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Part 1

Understanding Synthesizers



























Chapter 2
Synthesizer Modules

A complete electronic music synthesizer is composed of a number of mod-
ules, usually housed in once cabinet. Each module is an electronic circuit
designed to control one of the three parameters of sound mentioned in Chap-
ter 1. Thus, there are modules to control the frequency of a waveform,
its amplitude and its harmonic content.

Though there are many different types of synthesizers on the market
today, the fact remains that all of them contain circuits to modulate or con-
trol the three parameters of sound. Whether it’s a small, portable unit, a
dedicated device (like a string machine), or a large studio-tvpe synthesizer,
you can expect to find various electronic circuits for affecting frequency.
amplitude and harmonic content.

Obviously, when inspecting the circuits that make up a complete syn-
thesizer we may catalog or classify them as frequency, amplitude or har-
monic content changing circuits. Almost all circuits in a synthesizer will
fall under one of these headings. Another way to classify a circuit is by
noting whether it deais with audio signals or control voltages. Thus, a cir-
cuit may be either an audio circuit or a control voltage circuit. There are
other ways of identifying and classifying modules in a synthesizer, but the
two schemes just described will be sufficient for most purposes. But don’t
get too carned away; some circuits may defy description or fall into several
categories at once.

THE VOLTAGE-CONTROLLED OSCILLATOR

The heart of any synthesizer is the VCO (voltage-controlled oscilla-
tor). It is the duty of this circuit to produce a waveform whose frequency
may be contralled by an input voltage (hence the name). So, for example,
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might want to have one VCO follow another, but with an interval of a fifth
between the two. Once set, the two VCOs will maintain this interval up
and down the entire scale. While it is possible to cause two linear VCOs
to track undcr some circumstances, the difficulty and instability involved
is a rather steep price to pay.

The major drawback of exponential VCOs is that unless good design
procedures arce followed, they tend to become detuned with a change in
temperature. Quile a bit of research has been done in this area, though,
and today it is fairly easy to design VCOs with excellent temperature charac-
teristics.

Finally, for maximum versatility. a synthesizer VCO should have a va-
riety of outputs available. Sine waves, triangle waves, ramp waves, pulse
waves and so on should all be handy if possible. The more waveforms avail-
able, the more sounds your synthesizer will be capable of.

These are the basics needed for a good VCO; as you will see later on,
there are all sorts of interesting extras that may be added (See Chapter 5).

THE VOLTAGE-CONTROLLED AMPLIFIER

The next module in a synthesizer is the VCA (voltage-controlled am-
plifier). As the name suggests, this is an amplificr whose gain may be al-
tered by means of a control-voltage input. A signal is pumped into the VCA
and the amplitude of the signal which comes out will be greater or smaller
depending on what the control voltage is doing. You can sce, then, that
a VCA has two inputs; onc input is for the signal (usually an audio signal,
but not always), and the other is a control voltage.

VCA circuits show up in many arcas of electronics. For example, some
types of noisc reduction equipment for recording studios employ VCAs,
as do automated mixdown units. Telephone circuits and some radio cir-
cuits use VCAs as well. These types of VCAs can get pretty exotic, but
fortunately for most electronic music purposcs you can get by with sim-
pler and less expensive units. In Chapter 7 when the circuit for a real VCA
is described, you'll learn about response, signal levels. and other factors
crucial to the VCA. Right now all you nced to kaow is that a VCA modu-
lates or controls the amplitude of a signal.

THE VOLTAGE-CONTROLLED FILTER

Now stop a minute and ponder this question: what’s the differcnce be-
tween a triangle wave and a squarc wave? Well, obviously if you have an
oscilloscope, you can tell the difference just by looking. One waveform is
tranglc shaped and the other is square shaped. But in terms of hearing,
whal's the difference? Everyone's cars and listeniny abilities are a little
different, but most would agrec that a triangle wave is rather pure or sim-
ple sounding, while the squarc wave is sharp or harsh sounding.

You learned in Chapter 1 that this difference in “tonc quality’” can he
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to be told how to modulate the signal. Should it create a fast attack and
decay. or should the times be slow? It's the duty of the envelope generator
to tell the VCA how to perform these actions. As the name implics, the
envelope generator creates an envelope which is impressed on the ampli-
tude characteristic of the input sound.

Most instruments have fixed attack and decay characteristics. Thus,
guitars, flutes, trumpets, drums and so on, have no real way of changing
their amplitude envelopes. This is one area where the electronic music syn-
thesizer shines in all its glory, for it may change the cnvelope of a sound
with the twist of a knob. Just about any envelope can be created, from
the natural to the really far out.

There are several different Lypes of envelope gencrators available to-
day. One kind is the AD or attack-decay type. The AD unit allows you
to vary the initial attack and decay characteristics. Plucked string instru-
ments, like the guitar, often have an AD envelope. You pluck a string and
initiate the attack cycle. After maximum volume is attained the vibrations
decay to silence. Figure 2-1 is a graph of the output of an AD generator,
and shows how a trigger signal (generated by the synthesizer in some man-
ner) initiates the envelope. The first waveform has a medium length at-
tack and decay while the second one has a very short attack time and very
long decay time.

