting
input at the same voltage.

For our example, we will apply values of 10K for
RG and 39K for RFB and apply 1V to the nonin-
verting input. Typically, the impedance of an op
amp input is high enough that it doesn't source
or sink any appreciable current, which is why we
ignore its effect on the voltage at the junction of
RG and RFB. We know that the op amp will adjust
its output voltage to cause the inverting and
noninverting inputs to be at the same voltage, so
we automatically know that the output is going
to drive enough current through the series com-
binaton of the feedback resistor and the resistor
to ground to drop 1V across 10K resistor RG.

Using Ohm'’s law, we determine that the current
required to drop 1V on a 10K resistor is 1V/10K,
or 100uA. We know that the current in a series
circuit is the same throughout, so there is also
100pA flowing through the feedback resistor.
Ohm'’s law helps us determine the voltage re-
quired to drive 100pA through 49K (10K + 39K).
It tells us that E (voltage) equals | (current) times
R (resistance). Thus, to drive T00pA through 49K,
we need (.0001 x 49000)V or 4.9V. So the output
voltage adjusts to 4.9V, which is exactly what we
expected, since the formula for the noninverting
buffer's gainis simply the feedbackresistor value,
divided by the resistor to ground value, plus 1.
(Written as an equation, (39K/10K) + 1, which
comes out to 4.9.) Animportant point to remem-
ber when using the op amp in a noninverting
configurationis that the op amp’s output voltage
follows the sign of the input voltage instead of
inverting it, as happens in the inverting buffer.

We've discussed DC voltages and current flow to
simplify our discussion of op amp negative feed-
back, but the op amp configured as an inverting
or noninverting buffer works the same way when
dynamically changing voltages are applied to
the appropriate input. The output constantly ad-
justs its voltage to keep the inverting and non-
inverting inputs at the same voltage by pumping
the appropriate current from the output through
the feedback resistor. So returning to Figure 5-2,
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we now understand that with the input resistor
of 10K and the feedback resistor of 100K, the op
amp provides a gain of —10. Since we block any
DCthat might be presentin the input signal with
the .1uF cap, the op amp only responds to the
dynamically changing AC signals arriving at its
noninverting input via the 10K resistor RIN.

Op Amps as Comparators

What would happen if we took away the feed-
back resistor in the op amp circuit? How will the
op amp keep the inverting and the noninverting
inputs at the same voltage? What kind of crazy
world are we living in? Settle down: it's fine if we
take away the feedback resistor, but we normally
would not use the op amp for amplification
without one. When we take away the feedback
resistor, the op amp changes its hat to become a
comparator. As the name implies with the root
“compare,” comparators monitor the voltage lev-
els of both inputs (inverting and noninverting)
and do something when one is higher or lower
than the other.

When an op amp is configured as a comparator,
it “detects” that one input is higher or lower than
the other and adjusts the output voltage to as
high or low a level as it can in a vain effort to get
the op amp’s inputs to be at the same voltage.
Without a feedback resistor, there is no way for
the outputto changethevoltageontheopamp’s
inputs, so it flails wildly to its positive or negative
maximum output voltage. The op amp’s maxi-
mum positive or negative output voltage is gen-
erally a volt and a half away from the op amp’s
positive or negative power supply voltage, al-
though some specialty op amps can come closer
tothesupplyrailsinoperation.Whenanopamp’s
output is as high or as low as it can go, we say it
isin positive or negative saturation, respectively.

I'd like to draw your attention to Figure 5-7.

Op Amp Noninverting Comparator
+10V
10K

10K
L VVV V+

Vref +5V Vin —+

V-
Figure 5-7. Op amp noninverting comparator

Here we are applying a 5V reference voltage
(Vref) to the inverting input of the op amp, and
the noninverting input is the input to the com-
parator. If we apply a voltage lower than 5V to
the noninverting input, the output of the opamp
will go as low as it can. The op amp really wants
to pump current away from the inverting input
through the nonexistent feedback resistor. As
long as the voltage on the noninverting input is
lowerthanthevoltage ontheinvertinginput, the
op amp’s output will remain saturated low (stuck
at its maximum negative output voltage). If the
voltage on the noninverting input goes above
5V, the output of the op amp will become satu-
rated high (stuck at its maximum positive output
voltage) again in a vain effort to pump current to
the inverting input through the nonexistent
feedback resistor.

Noninverting comparators are important circuit
elements in the Noise Toaster. The VCO uses a
noninverting comparator (U1-B) for the ramp
coreresetcircuit. When the outputof UT-Aramps
beyond U1-B’s threshold, U1-B’s output shoots
high, turning on Q1 and resetting the integrator
made up of U1-A and associated components.
Op amp U2-B also functions as a noninverting
comparator and squares up the ramp signal ap-
plied to its input, resulting in the unit’s square
wave source.

We can also apply Vref to the noninverting input
and the comparison voltage to the inverting in-
put to arrive at an inverting comparator, as
shown in Figure 5-8.
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Op Amp Inverting Comparator
+10V
10K

10K
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Figure 5-8. Op amp inverting comparator

This circuit works much like the op amp nonin-
verting comparator, except that we've switched
which input is held steady at Vref and which in-
put is the variable input voltage. As you would
expect, when the voltage on the inverting input
is higher than the voltage on the noninverting
(Vref) input, the output of the op amp goes to
negative saturation. If the voltage on the invert-
ing input is lower than the voltage on the non-
inverting input (Vref), the output of the op amp
goes to positive saturation.

An inverting comparator is used in the Noise
Toaster’s attack release envelope generator’s
(AREG) auto-repeat circuit. When the voltage on
C18 (4.7uF electrolytic capacitor) is below the
threshold voltage applied to the noninverting
input of U2-D, the output of U2-D is saturated
high, providing current to charge C18 via 1M At-
tack Time pot R51 and 1N914 diode D2. When
C18 charges to a voltage level that exceeds the
threshold set by R64 and R63 (both 150K resis-
tors), U2-D’s output shoots low, providing a path
for C18todischarge via Release Time potR53 and
1N914 diode D3. When C18 discharges enough
for the voltage on U2-D pin 13 to go below the
voltage on its noninverting input, its output
shoots high again, and the cycle continues, re-
sulting in repeated AR cycles. The 100K resistor
R58 provides a bit of positive feedback (and re-
sulting hysteresis), which is critical to the circuit’s
operation. Without the hysteresis zone provided
by R58, the amplitude of the auto-repeating AR

Positive Feedback (Hysteresis)

output would be extremely low and the repeat-
ing frequency much higher.

Positive Feedback
(Hysteresis)

Op amp comparators can be really finicky when
the voltages on the inputs are very close to each
other. Op amps operate in their open-loop gain
mode when used as comparators (remember
that open-loop gain can be as high as 1,000,000).
Thus, when the voltages on the op amp’s inputs
are within a few millivolts of one another, any
noise in the circuit can cause one or the other
input to be spuriously modulated, causing it to
rise and fall in voltage above and below the
threshold voltage. This can cause the op amp to
flail wildly between positive and negative satu-
ration. This has the capacity to cause serious is-
sues in certain applications, so we should see if
there is something that can be done to alleviate
this problem. Positive feedback comes to the res-
cue. Let’s consider the circuit in Figure 5-9.

Op Amp Noninverting
Comparator with Hysteresis
+10V

10K

10K
W ve

Vref +5V {
V-
10K i
Vin oA, AW\

Figure 5-9. Op amp noninverting comparator with hyste-
resis

Here we see that we have added a positive feed-
back resistor between the op amp’s output and
its noninverting input. We have also added a re-
sistor between the applied input voltage and the
noninverting input. Both of these resistors are
necessary to achieve hysteresis and alleviate the
output chatter that occurs when the op amp’s
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differential inputs are close together in voltage.
With the positive feedback resistor in place, the
output of the op amp is reinforcing the level on
the noninverting input, whether saturated high
or low. For example, when the output of the op
amp is saturated low, current is being pulled
through the positive feedback resistoraway from
the noninvertinginput. Thus,some of the current
arriving at the noninverting input via the input
resistor is being sucked away, effectively lower-
ing the voltage at the noninverting input.

Here is the key point. When the op amp goes to
high saturation because the voltage level on the
noninverting input went a few millivolts above
the voltage level on the inverting input, the cur-
rent through the positive feedback resistor steps
the voltage up a bit on the noninverting input,
effectively out of the region that might result in
circuit noise-induced chatter. Now the voltage
on the noninverting input has to go low enough
to overcome the current arriving at the nonin-
verting input through the positive feedback re-
sistor. When it does, the op amp’s output goes to
negative saturation, and the current through the
positive feedback resistor causes the voltage on
the noninverting input to step down, again out
of the region that might result in circuit noise—
induced chatter.

The overall effect of positive feedback on a com-
parator is to make it less prone to output chatter
due to spurious noise in the circuit that may find

its way to the comparator’s inputs. By either in-
creasing the resistance of the input resistor or
reducing the resistance of the positive feedback
resistor, we can increase the hysteresis. Con-
versely, if we reduce the value of the input resis-
tor or increase the value of the feedback resistor,
we will decrease the hysteresis. The hysteresis
zone is the voltage region over which the input
can vary without tripping the comparator to one
of its stable saturated states.

There are special dedicated comparator ICs, and
the main difference between using them and us-
ing a vanilla op amp for a comparator is speed.
Op amp comparators change state from low sat-
uration to high saturation as fast as they can, but
they don't come close to dedicated comparator
ICs. While op amps can go from negative satura-
tion to positive saturation in about a microsec-
ond or so, a dedicated comparator chip can do it
in nanoseconds.

You can make your positive feedback resistor’s
value too low (that is, add too much hysteresis).
This will cause the op amp to latch into a satura-
ted state and stay there. The voltage applied to
the input resistor feeding the noninverting input
may not be high enough inamplitude to balance
and overcome the current arriving there via the
positive feedback resistor. If your comparator is
stuck saturated high or low, increase the value of
the positive feedback resistor. Another little cir-
cuitsecretisto place alow-value capacitoracross

Hyster-whatsis?

Typically, logic circuits and op amp comparators are de-
signed to have hysteresis, or positive feedback. When an
input circuit has hysteresis, the circuit’s susceptibility to
noise is greatly reduced. In effect, hysteresis widens the
gap between what is considered a high input and a low
input. When the input to the circuit with hysteresis goes
low enough to cause a changein the circuit’s output state,
the input signal has to go well above that level to get the
circuit’s output to change.

The voltage gap over which the input has to increase or
decrease to change the output state is called the hysteresis

zone. For example, the CD40106 CMOS Hex Inverting
Schmitt Trigger has hysteresis. In order to get the output
to go high, the input level must go below 1/3 of the pos-
itive supply. In order to get the output to go low the input
level must go above 2/3 of the positive supply. Thus there
isa 1/3 supply voltage hysteresis zone. Hysteresis helps to
square up slowly rising and falling signals and reduces
circuit input noise susceptibility.
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the positive feedback resistor (somewhere be-
tween 5pF to 20pF) to make the op amp used as
a comparator change states (go high or go low)
as quickly as possible. When the output changes
states, a squirt of current is pushed through the
cap, giving the noninverting input a little extra
jolt in the right direction.

In Figure 5-10, we see that the comparator’s pos-
itive and negative excursions occur as the signal
(triangle wave in the image) crosses the baseline
(whichis ground). If any unwanted noise finds its
way into the circuit, the comparator will chatter
(make several high to low transistions) as the in-
put signal makes its zero crossings.

Comparator Operation (No Hysteresis)

Comparator Output | | | | |

Figure 5-10. Comparator with no hysteresis

In Figure 5-11, we see that the comparator’s pos-
itive and negative excursions do not occur as the
signal (triangle wave in the image) crosses the
baseline (which is ground). Instead, the triangle
wave fed to the comparator’s input has to go
somewhat above the baseline voltage before the
comparator’s output goes high, and then it has
to go somewhat below the baseline voltage be-
fore the comparator’s output goes low. The zone
that the input signal has to traverse in order to
make the comparator respond is referred to as
the hysteresis zone. Since we have added hyste-
resis to the circuit, it will be far less prone to chat-
ter as the triangle signal fed to the input crosses
the baseline.

Positive Feedback (Hysteresis)

Comparator Operation (With Hysteresis)

Comparator Input
Hysteresis
Zone

Comparator Output

Figure 5-11. Comparator with hysteresis

We'll say goodbye to this section, but first | have
one more thing to share about what specs you
need to care most about when selecting op
amps. The perfect op amp would have infinite
input impedance, no offset voltages or currents,
infinite open-loop gain, no input or output volt-
age limitations, and would be ultra-low power
and ultra-high speed. Since we live in the real
world, op amps have limitations in all of these
areas. You need to read over several different op
amp data sheets to familiarize yourself with their
advantages and disadvantages and to find the
best one for your application.

Irecommend thatyou always use JFET input type
operational amplifiers because of their high-
input impedance. Select op amps that are low
noise, low input offset voltage, low input offset
current, and high speed. Op amps that are capa-
ble of higher speeds necessarily use more cur-
rent, so if you can get by with a lower-speed op
amp, do it: you'll need less supply current for it,
and they tend to have better offset voltage and
current specs.

Table 5-1 shows a list of some great general pur-
pose and precision op amps widely available at
the time of this writing. Over the years, you'll see
that specificopamps come and go because com-
paniesarealwaysimproving on theirdesignsand
trying to come closer to the ideal op amp. If these
particular part numbers aren’t available at the
time of your reading this, don't panic—just pick
another general purpose JFET input (also known
as BIFET input) op amp, and it'll work fine in any
of the circuits shown. Always check the power
supply requirements of any op amp you plan to
use to make sure it will work properly with the
voltage you plan to apply.
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Table 5-1. Generally useful op amps

Part Number | Manufacturer | Features
T07ICP | TexasInstruments | Single op amp, JFET inputs (high impedance), low noise
TW072P | Texas Instruments | Dual op amp, JFET inputs (high impedance), low noise
TLOZAN | Texas Instruments | Quad op amp, JFET inputs (high impedance), low noise
IM324 | Mutiple | Quadopamplowpower
097 | LinearTechnology | Single op amp, precision DC specs, great performer
M08 | LinearTechnology | Dual op amp, precision DC specs, great performer
014 | LinearTechnology | Quad op amp, precision DC specs, great performer
"0P275 | AnalogDevices | Dual op amp, precision DC specs, great performer
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In this chapter, we'll go into the details of the unit’s circuitry and explain the purpose of
each and every component in order for you to really understand what’s going on un-

derneath the hood.

The Noise Toaster Schematics

Now let's go over each section of the Noise Toast-
er circuitry in detail. We'll begin our in-depth re-
view of the Noise Toaster’s circuitry with the
unit’s power supply.

Power Supply
. BP BP
Power Switch o) @)
—o o1
S11 +1+ C13
7T\ 10uF
B1 [+ 9V Battery
e +]+ C23 1
7T\ 470uF }
21+ C14 —
7T\ 10uF
Alkaline Battery O O
Recommended BN BN
C13 and C14
R37 BP  close to U2
AN O LM324 power
4.7K pins.
R42
- 4.7K BN .
Current drain
+l+c15 is between
/T 470uF 1510 20 mA.
More if used
at high output
e) levels.
BN

Figure 6-1. Power supply schematic

The Power Supply

In Figure 6-1, we see the unit's power supply,
which is basically a 9V battery. The unit can also
be powered by a clean, line-powered 9V battery
eliminator. Throughout the schematics and cir-
cuitdescriptions, the symbols BPand BN are used
to represent the battery’s positive and negative
poles, respectively. Capacitor C23 (470uF elec-
trolytic) is connected across the battery to pro-
vide a reservoir of charge to fortify the battery
when peaks of current are drawn by the circuitry.
When the battery starts to deplete and its inter-
nal impedance increases, C23 will be there to
provide extra current when needed.

Using a Wall Wart

Some 9VDC wall warts or battery elim-
inators simply provide the raw, rectified
output of a transformer. To work prop-
erly, they rely on a filtering capacitor in
the circuit they are powering. If you use
one, try to find a 9VDC wall wart that
provides clean power. For additional
supply filtering, you can increase the
value of C23 to 1000uF (in a 16V rated
cap), which should smooth out the out-
put of just about any 9VDC wall wart.

We create a virtual ground for the circuit using
resistors R37 and R42 (both 4.7K) and capacitor
C15 (470pF electrolytic). Resistors R37 and R42
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form a voltage divider that divides the unit’s bat-
tery voltage in half. The positive pole of C15 con-
nects to the junction of R37 and R42 and thus
charges to half of the supply voltage. This circuit
node servesasastable virtual ground connection
for several circuit elements. Capacitors C13 and
C14 (both 10uF electrolytic) are located close to
the power pins of U2 (LM324 Quad Low Power
Op Amp) to stabilize its operation and provide
localized reservoirs of charge for U2.

The unit draws between 15 and 20 mA, depend-
ing on whether the unit’s internal amplifier and
speaker or an external amplifier is used. When
using the internal speaker, turning the unit’s vol-
ume controlallthe way up will draw more current
and deplete the battery faster.

The Attack Release Envelope
Generator (AREG)

The Noise Toaster’s AREG is a simple but effective
circuit (Figure 6-2). With Manual/Repeat SPDT
select switch S8 set to Manual Gate, pressing S10
(SPST N.O. PB) drops BP across resistor R61 (10K).
This voltage causes current to flow to the base of
Q10 (PNP transistor) via current-limiting resistor
R62 (10K) biasing Q10 off. With Q10 biased off,
current flows from BP through S10, current-
limiting resistor R57 (200 ohm:s), forward-biased
diode D2, Attack Time potentiometer R51 (1M),
and R50 (820 ohm resistor), and charges capaci-
tor C18 (4.7uF electrolytic capacitor). The voltage
on C18 is buffered by high-impedance source
follower Q9 (a 2N5457 N-Channel JFET transis-
tor). The gate of Q9 is very high impedance, so
only a very small amount of current flows
through it, leaving the majority of the current to
charge C18. The envelope voltage output by the
AREG is delivered from the junction of load re-
sistor R54 (4.7K) and the Source pin of Q9.

Attack Release Envelope Generator

Manual Gate
BP | O_l—o— X21 R57 —e— X22
O—-0 AN
S10 2000hm
R61 R62
O~ v >
BN
10K 10K 2ngo;\§ Q10

D2 and D3 mounted

on the front panel. OBN

Repeat

S8
s Attack Release
Time Time
Manual R51 R53

¢———X18
X19 —o—o

+l+c1g  2N5457 S

R64 R54 ,|LM324

AN 47K }
(@) 150K
BN R63 BN R58
O——=A\A A
BP 150K 100K

Figure 6-2. Attack decay generator schematic

When S10is released, the BP voltage is no longer
presentacross R61.Instead, BN voltage is applied
to the base of Q10 via the series combination of
resistors R61 and R62 (both 10K) biasing Q10 on.
In this condition, current can flow between Q10’s
emitter and collector to BN. Q10 discharges the
AREG's timing capacitor C18 via current limiting
resistor R50, Release Time potentiometer R53
(1M), and forward-biased diode D3.

Thus when the Manual Gate push button S10 is
pressed, the AREG outputs a voltage that rises
towards BP at a rate determined by the Attack
control setting. Then, on S10 release, the voltage
fallstoward BN atarate determined by the Decay
control setting. The Attack and Decay times are
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independently adjustable via pots R51 and R53,
respectively, which are wired as variable resis-
tors. The envelope voltage can be routed to mod-
ulate the VCO and/or the VCF via the unit’s nor-
malized switching scheme. The AREG envelope
voltageis also used to modulate the unit’s simple
VCA.

With S8 set to Repeat, the output of the inverting
comparator U2-D (1/4 LM324 Quad Low Power
Op Amp) is connected to the junction of D2’s
anode and D3’s cathode. Manual Gate push but-
ton S10 is not active in Repeat mode. In Repeat
mode, the output of U2-D causes the AREG's out-
put to repeatedly rise and fall in an oscillatory
fashion controlled by the Attack and Decay pots.

Resistors R63 and R64 (both 150K) form a voltage
divider that applies one-half of the supply volt-
age to U2-D’s noninverting input (pin 12). How-
ever, current through positive feedback resistor
R58 (100K) causes the voltage at U2-D pin 12 to
be higher or lower than this, depending on the
state of U2-D’s output (pin 14). When U2-D’s out-
put is saturated high, its output voltage goes to
about 3V above virtual ground, pushing current
through R58 and raising the voltage at U2-D pin
12 to about 1.25V above virtual ground. When
U2-D’s outputis saturated low, its output voltage
goes to about 3.5V below virtual ground, pulling
current through R58 and reducing the voltage at
U2-D pin 12 to about 1.5V below virtual ground.
Thus, the state of U2-D’s output affects its thresh-
old voltage.

When comparator U2-D’s output is saturated
high, capacitor C18 charges via S8, forward-
biased D2, Attack Time pot R51, and current lim-
iting resistor R50. Voltage on C18rises toward U2-
D’s high saturation voltage until the output volt-
age of source follower Q9 dropped on R54
exceeds the threshold voltage on U2-D’s nonin-
verting input (pin 12). At that point, U2-D’s out-
put shoots rapidly to low saturation, and C18
begins to discharge via S8, forward-biased D3,
Release Time pot R53, and R50. Voltage on C18
falls until the output voltage of source follower
Q9 dropped on R54 goes below the threshold

The Noise Toaster Schematics

voltage on U2-D’s noninverting input (pin 12). At
that point, the output of U2-D shoots high, and
the cycle continues to repeat, resulting in oscil-
lation.In Repeat mode, the AREG acts likean LFO,
with waveform shape dependent on the Attack
and Decay pot settings.

Circles with tokens in them are off-
page symbols that indicate connec-
tions between the various components.
Circles with the same token should be
considered connected to one another.

The circled signal ARG (X18) gets connected to
the VCF and VCO modulation switching and level
controls on the front panel (see Figure 4-10 for
details).

The Low-Frequency Oscillator
(LFO)

The Noise Toaster’s LFO provides a variety of
modulation waveforms (Square, Differentiated
Square, and Integrated Square). Its frequency
range goes from slightly below 1 Hz to well over
200 Hz. It also has an LED rate indicator that
flashes at the LFO’s frequency. The schematic is
shown in Figure 6-3.