Some instruments, like the violin, don’t follow this pattern. though.
Think about it; the bow is applied to the strings and the sound builds up
to some maximum volume. But unlike the guitar, the sound doesn't decay
right away but continues for as long as the bow is in motion. Only after
the bow becomes still does the sound decay. This type of envelope pattern
is known as the AR (or attack-release) response. The allack initiates the
sound, but the sound doesn’t go inlo its final decay or release until after

AD generator : output

Trigger

Fig. 2-1. The output of an AD generator.
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(the bow stops moving, bellows stop puffing, gate is removed). After the
sustain portion of the curve. the release occurs and the sound will die away
to silence. Now it’s important to realize that the decay is not the same as
release. Both of these terms indicate that the eavelope is diminishing in
amplitude, but in the case of decay the sound does not die away completely,
but goes to a sustained level. Release. on the other hand, allows the sound
to dic away altogether. Some manufacturers call decay fnitial decay and
release final decay, but this tends to be a little confusing.

Figure 2-3 shows the graph of a typical ADSR waveform. Note that
both a tnigger and a gate are required to fire this type of envelope genera-
tor. The trigger, of course, tells it when to go into the attack position, while
the gate specifies the length of time for the sustain to occur. In Chapter
8. you'll see how to build this type of envelope generator and also add on
a new feature known as retriggenng.

An envelope generator, no matter what type it may be, puts oul a con-

Decay

Sustain
ot
‘\\'b

j ADSR generator output
)
|
|
|

- e vt e o mafem-- -

Gale

Triggor

Fig. 2-3. The output of an ADSR generator.
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these fire the ADSR. In addition, the keyboard also puts out a control volt-
age and this modulates the VCO according to the one-volt-per-octave pro-
tocol mentioned earlier. Thus, with just a keyboard, VCO, VCA, VCF and
envelope generator you can create some pretty respectable synthesizer
sounds. But to get some really dynamic sounds, something more in the way
of controller-type modules is needed.

LOW-FREQUENCY OSCILLATORS

The LFO (low-frequency oscillator) is one such module. As the name
suggests, this unit oscillates at a low frequency. How is it used? Well, one
good example is in the creation of vibrato. Vibrato is the sound which oc-
curs when the frequency of a note is modulated in a periodic fashion. The
pitch “warbles’’ slightly and this is actually a case of frequency modula-
tion (FM). Many instruments, including the human voice, violin, and saxo-
phone, use vibrato to add color and expression to their sounds.

Studics have shown that vibrato is most pleasing when it occurs at a
rate of about 7 Hz. (There’s nothing magical about this number; other rates
are possible, depending on the style of music, but for most typical songs.
7 Hz seems about right). How can the VCO be made to oscillate in this
fashion? First, it must warble sharp, then flat at about a 7 Mz rate. This
is where the LFO comes in; an LFO can oscillate at this frequency quite
casily and is used to control the VCO. Figure 2-5 shows a patch for vibrato
or FM. Note that the keyboard specifies the basic or center frequency. while
the LFO causes it to deviate in a periodic manner.

In the past, people have tended to confuse the notion of vibrato with
that of tremelo. As you have just seen, vibrato is an accual pitch deviation
effect or FM. Tremelo, on the other hand, leaves the pitch intact and in-
stead varies the amplitude of the signal in some periodic manner. Tremelo
is amplitude modulation (AM). It is true that under some listening circum-
stances it is easy to confuse tremelo with vibrato, but it should always be
bomn in mind that the cffects are distinctly different and result from differ-
ent causes.

At this point, it should be clear that voltage control is the key to how
synthesizers work. A synthesizer has many dozens, perhaps even hundreds
of parameters, and changing just one parameter will alter its sound. If all
these had to be changed by hand, it would take many dozens of pcople
a)] twiddling knobs at a furious rate just Lo realize the simplest sounds!
But by letting the paramcters be capable of voltage control. you can cause
many different things to happen at once. For example, in Fig. 2-5. the fre-
quency of the VCQ is easily modulated by both the kceyboard and the LFQ).

THE NOISE SOURCE

You've seen quite a few modules now, and Lhere appears to be no limit
to the number of sounds which can be created. Just take a VCO for a sound
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of an oscillator. The sound is quite eerie, as is often to be heard in old
science-fiction movies. The theremin isa't heard much anymore. but some
clever people have adapted it to synthesizers. Now when vou move your
hand closer to the antenna, a greater control voltage is generaled, and this
in turn can be used to modulate some synthesizer circuit. It's quite a sight
to sec one of these in action. The performer's hands never touch the in-
strument!

Another controller that falls into the “weird’’ category is the rotary
controller. This is generally formed by attaching a long stick to a poten-
tiometer and mounting the whole thing in an easy-to-hold case. The per-
former plays the instrument by waving, jiggling and swirling the stick. This
is a good controller to expenment with since it is quitc casy to make and
very inexpensive. Performing musicians may want to fasten a strap to the
affair so that it can be worn like a guitar.

Perhaps the most unique and musically useful controller to come along
in quite some time is the pressure sensor. This is a pad, about three inches
square, with a pair of wires emanating from it. The performer plays it by
alternately pressing and releasing the pad. The output voltage, which can
control VCOs, VCAS, or in fact any synthesizer module, increases as the
pressure increases. This is a difficult instrument to use all by itself, but
is extremely handy when used in conjunction with a keyboard. For exam-
ple, the right hand might play a melody on the keyboard while the left hand
presses the pad, thus creating pitch bends and glissando effects.

Before leaving the subject of controllers some mention should be made
of pitch and envelope extractors. Envelope extractors are the casiest to
understand (and hence make in the home workshop), so let's consider them
first. Basically. some traditional instrument is plugged into the envelope
extractor and the output will be a control voltage which varies directly with
the instrument’s amplitude envelope. For example, plug a guitar into the
envelope extractor (sometimes called an envelope follower) and monitor
the output. The harder you strum the guitar, the greater the oulput volt:
age. We say that the control voltage follows Lhe envelope, or alternately,
the envelope has been extracted. Note that the pitch is ignored; only the
volume parameter is detected by the unit.

A pitch extractor (or follower), on the other hand, monitors some input
signal and prescnts a voltage to the output which is directly proportional
to the pitch of the instrument. Thinking of the guitar again, with a pitch
extractor, the higher the note played, the higher the output vollage. This
voltage, by the way. could be fed to a VCO and then the VCO would ex-
actly track the pitch of the guitar. It should be clear that the pitch extrac-
tor is 2 monotonic device. It can only follow one note at a time. So chords
are out; it may only be used for solo applications. It probably comes as
no great surprise that the fundamentals of pitch extraction are very com-
plex, and indeed many designers consider this to be the single most diffi-
cult problem in all of electronic music.
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Take capacitors for example. There are electrolytics, disk, mylar, poly-
styrene, mica and many other kinds. How does the experimenter know
what kind to choose for what task? Well, that's a tricky question and a
complete answer would take us through the complex rcalm of reliability
analysis, quality control, (cmperature design and so on. To build syn-
thesizers you don’t really need to know all the theory, so let’s develop some
rules of thumb on how to pick the right component for the job.

Selecting Capacitors

As noted above, there are quite a few different types of capacitors.
Let’s talk about the most common types and when and where they should
be used. Disk capacitors arc pcrhaps the most common. When should they
be used? As it turns out. disk caps don't come in very close tolerances and
tend to dnift with temperature. This being the case. they should not be
used in sensitive, tuned circuits. For example, they would be a poor choice
for the main tuning capacitor in a VCO. However, they are a good choice
for bypass and decoupling applications. In cases like this, the exact value
doesn't matter much and any change with temperature is inconsequential.
So imagine a digital circuit with lots of switching and clocking going on.
To keep all of that switching "‘garbage’ from being imposed on the power
supply lines, you would typically drop a 0.1 mfd. disk capacitor across the
supply pins of each digital chip. Note that this is a case where home-built
can be made better than store-bought equipment. Manufacturers have a
tendency to cut comers and not really put in enough decoupling and by-
pass caps. But you can!

Mylar capacitors are the next ones to consider. These generally come
in 10 % tolerances and are fairly stable with regard to temperature, and
as a bonus, their price is fairly low as well. As such, they are often a fine
choice for simple (not-too critical)filters, differentiators, and ac-coupling
applications. With rcgard to filters, you should only use them in noncriti-
cal circuitry, such as tone controls and basic roll-off filters for noise sources.
Do not use them for the filter element in serious VCF designs or the tim-
ing element in VCOs. Use polystyreac caps instead.

Polystyrene capacitors are the tightest tolerance and temperature sta-
ble type made. Consequently. their price is substantially greater. Howcever,
I'm still talking about prices of less than fifty cents cach, so they are well
worth the money for VC(Os and VCFs where precision and stability are
important. They generally come in S % tolerances. which is quite good for
capacitors. You won't have to keep a big stock of these on hand, since most
designs can be accomplished with a 1000 pF value.

All of the capacitors discussed thus far have been fairly low in value,
typically between 10 pF and .47 mfd. When you need bigger sizes you will
have to go to electrolytics. The common clectrolytic (it looks like a little
tin can) is best for decoupling, ADSR timing elements and power supplies.
Decoupling and ADSR applications will need values in the range of 1 mfd.

29






anymore, but occasionally they show up as surplus or in bargain bags. They
are all right to use in most common circuits, but if you have a choice go
with carbon film types.

Carbon-film resistors are the most common and least expensive type
on the market today. The price is always less than ten cents, and in fact
is usually closer to a nickel. Since the price per unit drops substantially
when they are purchased by the hundred, it pays to stock up with some
common values. 100 ohms. 10k, 100k and 1M resistors in particular find
their way into synthesizer circuits by the dozens, so save money and stock
up.

Metal-film resistors are the most expensive and are fairly hard to find,
at least at the hobbyist level. Fortunately, you will never have rcason to
usc them in any of the circuits in this book. But one thing that you might
want to keep in mind is that metal film resistors arc¢ quieter and less apt
to pick up stray hum in audio circuits. For this reason they are the best
choice for high-quality preamplifiers and other low-noise circuits.

Resistors come in standard values and in a varicty of tolerances. Ten
per cent tolerances were common in the early days, but today a 5 % toler-
ance is almost the industry standard. Since they are so readily available
and the price so low, there is no excuse not to use S % whencver possible.
Some circuits, ke VCOs and VCFs won't work at their best with 10 %
values, so stay away from them!

Occasionally you will nced a | 9 value. These are most commonly
found in filters and VCOs, usually in the control-voltage summing networks.
You won't need a big stock of these; generally 100k values are used, and
more rarely other values. You should keep your eyes open for surplus sales
and pick up fifty or so, if the price is right. A pack of fifty should last for
a lifetime.

A word should be said aboul Lhe power requirements of resistors, Ex-
cept for power supplies, which handle a great deal of curtent, all of the
modules in an electronic music synthesizer are low-current devices. This
means that you can use 1/4-watt resistors throughout. This not only saves
space and money, but makes for very attractive circuit board layouts as
well. Sometimes in power supplies you wil) need bigger resistors, but you
can deal with this when the occasion arises.