The core of the LFO is a comparator, the output
of which both adjusts its own threshold voltage
level and provides current to charge and dis-
charge its timing capacitor. We will assume that
on power-up, the output of U2-C (1/4 LM324
Quad Low Power Op Amp) is in high saturation.
Resistors R59 and R55 (both 100K) form a voltage
divider that applies one-half of the supply volt-
agetoU2-C'snoninvertinginput (pin 10). Current
through the positive feedback resistor connec-
ted between U2-C’s noninverting input and its
output (R60 100K) causes the voltage on U2-C
pin 10 (the comparator’s threshold voltage) to
change, depending on whether the output is sa-
turated high or low.
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Low Frequency Oscillator
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Figure 6-3. Low-frequency oscillator schematic

There is also a feedback path between U2-C’s
outputanditsinverting input (U2-C pin 9) via the
LFO Rate pot R49 (1M) and current limiting resis-
tor R48 (3K). The positive pole of capacitor C16
(1TuF electrolytic) is connected to U2-C'sinverting
input. At power-up, C16’s initial condition is fully
discharged to the level of BN. Since the output is
in high saturation (about 3V above virtual
ground), current flows from U2-C’s output (pin 8)
through R49 and R48 and begins to charge C16
toward U2-C's output voltage. The high level of
U2-C's output pushes current through the posi-
tive feedback resistor R60 and raises the thresh-
old voltage on U2-C pin 10 to about 1V.

When the voltage on C16’s positive pole rises
above the voltage level on U2-C pin 10, the out-
put of U2-C shoots to low saturation. With U2-C

in low saturation (about 3.5V below virtual
ground), current is pulled through the positive
feedback resistor, reducing the threshold volt-
age on U2-C pin 10 to about -1.25V. Capacitor
C16 now begins to discharge toward U2-C's low
level via R49 and R48 until it goes below the volt-
age level on U2-C pin 10, at which time U2-C’s
output shoots to positive saturation, and the cy-
cle continues, resulting in square wave oscilla-
tion at the output of U2-C.

Resistor R70 (3K) connected to BP charges LED1’s
charge reservoir capacitor C26 (470uF electro-
lytic). When U2-C is in low saturation, current
flows from C26 through current-limiting resistor
R65 and forward biases LED1, causing it to glow.
When U2-Cisin high saturation, LED1 is reversed
biased and thus off. Thus LED1 flashes at the rate
of the LFO. The charge reservoir is necessary be-
cause without it, the current drawn to light LED1
causes a disturbance in the power supply, pro-
ducing very slight but unwanted VCO modula-
tion.

We modify the shape of the square wave output
by U2-Cin two ways. For the first waveform mod-
ification, we apply low-pass filtering to U2-C's
output via resistor R56 (20K) into capacitor C19
(1uF electrolytic), which results in an integrated
square wave shape. This waveform is output by
the LFO when switch S9 (SPDT) is in the Integra-
ted Square Wave position.

For the second waveform modification, we apply
high-pass filtering to U2-C’s output via capacitor
C17. Since the capacitor blocks DC, only the rap-
idly changing edges of the square wave output
of U2-C are passed, but the high and low levels
rapidly decay, resulting in the differentiated
square wave shape. This waveform is output by
the LFO when S9 is in the Square/Differentiated
Square position and S7 (SPST) is in the Differen-
tiated Square position (S7 open).

The LFO’s output (circuit point LFO) is directly
connected to the VCO’s LFO Mod Depth pot (R13
100K), but it is only connected to the VCF's Mod
Depth pot (R38 100K) when VCF switch S6 is in
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the LFO position. Thus, the differentiated square
wave's shape will be more differentiated when
the VCF’s Mod Source Select switch is in the LFO
position, since the square wave through C17 is
dropped on the parallel combination of R38 and
R13 (100K in parallel with 100K = 50K).

The LFO outputs the square waveform when S9
is in the Square/Differentiated Square position
and S7 (SPST) is in the Square position (57
closed). The circled circuit point labeled LFO is
the output of the LFO and is routed to the front
panel controls to provide modulation forthe VCO
and VCF.

The LFO’s Rate pot R49 adjusts therate of the LFO
from about 0.75 Hz to about 230 Hz. When the
LFO is used to sync the VCO, the effect is most
pronounced when the LFO’s Rate knob is in the
last 1/4 of its rotation.

The Voltage-Controlled Oscillator
(VCO)

The Noise Toaster’s VCO provides a nice, wide
range of frequency (subaudible to over 15 kHz)
and two waveforms (Ramp and Square). It is a
ramp core design, meaning that the main Ramp
waveform is generated by charging a capacitor
with a constant current and then rapidly dis-
charging it to zero volts when it gets to a certain
amplitude. In a modular synthesizer, this basic
ramp wave is often converted into several other
waveforms through various electronic techni-
ques. In the Noise Toaster’s VCO, this basic ramp
wave and the ramp wave converted to a square
wave are provided as outputs.

TheVCOis broken down into two schematics: the
control voltage mixerand exponential converter,
and the ramp/square wave generator.

Figure 6-4 shows the control voltage mixer and
exponential converter schematic. Op amp U1-C
(1/4 LM324 Low Power Quad Op Amp) is used as
an inverting summer to mix the control voltages
that modulate the frequency of the VCO. Three
sources of frequency modulation are applied to
the VCO. The VCO Frequency potentiometer R1

The Noise Toaster Schematics

(100K) is used to control the initial frequency of
the VCO. The ends of R1’s resistive element are
connected to BN and BP, and thus its wiper sup-
plies from 4.5V below virtual ground (minimum
frequency) to 4.5V above virtual ground (maxi-
mum frequency) to the inverting input of U1-C
via 75K control voltage mixing resistor R2.

VCO - CV Mixer and Expo Converter

AR Mod
On/Off

BP
VCO
Freq.
Mod Depth
R1
100K
C4 and C5
close to U1
BN LM324
X1 power pins.
R2 R14 R21 \C‘}
BP 75K 100K = 36K )|
1uF
R23 BP
R3 R11
270K AN A\=-4-0

2N3904 e e 2N3904
° ><d/ °
Q4 ¢ c Q3

Figure 6-4. The VCO'’s control voltage mixer and expo-
nential converter schematic

LFO Mod Depth potentiometer R13 (100K) is
used to control the amount of LFO modulation
applied to the VCO’s control voltage (CV)
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summer U1-C via R14 (100K). At minimum set-
ting, the wiper of R13 applies BN to the summer
(no modulation); and at maximum setting, the
full LFO output is applied to the CV summing
mixer via R14 (100K).

AR Gen Mod Depth potentiometer R20 (100K) is
used to control the amount of AR modulation
applied to the VCO’s control voltage mixer via
R21 (36K) when ST AR Mod on/off is on (closed).
With R20 at minimum setting, the circuit’s virtual
ground is applied to the CV mixer via R21; and at
maximum setting, the full AR Generator output
is applied to the CV summing mixer via R21.
Switch S1 (SPST mini toggle) was added because
even at minimum setting, the AR generator was
modulating the VCO ever so slightly.

The summing resistors used (R2, R14, and R21)
are different values because the amplitudes of
the modulation sources vary significantly. The
summer provides more gain for modulation
sources with lower amplitude. Resistor R3 (270K)
biases the summing amp more toward BP to
compensate for the fact that two of the VCO'’s
modulation control pots have one end tied to BN.

| provided the VCO with its own virtual ground
circuit to help prevent it from being spuriously
modulated by other Noise Toaster oscillatory cir-
cuit elements. Resistors R23 and R22 (both 4.7K)
divide the supply voltagein half,and the junction
of the two resistors becomes the VCO's virtual
ground (circuit point G2). Capacitors C4 and C5
(both .1uF) stabilize U1 and thus the VCO’s oper-
ation. Circuit point G2 also appears in Figure 6-5.

The 2K feedback resistor between U1-C's output
and inverting input sets its gain quite low (the
gain for each input varies due to each having a
different value input resistor). As an example, a
100K input resistor and a 2K feedback resistor re-
sultinagain of 1/50th. This happens because the
linear voltage to exponential current converter
that follows only needs a very small change in
voltage to change the frequency of the oscillator
a great deal. As a matter of fact, when the output
of U1-C changes by about 18mV (up or down),

the oscillator’s frequency changes by approxi-
mately an octave (also up or down).

The exponential voltage to current converter is
comprised of U1-D and associated components
C1 (U1-D 100pF compensation cap), R4 (10K Q3
and Q4 emitter current limiter), Q3 (U1-D non-
linear feedback element — 2N3904 NPN transis-
tor), Q4 (current sink — 2N3904 NPN transistor),
and R16 (2M reference current setting resistor).
Suffice it to say that the purpose of the expo-
converter (as it is known) is to convert linear
changes in control voltage into exponential
changes in current. Ideally, each 18mV increase
in the base to emitter voltage of Q3 (Vgg) causes
Q4 to sink two times more current. For example,
if Q3 at 18mV Vg is causing Q4 to sink 2uA, then
increasing Q3’s Vg to 36mV will cause Q4 to sink
4pA. Continuing toincrease Q3's Ve by 18mV will
continue to double the current sunk by Q4. With
Q3 at 54 mV, Vg Q4 will sink 8pA, and with Q3 at
72 mV, Vge Q4 will sink 16pA; this exponential ra-
tio will continue to hold until Q4 is sinking a bit
over TmA.

As you may already have surmised, each de-
crease of 18mV in Q3's Vg results in Q4 sinking
half as much current. The reason | qualified this
description with ideally is because without
matched transistors and additional temperature
compensation, we only get a rough approxima-
tion of this ratio. However, in the Noise Toaster,
we are mainly interested in using this property
to give its VCO a nice, wide frequency range,
which it definitely does. The current sunk by Q4
controls the frequency of the Noise Toaster VCO'’s
ramp generator, which will be discussed next.

For an excellent, in-depth treatise on
exponential converter circuits, see Ber-
nie Hutchins” ELECTRONOTES volume
S-019, LOG AND EXPONENTIAL (ANTI-
LOG) CIRCUITS.
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Figure 6-5 shows the ramp/square wave gener-
ator schematic. As current sinks into the collector
of Q4 (from Figure 6-4), it pulls current out of the
inverting input of U1-A (pin 2), which is config-
ured as an integrator. This causes the voltage on
the output of U1-A to ramp up at a rate that de-
pends on the magnitude of the current being
sunk by Q4. When less current is being sunk by
Q4, U1-A’s output ramps up more slowly, and
when more current is being sunk by Q4, U1-A’s
output ramps up more quickly. Thus, higher con-
trol voltage results in the VCO oscillating at a
higher frequency, and lower control voltage re-
sults in the VCO oscillating at a lower frequency.

U1-B is used as a comparator whose threshold
voltage is set by the resistor divider made up of
R17 (10K) and R18 (15K). Since the ends of the
resistor divider are connected to BP and BN, re-
spectively, the threshold voltage applied to U1-
B pin 6 is about 5.4V with respect to BN, or 0.9V
above virtual ground. When the voltage level at
the output of U1-A ramps to slightly above U1-
B’s threshold voltage, U1-B’s output goes rapidly
from negative saturation to positive saturation.
Positive feedback resistor R7 (300K) provides U1-
B with a slight bit of hysteresis so that it does not
chatter when U1-A’s output crosses comparator
U1-B’s threshold.

U1-B’s output at high saturation (approximately
3V above virtual ground) drives current through
forward-biased diode D1 and resistor R6 (10K),
which turns on Q1 (2N5457 N-Channel JFET), al-
lowing current to flow between its source and
drain. This rapidly discharges U1-A’s integrator
cap C2 (.001uF ceramic), causing the output of
U1-Atofalltoapproximately virtual ground level.
Once Q1 discharges C2, U1-B’s output goes to
negative saturation, which reverse biases D1, al-
lowing resistor R5 (2M to BN) to hold Q1 in the
off state. This allows U1-A’s output to ramp up
again. This cycle repeats, resulting in a ramp
waveform at the output of U1-A, whose frequen-
cyisdependenton the current being sunk by Q4.
The ramp wave’s amplitude is approximately
0.6V peak to peak.

The Noise Toaster Schematics

VCO - Ramp/Square Wave Generator

R6 K
M ¢
@ 10K D1
O] R5
Q1 2N5457 Ao BON
[a] ]JLF (2] 2M
C2I .{001uF R12
N A
10K
OBN
AN
2 |U1-A
LM324 1
8 +
14 L cs
7T\ .01uF 15K
OBP
RMP
R24
Sync Effect 100K
B
R26
10K
R30
2M
C11
BCN 9 = SQR

AuF

Figure 6-5. The VCO's ramp/square wave generator
schematic

We use U2-B as a comparator to generate the
VCO’s square wave output. We feed the ramp
wave to both the inverting and noninverting in-
putsof U2-B.The noninvertinginput sees the raw
ramp wave via 10K resistor R26. The inverting in-
put sees the average voltage of the ramp wave
because we apply low-pass filtering to it by using
a 2M resistor (R30) to integrate the ramp wave
onto capacitor C11 (.1uF ceramic).

With these values, even at low VCO frequencies,
R30 and C11 provide sufficient filtering to
presenttheinverting input of U2-B with the aver-
age voltage of the ramp wave output of U1-A.
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When the amplitude of the ramp wave applied
to U2-B’s noninverting input (pin 5) is above the
average ramp wave voltage applied to U2-B’s in-
verting input, the output of U2-B shoots to pos-
itive saturation. When the amplitude of theramp
wave applied to U2-B’s noninverting input is be-
low the average ramp wave voltage applied to
U2-B'sinverting input, the output of U2-B shoots
to negative saturation. Thus, a square wave is
present at the output of U2-B, the frequency of
which is the same as the ramp wave’s.

Resistors R31 (100K) and R32 (10K) comprise a
voltagedivider that reduces the amplitude of the
square wave prior to applying it to the input of
the VCF to about 550mV peak to peak.

When switch S2isturned on, we apply the square
output of the low-frequency oscillator (LFO) to
the junction of C6 (.01uF ceramic) and R24
(100K). A narrow negative-going pulse is con-
ducted to the threshold bias of U1-B via C6 when
the LFO’s square wave goeslow. This changes the
threshold voltage enough to cause the integra-
tortoreset, whichresultsinan unusual waveform
atthe output ofthe ramp generator that contains
harmonics of both the LFO and the VCO. The ef-
fect is most pronounced when the LFO is in the
last 1/4 of its adjustment range and the VCO’s
frequency is swept from low to high.

The White Noise Generator

When you exceed the emitter to base breakdown
voltage (BVggp) of an NPN transistor, it behaves
like a zener diode. A side effect of the zener
breakdown mechanism is the generation of
white noise. The white noise signal created in this
manner is very low amplitude and must be am-
plified in order to be used in a synthesizer. We
couple thelow-amplitude white noise generated
atthejunction of current limiting resistor R8 (1M)
and the emitter of Q5 (2N3904 NPN transistor) to
atwo-stage NPN transistor amplifier to boost the
signal. A schematic is shown in Figure 6-6.

Capacitor C3 (.1uF ceramic) couples the low-level
noise signal to the base of Q2 (2N3904 NPN tran-
sistor), which is configured as a common emitter

amplifier. Collector resistor R9 (10K) and
collector-to-base resistor R10 (470K) bias Q2 into
the operating region that permits the noise sig-
nal to be amplified with minimal distortion. Neg-
ative feedback provided by R10 also helps stabi-
lize Q2’s quiescent operating point (Q). The am-
plified signal at Q2’s collector is capacitively cou-
pled to the two-transistor amplifier's second
stage via capacitor C7 (.1uF ceramic). The second
stage’s gain is reduced to avoid clipping by the
inclusion of R25 (100K) between the coupling
cap (C7) and the base of Q6 (2N3904 NPN tran-
sistor). The second stage is biased in the same
manner as the first by collector resistor R15 (10K)
and collector-to-base resistor R19 (470K).

White Noise Generator
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Figure 6-6. White noise generator schematic

The first stage provides a gain factor of roughly
250and the second stage a gain factor of roughly
3. The total gain factor of the amplifier (750)
boosts the gain of the low-level white noise to
roughly 1.5V peak to peak at circuit point WNS
(X4). The white noise generator output level may
be higher or lower depending on the amount of
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white noise generated by Q5, which should be
selected for best noise. The white noise is applied
to the VCF’s input via VCF Input Selection switch
S4 (SPST). When the unit’s battery becomes too
depleted, the white noise generator will stop be-
cause the supply voltage won't be high enough
to cause Q5's EB junction to enter zener break-
down and produce noise.

The Voltage-Controlled Low-Pass
Filter (VCF)

The VCF in the Noise Toaster adds a lot of sonic
character to both the VCO output and the white
noise generator. The VCF is an active, low-pass
“T” type filter (due to the two caps and resistor
to ground in the feedback loop resembling a “T")
built around U2-A (1/4 LM324 Low Power Quad
Op Amp). A schematic is shown in Figure 6-7.
Feedback resistor R35 (4.7M) and the two filter
capacitors C9 and C10 (both .001pF ceramic) de-
termine the filter’s characteristics and gain. The
filter's cutoff frequency increases as we decrease
the resistance between the junction of the two
feedback capacitors and virtual ground by ad-
justing Cutoff Frequency potentiometer R28
(100K). Thefilter's Qincreases as we decrease the
resistance between the two feedback caps of the
filter by adjusting Resonance potentiometer R29
(100K).

In order to permit the filter’s cutoff frequency to
be voltage-controlled, we use Q8 (2N5457 N-
Channel JFET) in its voltage-controlled resistor
(VCR) mode. As we apply more positive voltage
tothe gate of Q8, theresistance betweenits drain
and source goes down, resulting in an increase
of the filter's cutoff frequency. We bias the volt-
age that is fed to Q8's gate so that its drain to
source resistance varies nicely as we apply the
voltages from the unit’s modulators (LFO and
AREG).

The Noise Toaster Schematics

Voltage-Controlled Low-Pass Filter

N
—0—0—/'4%

()~
O s3 1uF
R27
R36
11 47K

o X
C

47K
12
— R34
WNS oo 3
AuF 3
Cut Off Freq. Resonance

BN
R29

100K

Figure 6-7. Voltage-controlled low-pass filter schematic

Switch S6 (SPDT C.O.) selects the modulation
source for the VCF. It can be either the LFO, the
AREG, or none (center off position). The modu-
lation source selected by S6 is dropped across
Mod Depth potentiometer R38 (100K), which is
wired in series with R43 (27K) to BN. The pot’s
resistive element and R43 form a voltage divider
that causes the minimum modulation voltage to
be above the level of BN. Without R43, the Mod
Depth pot does not start affecting the VCF’s cut-
off frequency until the second half of its rotation.
Because JFETs vary, you may need to increase or
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The Noise Toaster Schematics

decrease R43’s value to maximize the range of
the Mod Depth pot.

Resistors R39 (39K), R40 (39K), R44 (100K), and
R45 (100K) both current-limit and bias (to both
BP and BN) the modulation sources to permit Q8
to work in its resistive region. When the modu-
lation signals are increased via adjustment of
Mod Depth pot R38, the transistor functions as a
voltage-controlled resistor and serves the same
purpose as the cutoff frequency pot (i.e., bring-
ing the junction of C9 and C10 closer or further
from ground). The filter rings slightly, even when
the Resonance potentiometer R29 (100K) is at its
minimum setting, but rings quite a bit more
when the Resonance control is turned up.

The inputs to the VCF come from the VCO and
the white noise generator. Switch S3 (SPDT C.0.)
selects filter input from among the following:
VCO Ramp wave, VCO Square wave, or none
(center off position). Switch S4 (SPST) applies
white noise to the filter’s input when closed.

The input signals are capacitively coupled to the
filter'sinput to avoid DC offset issues. Switch S3's
center pole drops the selected VCO waveform
across R27 (47K), where it is capacitively coupled
to the input of the VCF via mixing resistor R33
(4.7M). Switch S4, when closed, drops the white
noise signal across R36 (47K), where it is capaci-
tively coupled to the input of the VCF via mixing
resistor R34 (3M). U2-A pin 3is connected directly
tothe unit’s virtual ground. Resistors R27 and R36
(both 47K) stabilize the inputs to the filter when
the switches that apply the VCO waveform
and/or white noise to its input are open. With the
VCO’s Square wave applied to the filter, Reso-
nance at maximum, and Cutoff Frequency ad-
justed to beresonant at the VCO'’s frequency, the
VCF's outputamplitude is approximately 4V peak
to peak, oscillating about virtual ground. The
VCF's output is taken from circuit point FO and is
connected directly to the input of the VCA.

The Voltage-Controlled Amplifier
(VCA)

The Noise Toaster’s simple VCA is lo-fi in that it
distorts the signal going through it a bit (flatten-
ing the wave a bit on one side), but it still passes
the signal faithfully enough to provide some in-
teresting effects. The VCA is comprised of Q7
(2N5457 N-Channel JFET transistor) used in VCR
(voltage-controlled resistor) mode and its asso-
ciated biasing resistors. A schematic is shown in
Figure 6-8.

Voltage-Controlled Amplifier
VCA Bypass

X12 Q7 X13
2N5457
‘3 o]

R47

BN

Figure 6-8. \oltage-controlled amplifier schematic

The output of the VCF (circuit point FO) is applied
directly to the VCA's input, which is the Drain pin
of Q7. The output of the VCA is Q7’s Source pin,
which goes to BN through load resistor R47
(100K). Resistors R41 (470K) and R46 (1M) bias
Q7’s gate so that the output of the AREG modu-
lates the amplitude of the signal passing from
Drain to Source most effectively. As voltage ap-
plied to circuit point ARG is made more positive
by the output of the AREG, the resistance be-
tween the Drain and Source goes down, thus
dropping the signal applied to Q7’s Drain onto
R47.Q7's Source (the VCA’s output) is applied to
the unit’s Volume pot R66 (100K). The VCA's mod-
ulation input (circuit point ARG) is hard-wired to
the output of the AREG and thus only the AREG's
settings affect the VCA's output amplitude when
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S5 (SPST) is open (VCA (AR mod) position). When
S5 is closed (Bypass position), the VCA is by-
passed entirely.

The Audio Amplifier

The Noise Toaster’s audio speaker is driven by U3,
an LM386N-4 1W integrated audio amplifier (the
schematic is shown in Figure 6-9). We add the
components that the LM386N data sheet tells us
to: capacitor C24 (.047uF ceramic), R69 (10 ohm),
C22 (220pF electrolytic), and an 8 ohm speaker
and voila—we have a complete 1W amplifier. |
also added the recommended bypass cap C25
(10uF electrolytic) and C20 (.1pF) across the
chip’s power pins forgood measure. Toread com-
plete information about the operation and inter-
nal circuitry of the LM386N, search for it online
and read its data sheet.

The output of the simple JFET VCA is fed to one
end of volume pot R66, the other side of which
is connected to BN. We block DC from getting to
theinputofU3viaC21 (1pF bipolar nonpolarized
aluminum). As we advance R66, we pick off more
and more VCA output—and if we go the other
way, less and less. Resistors R67 (100K) and R68
(20K) further attenuate the level fed to the am-
plifier's input from the volume pot so that we
don’t overdrive the amplifier, resulting in clip-
ping and distortion.

The line out jack’s tip terminal is fed from AC cou-
pling cap C21 (TpF bipolar aluminum), which
connects to the 100K volume pot’s (R66) wiper.
The input to the LM386 amplifier (point X27)
connects to the switch leg of the 1/4” jack. When
no phonejackisinsertedintoJ1, the jack’s switch
leg contacts the tip tong and routes the signal
coming through C21 to the internal amplifier.
When a jack is inserted into J1, the tip tong is

The Noise Toaster Schematics

forced away from the switch leg, and the signal
is no longer fed to the internal amplifier’s input.
The unit draws the lowest current (approximate-
ly 15mA) when using line out. Turning the unit’s
volume up when using the internal amplifier can
drain up to 40mA or more from the battery, re-
ducing its lifespan significantly.

Audio Amplifier

J1 MUST have

—e— X25
Non- normally closed

R66 C21 polarized ~ Switch to tip that
opens when a
—o—| 6’— jack is inserted.
100K 1uF

Line Out

— X24
X27 ———

BN W ’ﬁw

100K

BP.

10uF optional Amp gain is 20
+ but can be
increased to
200 by adding
optional 10 uF
cap across pins

1 and 8. Pads
2
1
+
L
4 047uF
R68 1+ C25
7T\ 10uF
20K R69
10 ohms
—e— X26
02;
+ 1
o + C 8 ohm 1W
BN 5
220uF  O—e=l [ [ SPK1
BN

Use a2 to 3 in. 8 ohm .25W to 1W general purpose
speaker. Higher ohm speaker is OK up to 32 ohms.

Figure 6-9. Audio amplifier schematic
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When the last wire is soldered and the last screw is tightened and the analog synthesizer
project you just built with your own hands is sitting there in front of you, it's time to put
it to work making some cool sounds. Give your shop a cleaning, clear the papers from
your desk so you can see the top of it again, get a cup of tea, cocoa, coffee...whatever
you like to drink, and get ready for some creative fun. To me, recording the sounds you
create with your synthesizer and making some creative contribution to the human ex-

perience is the ultimate goal.

In this chapter, | plan to introduce you to some
tips, techniques, and creativity-boosting exerci-
ses you can use with your multitrack software to
produce some cool-sounding recordings with
the gearyou build. With multitrack recordingand
the effects provided by most digital audio work-
stations (DAW), you can make your Noise Toaster
or other project sound as impressive as any ana-
log synth out there. Recording exercises I'll cover
will include the following:

Musique Concrete

Musique Concrete is a technique for produc-
ing experimental musical compositions by
splicing together in unexpected and inter-
esting ways pieces of audio tape that contain
interesting sounds together. Using a DAW
enables us to use WAV file snippets instead
of actual magnetic tape, which is way more
convenient.

Multitrack Layering
By building up layers of sound, you can make
even a simple analog synthesizer sound like
a B52 going over.

Multitrack Volume Envelope Layering
Using volume envelopes generated by the
recording software, various tracks can fade
in and fade out, providing interesting audio
effects.

The DAW we will be using for illustrative purpos-
es in this chapter is version 2.0.2 of Audacity re-
cording and editing software. You can download
it from http://audacity.sourceforge.net/. It is free
software distributed under the terms of the GNU
General Public License; if you find that it provides
you with useful functionality, make adonation to
the Audacity project to help keep new and better
features coming.

Connecting a Project to Your
Computer’s Sound Card

To use the computer to record the sounds of your
project, you must be able to connect the output
of your projecttoit. Toget you started, I'll present
a simple circuit (see Figure 7-1) that you can use
to connect your synth to your computer sound
card’s line input. We use the line input because
the amplitude of most analog synth outputs is
too high and will overdrive the sound card’s mi-
crophone preamp, resulting in distortion. The
simple circuit presented takes the line-level out-
put of your synth and allows you to apply it to
both stereo inputs equally or pan the mono sig-
nal within the stereo field.
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Connecting a Project to Your Computer’s Sound Card

Figure 7-1. Sound card audio interface box

Of course, ifyou already have an audio mixer, you
just need to get an adapter cord that goes from
the line outputs of your mixer to the line input of
the sound card. The output of your mixer may be
1/4" jacks or RCA-type jacks, but the input to the
majority of computer sound cards is a stereo
3.5mm (1/8") minijack. Connect the mixer’s out-
put to the sound card’s line input and you're
ready to go. You can skip the next section and go
straight to the creativity exercises.

If you've got a laptop, replace the term
“sound card” in this discussion with the
phrase “audio input on your laptop.”

The schematic for the simple mono to stereo au-
diointerfaceis presentedin Figure 7-2. The input
jack’s tip connector is connected to R1 and R2
(both 2K 5% 1/4W resistors), the other ends of
which are soldered to the two end terminals of
pan pot R4 (10K linear pot). Two more resistors
R3 and R5 (also both 2K 5% 1/4W) connect from
the pot’s end terminals to the L and R stereo out-
put jack tip terminals. The ground from both
jacks get connected together and to pot R4’s
wiper terminal and body.

Simple Sound Card
Interface Schematic

1/4" Monq Phone Jack

—
J1 2
From Audio Source
(a\] a
R1 R2
2K 2K
- Pan Control -
R4 10K
3 1
2
[aV) [aV)
R3 R5
2K 2K

To Sougd Card

e
A
2 21

3.5 mm Stereo Minijack

Figure 7-2. Sound card audio interface schematic

With the wiper of R4 centered, the input signal
splits to flow through R1and R2, where each path
is dropped across half of pot R4’s resistive ele-
ment, since its centered wiper goes to ground.
The signals dropped on R4 continue through re-
sistors R3 and R5 to the two stereo output jack
terminals. This jack is connected to your com-
puter sound card’s /ine input by means of a cable
with 3.5mm stereo connectors on both ends.
With R4 centered, the signal splits evenly to both
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the left and right channels. However, if you
change R4 from its centered position, you bring
eitherthejunction of R1,R3 or the junction of R2,
R5 closerto ground and thus attenuate the signal
inthat path more than the other. By adjusting pot
R4, you can pan the signalin the stereo field from
left to right in real time while recording.

3.5mm versus 1/8” jack. From what |
could gather, jacks and plugs of either
sizearecompatible. The diameter ofthe
hole in a 1/8” jack | bought from Radio
Shack measured 0.14" which is slightly
above 3.5mm.

Table 7-1 contains the parts list for the simple
audio interface.

Table 7-1. Simple audio interface bill of materials

Qty | Description Value Designators
1 Linear 10K R4

Taper Potentiometer
4 Resistor 1/4 Watt 5% 2K R1,R2,R3,R5

RS-Catalog#: | J2
274 35 mm
Stereo Minijack

RS-Catalog#: N
274 1/4” Mono

Phone Jack
1 Project RS-Catalog#: | J1
Enclosure (4x2x1") 270-1802

Figure 7-3 shows how the simple interface box is
wired. Drill a 5/16" hole for the pot, a 3/8” hole
for the jack, and a 1/4" hole for the 3.5mm (1/8")
jack. Mountthe components and then solder the
resistors between the jacks and pot terminals as
shown. After installing the resistors, wire togeth-
erthejack ground terminals and to pot R4’s wiper
terminal and metal body. | used an emory board
to roughen the pot body’s surface, a bit higher
heat, and some additional flux to get the solder
to flow properly.

Connecting a Project to Your Computer's Sound Card

Simple Sound Card
Interface Wiring
(Rear View)

Ground pot’s
metal body

Figure 7-3. Sound card audio interface wiring (1)

Figure 7-4 presents another view of the project
box | used showing the wiring and pot ground-
ing. Since | used a plastic box, | had to connect
the grounds of the jacks to the R4’s body as well
as its wiper. All jacks are not created equal, so be
sure of which terminal on your jack is the tip and
which is the ground. Ring it out with your multi-
meter to be sure.
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Connecting a Project to Your Computer’s Sound Card

Synth-DIY Project

output

Mono
1/4"
plug cable.

Simple Mono
to Stereo Audio
Interface

Stereo
3.5 mm
plug cable.

line input

Computer Sound Card

Figure 7-5. Sound card audio interface block diagram

Connect your synth’s output jack to the mono
input jack of the audio interface box, and con-
nect the audio interface box'’s stereo output jack
to the line input of your sound card (usually the
light blue colored jack) using a cable with 3.5mm
stereo plugs on both ends (Figure 7-6).

Line in

Figure 7-4. Sound card audio interface wiring (I1)

Figure 7-5 shows how the simple audio interface
connects your synth to your computer’s sound
card and ultimately to your DAW software.

Figure 7-6. Computer sound card inputs highlighting line
input jack

Once you have audio into the sound card’s line
input, you're ready to start using your recording
software or DAW.
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Introducing Audacity

Audacity is free audio recording and editing soft-
ware developed by a group of volunteers and
distributed under the GNU General Public Li-
cense (GPL). Audacity is open source software; its
source code is available for study and/or use. The
Audacity team welcomes donations to support
Audacity development. Individuals can also sup-
port the project by donating time and effort to
help with documentation, translations, user sup-
port, and code testing.

This section is not going to be a tutorial on how
to use Audacity because the Audacity folks have

Introducing Audacity

already done an outstanding job with that. On-
line help for Audacity can be found at http://
audacity.sourceforge.net/help/. We are going to
cover various recording techniques that can be
carried out with any DAW, using Audacity to il-
lustrate the examples.

The Audacity Interface

In Figure 7-7, we see the Audacity interface. Al-
though this will not be a full tutorial of how to
use Audacity, I'll cover enough of its operation to
get you started.

(& Audacity [E=REE)
File Edit View Transport Tracks Generate Effect Analyze Help
: T2 o] B :
I_I) U _.) y '_H) _.)5}5|H*§4,)ﬂ' 36 24 12 n'ﬁﬂ' 35 24 42 0
L— Y Iaa— o (R[] o] & 2[p2]2)
: >|T_@ ...... 4 |i|[ fows DirectS« = | 1 [Primary Sound Driver ~| #primary Sound Capture Driver [ 2 (stereo) Input ¢+ |
10 10 20 30 40 50 50 70
] I 3 ;
EProject Rate (Hz): Selection Start: @ End () Length Audio Position:
4100~ | snapTol] |

Figure 7-7. Audacity recording software interface

Sound Card Interface Discovery

Audacity should find your computer’s sound
card or alternate audio interface and allow you
to choose both the audio input source and the

audio output source. Consult the online Audacity
help if you encounter any issues related to your
computer’s audio interface. Audacity works un-
der Windows, Mac OS X, and all flavors of Linux.
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Introducing Audacity

Saving Projects

To save all of the tracks and settings for a project
choose the File—~Save Project menu item. It’s al-
ways a good idea to save any audio project at
various stages using a letter or number filename
suffix to insulate yourself from unrecoverable
mistakes or worse, an undocumented software
feature (more commonly known as a bug). No
offense to the great people writing DAW soft-
ware, but as every software engineer knows, no
software is bug-free. You might save your work
every 10 minutes or so using the following file
naming sequence: MyProjectName_001.aup,
MyProjectName_002.aup, etc. Doing so will al-
low you to go back to a previous version and
prevent you from losing more than 10 minutes
or so of work.

Exporting Audio Formats

When you have created one or more tracks of
audio data and are ready to save your composi-
tion in a format that is compatible with popular
media players, do the following. Select the
View—Mixer Board... menu item to open the Au-
dacity Mixer Board window (Figure 7-8). The Au-
dacity Mixer Board window displays a group of
slide faders (one per track), which are used to mix
(adjust the volumes of) the various tracks.

63 v i st —l ]

| Audio Track

| Audio Track | Audio Track | Audio Track

il

L R
i@
Mute
Solo

o

Figure 7-8. Audacity Mixer Board window

The faders are active during playback and pro-
vide real-time adjustment of each track’s volume
and pan position. Each track’s Mute and Solo
buttons are also active during playback, allowing
youto silence (mute) or listen exclusively to (solo)
a track with a mouse click.

When you have adjusted the mix exactly the way
youlikeit, it's timeto exportthe audio data. Select
the File—Export menu item to open the Export
File dialog box. Audacity version 2.0.2 and later
supports export of audio data into an extensive
listof formats (Figure 7-9). Choose the formatand
storage location desired and then click Save. Play
back your exported composition using your
media player to ensure that everything went ac-
cording to plan. If you encounter a problem, con-
sult the extensive online help available for
Audacity.
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(MP2 Files -]

Other uncompressed files

AIFF {Apple) signed 16 bit PCM
. WAV (Microsoft) signed 16 bit PCM s
1GSM 6.10 WAV (mobile ’

QOag Vorbis Files
FLAC Files
.MP2 Files
* ([extemal program)
M4A (AAC) Files (FFmpeg)
AC3 Files (FFmpeg)
AMR ({namow band) Files (FFmpegq)
WMA (version 2) Files (FFmpeaq)
Custom FFmpeg Export

Ty

Figure 7-9. Audacity audio export formats

Transport Controls

The large transport controls (from left to right)
are used to pause playback or recording, play
previously recorded material, stop recording or
playing, move to the beginning of the recorded
material, and move to the end of the recorded
material, respectively (Figure 7-10).

Figure 7-10. Audacity transport controls

Clicking the Record button creates a new track
and simultaneously begins recording oniit. If you
want to record on the currently selected track,
hold the Shift key while clicking the Record trans-
port button. If the selected track contains previ-
ously recorded material, recording will begin at
the end of the track’s current material. If the track
is empty, recording will begin at the selected po-
sition within the track.

Remember: holding Shift and clicking
Record records on the selected track.
Clicking Record (without Shift) creates
a new track and begins recording from
time zero.

Introducing Audacity

Audacity Tools

The tools in Figure 7-11 can be chosen one at a
time, oryou can use the context-driven Multi-Tool
Mode (asterisk icon), which will automatically se-
lect the appropriate tool for the current task. Ex-
periment with this mode to learn its subtleties, if
you elect to use it. The Audacity Tools are modal
in nature (except for the contextual Multi-Tool
Mode) and determine how mouse actions ma-

nipulate the audio data within a track.

Figure 7-11. Audacity Tools toolbar

Starting at the upper left, we see the Selection
Tool, which is used to either select a position
within a track (click) or select a section of recor-
ded material (click and drag). The selected area
can be cut and pasted to another location on the
same or a separate track. To the right, we have
the Envelope Tool, which is used to apply a vol-
ume envelope to previously recorded material.
To the right of the Envelope Tool, we see the Draw
Tool, which is used to edit individual audio sam-

ples. We will not be using the Draw Tool in our
experiments.

e
L
—

At the lower left, we see the Zoom Tool, which is
used to horizontally expand or contract the track
audio-data view. Zoom-in (horizontal expan-
sion) or zoom-out (horizontal compression) is
applied tothetrack audio data by clicking the left
or right mouse button, respectively. Zooming
can also be accomplished by using Ctrl-Mouse
Wheel. Holding the Ctrl key while rolling the
mouse wheel away zooms in and rolling the
wheel in the other direction zooms out.
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Next is the Time Shift Tool, used to drag selected
sections of previously recorded material to the
left or right. Finally, the Multi-Tool Mode button
lets Audacity determine which tool to enable
based on the context of the current operation.

Zooming can also be accomplished using the
convenient zoom toolbar (Figure 7-12), which
contains, from left to right: Zoom In, Zoom Out,
Fit Selection, and Fit Project. Fit Selection zooms
in on the selected region, and Fit Project zooms
out to allow you to see the full horizontal scope
of the project.

»| 2

Figure 7-12. Audacity zoom tools
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Audacity Edit Toolbar

The edit toolbar (Figure 7-13) contains the usual
suspects (Cut, Copy, and Paste) and two addi-
tional useful tools: Trim and Silence. When Trim
is clicked, all nonselected audio data is deleted
(or trimmed), while the selected region is left as
it was. When Silence is clicked, all selected audio
data is removed and replaced with silence.

o | B B |0k v

Figure 7-13. Audacity edit tools

Audacity has several ways to delete material from
atrack. Select the audio clip to remove, and then
click one of the following key combinations to
remove the material as follows:
Ctrl-K
Deletes selected material. If the selection is
within the boundaries of a clip, the two re-
maining end sections are joined together.

Ctrl-Alt-K
Deletes selected material. If the selection is
withinthe boundaries ofaclip, theclipis split

into two clips, and the middle section is re-
moved. The two remaining end sections are
not moved or joined.

Sound-on-Sound Recording

Out of the box, Audacity is set to play back pre-
vious tracks while recording new ones (often re-
ferred to as sound-on-sound recording), which is
generally what you want. You can change this by
means of the Edit—Preferences—Recording menu
path, which opens the Preferences : Recording di-
alog. Alternatively, each track has a Mute control,
which allows you to silence it during playback or
recording of other tracks. Additionally, each track
has a Solo button, which permits you to hear
just that track when playing back material
(Figure 7-14).

X | Audio Track ¥

Stereo, 44100Hz

32-bit float
Mute | Solo
- +
NV |05
T‘...Q....R. -1.0-

20
2.0

Figure 7-14. Audacity track mute and solo controls

Audacity Effects

Audacity comes with a plethora of cool effects
that you can apply to your audio material to en-
livenitandimbueit withambience, space, depth,
and interest. You can find excellent online help
as well as videos made by users of Audacity re-
gardingany effect ofinterest by searching online.

Figures 7-15 and 7-16 show the list of effects that
come with version 2.0.2 of Audacity. We will only
be using a handful of the effects listed in the au-
dio experiments to follow. If an effect name is
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followed by an ellipsis (Amplify..., for example),
it indicates that the effect has settable parame-
ters. When you select an effect ending with an
ellipsis, adialog box will open displaying controls
that are used to adjust the effect’s parameters.
After the parameters have been set as desired,
clicking the OK button will apply the effect. Effect
names notendinginan ellipsis are applied to the
selected material as soon as you click the effect
name (Fade In, for example).

Effect | Analyze Help
Repeat Last Effect

Amplify...
Auto Duck...
BassBoost...
Change Pitch...

Ctrl+R

Change Speed...
Change Tempo...
Click Removal...
Compressor...
Echo...
Equalization...
Fadeln

Fade Out

Invert

Leveller...

Noise Removal...
Normalize...
Nyquist Prompt...

Phaser...

Figure 7-15. Audacity Effect List |

Thisisthe remainder of the list of effects available
in Audacity.

Introducing Audacity

Repair

Repeat...

Reverse

Sliding Time Scale/Pitch Shift...
Truncate Silence...

Wahwah...

Clip Fix...

Cross Fadeln
Cross Fade Out
Delay...

GVerb...

Hard Limiter...
High Pass Filter...
Low Pass Filter...
Notch Filter...
SC4...
Tremolo...

Vocal Remover (for center-panned vocals)...

Vocoder...

Figure 7-16. Audacity Effect List Il

Effect names suffixed with an ellipsis
havean associated dialog with settable
parameters. Effect names with no ellip-
sis are applied upon selection of the ef-
fect.

Some effects work between the two stereo tracks
and require the tracks to be splitinto mono or re-
united asastereotracktoaccomplishapplication
of the effect. The Vocoder is an effect of this type.
Figure 7-17 shows the track drop-down menu
where you find the operations used to accom-
plish these tasks.
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X Audio Track ¥ | 2.0
St
32

Name...

Move Track Up

Move Track Down

- =1 |

Waveform
Waveform (dB)
Spectrogram

Spectrogram log(f)
Pitch (EAC)

Mono

v Left Channel
Right Channel
Make Stereo Track
Split Stereo Track
Split Stereo to Mono

Set Sample Format >

Set Rate 4

Figure 7-17. Track drop-down menu

When applying an effect, it is important to note
that it will be applied to selected clips or, in the
case where no clips are selected, to all clipsin all
tracks. If you apply an effect and more material

is affected than you intended, simply use the ex-
cellent undo (Ctrl-Z) functionality designed into
the application.

Remember: effects are applied to all se-
lected clips. If no clips are selected, ef-
fects are applied to all clips in all tracks.

Effect Tails

Often, to produce a sonic effect, it is important
toinclude whatis known as an effect tail (see Fig-
ures 7-18 and 7-19). For example, if you apply re-
verb to an audio clip, the reverberation effect is
heard as the clip plays, but when the clip ends,
there is no trailing reverberation (effect tail) pro-
duced. The same thing applies to a delay or echo
effect applied to a track. Without the effect tail,
the sound effect falls flat.

In order to achieve an effect tail for a clip, you
need to add a few seconds of silence after the
section you want the effect to tail on. To add a
section of silence to any clip, selectan empty part
of the track and then navigate to the menu item
Generate-Silence.... This will open the Silence
Generator dialog box, where you can specify the
duration of the silence. Upon opening, the Si-
lence Generator dialog displays the duration of
the selected section.

Oncethesection of silence has been created, you
must join it to the clip for which you want to
generate the effect tail. For example, in this clip |
would like to add reverb only to the last sound
burst. To do so, | first add a section of silence to
the right of the clip, as shown in Figure 7-18.
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Figure 7-18. Creating an effect tail (1)

Next we join the silence clip to the preceding clip
by selecting both clips and choosing Edit—Join
from the menu. Once the section of silence is
joined to the other section, we split the last
sound burst and silence section away from the
whole by first selecting it and then choosing Ed-
it-Split from the menu. Once separated, select
thesectionthatcontainsthelastsoundburstand

following silence and apply an effect. For our ex-
ample, we applied the GVerb... effect. Once the
effect is added to the separated section, we re-
join it to the preceding section. Figure 7-19 dis-
plays theresulting clip. The last audio burst alone
has the reverb effect, which tails off into the add-
ed silence section.
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Figure 7-19. Creating an effect tail (II)

As previously mentioned, Audacity hasa/ot more
features and capabilities than I've presented
here, and | encourage you to explore the pro-
gram’s online help once you've mastered the ba-
sics and need more advanced features.

In the following recording exercises, effects can
be added to any track or clip to add dimension
and depth. Adding effect tails, where appropri-

ate,adds ambience and depth to your sonic com-
positions.

Recording Exercises

There are times when the muse of creativity re-
fuses to sit on your shoulder and cooperate. This
is perfectly normal; everyone has more or less
creativity at times. Maybe it’s bio-rhythms, the
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alignment of the stars, whether you took your
vitamins...who knows? However, you can always
keep your technical skills sharp, whether that
means doing scales on your instrument, playing
and producing songs by other artists you enjoy,
using MIDI files to control your synthesizer, or
engaging in what | refer to as creativity exercises
with your analog synth and DAW.