Potentiometers are easy 1o choose for projects since there isn't much
of a choice available for the experimenter. They have almost without fail
1/4-watt ratings, which is just fine for synthesizers. And electrically, most
types are all the same. But there is a mechanical considcration that's of
some importance, and that's whether it’s a sealed unit or not. Sealed pots
last much longer and are practically immune from noise and “'scratch’ prob-
Jems but cost much more. Whenever possible try to use sealed potentiom-
eters in the audio portions of your circuits. Unsealed or open types are more
suited for control voltage atlenuators, where you won't be hearing any
“scratch” through the audio system.

31






as high as hundreds of megohms! They are the perfect op amp for ADSR
capacitor buffers and many types of filter circuits. One gaod type is the
LF351 made by National Semiconductor. This chip is easily available now
and the price is under a dollar. Another choice is the TL071. This latter
chip is very similar to the former; the main difference is that it is produced
by Texas Instruments. Either chip will work well in synthesizer circuits.

When you need dual or quad FET op amps, you again have a choice
of brand names. A good dual unit is the LF353, and the amplificrs in this
cight-pin package are similar to the LF351 mentioned above. Or if you're
using the Texas Instruments line, try the TL072. Sometimes you will need
a quad op-amp package. A good choice herc is the TL084 available in a
fourteen-pin package. Whichever you choose, you will be glad to know that
all of the above chips are available from a number of sources. Mail order
houses are usually your best bet, although local dealers and Radio Shacks
are starting to carry a number of the devices now.

One of the designer's perennial problems is the battle against noise.
Audio circuits which are subject to hiss, hum and noise are no fun at all!
Neither the performer nor the audience can tolerate much of this, so it be-
hooves us to always keep a lookout for ways to reduce noise. The proper
choice of an op amp goes a long way lowards reducing noise. While the
FET op amps mentioned above generally have good noise figures, for the
impedance levels that we're interested in, there are better op amps. For
example the 4739 dual op amp is an excellent choice. This chip is very
stable, has a relatively good slew rate and a better than average noise fig-
ure. In fact, it is the perfect choice for just about any audio application
within a synthesizer. And it's just as easy to use as a 741! This chip is made
by Raytheon, EXAR and other manufacturers and is available from quite
a few mail order houses. You will he using the chip quite often.

When it comes to quad op amps, the 4136 is a nice chip to use. It is
similar to the 4739 (except that it's a quad op amp, of course), and has
only a slightly higher noise figure. In terms of noise and slew rate, how-
ever, it's still infinitely better than the 741. You will be using a lot of these
as well.

There arc many other op amps kicking around. of course, but the ones
mentioned above witl cover most every elcctronic music puepose. So far
the rules of thumb for selecting op amps have been based on input im-
pedance, noise figure and slew rate. Figure 3-1 is a simple table which sum-
marizes the various op amps discussed previously in tcrms of these
parameters. If you wish to really drive home the importance of these
parameters, obtain spec sheets for the chips and compare them. You will
get a better feel for the diversily of op amps on the market today.

Selecting Jacks

There is really only one type of jack that makes any sensc for use in
a synthesizer and that is the standard 1/4-inch phone jack. These are sturdy,
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for resistors, some for capacitors and others for ICs. In general, start think-
ing in terms of inventory control. Even on a small, home experimenter level,
you will save time and money by planning ahead like this.

For many parts, like the ones mentioned above, you will have quite
a few choices of what merchants to do business with. When you find a fast
and rcliable company, stick with it. Sometimes, however, you will see a
super bargain elsewhere or perhaps find that the part is available from only
one supplier. This is the case with some of the more exotic music chips.

The best way to become a smart shopper is to load up on catalogs.
Send away for several dozen, and don't forget those *‘bingo'’ cards in hob-
byist electronic magazines. You circle numbers corresponding to various
manufacturers, and send in the bingo card. You will then be put on a num-
ber of mailing lists. This is onc casc where the more junk mail, the better!
Appendix A lists a number of suppliers carrying parts of interest to the
music ¢xperimenter.

SUMMARY ’

In this chapter you learmmed something about creating a master plan
for the construction of a synthesizer—how to see the forest rather than the
trees. The notion of design standards was introduced, and vanious im-
pedances, signal levels and input/output structures were described. It was
agreed that all input impedances should be 100k, all oucput impedances
are to be 1k, audio signal levels should be 10V peak-to-peak, and control
voltages are to swing between 0V and +5V. Also, trigger signals should
be about 1 millisecond wide.

The selection of capacitors, resistors and op amps was described next.
When it comes to op amps, the major criteria were found to be slew rate.
noise and input impedance.

This chapter was concerned with electrical standards only. In the next
chapter, various mechanical considerations will be considered. This includes
the notions of packaging. preparation of front panels and special applica-
tions hardware.
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professional-looking instrument.

‘This brings up a very important point. The major impetus and justifi-
cation for this book is that you can build a better synthesizer than you can
buy! This has been demonstrated time and time again by innumerable hob-
byists, experimenters and musicians around the world. This being the case,
you should strive to make the thing look as good as a store bought unit.
As it turns out, with a little patience, and the right tools and forethought,
this isn’t as hard as it seems.

So ponder the mechanical side of things a bit. Use your creative facul-
ties to visualize how the final unit should look. Then start haunting the
hardware stores, drafting supply houscs and stationary stores in search
of the tools and paraphernalia needed to implement your design.

Most modular synthesizers arc designed as a mainframe unit and the
various modules are bolted into place and electrically connected in some
fashion. Each module is built behind a small front panel. The front panel
houses the various jacks and controls, and usually the circuit board for the
moedule sits on small angles behind the panel. When a particular module
is completed. it is slipped into the mainframe and secured in place. The
beauty of this system is that the modules may be casily moved around,
or completely exchanged for different ones if desired. If you need to
troubleshoot something, you can pull the defective module out for this pur-
pose. This modular approach makes the most sensc for home-built equip-
ment and so is the method employed throughout this book.

What size should the mainframe be and how big should the individua)
modules be? These are not trivia) questions. Consider commercial equip-
ment, for example. Moog, ARP, Serge, E-Mu and many other manufac-
turers produce modular equipment; what sizes do they use? It probably
won’t surprise you to know that they all use different sizes, and thus there
is no mechanical compatibility between the equipment. (Since when have
competing manufaccurers of anything ever gotten together!) You are in no
way compelled to use any of these various sizes, so let’s use one that makes
the most sense for home studio work: this is the standacd rack mount.

RACK-MOUNT ENCLOSURES

A rack mount is a very common arrangement. Many industries and
Jaboratonies employ them to house scientific equipment. For example, phone
companies, college science labs, recording studios, and many other firms
use standard rack equipment. A rack mount can come in many different
heights, all the way from small desk units up to ceiling height affairs. The
height determines the number of modules which may be installed, and in
this dimension they very wildly. But in terms of width all rack mounts are
the same. The width is such that 19-inch wide panels slip right into place.
These panels can be bolted down using standard holes as well.

The point is that rack mounts are the most standardized mounting sys-
tem available today. The width is always 19 inches and the holt holes also
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paint the surface with clear plastic or lacquer. Allow this to dry and spray
again, and then one more time. After lelting the panel dry overnight, bake
it again for about a half-hour at 250 degrees or so. This final baking will
darken the panel a shade or two, so plan ahead and use a lighter back-
ground color than vou think you need. The purpose of all of this, of course,
is to create a very hard protective surface on top of thosc relatively fragile
dry transfers. Despitc this protection, you should take extra care when
mounting jacks. pots, and the other controls. A slip of a pliers or a wrench
while tightening a nut can easily spoil all your hard work.

You are now down with the panel and it will be both durable and at-
tractive. You will no doubt be surprised at how the panel no longer betrays
its heritage; no one will ever know that it is homemade and started out
as a piece of ordinary aluminum.

As mentioned above, you should lay out the panel from a mock-up.
It is essential to prepare for this by doing a (ull-scale drawing of how you
want the panel to appear. By doing it full scale, you can play around with
the actual pots, jacks, and switches themselves to see how they fit together.
You will soon find out that the mock-up is the single most important as-
pect of creating nice panels.

This, then, is a working method for making rack pancls. It may sccm
like a lot of work. but vou will find that if you have a clear idea of what's
involved, you can actually go through many of the steps without much think-
ing! And herce’s a tip to make things go casicr. It may sound a little crazy,
but the night before building anything, as you lay down to sleep, visualize
in your mind just what you will be doing the next moming. You'll find that
this mental preparation makes the actual work go very quickly, since you
are essentially going through the motions. After all, you've already built
the thing (in your mind) so what'’s so hard about building it again?

CIRCUIT CONSTRUCTION METHODS

Besides rack panels, rack mounts and other mechanical considerations,
the hobbyist must also consider electronic circuit construction techniques.
There are a number of possibilities, such as printed circuit boards. pert-
boards, generals purpose breadhoards and so on. Each experimenter will
have his or her own favorite technique. Some people can build large cir:
cuits very guickly with perfboard and flea clips, but not feel at home at
all with printed circuit board methods. Another person might prefer bread-
hoard methods. Let's look into these various techniques of circuit con-
struction.

There is no doubt that printed circuit boards give the most reliable
and consistent results of any method. They tend to look nicer and produce
less hum, noise and stray capacitance. But that's only if they've been laid
out corvectly! A poorly dcsigned printed circuit board can be a nightmarc!
So, if you're going to gct into printed circuit boards, be sure to Lake your
time and learn the ropes well. Many of the electrunic hobbyist magazines
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Part 2

Construction Projects
























tuations in pitch. It follows that the tuning element (C4) should be as sta-
ble as possible and polystyrene is ideal for this purpose. And in general,
use the highest quality parts throughout the construction of this project.

While not strictly necessary, R17 (the volts-per-octave trim) could be
a multiturn trim pot. This eases the task of tuning somewhat and allows
for very precise adjustment. However, for most musical applications this
isn't necessary. Just use a good quality trim pot and you won't go wrong.

IC3 is a CMOS device so all of the usual static precautions should be
observed. Use a socket for the chip. Actually, you should use sockets for
all of the integrated circuits since this eases the task of troubleshooting
if needed.

This is a very fancy VCO and it has many fcatures that even the best
commercial units don’t have, so take your time and do a good job. Make
an attractive panel, and if possible apply graphic techniques. For exam-
ple, below the output jacks, draw pictures of the various waveforms (sine,
triangle, pulse, etc.). Pictures are always easier to interpret than words.
Besides making the pane) attractive, take pride in your wiring and use tie-
bands, clamps or whatever it Lakes to create a pleasant looking layout.
Chances are the circuit will work like a champ right off the bat if you take
your time and do things in a neat and orderly fashion.