Having a particular form to work within may ac-
tually help to ignite your creativity. You start by
following the steps in the exercise and then,
more often than not, you find yourself saying...
“Hey you know what else would sound cool...” and
Bob's your uncle, creative juices are flowing
again.ltwon'thurta thing to give these exercises
atrytoseewhatyoucancomeupwith.Anddon’t
forget, if you come up with something totally
cool, post it to The Art of Electronic Sound project
on the MFOS website for other electronic build-
er/musicians to check out. Submitting works to
this project is free. Yours may be the work discov-
ered by a famous filmmaker looking for an original
score. Let’s take a closer look at these creativity
exercises.

Musique Concrete

The idea of recording sounds on magnetic tape
and then manipulating them has been around
since the development of the reel-to-reel tape
recorder. The term Musique Concrete was report-
edly coined by Pierre Schaeffer, who was an au-
dio engineer and early experimental music pio-
neer working at a radio station in Paris in the
1940s. | find it interesting that imaginative peo-
ple have been finding ways to make new and in-
teresting sounds using electronics since it was
technically possible to do so.

In Musique Concrete, the composer first records
various natural sounds, electronic sounds,
and/or speech onto magnetic tape. Next, she
cuts sections of the tape so that each section
contains a sound of interest. Now the composer
can manipulate each tape section by hand, slid-
ing a section forward or backward over a play-
backhead andrecording theresultontoasecond
tape recorder, for example. Another popular Mu-
sique Concrete technique s to splice the individ-
ual pieces of sound containing magnetic tape in
an unusual order to make a conglomeration of
experimental sound.

To get started with this experiment, connect the
output of your synth to your computer’s sound
card, as shown in the previous section. Adjust
your synth foraninteresting sound and go ahead
and openatrack by clicking the Record transport
control. Record a second or so of the sound.

Adjust the unit for a contrasting sound. Contrast-
ing sounds, for example, are high and low pitch,
high and low filter cutoff frequency, and high
frequency and amplitude VCO modulation ver-
sus low frequency and amplitude VCO modula-
tion. Experiment to find a variety of sounds and
record snippets of them as shown in
Figure 7-20. Remember, you can include natural
sounds or voice as well.

Repeat this procedure several times, adjusting
your synth for an interesting or contrasting
sound and then using the Shift key and Record
to append the newly recorded material to the
same track. When you have added four or five
interesting and contrasting sounds, you are
ready for the next step. Figure 7-20 shows the
synth snippets | recorded.
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Figure 7-20. Recording contrasting sounds

Select the Time Shift Tool and drag the recorded
material to the right to open some space on the
left side (beginning) of the track. Now, using the
Selection Tool, select small pieces of the recorded
material and paste them near the beginning of

the track next to one another. Use the Time Shift
Tool to drag the small clips you're placing on the
leftside of the track so thattheyabutoneanother
as shown in Figure 7-21.

il o e )

Figure 7-21. Selected snippets prior to clip join
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Once you have the selected clips dragged to-
gether, select them all with the Selection Tooland
theninvoke the Edit—Clip Boundaries—Join menu

item, which will cause the group of clips to be-
come one contiguous clip. Figure 7-22 shows the
results of joining the clips.
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Figure 7-22. Selected snippets after clip join

Clicking a position on the time line (numbered
line just above the track window) begins playing
nonmuted tracks from that point. Listen to the
joined snippets by clicking on the time line just
to the left of the clip.

Delete the originally recorded material from
which we cut the snippets by selecting it and
pressing Ctrl-K. Now copy and paste the newly
created clip conglomeration into the track a few
times and listen to it. With practice, you will be
able to build up some interesting sound clips in

this manner (one example is shown in
Figure 7-23). Remember that you can also in-
clude natural sounds by recording with the com-
puter’s microphone into Audacity. Audacity lets
you apply effects to the clips that are very similar
to those applied by the original Musique Con-
crete pioneers who used tape recorders. You can
speed up or slow down a clip (Effect—-Change
Speed...), play a clip backwards (Effect—»Reverse),
or change the pitch of a clip (Effect—-Change
Pitch...).

X | Audio Track ¥ | 1.0
Stereo, 44100Hz
32-bit float

oo AN e
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Figure 7-23. Our first attempt at Musique Concrete

Experiment with Musique Concrete for a while.
Now that you've got the idea, try producing
sounds that would fit these scenarios:

o An excited R2-D2

« Factory noises

« Arobot walking
 Arobot talking

A spaceship

« Aflying saucer
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To produce an interesting audio effect, prior to
joining the separate copies of the clip conglom-
eration, apply different effects to each of them to
see how it can add interest and contrast to your
first Musique Concrete composition. Select each
clip in turn, and then select an effect you think
would be cool and apply it. If you don't like the
result of applying an effect, simply press Ctrl-Z
(undo) to go back to the pre-effect state.

I hope this introduction to Musique Concrete has
been informative and that you come back to it
from time to time to experiment and perhaps
find your muse. Another engaging sonic experi-
ment consists of building layers of sound to cre-
ate unique and exotic soundscapes. This is called
multitrack layering, and we’ll examine it next.

Multitrack Layering

No matter what type of synthesizer you own, be
it the simplest noise box or the much revered
ARP-2600, multitrack layering can help you ach-
ieve incredibly textured soundscapes. This sec-
tion will cover creating multiple audio tracks,
each of which will contain an element of the total
sound. By using the real-time Audacity Mixer
Board, you can experiment by subtly changing
the contribution of each track to the total
composition.

Begin by adjusting your synthesizer to create the
first layer of sound. For this demonstration, I'll
start by creating a track containing the sound of
a howling wind. To make the howling wind
sound, | pass white noise through a low-pass fil-
ter with a bit of resonance and slowly adjust the
filter's cutoff frequency up and down. When
you're ready, click the Record transport control
to create a new track and begin recording. Re-
cord the track for as long as you want the entire
composition to be. Save your project.

Next, adjust your synth’s VCO to produce a higher
frequency square wave (between 2 kHz and 3

Recording Exercises

kHz) and route it through the VCF and VCA. Ad-
just the VCF's cutoff frequency to pass most of
the signal. Control the VCA with an AREG set for
fastattack, slight decay, and manual gating. Now
begin recording a new track by clicking the Re-
cord transport control. While recording, manual-
ly gate the AREG randomly with intervals of a
second or so between gates. Before each gate is
applied, manually change the VCO’s frequency
slightly using its Frequency control. The goal is
to have a variety of high-pitched dinks occurring
randomly throughout the track.

When the second track is complete, create a new
track by selecting the Tracks—Add New—Stereo
Track menu item. Now select the audio data from
the second track and paste it into the newly cre-
ated track. Use the Time Shift Tool to move the
new track’s audio data horizontally so that it is
out of sync with the previous dinks track. Repeat
this procedure, creating two more tracks into
which you paste the second track’s audio data.
Use the Time Shift Tool for each of the new tracks,
purposely misaligning the dinks in the tracks.

Open the Audacity Mixer Board and reduce the
levels of the dinks tracks; in addition, pan some
of them a bit left and some a bit right. Apply ef-
fects to the dinks tracks such as GVerb and Delay
to add depth to them.

Ifyou performed this exercise correctly, the result
should be reminiscent of certain elements of
Wendy Carlos’ wonderful soundscape “Winter”
from her incredible recording Sonic Seasonings.
If you aren’t familiar with this masterpiece, by all
means check it out. | swear the room gets colder
every time | hear it.

Figure 7-24 shows how my tracks appeared when
| completed this illustrative experiment. The top
track contains the howling wind sound, and the
other tracks contain the high-pitched dinks.
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Figure 7-24. A first attempt at multitrack layering

Continue to experiment with multitrack layering,
adjusting your synth'’s controls to produce inter-
esting sound layers and then mixing the result-
ing tracks so that some are dominant and others
contribute only subtly to the whole. Here are
some scenarios to create using multitrack
layering:

o A complex machine
» Factory noises

« A steam engine

« Anairplane

o Arocket

« An ethereal soundscape

| hope you're starting to see how these techni-
ques can be combined. For instance, you could
create a track using Musique Concrete techni-
ques, which you then include as one of the layers
in a multitrack layered sound. The possibilities
are endless.

This technique results in very interesting sound
layering, but by employing volume envelopes,
we can cause the soundscape to change over
time. This is the subject of the next section.

Multitrack Volume Envelope
Layering

This exercise is similar to the preceding one, and
to get started, create another multitrack layered
soundscape or use the one you created in the
previous exercise. When you have created the
new multitrack soundscape, save your work (or,
if using the previous one, save the previous
project with a new filename). Now let’s look at
the various methods of applying volume enve-
lopes to our clips.

Figure 7-25 shows the multitrack layered sound-
scape | created for this exercise prior to applica-
tion of volume envelopes.
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Figure 7-25. Multitrack layered sound (pre—volume envelope application)

Volume envelopes can be applied to clips in two
ways. One way uses the Fade In and Fade Out
effects located in the Effects drop-down menu.
To use either of these effects, simply select the
clip section you want to apply the fade to and

select the effect. Figure 7-26 displays how the
first track looks after applying Fade In to the first
third of the clip and applying Fade Out to the last
third of the clip.
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Figure 7-26. Clip after application of Fade In and Fade Out

The second method uses the Envelope Tool,
which is located on the Audacity Tools toolbar.
To use this tool, increase the vertical size of the
track to which the volume envelope will be ap-
plied in order to have more vertical space in

which to adjust its amplitude. When you select
the Envelope Tool, the tracks change appearance
to display the envelope adjustment handles
(thick blue lines), as shown in Figure 7-27.
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Figure 7-27. Track appearance with Envelope Tool selected

Chapter 7 123



Recording Exercises

The blue lines at the top and bottom of the clip
are the handles that you click and drag vertically
using the Envelope Tool cursor (shown in
Figure 7-28) to change the volume at a particular
point.

Figure 7-28. Envelope Tool cursor

When only one node is created, the whole clip’s
volume is adjusted if the handle is moved up or
down using the Envelope Tool cursor. To create an
envelope, we must create two or more volume
adjustment nodes by clicking at various points
along the adjustment handle line with the Enve-
lope Tool cursor. Once we've created several no-
des, you can move them up or down to create
slopes between the nodes, as shown in
Figure 7-29.
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Figure 7-29. A volume envelope applied to a clip

Now that we know two ways to apply volume
envelopes to our audio clips, let’s complete this
exercise. Apply both volume envelopes and hor-
izontal shifting to the clips to create a multitrack
layered composition that ebbs and flows as the

volume of the layered tracks fades in and out.
Figure 7-30 shows what my project looked like
after applying volume envelopes using both the
Fade In-Fade Out method and the Envelope
Tool method.
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Figure 7-30. Multitrack volume envelope layering composition

To complete this exercise, apply volume enve-
lopes to the multitrack soundscapes you pro-
duced in the previous section or create an en-
tirely new one. A favorite soundscape to produce
in this manner is The Factory, in which a variety
of industrial sounds come and go via volume en-
velopes and panning. A variation on this theme
is The Spaceship,in which the composerimagines
he is walking through a large spaceship where a
wide variety of sounds occur as gears whir, in-
struments beep, and gigantic engines throb.

Floobydust

The sound generation possibilities available to
you by combining the techniques discussed in
these creativity exercises are limitless. | also en-
courage you to investigate the use of SFZ files.
The SFZ file format, in combination with an SFZ-
aware soft-synthesizer (often included with
DAWSs), allows you to use short WAV or OGG sam-
ple snippets and play the sound with your MIDI
keyboard. If you begin to experiment with SFZ
files, you might find the MFOS Web SFZ Helper
application useful. It provides an interface with
familiar slide controllers with which you set the
various SFZ file parameters. It translates the in-
terface’s control settings to valid SFZfile content.

There are many websites and discussion forums
dedicated to synth-DIY. Using search terms like
DIY synth, analog synthesizer, or electronic music
will definitely return along list of websites to visit.
A few sites I'm familiar with are:

« electro-music.com
« Synthtopia
« Analogue Haven

« The email forum for Analogue Heaven

Ihave thoroughly enjoyed sharing all of this great
analog synthesizer and synth-DIY information
with you, and | sincerely hope that it puts you
firmly onto the road of having creative fun mak-
ing your own analog noise boxes and music syn-
thesizers. If there were a degree program for
synth-DIY, you would be ready to graduate with
honors. | sincerely hope that all of your adven-
tures in synth-DIY are positive, educational, and
very, very successful.

So what'’s floobydust? You'll just have to get a
copy of the 71980 National Semiconductor AUDIO/
RADIO Handbook and read Chapter 5 to find out.
Namasté y’all.
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A Field Guide to Op Amp
Circuit Applications

In this appendix, I'll present a number of useful analog synth circuit building blocks,
including inverting and noninverting buffers, comparators, integrators, and digital-to-
analog converters. For each circuit element, I'll present the schematic and explain how
the circuit works. Many of these circuits have generally useful functions that can be put
to work in your synth-DIY work, as well as your electronic projects.

Buffers

Here are some circuits you can use when you
needto boostthe level of asignal. Typical opamp
outputs can only source or sink about 4 to 5 mA
before the output begins to degrade and distort.
When driving LEDs with an op amp, this current
drive limit isn’t a big deal, but when it comes to
the signal chain, avoid overtaxing op amps.
Sometimes a design will only require three op
amps from a quad JFET or other high-impedance
input op amp package. Be sure to keep any un-
used op amp quiet by connecting its output to
its inverting input and its noninverting input to
ground. Otherwise the inputs could be influ-
enced by leakage currents or electrical fields, re-
sulting in oscillation at the unused op amp’s out-
put and excessive current consumption.

Inverting Buffer

Figure A-1isthe circuitfrom Figure 5-8 presented
with a table of resistance values you can use to
set gains. That's a .TuF AC coupling cap on the
input and a 10pF aluminum bipolar (also called
nonpolarized) AC coupling cap on the output.
You can set any gain you want by observing the
gain formula, which is the quantity (RFB value
divided by RIN value) multiplied by -1.

RFB
Input Output
V+
AUF  RIN
—) — 10uF

el L

— __r_i_ I

- V_ -

Figure A-1. Generic inverting buffer

Table A-1. Setting the gain of the inverting buffer

RIN Value | RFB Value | Resultant Gain
ok ook [-00
ok [k [
ko Tk [
o0k [k |1
o0k [k (-1

Noninverting Buffer

Figure A-2, a copy of Figure 5-6, is an op amp
configured as a noninverting buffer. That'sa.1puF
AC coupling capacitor on the input and a 10pF
aluminum bipolar (also called nonpolarized) AC
coupling cap on the output. You can set any gain
you want by observing the gain formula, the
quantity (RFB value divided by RG value) + 1.
Table A-2 presents some example resistor values
along with the resulting noninverting gains. Hey,
what’s that 1M resistor doing there? Op amps
aren't perfect, and any offset current from the
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noninverting input will charge the coupling cap,
causing an unwanted change in the DC level of
the op amp’s output; this can cause positive or
negative saturation. The 1M resistor pulls down
that side of the capacitorto ground. When choos-
ing values for the noninverting input’s coupling
cap and resistor to ground, remember that if the
capistoo small or the resistor to lowin value, you
will be creating a high-pass filter, which will alter
the signal you apply to the noninverting input.

RFB

RG e+ Output
— 10uF

T

Input  1uF
|
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|||—’V\/\,—<> 1
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Figure A-2. Generic noninverting buffer

Table A-2. Setting the gain of the noninverting buffer

RG Value | RFB Value | Resulting Gain
ok frwek [
o Jwk e
gk ok [z
ok [k 20
ok [k [

High-Impedance Buffer Follower

The circuit in Figure A-3 shows an op amp in a
special case of the noninverting configuration.
The output is directly connected to the inverting
input, and the input voltage is fed directly to the
noninverting input. Here’s why: sometimes you
need to measure a voltage in a situation where
you don’t want to affect it by loading it or apply-
ing any type of filtering to it. In short, you don’t
want to change the voltage you're trying to
measure any more than you have to. The gain of
the opampinthis configurationis always 1, since
any voltage applied to the noninverting input is
immediately matched by the output of the op

amp to keep the inverting input at the same
voltage.

High Impedance Buffer Follower

Input
P Output

—

V-
Figure A-3. High-impedance buffer follower

The impedance of the noninverting input of a
JFET input-type op amp can be tens to hundreds
of megaohms, which is kind of like touching
whatever you want to measure with a little
breath of air. The input capacitance of a JFET op
amp is typically a few picofarads, so even when
looking at a high-source impedance, the nonin-
verting input is polite and unobtrusive. The up-
shot of the whole thing is that you can connect
the noninverting input to whatever voltage in
your circuit you want to look at, and that part of
the circuit will hardly notice. For example, a high-
impedance buffer follower circuit can be used in
a sample and hold circuit to buffer the voltage
stored on a relatively small cap for tens of sec-
onds before the voltage starts to leak either
through the cap or through the input offset cur-
rent of the op amp. Keep this circuit in your bag
of tricks.

What Is Biasing?

Don’t beintimidated by the term bias or
biasing; it simply means to add a posi-
tive or negative voltage offset (or bias)
toacircuitnode. Most synthesizer mod-
ules use operational amplifier ICs re-
quiring a bipolar power supply. Thisisa
power supply that outputs positive and
negative voltage in addition to ground
(or neutral). This type of supply facili-
tates circuit design in which op amp

128 Make: Analog Synthesizers



outputs oscillate about ground; the op
amp’s output amplitude ranges above
and below zero volts. However, if we
need to limit the op amp’s output ex-
cursions to the positive voltage realm,
we must bias the op amp’s output up so
that it oscillates about some more pos-
itive voltage. The opposite can be true
as well, and in that case, we would bias
the op amp’s output down.

Comparators

Following are some schematics for op amp com-
parator circuits that you will find useful in your
synth-DIY work.

Comparators

A Basic Comparator

Often you need to light an LED when a voltage
exceeds a certain level. The comparator circuit
shown in Figure A-5 is just the ticket. When the
op amp’s output is at positive saturation, the LED
will be forward biased and light up. You can
change the brightness by adjusting the value of
R3 lower for more brightness and higher for less.
The VRef threshold voltage can be adjusted by
setting the values of the resistors used for the
biasing voltage divider.

Biasing the Op Amp’s Output

There will be times when you wantto bias or add a positive
or negative DC offset to an op amp’s output. Figure A-4
shows one way to accomplish this goal.
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Figure A-4. Op amp output biasing

Notice that we remove the AC output coupling cap shown
in previous illustrations because if we didn't, the capacitor
would block the DC bias we added to the op amp’s output.
An example of when this would make sense is if we were
applying the op amp’s output to the input of a CMOS
CD4066 analog switch. The CMOS CD4066 analog switch
operates from a maximum supply voltage of ground and
+15V, whereas the op amp’s normal output would be os-
cillating about (equally above and below) ground. Putting

negative voltage into the input of a CMOS gate will cause
its internal protection diodes to conduct and bring about
all manner of mysterious and confusing circuit operation.
In order to raise the DC output voltage level of the op amp
to ensure that it only outputs voltage in the positive half
of the world, we would bias the output up.

The inverting gain formula still applies to the op amp in
this configuration. Only now, instead of the noninverting
input being connected solidly to ground, we are raising
or lowering the voltage on it, which in turn affects the
output voltage for all of the reasons we discussed above
in the section about op amp operation. Bear in mind that
the voltage applied to the noninverting input will be mul-
tiplied by the gain set by RIN and RFB. Therefore there will
be times when you need to considerably attenuate the
voltage applied to the noninverting input. That'’s the pur-
pose of T0KRATT (R Attenuate), which will divide the volt-
age applied to the noninverting input between the 100K
resistor and itself. Thus, for a high gain situation you will
want to add the attenuating resistor and adjust its value
depending on how much gain the op amp is providing.
Higher gain scenarios will require a lower value RATT, and
lower gain scenarios will require a higher value for or the
removal of the RATT.
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Comparator Lighting an LED

V+
R1 R2

— 10K 10K
VRef

P

!

Input voltage above VRef = LED on
Input voltage below VRef = LED off

Figure A-5. Comparator lighting an LED

A bit of Ohm’s law will lead you to the values you
need for a particular voltage level. Don't go too
low in the values you select for the voltage di-
vider or it will needlessly drain excessive current.
If you need the threshold level to be below
ground, you can connect resistor R2 to V-instead
of V+and then just compute the values you need
to achieve the voltage you want. You can swap
the inverting and noninverting input connec-
tions to achieve an inverting version of this cir-
cuit. By doing that, the LED will turn on when the
comparator’s input voltage (which is applied to
the inverting input this time) goes below the
threshold voltage level.

The Window Comparator

Occasionally you need a comparator to let you
know when a voltage is within (or outside of) a
range of voltage, and the window comparator is
just the tool for the job. The schematic is shown
in Figure A-6, and you can see that the window
comparator is actually two comparators in one.
The window is the range of voltage between VRef
1 and VRef 2. VRef 1 is applied to the inverting
input of the top comparator and VRef 2 is applied
to the noninverting input of the bottom compa-
rator.

Window Comparator

+10V V+
VRef 1 Outside window
R1 < 10K Ra 2«
' 3K —
(+5V)
. Diod
o § Input‘ V- ades Within window
20K 1N914
V+
(-5V)
R3 %m« ,
T
VRef 2
0V V-

100K =

Figure A-6. Window comparator with LEDs

The input is connected to both the top compa-
rator’s noninverting input and the bottom com-
parator’s inverting input. When the input’s
voltage is above VRef 1, the output of the top
comparator goes to its positive saturation volt-
age. When the input’s voltage is below VRef 2,
the output of the bottom comparator goes to its
positive saturation voltage. When the input volt-
age is within the range of VRef 1 and VRef 2, the
output of both comparators go to their negative
saturation voltage.

The outputs of both comparators are connected
to the anodes of two diodes whose cathodes are
connected. If either comparator goes high (pos-
itive saturation voltage), the Outside window LED
illuminates. When both comparator outputs are
low (negative saturation voltage), both diodes
are reverse-biased, and the Outside window LED
goes off. The Within window LED illuminates
when both comparator outputs are low (input
voltage within window) because there is no cur-
rent to turn on Q1, and its base is held at ground
by 100K resistor R7. Consequently, the Within
window LED lights because current can flow
through the R5 3K resistor and illuminate the
LED. When Q1 is on as a result of either compa-
rator’s output being high (Input outside window),
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Q1 shunts the current from R5 to ground and
turns off the Within window LED.

The window’s voltage range does not have to be
symmetrical, as shown here, but can be biased in
one direction or another and can be widened or
narrowed as needed. If R1 and R3 were both 20K
and R2 was 10K, the window would be narrower.
If R2 was made higher in value and R1 and R3
remained the same, the window would become
wider.

Signal Mixing

Just about all analog synth modules accept var-
ious types of inputs, be they signal inputs or
modulating control voltages. The way the input
signal is coupled to the module’s circuitry is very
important, with some inputs being DC coupled
and some being AC coupled.

Forexample,aVCO's exponential control voltage
input is DC coupled. When we apply a sustained
level of DC voltage to a VCO, we expect the os-
cillator to stay at the frequency associated with
that voltage until we change it, no matter how
much time goes by between control voltage
changes. Ifthe VCO’s exponential control voltage
input was AC coupled, meaning applied through
a capacitor instead of directly or through a resis-
tor, only the rising or falling edges of the voltage
changes applied to the input would get through.
This would produce amomentaryrising orfalling
chirp from the VCO in response to CV changes,
but after that, the VCO would return to the fre-
quency it had been set to by its coarse and fine
frequency adjust knobs.

On the other hand, we want AC coupling for the
inputs to mixers, filters, and most signal process-
ors because it removes any DC offset that might
be present on the signal to be processed. An in-
putsignal with DC offset can significantly change
the operation of a signal processor if it is not
blocked by AC coupling. This is because any gain
applied by the processor would also amplify the
DC offset and could result in unwanted clipping
at the output of the signal processor.

Signal Mixing

Simple AC-Coupled Audio Mixer

Figure A-7 shows a simple schematic you can use
for all your mono-mixer needs. The input signals
are each applied via an input jack whose tip ter-
minal is connected to one end of a 10K volume
(or level) potentiometer. The potentiometer’s
other end goes to ground, and its wiper connec-
tion connects to an AC coupling cap (.1pF in il-
lustration). Each AC coupling cap goes to a cor-
responding 100K input resistor, which finally
connects to the op amp’s inverting input. Notice
that the feedback resistor is 100K, and since the
input resistors are all 100K, the op amp will apply
a gain of 1 to each of the AC input signals.

Bias Adj.
Inputs %

JAuF 100K
10K

Simple Multi-Channel Audio Mixer

100K

Figure A-7. Simple audio mixer

The output of the mixing stage is DC coupled to
an inverting buffer with a gain of 1, which rein-
verts the output of the first inverting stage. The
output of the second inverting buffer connects
to the output jack via a 10pF aluminum bipolar
(also called non-polarized) AC coupling cap. |
challenge you to hear the difference between a
signal and its inverted version, but keeping all of
the signals in their original form is usually a good
practice. When a signal and its inverse are added,
depending on their individual levels, they can
cancel one another partially or completely. You
can add as many inputs (jack, pot, coupling cap,
and input resistor) to the circuit as you like.

Another advantage of the first inverting buffer
mixer is that, in this configuration, the inverting
inputis referred to as a “virtual ground” because,
asthe noninvertinginputis connected to ground
and we know the output of the op amp is con-
stantly trying to balance the voltage on the two
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inputs, the signals on the input do not interact
with one another as they would in a passive mix-
ing scheme (no op amp used). It is as if each of
the signals applied to the input were simply and
separately connected to a 100K load resistor to
ground (virtual ground, that is).

It is easy to change the overall gain of the mixer
by changing the value of the feedback resistor in
the second stage inverting buffer. Use the gain
formula shown in Figure 5-5 to determine the
values for the desired gain. You can also change
any individual channel gain in the first mixing
buffer stage by adjusting the value of any of the
100K input resistors (lower value, higher gain;
higher value, lower gain). Again, Figure 5-5
applies.

Simple Multichannel DC
Modulation Mixer

Figure A-8 looks very much like Figure A-7, but
we have removed the input and output coupling
capacitors. Now we can use this mixer for mixing
the outputs of modules whose voltages change
far too slowly to be effectively coupled through
acapacitor.Modulators such as LFOs, sampleand
holds, ADSREGs, etc., are designed to be DC cou-
pled to the module they are modulating.

Simple Multi-Channel DC Modulation Mixer

Inputs

100K
10K 100K

100K
10K

100K
10K

V- Output
Figure A-8. Simple DC modulation mixer

This mixer works just as you would expect and
mixes and inverts the signals in the first op amp
stage, then reinverts them via the second. The

mixer provides a gain of 1 for the DC signals con-
nected to the input. The potentiometers used to
adjust the input levels help you mix signals of
various amplitudes. However, you could easily
drive the op amps into saturation if high-level
signals are applied and the input levels are
turned up too far. A cool thing to do would be to
add the window comparator presented above to
the output and have a red LED illuminate if the
signal falls outside of a preset voltage window.
You can add as many inputs (jack, pot, and input
resistor) to the circuit as you like.

Simple but Useful Op Amp
Oscillators

You can never have enough ways to make an os-
cillator, and there are hundreds of ways to go
about it. I'm going to show you a simple, single
op amp square-wave oscillator and a second os-
cillator that requires two op amps, but pays us
back for the trouble by delivering two wave-
forms, square and triangular. Along the way, we'll
go over using the op amp as a ramp generating
integrator, yet another cool op amp application.

Single Op Amp Square-Wave
Oscillator

Looking over Figure A-9, we see that we have two
feedback paths connecting the output to both
inputs. What's that all about? I'll explain. We will
consider that V+ and V- in the circuit are positive
and negative 12V, respectively. The way we have
toapproach understanding this circuitis to know
that when power is applied, the op amp’s output
will pretty much arbitrarily shoot to either posi-
tive or negative saturation because the positive
feedback through R4 guarantees it. So flipping a
coin, we'll say that the output starts up in high
saturation.
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Single Op Amp Square Wave Oscillator

R1 R2 Op amp output

1uF
i

Inverting input voltage

V+ VRef T
R3 V-
100K | R4
R5 100K
100K

V-

Figure A-9. Single op amp square-wave oscillator

The noninverting input is connected to three re-
sistors, R3 (100K to V+), R5 (100K to V-), and R4
(100K to the output). If it weren't for the current
coming through R4, the noninverting input
would be held at 0V by the voltage divider
formed by 100K resistors R3 and R5. But current
does come through R4, and when the output of
the op amp is high, the voltage on the nonin-
verting input will rise to roughly 4V. The 1uF cap
hanging off the inverting input is discharged pri-
or to power application, so when power is ap-
plied and we come up in high saturation (as ex-
plained above), the inverting input is still at
ground (discharged) level, but the noninverting
input immediately attains roughly 4V.

Since the TuF cap has to charge from ground, the
output remains high until the cap charges to a
voltage that is slightly above the roughly 4V sit-
tingonthe noninvertinginput. Atthattime, since
the inverting input is seeing a higher voltage
than the noninverting input, the output of the
op amp slams to low saturation. Two things hap-
pen then: one is that the noninverting input im-
mediately jumps to roughly -4V, and the second
is that the current fed back through R1 and R2
begins to discharge the TuF cap. When the 1uF
cap discharges to a level slightly below the volt-

Simple but Useful Op Amp Oscillators

age on the noninverting input (roughly -4V), the
voltage on the inverting input will be lower than
the voltage on the noninverting input, and the
op amp output will slam to positive saturation.

This process continues producing square-wave
oscillation on the output of the op amp. By ad-
justing the 1M pot in the inverting input’s feed-
back path, you can speed up (lower resistance in
the capacitor’s charge path) or slow down (high-
erresistanceininthe capacitor’s charge path) the
oscillators frequency. You can also change the
value of the 1uF capacitor to affect the range of
the oscillator’s adjustment. Higher values of ca-
pacitance will result in lower frequency range
and lower values just the opposite. Pretty snazzy,
huh?

Figure A-9 also shows 1) the op amp’s output at
the top oscillating between positive and nega-
tive saturation voltage, and 2) the voltage on the
inverting input as the cap charges and discharg-
es to the threshold level set on 3) the noninvert-
ing input, which is shown in the bottom
waveform.

Two Op Amp Square- and Triangle-
Wave Oscillator

Figure A-10 shows op amp U1 in a configuration
we have not yet discussed. When you see an op
amp with nothing in its inverting feedback path
but a capacitor (like in U1's case), the op amp is
being used as an integrator. When in this role, the
op amp integrates the current flowing into or out
of its inverting input and reflects the result by
outputting an area-under-the-curve-shaped volt-
age envelope. In our previous discussions about
negative feedback, we always had a resistor in
the feedback path and could easily see how cur-
rent from the op amp’s output could influence
thevoltageontheinvertinginput. Whenwe have
a capacitor in the feedback path, the current
still flows, but it flows through the feedback ca-
pacitor.
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Two Op Amp Square And Triangle
Wave Oscillator

Ay
/1
AuF V+

g M
R3 * 100K
47K 1M

UTOutput -~ AN ANGAN--
U2 Output - —W_ -

Figure A-10. Two op amp square- and triangle-wave
oscillator

Wait a minute, | thought capacitors blocked DC.
That's true, they do—so the only way to get cur-
rent to flow through a capacitor is to maintain a
voltage differential across its plates. The opamp’s
output comes to the rescue again! To get current
to flow through the feedback capacitor, the op
amp’s output voltage, in response to a constant
current flowing into or out of its inverting input,
falls orrises linearly at a rate that causes the same
current to flow through the feedback capacitor
as is flowing into or out of the inverting input.
The operation of op amp U1's outputis the same,
regardless of the fact that we are using a capac-
itor for its feedback element instead of a resistor.
U1’s output adjusts to push or pull (via ramping
up or down) enough current through its .1uF
feedback cap to maintain the same voltage oniits
inverting input as is applied to its noninverting
input (ground in this case), regardless of changes
in voltage on the inverting input.

If current continues to be pulled away from the
inverting input, the output would ramp up until
the op amp’s output was in positive saturation.
The opposite would also be true: thus when an
integrator is used, you need a way to reset the
output to zero or control its voltage excursions

so that they don’t go to positive or negative sat-
uration voltage. The Noise Toaster’s VCO uses an
N-Channel JFET to short the integrator’s feed-
back capacitor as a means of returning the out-
put to ground (see “The Voltage-Controlled Os-
cillator (VCO)” on page 99 in Chapter 6). The cir-
cuit presented in Figure A-10 controls the ramp’s
excursions.

The magnitude of the current flowing into or out
of the inverting input in this configuration de-
termines the rate at which the voltage on the op
amp’s output ramps down or up, respectively.
Low current results in a slower ramp, and higher
current results in a faster one. The size of the ca-
pacitor is also a huge factor in the rate of the in-
tegrator’s ramps. Large capacitors have more
plate area and thus can pass more current with a
slower ramp, whereas small capacitors with less
plate area need a faster ramp to conduct the
same current.

Whew! Sorry about that detour, but | really think
you'll understand the explanation of Figure A-10
a lot better now, so here we go. In this schematic,
we have an op amp used as an integrator (U1)
and one used as a comparator (U2). When we
apply power to this circuit, the output of U2 will
come up either saturated high or saturated low
because we have no negative feedback, and the
positive feedback provided by R2 ensures it.

For this explanation, we'll imagine that U2’s out-
put came up saturated low. On power-up,
the .1uF feedback capacitor between U1’s invert-
ing input and its output will be discharged, and
the outputof U1 will beatorvery close to ground.
Since U2 came up saturated low, we will be pull-
ing current away from the inverting input of U1
through R3 (4.7K resistor) and R4 (1M potenti-
ometer) in series. In response, the output of U1
will start to ramp up linearly in the positive di-
rection as it pushes a steady stream of current
through the .TuF cap into U1’s inverting input to
balance the current being pulled away viaR3 and
R4. The output voltage of U1 will continue to
ramp up until it pushes enough current through
R1 (20K resistor) to surpass the current being
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drawn away by U2's output via positive feedback
resistor R2 (100K resistor).

Assoonasthevoltageon U2’snoninvertinginput
goes slightly above the voltage on its inverting
input (ground in this case), the output of U1
shoots to high saturation. Now that the output
of U2 has gone high, current will be pushed to-
ward the inverting input of U1 viaR3 and R4, and
the output of U1 will reverse direction and begin
to ramp down, pulling current through the .1pF
feedback capacitor in order to keep the voltage
on UT’s inputs balanced. When U1’s output volt-
age ramps low enough to pull sufficient current
through R1 to surpass the current being sourced
from U2’s output via R2, U2 shoots to low satu-
ration, and the cycle repeats. See, it’s not so hard
to understand when you know what the op amps
are doing.

The 1M potentiometer (R4) in the path between
the output of U2 and the inverting input of U1
adjusts the rate of the square/triangle oscillator.
When you adjust it for less resistance, more cur-
rentis able to reach U1’s inverting input, and the
output of U1 has to rise or fall faster to push
enough current through its feedback capacitor
to balance it. When you adjust R4 for more re-
sistance, less current reaches U1’s inverting in-
put, and the output of U1 rises more slowly since
it is compensating for less current.

What will the amplitude of the ramp wave be? If
we consider that we are powering the op amps
with plus and minus 12V the magnitude of the
saturated op amp output will be approximately
10.5V positive or negative. The current flowing
toward U2’s noninverting input when U2’s
output is saturated high will be about 105 pA. In
order to get 105 pA to flow away from the non-
inverting input through R1 (20K), we need -2.1V.
Thus the output of the triangle-wave generator
will ramp down to slightly below -2.1V when U2
is saturated high and ramp up to slightly above
2.1V when U2 is saturated low, providing a trian-
gle wave thatis slightly greater than 4.2V peak to
peak in normal operation.

How would we make the triangle wave have
more amplitude if we wanted to? We would add
more hysteresis by either increasing the value of
R1 or decreasing the value of R2. Conversely, to
reduce the triangle wave’s amplitude, we would
reduce the hysteresis by either decreasing the
value of R1 or increasing the value of R2.

Digital-to-Analog Conversion
Using Binarily Weighted
Resistors or the R/2R
Resistor Ladder

When you want to convert binary data to analog
voltage levels, you need to use a DAC or digital-
to-analog converter. You can make your own
DACs using resistors and op amps for your synth-
DIY work. The Music From Outer Space Voltage
Quantizer uses DACs made from resistors and op
amps to convert continuous analog voltage lev-
els to digital data and then back to stepped, dis-
crete analog voltage levels. You can feed in what-
ever voltage you want, and the Voltage Quantiz-
erconvertsittothe nearestdiscrete voltagelevel.
Thediscrete voltage level’s output by the Voltage
Quantizer can be set to be half-note increments
(83.33 mV steps), whole-note increments (166.6
mV steps), or four half-step increments (333.32
mV steps). With DACs, you can make cool voltage
step generators to control any of your voltage-
controllable modules.

Please Feed the DAC Inputs
from CMOS Outputs

The DACs shown here expect to be fed
from CMOS data lines. CMOS sources
and sinks current, has V+ and ground
level outputs, and provides consistency
between outputs. See Appendix C for
more on CMOS components.
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The Binarily Weighted Resistor
DAC

The binarily weighted resistor DAC is shown in
Figure A-11. It works by applying the digital data
lines to resistors, where each resistor is half the
value of the previous one in the ladder. Notice
that data line A’s (LSB) resistor value is 80K; data
line B’s resistor value is half of that, or 40K; data
line C's resistor value is half of that, or 20K; and
lastly, data line D’s (MSB) resistor value is half of
its predecessor, or 10K. When any one of the data
lines is high (+12V), current flows through the
weighted resistor into the inverting input of U1-
A, resulting in a negative voltage at its output.
When a data line is low, it does not contribute
current to the input of U1-A, which acts as anin-
verting summer.

4 Bit Weighted Resistor Value DAC

3.3M
DataA(LSB)m
( 20) 82K
1K 39K
Data B—AM—A\
(21)
20K
Data C————AA\—
(22)
10K
Data D (MSB) —AAA—
(2%)
° M
10K
DtoA
6 N\_TL072-B | voltage
output
10K ute >24 0o
5
o

Figure A-11. DAC using weighted resistor values

Thefeedbackresistor of U1-A determines the size
of the voltage steps output by the DAC. You need
to ensure that the feedback resistor value is not
too high, else the current from the inputs at high
counts will cause U1-A to enter negative satura-
tion. With the values and supply voltage shown,

if only data line A is high, the voltage at the out-
put of U1-A will be —0.585V; if only data line B is
high, —1.17V (notice this is twice as high); if only
data line C is high, -2.34V (notice this is again
twice as high); and finally, if only data line D is
high, —4.68V (again, twice as high). By applying
any binary count between 0 and 15 to the inputs,
the voltage output by U1-A will be the binary
count times the LSB voltage of 0.585V times -1.
This voltage is inverted by U1-B acting as a gain
of one inverter so that increasing count equals
increasing voltage at U1-B’s output.

You can experiment with this circuit on a solder-
less breadboard by feeding in the Q1 through Q4
outputs of a CD4024 binary counter, clocked by
the simple CD40106 oscillator circuit presented
in Appendix C. Don't forget to connect the
CD4024’s reset line to ground.

You can use more data lines if you need to. Just
remember that the least significant data line's
resistor always has the highest value, and each
successively higher data line’s resistor value is
equal to half of its predecessor’s value. So for ex-
ample, if you had eight data lines and used a 1M
resistor on the LSB data line, you would need re-
sistors with the following values for the succes-
sively higher data lines: 500K, 250K, 125K, 62.5K,
31.25K, 15.625K, and 7.8125K. If you think you
might have a problem finding these resistor val-
ues, you're probably correct. Herein lies one of
the problems of the weighted resistor DAC. Find-
ing or cobbling together binarily weighted resis-
tor values can be a real pain. The R/2R resistor
ladder presented next is far easier to find resistor
values for, as you'll soon see.

The R/2R Resistor Ladder DAC

The R/2Rresistor ladder concept s a piece of true
genius (see Figure A-12). Try as | might, | was un-
able to find a definitive inventor for the concept,
though it has been in use for a long, long time.
I'm sure that if you spent an afternoon and
worked it all out using Kirchoff’s and Ohm's laws,
as well as a healthy dose of superposition, you'd
understand exactly howitworks. Alllknowis that
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it works perfectly and that you only need two
resistor values to do it: R and 2R.

4 Bit R/2R Resistor Value DAC

Data A (LSB)

Data B DataC  Data (MSB)

(22) (2")
200K § 200K

200K 100K 100K 100K
10K 10K
DtoA
6 voltage
output
5
TLO72-B
L

Figure A-12. DAC using R/2R resistor ladder

As you can see from the schematic, the data lines
are fed to the 2R value resistors. The other ends
of the 2R value resistors have the R value resistors
strung between them. The opposite end of the
2R valueresistor used in the LSB position also has
a 2R resistor connected to it, which goes to
ground. The DAC's output is taken from the junc-
tion of the MSB 2R value resistor and its connec-
ted R value resistor. This is the pattern, and you
can string it out for as many bits as you wantand
you'll still only need two values of resistor. | chose
100K and 200K for my DAC because they're rela-
tively high impedance, which keeps the CMOS
counter outputs feeding them happy. By not
loading the outputs of the CMOS counter signif-
icantly, each one delivers the same high and low
logic voltage levels. Remember that if you load
the output of a CMOS device too heavily, you will
affect the voltage of its logic levels. Pulling too
much current from a high CMOS output will tend
to lower its logic 1 voltage. Sinking too much
current into a low CMOS output will tend to raise
its Logic 0 voltage. Using relatively high resistors
inyour R/2R DACwill minimize or eliminate these

Light Up Your Synth with LEDs

effects and ensure consistent and accurate
digital-to-analog conversions.

| chose to apply the output of the R/2R resistor
ladder DAC directly to the inverting input of an
op amp. Therefore the current flowing out of the
DAC network is converted to a voltage at the
outputofU1-A.Asthebinary countincreases, the
voltage goesdownin equally sized voltage steps.
We invert the output of U1-A using U1-B as an
inverter with a gain of one. As in the case of the
binarily weighted resistor value DAC, the feed-
back resistor of U1-A has to be chosen so that the
full count does not result in negative saturation
at its output. The selection of 82K keeps the out-
put well with the necessary range. By adjusting
the value of U1-A’s feedback resistor, you can tai-
lor the step size for your application’s need.

Regardless of the type of DAC used, the precision
of the resistors is very important. For the weigh-
ted resistor value DAC, the 2-to-1 relationship
between successively higher bits is the impor-
tantthing. For the R/2Rladder DAC, you just need
to make sure the you have the 2-to-1 ratio be-
tween the resistor values used. Use metal film
resistors of 1% or better tolerance. In the R/2R
DAC circuits in my own gear | use 0.1% tolerance
100K and 200K resistors (available on the Music
From Outer Space website).

Light Up Your Synth with
LEDs

Every analog synthesizer looks way cooler when
it has LEDs flashing all over the place, so in this
section, I'm going to show you several ways to
make that happen. LEDs provide a nice visual in-
dication of power on status, gate status, voltage
levels, LFO rate, sample and hold rate, active se-
quencer channel, etc. LEDs are semiconductor
diodes whose dopants give them the amazing
ability to emit visible light under forward bias.
Originally only available in red, today LEDs come
in a variety of wavelengths, ranging from invisi-
ble infrared to a wide assortment of vibrant, visi-
ble colors. The examples show +12V/-12V, but
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your circuit may use a different voltage, which is
perfectly fine. At lower voltages, use a lower val-
ue for the LED’s current limiting resistor; and at
higher voltages, you may want to use a bit higher
value. What do you say we light something up?

The Simplest Way to Light an LED

Figure A-13 presents the simplest way to light an
LED. Connect the LED’s current limiting resistor
to V+, and connect the other end of the resistor
to the LED’s anode and the LED’s cathode to
ground. When power is applied, current flows
through the current-limiting resistor and
forward-biased LED, causing it to glow. The lower
the resistor value, the brighter the LED. But if you
go too far, you can destroy the LED, so keep the
current-limiting resistor in the 300 to 3K range,
depending on power supply voltage and your
taste in LED brightness. When using a 5V supply,
330 ohms is a popular resistor value to get your
LEDs to blaze. For 9V to 15V, | like to stay in the
1K to 3K range, depending on the efficiency of
the LED used and how bright | want it to glow.

LED =on
when power
is present.

//1(

+12V

2K

Figure A-13. LED power indicator

Isolating the LED Control Source
with a Transistor (I)

InFigure A-14, we are isolating the relatively high
current needed by the LED from the controlling
source by using a transistor. To turn the LED on,
we apply +12V via the 47K base drive resistor,
which causes current to flow from the supply
through the 2K current limiting resistor, through
the transistor, and finally through the LED, turn-
ing it on. In this configuration, when the base
drive resistor is connected to ground potential,
the LED is off; and when it is connected to +12V,
the LED is turned on.

+12V

LED = on when
+12V applied
here.