CALIBRATION

Tweaking the module isn’t all that hard. but it does take patience. Let’s
start by tuning the VCO for a one-volt-per-octave response. There are a
number of ways to accomplish this, and each way requires varying amounts
of test equipment. For example, you could tune it with a function genera-
tor and oscilloscope using Lissajous figures, or you could use a frequency
counter and digital voltmeter. Howcever, the simplest (and in many ways
the best) way is to simply tune it with your own ears. After all, if you can't
hear that anything's wrong. then nothing is wrong' Here goes.

Plug the keyboard control voltage into the one-volt-per-uctave input
at J2. Then hook up an amplificr and speaker to the triangle wave output
and adjust R4 and R4S until you hear a tone. Now repeatedly play a mid-
dle C and one C above this, back and forth. Adjust R17 until you hear an
exact one-octave interval. That’s all there is to it!

Now try out all of the keys; do you hear a good equally tempered scale
up and down the whole keyboard? If you do, then you can skip doing any-
thing with R28 (and this will probably be the case). [f the high end sounds
a little flat. adjust R28 somewhat. The purpose of this trim is to boost the
frequency of the very high range of the VCO, since it is in this range that
the so-called resct time for the timing capacitor, C4, becomes of greater
concern. After adjusting the trim pots, dab a little fingernail polish on to
hold them in place.

The sine timmers, R49 and R35, are best adjusted with an oscillo-
scope, with your ears serving as the final arbiter. While watching the wave-
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Resistors Capacitors
R46, R47 10 C1 10 pF disk
R1-R6 200 C2 47 pF disk
R7 1k C3-Cé 001 mfd. poly
R8 1k thermistor (o7 4 .05 mfd. mylar
R9-R19 10k c8-C9 100 mfd. electrotytic
R20 10k trimmer
R21 18k
R22 25k vimmer Semiconductors
R23-R24 33k IC1 SSM2040 VCF chip
R25 27% IC2 4136 quad op amp
R26 39k IC3 741 op amp
R27 47k IC4 3080 OTA
R28 S6k D1 1N4148 or 1N914
R29 91k Q1 2N3906 pnp lransistor
R30-R35 100k
R36-R41 100k polentiometer
R42 - 100k trimmer Miscellansous
R43 150k J1J5 .open circuit phone jacks
R44 220k
R4S 2.2M

Fig. 6-3. Parts list for the four-pole lowpass VCF.

into its socket. Now mount R8 right on top of IC1 and solder in place. If
desircd you may apply some while silicone heatsink grease between the
IC and the thermistor. This is optional, but its use greatly increases the
thermal bond between the two parts.

Now double-check your work. Example the circuit board carefully.
Remember, the SSM2040 is not short-circuit proof and the chip could be
destroyed very easily by a random solder bridge. So look everything over.
Are there any inferior solder joints, solder bridges or shorted connection
wires? Check the wiring to the panel: is everything right?

If your answer is *'yes' to the above, then install the rest of the ICs
in their respective sockets, and complcte the front panel wiring. Inciden-
tally, the controls and jacks easily fit behind a standard 1 3/4-inch by 19-inch
rack panel.

CALIBRATION

First calibrate R42. the dc balance trimmer. With a dc voltmeter, mea-
sure the voltage on the wiper of R41 and adjust it for OV. Now turn down
the audio input, R39. Apply a 10V peak-to-peak, 2 or 3 Hz signal to the
voltage-controlled resonance input at J4 and turn up R40 all of the way.
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said about why you might want to change the clock rate. The best answer
is “'try it, you'll like it!"* The sound is an incredible swooshing noise not
unlike phasing or flanging. The noise takes on a new tonality and swcep-
ing the clock changes the spectra in a dramatic and eerie manner.

Let’s analyze how the external clock is set up. Refer to the schematic
in Fig. 9-1. R1S and a capacitor selected by S1(C3, C7 or C8) sct the basic
VCO frequency. A control voltage applied to ]2 is summed through Al
and applied to the control voltage input of the VCO at pin 16 and this sweeps
the VCO frequency. Since Al is an inverting stage, an increasing voltage
at J1 yields an increasing frequency. R48 (the initial noise clock pot) oft-
sets the VCO if desired, or can be used as a manual sweep control. Tnm-
mer R46 sets the zero point of the VCO so that 0V applied to J2 gives the
minimum VCO frequency. Diode D4 prevents any inadvertent negative
voltages from creeping into the SN76477. The VCO's square-wave output
is taken off of pin 13 and sent to the external noise clock input at pin 3.
Pin 4 is tied to the +5V line which programs the chip to accepl an exter-
nal clock.

The output of the noise source is tapped off of the noise filter capaci-
tor at pin 6. The noise must be taken at this point since the chip’s normal
output, pin 13, is already committed to the VCO. The signal is buffered
by source follower Q7. and amplified and level-shifted by A 10. The output
at )3 is a standard 10V peak-to-peak with a 1k impedance.

This covers the opcration of the noise source. As a review, consider
the basic elements again: the VCO is used as an external clock; it then
drives the noise source via pin 3, and the output of the noise source is tapped
at pin 6. By sweeping the VCO, the noise source is also swept and thc re-
sult is a very unusual sound, nol available on most other synthesizers.

Check out the LFO circuitry next. The LFO has lots of options, so let's
examine them one by one. To simplify matters. we'll ignore Q1 and its
related circuitry for the moment.