2N3904

Figure A-14. Light an LED using a transistor

Isolating the LED Control Source
with a Transistor (ll)

The circuit shown in Figure A-15 also isolates the
LED drive current from the controlling source
with a transistor. However, in this circuit, the LED
islitwhen ground potential is applied to the base
of Q1 viaits 47K base drive resistor. With the base
drive resistor for Q1 grounded, Q1 is off, allowing
current to flow to the base of Q2 via the 47K re-
sistor to V+, which turns Q2 on. When Q2 is on,
current flows from +12V through the 2K current-
limiting resistor through Q2 and lights the LED.
If greater than abouta voltis applied to Q1's base
via its 47K base drive resistor, it turns on. When
Q1turnson,the currentthat wasformerly driving
the base of Q2 via the 47K resistor to +12V is
shunted to ground through Q1, turning Q2 off.
When Q2 s off, no current flows through the LED
via the current-limiting 2K resistor, and thus it is
off.

+12V

LED = on when
Ground applied
here.

Figure A-15. Light an LED using two transistors
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Isolating the LED Control Source
with a CD40106 Inverter (1)

Figure A-16 shows how an LED can be driven
simply using a CD40106 Hex Schmitt Inverter,
which we cover in Appendix C. Benefits of doing
it this way include very high input impedance,
the inverter’s inherent hysteresis, and conve-
nience. In this circuit, the LED lights when the
input to the inverter is at logic 1. Since a logic 1
on the inverter’s input results in a logic 0 on its
output, current flows from +12V through the LED
and 2K current-limiting resistorinto theinverter’s
current sinking input, lighting the LED. When the
input to the inverter is low, the output is high,
and the LED is reverse-biased and thus off.

Logic 0 = LED off
Logic 1 =LED on +12V
O

AN
O <
2K
Figure A-16. Light an LED using CD40106 (1)

Isolating the LED Control Source
with a CD40106 Inverter (Il)

The circuit shown in Figure A-17 is similar to the
one just presented, except that when the input
to the inverter is logic 1, the LED is off, and vice
versa. The LED lights when the input to the in-
verterisatlogic0.Sincealogic0ontheinverter’s
input results in a logic 1 on its output, current
flows from the inverter’s output through the 2K
current-limiting resistor through the LED to
ground, lighting the LED. When the input to the
inverter is high, the output is low, and the LED is
reverse-biased and thus off.

Logic 0 = LED on
Logic 1 = LED off

al

2K

Figure A-17. Light an LED using CD40106 (1)

Light Up Your Synth with LEDs

Light an LED Using a Comparator
U]

When we need to light an LED in response to a
voltage exceeding a certain threshold, doing it
with a comparator is the natural choice. In
Figure A-18, we have an op amp configured as a
comparator (no negative feedback resistor is a
giant giveaway). The comparator’s threshold
voltageis set by the resistor divider comprised of
two 10K resistors. Since one side connects to
+12V and the other to ground, 6V is being ap-
plied to the comparator’s inverting input. If the
voltage on the noninverting input is below 6V,
the output of the comparator will be saturated
low, and the LED will be reverse-biased and thus
off. However, if the voltage applied to the non-
inverting input goes above 6V, the comparator
will go into positive saturation, and current will
flow through the 2K current-limiting resistor, for-
ward biasing and turning on the LED.

+12V

+12V

— 2 TLO72-A
Vin 3
LED = on when
Vin > ref voltage. 12V

Figure A-18. Light an LED using a comparator (1)

You can, of course, make the comparator’s
threshold voltage whatever you need it to be us-
ing the proper resistor values in the threshold
voltage-producing divider. To do so, calculate
the current through both divider resistors (+V/
(divider resistor 1 + divider resistor 2)), and then
multiply the result by the value of the resistor
that connects to ground to get the threshold
voltage.Forexample, +12V/(10K+ 10K) =.0006A.
Then take .0006A x 10K to get 6V.

As a breadboard exercise, what happens if you
turn the LED around so that the anode is at
ground and the cathode faces the comparator’s
output?
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Light Up Your Synth with LEDs

Light an LED Using a Comparator
)

This circuit in Figure A-19 is a repeat of the pre-
viousone, but notice that we've switched therole
of the inverting and noninverting inputs. Now
the threshold voltage is applied to the nonin-
verting input. Whenever the voltage on the in-
verting input is below the threshold voltage, the
LED will light because the comparator’s output
will go into positive saturation when the voltage
presented to the inverting input is below that
presented to the noninverting input. Again, you
can set the comparator’s threshold voltage to
whatever you need by using the appropriate re-

sistors in the divider. What happens when you
turn the LED in this circuit around, anode to
ground? Where's that solderless breadboard?

+12V
+12V
10K 10K
Vin
o—
LED = on when
Vin < ref voltage. 12V

Figure A-19. Light an LED using a comparator (I1)

140 Make: Analog Synthesizers



The LM13700 Dual Transconductance Op Amp is one of the coolest integrated circuits
around today for building the components of analog synthesizers. A transconductance
op amp is a special type of op amp that can be thought of as a voltage-controlled current
source. The LM13700 is one of the few really useful transconductance amplifiers that are

still in production.

Several chip houses are manufacturing the LM13700 with different part numbers, but
all use the same circuit originally designed by Don Sauer and Bill Gross, of National Sem-
iconductor. Read Don Sauer’s interesting account of the chip’s design and development

on his website, The LM13600/LM13700 Story.

The LM13700 is at the heart of many VCFs, VCAs,
VCO wave shapers, panners, electronic volume
controls, and sine wave oscillators. In “Three Ex-
amplesof LM13700 Circuits”on page 143, | present
some simple LM13700-based electronic music
circuits: a VCA, VCF, and a triangle-to-sine wave
converter that you can experiment with on your
solderless breadboard.

The LM13700 contains two current-controlled
transconductance amplifiers that are nicely
matched, since they are on the same substrate
and thus at the same temperature. This is an im-
portant quality when using the LM13700 in the
types of resonant filters we're interested in, since
they need to function as a matched pair. Addi-
tionally, there are two high-impedance Darling-
ton buffer amplifiers available on the chip. The
transconductance op-amp’s schematic symbol
highlights its op amp differential inputs, linea-
rizing diodes, controllable current source/sink
output, and Darlington buffers. Figure B-1 shows
the pinout of the LM13700 integrated circuit.
Table B-2 details each pin’s function.

LM13700 Dual Transconductance Operational Amplifier

16 15 14 13 10 9

et
gl

1 2 3 4 5| 6| 7 8

Figure B-1. LM13700 Dual Transconductance Op Amp
pinout

LM13700 Manufacturers

Table B-1 contains a list of companies producing
the chip and the part number(s) used by each.

Table B-1. LM13700 manufacturers

Texas Instruments (previously National | LM13700 and LM13600
Semiconductor)

CONSemionducor | NEssi7
“NewlapanRadio (RO | NIM13600and NIM13700
“Cooludio  [vewoo
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LM13700 Chip Details

LM13600 or LM13700?

The LM13600 and LM13700 have a
subtle difference between their high-
impedance output buffer biasing cir-
cuits that may give an edge to the
LM13700 in high-performance audio
applications. However, in every circuit
I've built around the LM 13600, I've been
able to plug in the LM13700 with no
changes to the circuit—thus, | consider
them equivalent in my applications.
Going forward, | will use the term
LM13700 generically as a reference to
any of the dual-transconductance op
amps listed in Table B-1.

LM13700 Chip Details

Let's discuss the purpose of each pin of trans-
conductance op amp A in the package

(Table B-2).
Table B-2. LM13700 Dual Transconductance Op Amp pin
descriptions
Pin Number | Description
Pin1 | Amplifier Bias InputA
Pin2 | DiodeBiasA
Pn3 | NoninvertingInputA
Pind | IvertingnputA
Pins  |Ouputh
Pin6 | NegativeSupply
Pin7 | Bufferlnputh
Ping | BufferOuputA
Pn9 | BufferOutputB
Pin10 | BufferlnputB
Pin1l | positiveSupply
Pin12 |OuputB
Pin13 | IvertingnputB
Pin14 | NoninvertingInputB
Pin15s | DiodeBiasB
Pin16 | Amplifier Bias InputB

The two op amps are identical, and thus the dis-
cussion of op amp A applies to op amp B. You
should download the National Semiconductor
data sheet (November 1994); it is loaded with all
of the details and specifications of the chip, plus
a collection of useful application circuits. If you
want even more nitty-gritty, transistor-by-
transistor details, search for scholarly papers re-
lated to the LM13700 and transconductance in
general.
Pin1
Amplifier Bias Input A is the pin that sets the
amplifier's actual transconductance, or the
relation between the output and input cur-
rents. The current flowing into this pin con-
trols how much current flows in and out of
the chip’s output. This is related to a factor
applied to the differential voltage between
the chip’s noninverting and inverting inputs
(pins 3 and 4, respectively). The maximum
current recommended to apply to this pin is
2mA, and applying more than that could
damage the chip.

Pin 2

Diode Bias A is where you apply current to
bias the chip’s linearizing diodes, which per-
mit the chip to both accept a bit higher dif-
ferential input voltage and improve its line-
arity and distortion figures significantly.
Keeping the maximum differential input
voltage between 10mV to 20mV allows you
to leave this pin unconnected, because un-
der those conditions, the chip provides far
more than adequate distortion figures for
synth-DIY work. Using the linearizing diodes
improves the distortion figures dramatically,
even with differential input voltage as high
as 30mV. In my own applications | rarely use
this pin and still find that the circuits deliver
excellent performance.

Pin 3
Noninverting Input A is the noninverting in-
put to the chip’s front end differential ampli-
fier. As mentioned above, when experiment-
ing with this chip, itisimportant to keep the
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differential input voltage applied between
this and pin 4 to between 10mV and 20mV
for low distortion operation.

Pin 4

Inverting Input A is the inverting input to the
chip’s front end differential amplifier. As
mentioned above, when experimenting
with this chip, it is important to keep the dif-
ferential input voltage applied between this
and pin 4 to between 10mV and 20mV for
low distortion operation.

Pin5
Output A is the output of op amp A as a cur-
rent, which is the result of the difference in
input voltage between the inverting and
noninverting inputs times the transconduc-
tance, which is controlled by the Amplifier
Bias Input A on pin 1.

Pin 7

Buffer Input A is the base of the on-chip Dar-
lington pair buffer. This input is relatively
high impedance, but nowhere near as high
asthe gate of a JFET or noninverting input of
aJFET input amplifier. For many applications
the buffer is very useful, but in others you
won't use it. Just leave this pin and pin 8
(Buffer Output A) unconnected in applica-
tions where you don't use the internal Dar-
lington buffers.

Pin 8

Buffer Output A is the emitter output of the
on-chip Darlington pair buffer. In practice,
this output is typically tied to the negative
supply through a resistor (4.7K to 20K or so),
therefore the current supplied by the output
is converted to a voltage. Just leave this pin
and pin 7 (Buffer Input A) unconnected in ap-
plications where you don’t use the internal
Darlington buffers.

Three Examples of LM13700 Circuits

Three Examples of LM13700
Circuits

You'll find many interesting electronic music
projects that use the LM13700 by visiting the
Music From Outer Space website. | encourage
you to use them as starting points for your own
experimentation.

A Simple VCA Using the LM13700

In Figure B-2, we see half of an LM13700 used as
a voltage-controlled amplifier. Notice that the
input signal is capacitively coupled via C1 (a TuF
bipolar aluminum capacitor) and applied to the
LM13700’s noninverting input via the resistor at-
tenuator R8 (an 82K resistor) and R9 (an 100 ohm
resistor to ground). Pin 4 (the inverting input) is
also tied to ground; thus if a 10V peak-to-peak
signal (+/-5V oscillating about ground) is ap-
plied to the input, the differential voltage seen
by the input is about 21mV peak to peak.

As discussed above, at this input level this VCA
provides excellent operation with low distortion.
In this application, we use the Darlington buffer;
pin 5, Output A, connects to pin 7, Buffer Input A,
which is also tied to ground via biasing resistor
R10 (300K). Pin 8, Buffer Output A, is tied to V- via
a 4.7K resistor (R11), converting the output cur-
rent to a voltage that is capacitively coupled to
the VCA's output via C2 (1uF bipolar aluminum
capacitor).

U1-Ais used as an inverting mixer (with a gain of
one) for the control voltage inputs. U1-B, used as
an inverting block with a gain of one, reinverts
the mixed control voltage and drops it across the
resistor attenuator comprised of R6 (47K resistor)
and R7 (12K resistor to —9V). The output of U2-A
(LM13700) is a product of the current flowing in-
to pin 1, Amplifier Bias Input A, and the differential
voltage at its inputs. Since pin 1, Amplifier Bias
InputA,isreferencedto V-, currentonlyflowsinto
itwhen the voltage presented toitis greater than
V-. In this circuit, we simply bias Amplifier Bias
Input A strongly toward V- with R7 (12K to —9V)
and then use the control voltage (expected to be
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A Simple State-Variable VCF

within +/-5V also) to raise the voltage, allowing
current to flow through R6 (47K resistor), which
increases the transconductance and as a result

Control Voltage
Inputs -5V to +5V

R2

oWV

100K

Signal R8
Input C1

1uF

the amplitude of the voltage seen at the VCA’s
output. This is a great circuit to build on a sol-
derless breadboard and experiment with.

U1 is a TLO72 Dual JFET

Input Op Amp
R6
47K
R7
6.2K

]

Figure B-2. Simple VCA using the LM13700

A Simple State-Variable VCF

This state-variable VCF is based on an application
circuit presented in the November 1994, National
Semiconductor, LM13700/LM13700A Dual Opera-
tional Transconductance Amplifiers with Lineariz-
ing Diodes and Buffers data sheet. | started bread-
boarding using the component values suggest-
ed in the application note and then began ex-
perimenting. | followed the initial design but
added a resonance control and adjusted the
gains around the circuit to accommodate the
voltage levels | wanted to use for control voltage,
input signal, and output. The circuit presented in
this section is found in the Music From Outer

Space Sound Lab Mini-Synth, an analog synthe-
sizer project many synth-DlIYers enjoy building
and using for experimental music.

Having two transconductance op amps in one
chip is convenient for adding voltage control to
a two-pole filter like the one presented in
Figure B-3.The input level control helps keep the
inputsignalinthe optimum 10mV to 20mV peak-
to-peak level. The transconductance op amps
play the role of voltage-controlled integrators in
this application. In order to provide voltage con-
trol, we employ the same biasing trick used in the
VCA circuit presented previously.
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Input v R2

Input
Level
100k TuF 150K R6

Cutoff
Freq.

A Simple State-Variable VCF

R4 cV

100K 200K

100K Control

Voltage Inputs

R18

47K

Figure B-3. Simple state-variable VCF using the LM13700

When the wiper of the Cutoff Frequency control
is adjusted toward R6 (4.7K resistor to V-), the
voltage on pins 1 and 16 (Amplifier Bias Inputs) is
close to V-. Thus the currentinto pins 1 and 16 is
minimal, resulting in low transconductance

through the op amps and low cutoff frequency.
When the wiper of the Cutoff Frequency control
is adjusted toward R2 (10K resistor to V+), the
currentinto pins 1 and 16 goes up and the trans-
conductanceincreases, resulting in higher cutoff

What's a Two-Pole Filter?

Voltage-controlled filters come in many flavors and de-
signs. A VCF is classified by how many poles it has, or the
number of decibels (dB) of attenuation it produces as the
frequency of the signal passing through it increases by an
octave. The more poles the filter has, the better able it is
to pass only the harmonics in its passband and eliminate
(or subtract) all others.

For example, popular filter specifications include “two
pole,” or 12dB per octave; and “four pole,” or 24dB per oc-
tave. The low-pass VCF is one of the most prevalent found
in analog synthesizers and passes frequencies that are
below the cutoff frequency. The band-pass VCF passes a
narrow range of frequencies whose center frequency is
controlled with the cutoff frequency control. The high-

pass VCF passes frequencies that are above the cutoff fre-
quency.

As a low-pass filter’s cutoff frequency is swept from low to
high, more and more high harmonics of the signal passing
through it are heard. If the resonance is turned up, the
characteristic “wah” sound is heard due to the empha-
sized sinusoidal cutoff frequency adding to the signal. As
a high-pass filter’s cutoff frequency is swept from low to
high, less and less low harmonics of the signal passing
through it are heard. As you have probably guessed, as
the band-pass filter's cutoff frequency is swept from low
to high, the band of harmonics being passed becomes
higher and higher.
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A Triangle-to-Sine Converter

frequency. In this design, the cutoff frequency is
directly related to the control voltage. Additional
modulation of the cutoff frequency is possible by
applying voltage to either or both control volt-
age inputs. As control voltage applied to either
or both of these inputs increases, current via re-
sistors R4 and/or R8 into pins 1 and 16 goes up,
resulting in increased transconductance and
higher cutoff frequency.

The control voltage (CV) inputs can be modula-
ted with up to 5V peak to peak. The filter expects
an input signal with an amplitude of about 3V to
5V peak to peak. One of the coolest things about

Sine Bias

+9V

1/2 LM13700

Sine Shape
R1 1M
20K R2
Triangle 100K
Wave Input R4
+/-5V
R5
1K
R8
470K
+9V -9V +9V
R7 100K

Top/Btm Symmetry

this VCF is that it provides both low-pass (pin 9
of U1-B) and band-pass (pin 8 of U1-B) response
outputs. | encourage you to experiment with this
circuit on your solderless breadboard, change
values and see what happens. For instance,
changing the value of the integrator caps C2 and
C3 (but keeping their values equal) will result in
changing the overall range of the filter's cutoff
frequency. Higher value caps (.001pF, for exam-
ple) will lower the overall range, and lower value
caps (330pF, for example) will raise the entire
range.

R3

Sine Wave
Output

470K

Figure B-4. Triangle-to-sine converter using the LM13700

A Triangle-to-Sine Converter

This last example, shown in Figure B-4, demon-
strates using the LM13700 to convert a triangle
wave into a sine wave. A useful side effect of
overdriving the input of the LM13700 with a tri-
angle wave is that the resulting nonlinear distor-
tion looks amazingly like a sine wave. In this cir-
cuit, the input is expected to be a triangle wave
oscillating about ground with amplitude of +/-
5V.

The triangle wave is applied to the noninverting
input (pin 3) of UT-A (1/2 LM13700) via trim pot
R4 (100K) and resistor R1 (20K), where it is drop-

ped across R5 (1K resistor to ground). The invert-
ing input of U1-A (pin 4) is connected directly to
ground. Even with R4 adjusted to place as much
resistance as possible between the input and R1,
a 10V peak-to-peak signal (+/-5V) will result in
about +/-41mV between U1-A’s differential in-
puts. Atthisamplitude, we are already driving the
output into nonlinear distortion territory.

AdjustR4 (Sine Shape) until the distorted triangle
on pin 8 looks sinusoidal. Trimmer R2 (Sine Bias)
affects both the nonlinear distortion and the am-
plitude of the output signal. The adjustments of
trimmers R1 and R2 are somewhat interactive, so
you'll need to play with their settings while
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observing U1-A pin 8 onan oscilloscope until you
obtain the best sinusoidal approximation. Trim-
mer R7 (Top/Btm Symmetry) adjusts the top-to-
bottom symmetry of the wave's shape and allows
you to center the output about ground. Adjust
the three trimmers until the lowest distortion
sine wave is observed at the output.

A Triangle-to-Sine Converter

| can't emphasize enough the value of getting
very familiar with this chip. Search out the Na-
tional Semiconductor application notes on the
LM13700 | suggested above, study the circuits,
and experiment with those that interest you us-
ing your solderless breadboard.
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Working with CMOS Logic

Chips

M

There are many families of logic chips around, but CMOS takes the prize for low power
operation, high noise immunity, wide power supply operation, and wide range of avail-
ablefunctions.ltisimportanttonote thatthe CMOS family I'm referring tois the CD4XXXX
family. There are many equivalent chips in the 74CXXXX family, but always check the
power supply specifications to make sure that the chip you're interested in works at the
supply voltage you're using. Some 74CXXXX and all 74HCXXX (high-speed CMOS) family
chips have a far more limited supply range (2V to 6V) and if exposed to higher voltages
will act erratically, get hot, and more than likely be destroyed. Also, just so you know,
CMOS chips use the power pin nomenclature VDD (also VCC) for V+ and VSS (also ground)

for ground.

It'simportant to observe static precautions when
working with CMOS, as it is far more susceptible
to static damage than hardier bipolar transistor-
based logic families like TTL or LS. CMOS uses
metal-oxide semiconductors (MOS) which, due
to their physical construction, are more prone to
serious staticdamage with mishandling. To avoid
problems, make sure your workstation isn't func-
tioning as a Van de Graaff generator. If you notice
static snaps between you and items in your work
area, you need to get a static mat and strap in-
stalled before you start working with CMOS. Al-
ways store your CMOS components in protective
static foam and protective static bags, and make
sure you're grounded via a static strap and mat
when handling them.

CMOS gate inputs have very high input impe-
dance (10'2ohms). Therefore, when experiment-
ing or designing a circuit using CMOS you must
connectany unused inputs to either VDD or VSS.
If you don't, they can be influenced by electrical
fields or tiny leakage currents and change states
when you least expect it or oscillate, drawing
significant current. It is important to tie unused
CMOS inputs to the appropriate logic level (VDD
or VSS) such that it does not interfere with the

chip’s logical function. For example, if you have a
four-input OR gate and you only use three of the
gate’sinputs in your logic, tie the fourth input to
ground, since tying it to VDD will cause the OR
gate’s output to ignore the other inputs, and al-
ways output a high logic level. As another exam-
ple, you wouldn’t want to tie a counter’s unused
reset pin to the logic level that inhibits it from
counting.

The logical output levels of a CMOS gate are ba-
sically equal to the plus and ground power rails.
For example, if your circuit is powered with +12V
and ground, the output of the gates will be very
close to +12V when high and very close to
ground when low. CMOS gates are not designed
to source or sink large currents, and the values
for these parameters on most data sheets are
usually in the 0.3mA to 2mA range, depending
onsupplyvoltage. Thoseare the values of current
thata CMOS gate’s outputcan source orsinkeven
under maximum fanout and maximum speed.

In the real world, when all you want to dois drive
an LED, a CMOS output can easily source 5mA to
10mA, but the high and/or low logic voltage lev-
els will be affected due to voltage dropped across
the gate’s MOS output transistors. For example,
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Logic Chips in Synth-DIY

when using a CD40106 (powered with +12V and
ground) to drive a general purpose LED with a 1K
current-limiting  resistor, the gate-sourced
8.75mA and its high logic voltage level dropped
to 10.2V. When | changed the setup so that the
output of the gate was sinking the current, | ob-
served 9mA flowing through the LED, but the
gate’slow logic voltage level rose to 1.23V. There-
fore, when using a CMOS gate’s output to drive
an LED via a current-limiting resistor, | recom-
mend that you don’t use the same gate’s output
to drive other logic.

Logic Chips in Synth-DIY

You can do a lot of cool tricks with CMOS gates
that aren't possible with other logic families be-
cause of their high input impedance, high noise
immunity, current source and sink capability,and
VDD and ground level outputs. I'm going to
present some of the CMOS ICs | use often in my
analog synth designs along with some com-
ments and tips for using them. I'm including pin-
out diagrams for each so you'll have them right
here when you need them. I'm saving the versa-
tile CD40106 hex inverter Schmitt trigger for last,
and I'll show you how to get a lot of mileage out
of itin your designs.

CD4013 Dual D Flip-Flop

The CD4013 contains two D type flip-flops. D flip-
flops have many uses for synth-DIY including fre-
quency division, switch debouncing, data latch-
ing, and more. You definitely want some of these
gems in your parts cabinet.

Each flip-flop has Q and NOT-Q outputs, Set and
Reset pins that can be used to force the flip-flop
into one or the other states, and Data and Clock
inputs used for latching and frequency division
applications. The CD4013’s pinout is shown in
Figure C-1.

CD4013 Dual D Flip Flop

Vbp @2 Q3 CL2 R2 D2 S2
[14 [13 |12 |1 |10 |9 |8

ma=il

D| FF1 FIF 2
=T

1 12 a3 1a 15 Te I7
Q1 Qi cut Rt DI Si1 Vss

Figure C-1. CD4013 dual D flip-flop IC diagram

The circuit in Figure C-2 demonstrates two
modes of use for the CD4013. U1-A is used as a
push-button debouncer, and U1-B is used as a
divide-by-two counter. In the push-button de-
bouncer, we use U1-A’s Set and Reset (pins 6 and
4, respectively) inputs, and we ground the Data
and Clockinputs (pins 5 and 3 respectively) since
they’re not being used. Not grounding unused
pins 5 and 3 would leave them susceptible to
leakage currents or electrical fields due to their
10'2 ohm inputimpedance. Unconnected CMOS
inputs will cause odd, hard-to-track-down prob-
lems with your circuits, so never leave them float-
ing. Upon pulsing U1-A’s Set input (pin 6), the Q
output of UT-A (pin 1) goes high and charges C3
(.1TUF ceramic capacitor) via R4 (300K resistor) un-
tilthe voltage on U1-A’s Resetinput (pin 4) is high
enough to reset it, causing U1-A’s Q output (pin
1) to return low and its NOT-Q output (pin 2) to
go high.

U1-A’s Set input (pin 6) is held at ground by R2
(1M resistor). In order to pulse this input and set
the flip-flop (make the Q output go high), we use
push-button S1.One terminal of S1is connected
to +V and the other is connected to R1 (20K re-
sistor). When the push button is pressed, current
flowsfrom +Vthrough R1and chargesC1(.001uF
ceramic cap) very quickly. C1 and R1 help filter
the switch bounce as S1is pressed. The front end
of the quickly rising voltage on C1 passes
through C2 and is dropped on R2 (1M resistor),
creating a positive pulse that sets flip-flop UT-A.
Inthe setstate, U1-A’'s Qoutput (pin 1) ishighand
its NOT-Q (pin 2) output is low. U1-A’s high Q
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output (pin 1) charges C3 via R4 until the voltage
on U1-A’'s Reset input (pin 4) is high enough to
reset the flip-flop. In the reset state, U1-A’s Q out-
put (pin 1) is low and its NOT-Q (pin 2) output is
high. As a result, every time the push button (S1)
is pressed, ashort positive digital pulse occurs on
the Q output of U1-A. Push-button contacts
bounce when released just as much as they do
when pressed. C1 (.00TuF ceramic capacitor),
which chargesto +VviaR1 on push-button press,
filters the switch bounce noise, preventing spu-
rious pulses on push-button release.

Debounced Push-Button and Toggler Using CD4013

sov L ,VRG\
O O P M
S1 +12v
c2 14 =
R1 Va 65 ;
| T uUt-A  Q
20K | oo1uF 44]g CD4013 |2, R4
D CL 300K
| c1 R3 5 71 3
7T\ .001uF = 1M 3
j i.1uF
a Mk =
8[g 13
ui-B Q LED1
10 CD4013 12 R5
R B n /sf aK
—— D CL a K
T 9 11
LED2 —

Figure C-2. Debounced push button and toggler using
CD4013

U1-B is used as a divide-by-two counter. In this
circuit, we ground U1-B’s Set and Reset inputs
(pins 8 and 10, respectively) and use its Data and
Clock inputs (pins 9 and 11, respectively). Notice
that U1-B’s NOT-Q output (pin 12) is connected
to its Data input (pin 9). The Data and Clock in-
puts are what give the CD4013 its ability to be
used as a data latch. When the Data input is held
at logic 1, for example, and the Clock input is
clocked with a positive-going pulse, the Q out-
put will assume the logic level that was present
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on the D input, logic 1 in this case. If the Data
input had been held low during the clock, then
a logic 0 would be latched to the Q output. Any-
time a flip-flop’s Q output is high, its NOT-Q out-
putis low, and vice versa.

Since U1-B’s NOT-Q output (pin 12) is connected
to its Data input (pin 9), U1-B’s Q output (pin 13)
will assume the logic level on the Data input
when the signal appliedtoits Clockinput (pin 11)
goes high. Immediately afterward, U1-B’s NOT-Q
output (pin 12) goes to the logic level opposite
that of the Q output. Consequently, if U1-B's NOT-
Q output was low during the clock’s low-to-high
transition, then its Q output will assume a low
logic level, and NOT-Q will immediately go to a
high logic level. What will happen if we clock U1-
B’s Clockinputnow? U1-B’s Q output will go high,
and its NOT-Q output will immediately go low.
Since it takes one low-to-high clock transition to
bring U1-B’s Q high and one low-to-high clock
transition to bring it low again, we are effectively
dividing the incoming clock frequency by 2.

If we applied a 1 kHz clock to the clock input of a
flip-flop wired in the same manner as U1-B, we
would see a 500 Hz square wave at the Q output
(clock divided by 2). In the case of this circuit,
we're just using the debounced switch and re-
sulting pulse to toggle the state of U1-B. One
press brings U1-B’s Q output high (and NOT-Q
low), and the next press brings U1-B's Q output
low (and NOT-Q high). For each press of S1, the
LEDs on the Q and NOT-Q outputs will change
states.

If you needed more than two states, you could
use the debounced switch portion of the circuit
(U1-A and associated components) to pulse the
clock input of a CD4017, which would give you
up to 10 push-button selectable states. Those
high outputs could be controlling CD4066 ana-
log switches to route signals or whatever you
need.
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CD4011 Quad Two-Input NAND
Gate

The quad two-input NAND gate, whose sche-
matic symbol is shown in Figure C-3, is a staple
of any CMOS parts cabinet. Table C-1 shows the
truth table for the two-input NAND gate. You can
easily get the AND function by simply connect-
ing the output of one gate to both inputs of a
second gate and then using the output of the
second gate. Before you bring another IC into
your design, remember that the CD40106 used
with some high-speed diodes and a resistor can
emulate several logic functions. There’s a lot
more about this in the section “CD40106 Hex In-
verting Schmitt Trigger ” on page 156.

Table C-1. NAND gate truth table
Output

CD4011 Quad NAND Gate
VbD

|14 |13 |12 |11 |10 |9 |8

[+ T2 T3 Ta TIs5 Te T7
Vss

Figure C-3. CD4011 quad two-input NAND gate IC
diagram

CD4001 Quad Two-Input NOR Gate

The quad two-input NOR gate, whose schematic
symbol is shown in Figure C-4, is another staple
of any CMOS parts cabinet. Table C-2 shows the
truth table for the two-input NOR gate.You can
easily get the OR function by simply connecting
the output of one gate to both inputs of a second
gate and then using the output of the second

gate. Before you bring another IC into your de-
sign, remember that the CD40106 used with
some high speed diodes and a resistor can em-
ulate several logic functions. There's a lot more
about thisin the section “CD40106 Hex Inverting
Schmitt Trigger ” on page 156.

Table C-2. NOR gate truth table

Input 1 [ Input2 | Output
o o v
o [ o
1 o o
R
CD4001 Quad NOR Gate
VoD

114 |18 |12 |11 |10 |9 |8

l1 T2 Ta T4 I5 Te 17
Vss

Figure C-4. CD4001 quad two-input NOR gate IC
diagram

CD4066 Quad Analog Switch

The CMOS (CD4066 quad analog switch
(Figure C-5) is a package of four electronic
switches. Each switch can pass analog signals
between its two I/0 pins whenever its control pin
is at logic 1. These switches work really well in
sample and hold circuits and electronic signal
routers. It is important to remember that the
CD4066 is a single-supply device that expects
the voltage levels passing through it to be in the
ground to +V range. You can’t put signals
through the device with voltage valleys lower
than the VSS pin’s voltage, or parasitic and/or
protection diodes on the chip will turn on, dis-
torting and/or clipping the signal. If you want to
use one of the analog switches to switch an op
amp output, you must bias the op amp’s output
voltage up so that the signal is operating about
1/2 +V (instead of about ground). It is also
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important to ensure that the op amp’s amplitude
will not exceed ground to +V levels. See “Biasing
the Op Amp’s Output” on page 128 in Appen-
dix A for information related to setting op amp
gain and bias levels. These analog switches have
a typical on resistance ranging between 270
ohms (5V operation) and 80 ohms (15V opera-
tion). In the off state, the switches are specified
to have leakage current in the picoamps, mean-
ing they are really off.

CD4066 Quad Analog Switch

CTL CTL /O /O 1O 1O
VobpA D D D C C
[14 |13 |12 |11 |10 |9 |8

1 T2 T3 T4 15 Ts 17
O VO 1O YO CTL CTL Vgg
A A B B B C

Figure C-5. CD4066 quad analog switch IC diagram

CD4024 Seven-Stage Ripple Carry
Binary Counter

This is a general purpose binary up counter with
a clock input, reset line, and seven outputs. The
CD4024's schematic symbol is shown in
Figure C-6. The binary outputs count up on the
negative edge of the clock. Hitting the reset line
with alogic 1 will reset the counter to 0. This chip
is great for when you want to generate several
square wave suboctaves from an oscillator. It's
also great to use with an R/2R ladder to generate
anice, stepped ramp wave. By switching the out-
puts to the R/2R ladder, you can change the in-
crements by which the voltage changes as the
count advances.
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CD4024 7 Stage Ripple Carry Binary Counter

VDD NC Q1 Q2 NC Q3 NC
[14 |13 [12 |11 [10 |9 |8

1 T2 T3 Ta 15 Te T7
CLK RST Q7 Q6 Q5 Q4 Vgg

Figure C-6. CD4024 seven-stage ripple carry binary
counter IC diagram

CD4042 Quad D Latch

The quad D latch, shown in Figure C-7, is what
you use when you need to hold on to a 4-bit val-
ue. The 4 bits of data are presented to the chip’s
four data input lines (D1 thru D4). If the Polarity
pin (POL) is held at logic 0, the data on the Data
inputs is transferred to the Q and NOT-Q outputs
when the Clock input (CL) is at a low level. When
the Clock input returns high, the data is latched
into the Q and NOT-Q outputs until the clock
goeslowagain.Ifthe Polarityinputis held atlogic
1, then the data is transferred from D to Q and
NOT-Q when the Clock input is high. When the
Clock input returns low, the data is latched into
the Q and NOT-Q outputs until the clock goes
high again. As expected, if a logic 1 is present on
a Data line when the clock permits data to be
transferred and latched, the Q output for that
latch will be at logic 1, and its companion NOT-Q
will be at logic 0.

CD4042 Quad D Latch

VoD Q4 D4 D3 Q3 Q3 Q2 Q@2
[16 |15 |14 |13 |12 |11 |10 |9

1 T2 T3 T4 Is Te T7 T8
Q4 Q1 Qi DI CL POL D2 Vgg

Figure C-7. CD4042 quad D latch IC diagram
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CD4094 Eight-Stage Shift Register

The CD4094 eight-stage shift register, shown in
Figure C-8, contains an eight-stage shift register
whose outputs are fed to an 8-bit latch. Logic da-
ta presented to the chip’s Data input (DATA) is
serially shifted through the shift register on the
positive edges of the chip’s Clock input (CL). The
states of theinternal shift registers can be latched
to the chip’s internal 8-bit latch by applying a
negative edge to the Strobe input (STB). The
eightinternal latched outputs feed eightinternal
tri-state buffers that present the data to their
outputs (Q1 thru Q8) whenever the Output En-
able input (EN) is at logic 1. A three-state output
can be logic 1, logic 0, or a special third state,
floating, which acts as if the output has been
disconnected.

You can have a lot of analog synth fun with one
of these by connecting an R/2R ladder to the
output while clocking in a string of random ones
and zeros. Each time the Strobe pin sees a nega-
tive edge, the random data flowing through the
internal shift register gets latched into the inter-
nal 8-bit latch and presented to the R/2R ladder.
Using an 8-bit R/2R ladder will provide the pos-
sibility of 256 discrete voltage levels. The voltage
at the output of the R/2R ladder can be used to
drive oscillators, filters, or any voltage-controlled
module. You could also set up a long-cycle pseu-
do white noise generator by using some XOR
gates and a few of these chips, since they're de-
signed to be serially cascaded with additional
CD4094 chips.

CD4094 8 Stage Shift Register

VDD EN Q5 Q6 Q7 Q8 QS QS
[16 |15 [14 |13 |12 [11 [10 |9

| J
Esnmss:

[ 2 I3 la |5 lse I8
STB DATA CL Q1 Q2 Q3 Q4 Vgg

Figure C-8. CD4094 eight-stage shift register IC diagram

CD40193 Binary Up/Down Counter

The CD40193 binary up/down counter, shown in
Figure C-9, contains one 4-bit binary counter that
can count up, count down, be preloaded with a
count, or be reset. This counter can easily be cas-
caded with additional CD40193s by connecting
the Carry (CY) and Borrow (BW) outputs to the
next CD40193’s Count Up and Count Down in-
puts, respectively. The counter counts up or
down depending on which clock input is used,
while the other one is held at a high logic level.
If the Count Up input (CL UP) sees a positive-
going clock edge while the Count Down input
(CLDN) is held high, the counter will count up. If
the Count Down input (CL DN) sees a positive-
going clock edge while the Count Up input (CL
UP) is held high, the counter will count down. In
order to jam a count into the counter and make
it count up or down from there, you present the
4-bit count to the counter’s four data lines (DA
thru DD) and then bring the Load input (LD) mo-
mentarily low. The Clear input (CLR) forces the
counter’s outputs (QA thru QD) to 0 when
brought to a logical one.

This counter is great for making sequencers that
use the CD4514 and/or CD4067 chips, since both
chips require 4 bits of data to make one of their
16 outputs active. This counter is used in the
MFOS 16-Step Sequencer, MFOS Voltage Quan-
tizer, and MFOS Vari-Clock Module, to name just
a few. Check out the projects to see the chip in
action.
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CD40193 Binary Up/Down Counter
VDD DA CLR BW CY LD DC DD

[16 [15 [14 |13 |12 |11 |10 |9
[1 2 I3 T4 TI5 T6 T7 T8
DB QB QA CL CL QC QD Vgg

DN UP

Figure C-9. CD40193 binary up/down counter IC
diagram

CD4514 4-Bit Latch/4-to-16 Line
Decoder

The 4-bit latch/4-to-16 line decoder (see
Figure C-10) has four inputs (D1 thru D4), which
are used to select which of the chip’s 16 outputs
(SO thru S15) will be at logic 1. All nonselected
outputs go to a low logic level. The chip has an
internal 4-bit latch to hold the 4-bit selection, if
necessary. The chip’s Strobe input (STB) controls
whether or not the data is latched. When the
strobe input is high, the 4 bits on the select lines
pass through to the internal multiplexer. When
the strobe input goes low, however, the last 4-bit
code presented while strobe was high is held in
the internal latch, keeping the selected output
high. If the chip’s Inhibit input (INH) is brought to
logic 1, all of the outputs (SO thru S15) go low. In
normal operation, Inhibit should be held low. If
Strobe is held at logic 1, the state of the outputs
(SO through S15) will correspond to the data pre-
sented to select inputs (D1 thru D4).

This chip is used in the Music From Outer Space
16-Step Sequencer to drive the channelindicator
LEDs and to generate the selectable gate out-
puts. It is controlled by the previously presented
CD40193 binary up/down Counter. | hope you
can see the potential for putting this chip to work
in your own synth-DIY work.
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CD4514 4-Bit Latch/4-to-16
Line Decoder

-y
STB il 24 Vpp
D1 2] 23 INH
D2 3| 22 Dy
s7 4 2! b3
s6 2] 20 510
ss & 19 511
s4 7| 118 g
s3 8 17 s9
s 4 16 514
s1 19 15 515
so 1 14 g12
12 13
vgs 12 13 513

Figure C-10. CD4514 4-bit latch/4-to-16 line decoder IC
diagram

CDA4017 Decade Counter with 10
Decoded Outputs

The CD4017 decade counter (Figure C-11) with
10decoded outputs has 10 outputs (0 thru 9) that
go high sequentially every time the chip’s Clock
input sees a low-to-high clock transition while
the Clock Inhibit input (CIN) is held low. If the
Clock Inhibitinput (CIN) is brought to logic 1, the
Clock (CLK) input isignored. The chip has a Reset
input (RST), which when brought to logic 1 caus-
es the 0 output to go high and all others to go
low. Only one output at a time is at logic 1 while
all others are at logic 0.

This chip is used in the simpler Music From Outer
Space 10-Step Sequencer to drive the channel
indicator LEDs, generate the selectable gate out-
puts, and bias the channel voltage set pots. For
making a simple synth-DIY sequencer, you won't
find a more appropriate chip.
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CD4017 Decade Counter with 10 Decoded Outputs

VDD RST CLK CIN CY 9 4 8
|16 |15 [14 |13 |12 |11 |10 |9

1 T2 T3 Ta I5 T6 [7 T8
5 1 0 2 6 7 3 Vgg

Figure C-11. CD4017 decade counter with 10 decoded
outputs

CD4067 Single 16-Channel
Multiplexer/Demuliplexer

The CD4067 single 16-channel multiplexer/
demultiplexer, shownin Figure C-12, contains 16
analog switches, all of which close to a common
point (CMN1/0). Any one of the chip’s 16 1/0 ports
(1/0 0 thru 1/0 15) can be selected via the chip’s
four select lines (A thru D). If a logic 1 is applied
to the chip’s Inhibit input (INH), none of the 16 I/
O portsis connected to the common output. The
on resistance for these chips is around 470 ohms
when powered by 5V and 125 ohms when pow-
ered by 15V. The off resistance is specified as
leakage current and is in the nanoamps.

This chip is used in the Music From Outer Space
16-Step Sequencer to route the voltage from the
coarse and fine tuning pots to the output of the
sequencer. This is another great chip for DIY ex-
perimentation related to sequencers.

CD4067 Single 16 Channel
Multiplexer/Demultiplexer

amwo ] B4Voo
o7 2 23 110 8
o6 3 22 10 9
s 4 21 10 10
oa 2 20 10 11
os & 19 10 12
w2 7 18 /0 13
w1 8 17 110 14
1o 9 16 110 15
A10] 15 |NH
B 11 14 ¢
Vgg 2 13 p

Figure C-12. CD4067 single 16-channel multiplexer/
demultiplexer IC diagram

CD40106 Hex Inverting Schmitt
Trigger

The CD40106 hex inverting Schmitt trigger con-
tains six inverters (see Figure C-13). The thing
that makes this chip special is that the inverters
are endowed with hysteresis. Once the input has
gone low enough to cause the output to go high,
you haveto bring theinputvoltage to above 66%
of the VDD voltage to get the output to go low
again. Once the input voltage has gone high
enough to bring the output low, you need to
bring the input voltage to less than 33% of VDD
to getthe output to go high again. The hysteresis
zone is typically 1/3 of VDD. Hysteresis makes
these inverters as immune to circuit noise as you
can get, but also allows them to be used as im-
promptu gates of amazing diversity.
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CD40106 Hex Inverting Schmitt Trigger

VbD
{4 |13 [12 1 |10 [9 |8

EIETE.
PR,

Figure C-13. CD40106 hex inverting Schmitt trigger IC di-
agram

Let’s look at some of the cool things you can do
with this chip. Remember that these circuits ex-
pect CMOS outputs to be fed to theirinputs. They
allrely on CMOS’s VDD and VSS level outputs and
their ability to both source and sink current to
work correctly.

CD40106 Square Wave Oscillator

Figure C-14 presents the schematic for a simple
square wave oscillator made with one CD40106
Schmitt trigger inverter. The output is fed back
to the input via a 10K resistor and a 1M potenti-
ometer wired as a variable resistor. The input has
a capacitor hanging off of it, and since this is an
inverter, we know that when the input is high,
the output is low, and vice versa. If on power-up
the output is low, it will pull current through the
resistors in the feedback network and eventually
drag the input below the schmitt inverter’s low
threshold voltage, at which time the output will
snap high. With the output high, current will flow
through the resistors in the feedback network
and charge the cap on the input until it goes
above the Schmitt inverter’s high threshold volt-
age, atwhichtimethe output will snap low again.
This cycle repeats, resulting in square wave os-
cillation at the output of the inverter. A rough
estimate of the frequency when using this con-
figuration is 0.75 x 1/(RC). The potentiometer in
the feedback network can be used to vary the
frequency over a fairly wide range. Experiment
onyour solderless breadboard with different val-
ues of resistors and capacitors to see how the
frequency changes.
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Square Wave Oscillator

B
b'

I.1uF

Figure C-14. CD40106 square wave oscillator

CD40106 Pulse Wave Oscillator

The pulse wave oscillator, shown in Figure C-15,
is practically the same as the square wave oscil-
lator, except for the diode in the feedback net-
work. When the output of the inverter is high,
current rushes through the forward-biased
1N914 diode and rapidly charges the capacitor
on the input. When the output is low, the diode
is reverse-biased and the current flows through
the 10K resistor and 1M pot wired as a variable
resistor in the feedback path. Thus, the high time
will be very short, and the low time will depend
on the setting of the 1M potentiometer in the
feedback network. Listen to the difference be-
tween the square wave and the pulse wave. Try
different values of capacitors and resistors to see
the effect on the oscillator’s frequency. Can you
guess what happens if you turn the diode
around? Get out your solderless breadboard and
find out.

Pulse Wave Oscillator

10K M
1N914

L]

AuF

T

Figure C-15. CD40106 pulse wave oscillator
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CD40106 Multiple-Input NAND
Gate

Ifyouever needa NAND gate with as many inputs
as you want, you can use a leftover CD40106 in-
verter instead of adding a CD4011 chip to your
design (see Figure C-16). And, surprise, putting
another inverter on the output turns this into a
multiple-input AND gate.