Ordinanly, the only LFO waveform accessible at the output of the
SN76477 is a square wave; however you can get a tnangle wave if you
tap the waveform off of the timing capacitor, making sure that you bu(fer
it sufficiently to prevent loading. The timing capacitor is selected by S2
(C9, C11 or C13), and this sets the basic range for the LFO. The triangle
wave is taken of( of one of these capacitors and is buffered by A2, This
op amp is set up as a voltage follower, and if an FET type is used, it will
have an input impedance of many megohms!

The triangle wave at this point goes from about +0.4V tn + 2.8V (or
a total swing of 2.4V. This is hardly standard! But when amplified by A4
and level shifted by R55, the output becomes a 10V peak-to-peak (centered
about ground) triangle wave. R55 sets the approximate offset of the out-
put; trimmer R47 centers the output exactly about ground. LED 1)6 at the
output of A4 monitors the LFO rate.

As mentioned, S2 sets the basic range of the LFO. Potentiometer R57
gives continuous control over the rate. Between S2 and RS7 you will be
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is selected by S2. Not only can Q1 discharge the timing cap, but it can
also hold the LFO waveform output at OV.

With S4 in the foolswitch position, and an ordinary SPST push on/push
off footswitch plugged into jack J11. closing the footswitch ties the junc-
tion of R12 and R27 to ground. Thus Q1 is off and the LFO runs normally.
Status LED D3 is )il to indicate that the LFO is running. However, open-
ing the footswitch releases the junction of R12 and R27 from ground, which
initiates two events. First, the status LED is extinguished; second, Q1 is
turned on, and this shorts the LFO’s timing capacitor to ground. In other
words. the LFO is in an "'hold”’ slate and the extinguished LED indicates
this fact. Footswitch control of the LFO, while simple to implement, can
really add a lot of versatility to your sound.

Now consider the delay function. To make it clear how this works, let’s
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However, remember that I said the gate input is off. As a result, the
other input of the AND gate is low (pins 5 and 6 of the 4001), so no trig-
gers appear at the output yet. But push a key down (gate on), and the AND
output goes high, which allows tnggers to pass to the output.

This may seem like an elaborate way to generate triggers under key-
board control, but it is necessary. Without this logic scheme, there would
be a perceptible delay time between pushing a key down and the appear-
ance of the first trigger. Other ways of attempting this fail miserably and
make it extremely difficult to use in a musical context.

The triggers at AS5’s output also clock the S/H (sample and hold). A7
1s an input buffer for the S/H, and its output is applied to FET Q6, which
acts like a switch. With no trigger applied, R56 keeps the FET pinched
off, hence no current flows through the FET channel. But when a negative-
going trigger hits the FET's gate, it tums on, allowing whalever voltage
is at the output of A7 to pass to the hold capacitor C10. Then the FET
tumns off again and the charge is safely “sealed in"' by the FET on one
side and A8 on the other. A8 must be a FET-type op amp. The output
of A8 reflects the charge on C10, and that charge passes across R60 into
C6. R60 is a portamento control that can “‘glide’’ or *'slur’” the sampled
voltages together. The output is buffered by an FET-type op amp, A9, and
is then presented to the S/H output.

This, then. covers the complete operation of the Supercontroller Mod-
ule. Even though it is a big circuit, by analyzing each sub-circuit one at
a time, it is possible to understand the entire unit. You shouldn't expect
to be ahle to fathom the circuit at one sitting, however; you’ll probably
have to reread this section and trace the circuit through a number of times
before you understand it completely.

CONSTRUCTION

Because this is such a large project, perhaps the best method of con-
struction is with a printed circuit board. However, there is absolutely nothing
critical about the circuit, so there is really no reason why you couldn’t build
your version with perfboard and flea clips. Figure 9-2 is the complete parts
list.

The prototypes of this circuit were built behind standard 3 1/2-inch
by 19-inch rack panels. Figure 9-3 shows a suggested layout. The circuit
board can be supported on angles and this will decrease the length of wires
needed to connect it to the pane) controls.

There wasn’t room to show them in the schematic, but each power
supply line (+ 15V, - 15V and + 5V) should have a 100 m{d. electrolytic
capacitor draped across it. These serve as decoupling capacitors and help
keep the noise source from running down the supply lines to other mod-
ules in your system, so be sure to include these three capacitors!

CALIBRATION
Tweaking the Supercontroller is quite easy. First you need to set R47,
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supply hookup for the chip. Since this part of the circuit drives the gate
of an n-channcl FET, you need a swing from - 15V to ground.

A4, Q1 and associated circuitry comprise a sign changer. A sign changer
is a two-input, one-output device. One input is a control input and the other
is the signal input. When the contro! input (the gate of Q1, in this case)
is at ground, the signal input (to R13 and R14) is passed unaltered. But
if the gate is at - 15V, then the signal is sent to the output inverted. It
is the duty of the sign changer to invert segments as required to create
the new triangle wave.

Note that so far all of the op amps have each been one-quarter of a
TLO084 quad FET op-amp package. This particular chip must be used (in
lieu of 741s, for example), since an extremely high slew rate is needed.
You want all of the switching to be as clean as possible and this will insure
that when the segments of the new triangle wave are “‘glued’* back together
they will connect in a smooth fashion.