Multiple-Input NAND Gate

VDD
M
1N914
1N914

S Do

1N914

Figure C-16. CD40106 multiple-input NAND gate

CD40106 Multiple-Input NOR Gate

If you ever need a NOR gate with as many inputs
as you want, you can use a leftover CD40106 in-
verter instead of adding a CD4001 chip to your
design (see Figure C-17). And, surprise again,
putting another inverter on the output turns this
into a multiple-input OR gate.

Multiple-Input NOR Gate
1N914

1N914 :
1N914

>t
%M

Figure C-17. CD40106 multiple-input NOR gate

CD40106 Positive Edge to
Negative-Going Pulse

When working with logic circuits, you often need
to generate a narrow negative (or positive pulse)
in response to the rising edge of a logic signal.
The circuit presented in Figure C-18 is perfect for

that. With no changes occurring on the input, the
1M resistor to ground holds the input low, and
thus the output high. When a low-to-high logic
transition is applied to the input, the front of the
voltage stepis capacitively coupled through the.
001uF cap and dropped onto the 1M resistor as
a narrow low-to-high pulse. The output of the
Schmittinverter pulses low in response and then
returns high due to the 1M resistor holding the
input at ground. Adding a Schmittinverter to the
output would generate a positive pulse in re-
sponse to the low-to-high transition on the
input.

Rising Edge to Negative-Going Pulse

.001uF

1A
b L sw

—

Figure C-18. CD40106 positive edge to negative-going
pulse

CD40106 Negative Edge to
Positive-Going Pulse

Likewise, when working with logic circuits, you
just as often need to generate a narrow positive
(ornegative pulse)inresponsetothefallingedge
of a logic signal. The circuit in Figure C-19 is per-
fect for that. With no changes occurring on the
input, the TMresistorto VDD holds theinputhigh
and thus the output low. When a high-to-low
logic transition is applied to the input, the front
of the voltage step is capacitively coupled
through the .001pF cap and dropped onto the
1M resistor as a narrow high-to-low pulse. The
output of the Schmitt inverter pulses high in
response and then returns low due to the 1M re-
sistor holding theinputat VDD. Adding a Schmitt
inverter to the output would generate a negative
pulse in response to the high-to-low transition
on the input.
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Falling Edge to Positive-Going Pulse
VDD

M

.001uF

LI
¢ 18 [

Figure C-19. CD40106 negative edge to positive-going
pulse

CD40106 Narrow Pulse Stretcher

The circuit in Figure C-20 is perfect for times
when you have a pulse that's too narrow for your
needs. Maybe you want to flash an LED in re-
sponse to the pulse, but the pulse itself is no
good because the LED goes on and off so fast
thatit’s hardly visible. You need a pulse stretcher.
The narrow positive-going pulse on the input is
inverted to become a narrow low-going pulse.
During the low-going pulse, the 1TN914 diode is
forward biased and rapidly discharges the ca-
pacitor on the second Schmitt inverter’s input.
When the cap discharges, the output of the sec-
ond inverter goes high and stays there until cur-
rent through the 1M resistor recharges the cap,
making the output go low again. By making the
resistor higher in value, you will make the pulse
longer, and vice versa. You can also make the cap
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larger to increase the length of the stretched
pulse, but at some point, if the input pulse s real-
ly narrow, you won't have enough time to dis-
charge it through the 1N914.

Narrow Pulse to Wider Pulse (Pulse Stretcher)

Figure C-20. CD40106 narrow pulse stretcher

I hope that this brief introduction to CMOS gives
you the courage to get some chips and experi-
ment with them on your solderless breadboard.
In your work with synth-DIY, you'll runinto CMOS
again and again, and now you’ll know more
about it. If you can lay your hands on either a real
National Semiconductor CMOS Data Book or an
electronic copy on CD or DVD, by all means do
so.Reading through the wealth of information in
the IC data sheets and application notes will give
you a leg up in your future design work.
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Symbols

9V battery eliminators, 95
9V battery snap polarity, 77

A

AC mixers, 53

AC vs. DC coupling, 53

AC-coupled audio mixers, 131

ADSREG modules (see attack de-
cay sustain release (ADSR) en-
velope generator modules)

Alien Screamer synthesizer (Mag-
naval), 3

All Electronics, 62

aluminum chassis, 61

aluminum electrolytic capacitors,
24

amplitude envelopes, 48

amplitude modulation, 55

analog multiplier chips, 55

analog oscilloscopes, 9-11

analog switch (CD4066), 129

analog synthesizer-DIY, 3, 150
analog synthesizers
categories of, 37
configuration of, 57
defined, 2
voltage control of, 38
vs. digital synthesizers, 1
analog, defined, 2
AR Mod Depth control, 59
AREG module (see attack release
(AR) envelope generator mod-
ules)
arpeggio, 57
Art of Electronic Sound project,
118
Attack control, 60
attack decay sustain release
(ADSR) envelope generator
modules, 45, 48, 49-51
attack release (AR) envelope gen-
erator modules, 48, 49, 81, 96
Attack Time control, 49
Audacity
edit tools, 114
effect tails, 116

effects, 114
exporting projects, 112
file formats, 112
interface, 111
introduction, 111
Mixer Board, 121
Mixer Board window, 112
Multi-Tool Mode, 113
saving projects, 112
sound card discovery, 111
sound-on-sound recording, 114
tools/toolbar, 113
transport controls, 113
audio amplifiers, 105
audio interfaces, 107
audio signal mixers, 54, 108, 131

banana jacks, 37
bandwidth, 10

bench power supplies, 14
bias/biasing, 129

BIFET input op amps, 93

We'd like to hear your suggestions for improving our indexes. Send email to index@oreilly.com.
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bill of materials (BOM)
audio interfaces, 109
Noise Toaster, 62
binarily weighted resistor DAC,
136
binary counter (CD4024), 136
binary up/down counter
(CD40193), 154
bipolar electrolytic caps, 24
bipolar power supplies, 15
block diagrams
AC vs. DC coupling, 54
ADSR envelope generator mod-
ule, 48
analog synthesizer, 58
circlesin, 97
control symbol, 39
keyboard voltage controller, 47
Noise Toaster, 60
Noise Toaster power supply, 95
ring modulator, 55
sample and hold module, 52
signal and DC modulation mix-
ers, 54
sound card audio interface, 110
VCA module, 46
VCF module, 43
VCO module, 40
voltage sequencer module, 56
white noise generator module,
51
Buchla, Don, 1
buffers, 127
bumpers (rubber feet), 74
Bypass switch, 60

C

capacitance meters, 16

capacitors, 24-25, 32, 62, 64

carbon film potentiometers, 27

carbon film resistors, 26

cases, 31,61,73

CD4001 quad two-input NOR gate,
152

CD40106 hex Schmitt inverter,
139,156

CD40106 multiple-input NAND
gate, 158

CD40106 multiple-input NOR gate,
158

CD40106 narrow pulse stretcher,
159

CD40106 negative edge to
positive-going pulse, 158

CD40106 oscillator circuit, 136

CD40106 positive edge to
negative-going pulse, 158

CD40106 pulse wave oscillator,
157

CD40106 square wave oscillator,
157

CD4011 quad two-input NAND
gate, 152

CD4013 dual D flip-flop, 150

CD4017 decade counter with 10
decoded outputs, 155

CD40193 binary up/down counter,
154

CD4024 binary counter, 136

CD4024 seven-stage ripple carry
binary counter, 153

CD4042 quad D latch, 153

CD4066 analog switch, 129

CD4066 quad analog switch, 152

CD4067 single 16-channel multi-
plexer/ demultiplexer, 156

CD4094 eight-stage shift register,
154

CD4514 4-bit latch/4-to-16 line de-
coder, 155

cent system, 39

center-tapped secondary trans-
formers, 28

ceramic capacitors, 24, 25, 64

channels, 56

clock rate, 56

CMOS logic chips, 34, 149-159

coax cables, 37

comparators, 129, 139, 140

component leads, 22, 67

composition resistors, 26

computer sound card inputs, 110

conductive plastic potentiometers,
27

continuous waveform vs. digital
waveform, 2

continuously variable sound, 2

contrasting sounds, 118

control knobs, 62

Control Voltage Offset control, 46

control voltages for one octave, 47

coupling, ACvs. DC, 53

Cutoff Frequency control, 59

D

Darlington buffer ampilifiers, 141

DC measurement capability, 10

DC mixers, 53

DC modulation mixers, 54

decade counter with 10 decoded
outputs (CD4017), 155

Decay control, 49

dedicated comparator ICs, 92

desoldering, 22

desoldering braid (wick), 22

diagonal cutters, 31

DigiKey, 62

digital audio workstations (DAWs),
107

digital multimeters, 12, 16

digital oscilloscopes, 12

digital synthesizers vs. analog syn-
thesizers, 1

digital waveform vs. continuous
waveform, 2

digital-to-analog converters (DAC),
135-137

dinks, 121

diodes, 29, 62

DIP (dual inline package), 85

double-sided PC boards, 21

Draw Tool (Audacity), 113

dual D flip-flop (CD4013), 150

dual output power supplies, 14

E

effect tails (Audacity), 116
effects (Audacity), 114, 120
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eight-stage shift register (CD4094),
154
eight-step sequencer, 4
electronic components, 23
(see also tools)
active parts, 29
audio interface, 109
capacitors, 24-25
mechanical parts, 27
obtaining, 23
problems with, 83
resistors, 26
solderless breadboards, 30
electronic experimenter Kkits, 3
Envelope Generator (EG) modules,
38,48-51
Envelope Tool (Audacity), 113
exponential frequency response
inputs, 42
external connection pads, 74

F

feedback resistors (RFBs), 87, 90

film capacitors, 24, 25

4-bit latch/4-to-16 line decoder
(CD4514), 155

frequency counters, 17

frequency response, 10

frequency sweep capability, 18

full-wave rectified dual-analog
power supplies, 15

function generators, 18

G

gain formulae, 88, 89, 127, 132
gain, setting for buffers, 128
gate truth tables, 152

gates, 39,49, 50

glide controls, 47

goggles, 32

H

hand tools, 31

hard sync, 43

helping hands alligator clips de-
vice, 67

Hertz (Hz), 42

hex Schmitt inverter (CD40106),
139,156

high impedance, 86

high-impedance buffer follower,
128

high-level signals, 32

hobby knives, 31

hybrid synthesizers, 37

hysteresis (positive feedback), 91—
93

hysteresis zone, 92, 93

input channels, 10

input resistor (RIN), 87

inputs, 110

integral stereo panning mixers, 53
integrated circuit (IC) removers, 31
integrated circuit (IC) sockets, 67
integrated circuits (ICs), 29, 62, 67
inverting buffer gain formula, 88
inverting buffers, 86, 127

J

Jameco Electronics, 62
JFET transistors, 29

joining clips (Audacity), 120
joystick controls, 47

K

keyboard controllers, 39, 47
keyboard voltage modulation, 44
knobs, 27

L

leads, soldering, 22, 67
LED ring clips, 72
LEDs, 72,130, 137-140

legato, 50
legend overlays, 70
LFO Mod Depth control, 59
LFO modules, 38, 46, 81, 97
line input, 107
linear control voltage inputs, 42
LM13700 Dual Transconductance
Op Amp
chip details/pin descriptions,
142
manufacturers, 141
schematic, 141
triangle-to-sine wave converter,
146
used as state-variable VCF, 144
used as VAC, 143
logic chips, 34, 149-159
logic probes, 13
low note priority, 47
Low-Frequency Oscillator (LFO)
modules (see LFO modules)

M

Magnaval, Bernard, 3, 5

Make: Electronics (Pratt), xiii

Manual Gate button, 60

MFOS (Music From Outer Space),
Xl

MFOS 16-Step Sequencer, 57, 154,
155, 156

MFQOS Noise Toaster (see Noise
Toaster)

MFQOS Sound Lab Mini-Synth, x,
144

MFOS Vari-Clock module, 154

MFOS Voltage Quantizer, 135

MFOS Web SFZ Helper application,
125

MFOS website, xi, 29

Mixer Board (Audacity), 121

mixers, 53

Mod Depth control, 59

Mod Source switch, 60

modular analog synthesizers, 6,
37,57

modulation inputs, 42

modulation wheels, 47
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mono keyboard controllers, 47

Moog, Robert, 1

Mouser Electronics, 62

Multi-Tool Mode (Audacity), 113

multichannel DC modulation mix-
er,132

multichannel oscilloscopes, 10

multichannel signal mixers, 44

multimeters, 12, 16, 77

multiple-input NAND gate
(CD40106), 158

multiple-input NOR gate
(CD40106), 158

Multitrack Layering exercise, 107,
121

Multitrack Volume Envelope Layer-
ing exercise, 107, 122-125

Music From Outer Space (MFOS),
xi, 29

Musique Concrete exercise, 107,
118-121

Mute control (Audacity), 114

N

N-Channel JFET transistors, 29

narrow pulse stretcher (CD40106),
159

needle-nose pliers, 31

negative edge to positive-going

inverting comparator, 90

LFO module, 97

noninverting comparator, 90

parts for, 62

PCBs, 61, 65-67

power supply, 95

sullen and listless, 82

test control settings, 79

troubleshooting, 82

VCA module, 104

VCF module, 103

VCO module, 99-102

white noise generator module,
102

wiring diagrams, 61

wiring front panel, 72

wiring PCB to front panel, 74—
77

Noise Toaster testing

AREG module, 81

battery connector, 77
LFO module, 81

output jack, 81
troubleshooting, 82

VCA module, 80

VCF module, 79

VCO module, 78

white noise generator, 78

noninverting buffer gain formula,

89

pulse (CD40106), 158

negative feedback, 86
noise level, 10
Noise Toaster

AREG module, 96

audio amplifier, 105

bill of materials (BOM), 62

blank test patch sheet, 81

block diagram, 60

cases for, 61,73

components of, 59-61

front panel, 68

front panel component installa-
tion, 70

front panel legend overlay, 69

front panel wiring, 71

inserting ICs, 77

inverting buffer, 89

noninverting buffers, 127

noninverting comparators, 90

nonpolarized capacitors, 24, 64

normalized analog synthesizers,
37,57

o)

octave, control voltages for one,
47
one volt per octave standard, 38

online component distributors, 62

op amps, 85

(see also LM13700 Dual Trans-

conductance Op Amp)
as comparators, 90, 129
audio mixers, 131
buffers for, 127

DACs, 135-137
ideal, 93
inverting buffer, 86
inverting comparator, 90
lighting up LEDs, 137-140
negative feedback, 86
noninverting buffer, 89
noninverting comparator, 90,
91
noninverting comparator with
hysteresis, 91
oscillation in, 88
oscillators, 132-135
output biasing, 129
positive feedback (hysteresis),
91-93
table of useful, 93
transconductance, 141
vs. power amplifiers, 85
open-loop gain, 85
operational amplifier integrated
circuits (see op amps)
oscillator circuit (CD40106), 136
oscillators, 132-135
oscilloscope probes, 11
oscilloscopes, 9-11
output jacks, 81
Ozolins, Girts, 57

P

parallel capacitance formula, 24

parallel resistance formula, 26

parasitic capacitance and induc-
tance, 32

parts, kits of, 25

patch cords, 37

PCB silk screen layer, 66

PCB speaker connection points, 77

PCBs (printed circuit boards), 21,
61,65-67

pink noise, 51

plated through-holes, 21

polarized electrolytic capacitors,
24,64

polycarbonate film capacitors, 24

polystyrene film capacitors, 24

portamento controls, 47, 57
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positive edge to negative-going
pulse (CD40106), 158

positive feedback (hysteresis), 91—
93

positive feedback resistor, 92

pot/shaft/knob combinations, 27

potentiometers, 27,51, 62, 70

power supplies, 95

printed circuit boards (PCBs), 21,
61,65-67

pulse wave oscillator (CD40106),
157

Pulse Width control, 42

pulse width modulation input, 42

Q

quad analog switch (CD4066), 152

quad D latch (CD4042), 153

quad two-input NAND gate
(CD4011), 152

quad two-input NOR gate
(CD4001), 152

R

R/2R resistor ladder DAC, 136
ramp core oscillators, 43
ramp wave, 41, 42,99
ramp/square wave generator, 101
recording exercises
Multitrack Layering, 107, 121
Multitrack Volume Envelope
Layering, 107
Multitrack Volume Envelope
Layering exercise, 122-125
Musique Concrete, 107, 118-
121
rectangle wave, 41
reference voltage (Vref), 90
Release Time control, 49, 50, 60
repeat rate potentiometers, 51
repeat switches, 51
Repeat/Manual switch, 60
resistance values, 127
resistors, 26, 62, 92
Resonance control, 60

RIN (input resistor), 87

ring modulation effects, 58
ring modulators, 54
ringing, 44

rosin flux, 19

Rosin Paste Flux, 20
rubber feet (bumpers), 74

S

sample and hold (S&H) modules,
52-53
Sample Rate control, 52
Sauer, Don, 141
sawtooth wave, 41
scanning matrix style keyboards,
47
Schaeffer, Pierre, 118
schematic symbol diagrams
CD40106 hex Schmitt inverter
IC, 156
CD4011 quad two-input NAND
gatelC, 152
CD4013 dual D flip-flop IC, 150
CD4017 decade counter with
10 decoded outputs, 155
CD40193 binary up/down
counter IC, 154
CD4024 seven-stage ripple car-
ry binary counter IC, 153
CD4042 quad D latch IC, 153
CD4066 quad analog switch IC,
153
CD4067 single 16-channel mul-
tiplexer/ demultiplexer IC,
156
CD4094 eight-stage shift regis-
terIC, 154
CD4514 4-bit latch/4-to-16 line
decoderIC, 155
LM13700 Dual Transconduc-
tance Op Amp, 141
schematics
audio amplifier, 105
audio mixer, 131
CD40106 multiple-input NAND
gate, 158

CD40106 multiple-input NOR
gate, 158
CD40106 narrow pulse stretch-
er, 159
CD40106 negative edge to
positive-going pulse, 158
CD40106 positive edge to
negative-going pulse, 158
CD40106 pulse wave oscillator,
157
CD40106 square wave oscilla-
tor, 157
comparator lighting an LED,
129,139, 140
DC modulation mixer, 132
debounced push button and
toggler using CD4013, 151
inverting buffer, 127
LEDs, 138,139
LFO, 98
noninverting buffer, 128
output biasing, 129
power supply, 95
R/2R resistor ladder DAC, 137
ramp/square wave generator,
101
sound card audio interface, 108
square wave oscillator, 133
square- and triangle-wave os-
cillator, 134
state-variable VCF using
LM13700, 144, 144
triangle-to-sine wave converter
using LM13700, 146
VCA, 104
VCF, 103
voltage mixer and exponential
converter, 99
weighted resistor value DAC,
136
white noise generator, 102
screwdrivers, 31
Selection Tool (Audacity), 113, 119
sensitive signals, 32
sequencers, 4, 56, 57
series capacitance formula, 24
series resistance formula, 26
service loop (slack), 75
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seven-stage ripple carry binary
counter (CD4024), 153
SFZ files, 125
shift registers, 51
signal mixers, 53
signal multiplication, 55
silence clips, 116
Silence tool (Audacity), 114
sine wave, 41
single 16-channel multiplexer/
demultiplexer (CD4067), 156
16-Step Sequencer, 57, 154, 155,
156
soft sync, 43
SOIC (small outline integrated cir-
cuit) package, 85
solder braid, 22
solder suckers, 22
soldering
adjustable temperature-
controlled solder stations,
18
desoldering, 22
factors affecting, 18
IC sockets, 67
leads and, 21, 67
panel components, 72
proper, 21
tips for, 18-22
tools for, 19
solderless breadboards, 3, 25, 27,
30,87
solid hookup wire, 30
Solo control (Audacity), 114
sound card audio interface box,
108
sound cards, 107
Sound Lab Mini-Synth, x, 4, 144
Sound Lab ULTIMATE (Magnaval),
5
spacers (stand-offs), 76
speaker grills, 74
spring-loaded vacuum solder
suckers, 22
square wave, 41, 43
square wave oscillators, 132, 157
square- and triangle-wave oscilla-
tor, 133-135
stand-offs (spacers), 76

state variable VCFs, 43

static precautions, 31,32, 149
subtractive synthesis elements, 43
surplus electronic parts, 24
switches, 27, 62

synchronized VCOs, 43

synth-DIY, ix, 3, 150

synth-DIY tools (see tools)
synthesizers, defined, 3

-

tantalum electrolytic capacitors,
24,32

test leads, 31

Thurm, Michael, 6

Time Shift Tool (Audacity), 114,

119

tools, 9

(see also electronic compo-
nents)

bench power supplies, 14
capacitance meters, 16
digital multimeters, 12, 16
frequency counters, 17
function generators, 18
hand, 31
logic probes, 13
oscilloscopes, 9-11

Track menu (Audacity), 115

transconductance op amp, 141

transformers, 28

transistors, 29, 138

triangle (tri) core oscillators, 43

triangle wave, 41, 52

triggers, 39, 49, 50

Trim tool (Audacity), 114

trimpot adjustment tool, 31

troubleshooting, 31-35, 82

tweezers, 31

two-pole filters, 145

\'

Vari-Clock module, 154
VCA modules, 38, 45, 80, 104
VCF Cutoff Frequency control, 59

VCF modules, 38, 39, 43-45, 79,
103

VCO frequency doubling, 38

VCO frequency modulation, 42

VCO modules, 38, 39, 40-43, 78,
99-102

vertical sensitivity, 10

vias, 65

vibrato, 42, 46

virtual ground, 14

Vocoder effect (Audacity), 115

voltage control of VCO frequency,
42,43

voltage mixer and exponential
converter, 99

Voltage Quantizer, 135

voltage sequencers, 56

Voltage-Controlled Amplifier
(VCA) modules, 38, 45, 80, 104

Voltage-Controlled Filter (VCF)
modules, 38, 39, 43-45, 79,
103

Voltage-Controlled Oscillator
(VCO) modules, 38, 39, 40-43,
78,99-102

W

wall warts, 95
waveforms, 41,41, 97
Web SFZ Helper application, 125
Weird Sound Generator, 4
white noise, 53
white noise generator modules,
51,102

white noise waveform, 51
window comparators, 130
Winter (Carlos), 121
wire strippers, 31
wiring diagrams

Noise Toaster, 71,73

sound card audio interface,

109,110

workbench tools (see tools)
working voltage, 25
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X Z Zoom Tool (Audacity), 113, 114

XOR logic gates, 51 Z wire, 65
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