Now I'm going to reverse this philosophy and specify as slow an op
amp as possible for AS and A6! A5 sums together the various line seg-
ments to form a new triangle wave, ninety degrees out of phase with the
original. | suggest a low slew rate for this amp, since any of the discon-
tinuities in the derived triangle will be masked by the op amp'’s inability
to slew fast enough! In addition, A6 is set up as a lowpass filter, and this
will help smooth the new triangle out as well. The cutoff frequency of this
two-pole filter is at 1.5 kHz.

Admittedly, without getting into a rigorous treatment of the circuit,
it is difficult to believe that it really works. But the hints given above should
aid you in developing an intuitive feel for how the quadrature function gener-
ator is implemented.

CONSTRUCTION

Any method of construction is fine for this project because no audio
or radio frequencies are involved. Pick whatever method you want. As usual,
hang the completed circuit board behind the front panel on small angles
and use #4 hardware to affix in place. This will minimize the length of wires
running between the circuit hoard and the panel. Figure 12-3 shows the
complete parts list for this project.

To round out the circuit you will probably want to provide inverted
versions of the ""Primary"' and “'Derived'” triangle outputs. This will give
you a total of four outputs, each one ninety degrees out of phase with the
previous.

If you like flashing lights on your equipment, you might want to add
some LED displays 1o the various outputs. For a really colorful light show,
use four tri-colored LEDs!

CALIBRATION
Adjusting the trim pots is fairly easy. To simplify the process, tem-
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commercial and home-built designs. While active in naturc (and hence im-
mune to loss of signal) and definitely a big improvement over the ring of
diodes approach, it tended to be a little sensitive and touchy to adjust. Since
that time, the 1595 has almost dropped out of sight, and is now rarely seen
on the open markel,

The design approach in this chapter is to take a standard 3080, opera:
tion transconductance amplifier (OTA) and configure it as a balanced modu-
lator. Normally an OTA is a fiwo-guadrant multiplier, meaning that onc input
may be bipolar in nature while the other must be unipolar, Of course, both
inputs of a true, balanced modulator must be bipolar, so if an OTA is to
be used, some sort of adjustment must be made to the unipolar input. As
it tums out this is quite casy to do.

There are two real advantages to using the 3080 in this design. First,
unlike the 1595 which is quite difficult to get, the 3080 is available from
lots of dealers. And the price is around $1, putting it well within every-
one’s reach. Secondly, the 3080 actually simplifies the design of a balanced
modulator somewhat, making the resulting circuit easy to huild and very
reliable as well.

As you might suspect, this application for the 3080 is quite nonstan-
dard. You might wonder where the original idea came from. Well, the idea
has been around for some time and seems to have appeared originally in
an application note for the LM13600, another OT A made by National Semi-
conductor. The idea lay fallow, until Bernic Hutchins, the editor of Elec-
tronoles, ran across it and realized that the circuit is well suited for electronic
music applications. You can see his treatment of a similar circuit in Elec-
tronotes #107, pp. 13-15. (See Appendix B for the newsletter's address.)

A full understanding of the circuit requires quite a bit of time spent
in setting up equations based upon Ohm'’s Law and Kirchoff’s [.aws, then
eliminating equations as nccded. The mathematics required is fairly sim-
ple, but the messiness of the equations puts it beyond the scope of this
book. If you would like to see the equations (and they are quite intercsting
for those with a mathematical bent) then refer to the above article for more
information. For the purposes of this book, a more intuitive treatment is
sufficient.

A number of features have been added to the original circuit to make
it more reliable and easier to use. In particular, impedance levels and
voltages have been firmed up to make the unit compatible with the rest
of the circuits in this book, and several input features have been added
to make more complex patches easily obtainable.

Before looking at the circuit, one small point should be clarified. Some-
times this circuit is referred to as a dalanced or four-quadrant multiplicr.
If you are thinking in terms of dc levels, it’s easy to se¢ why the term “‘mul-
tiplier'* is used. For example, put +2V on one input and - 3V on the other,
and the output will show -6V (scaled down by some multiplicative con-
stant). Thus, it actually multiplies voltages! You can think of a balanced
modulator as multiplying voltage levels, or creating sum and difference

125



















































Wire
soldered

to bus
\ Bare

Terminal
Screw strip

Fig. 15-2. Running trunk lines inside the synthesizer.

moving and don't let the heat build up on any one spot.

Remember that power supplies can generate a fair amount of heat. es-
pecially near the heatsinks of the regulators. This being the case, you will
want to be certain that no wires are draped across the supply. Also, one
point that might not have occurred to you is that a VCO shouldn't really
be mounted right on top of the power supply. Even though all modern VCOs
are compensated for temperature effects, why take chances? Because pitch
is such an important parameter give the VCO every chance to work cor-
rectly. Every other module in the synthesizer runs cool, so place the VCO
next to one of these.

COMPLETING THE SYNTHESIZER

When installing the modules in the cabinet, follow some sort of logical
order. For example, you might want to put the VCO below the VCF and
this below the VCA. Since these modules are used in this order more often
than not, it pays to mount them in the same way. This, of course, reduces
the length of the patch cords needed to interconnect the modules. Like-
wise, it makes sense to organize all of the audio circuits in one area and
the controller circuits in another. Then it will be easy to trace patch cords
down simply by noting the general area from which they are emanating.

At this point you should have the modules installed and wired up. You
will no doubt want to put some sort of a cover on the back of the unit and
thus insulate it from moisture. dirt and temperature extremes. Use about
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six bolts to affix the cover, because you may necd to take it off again at
a later date.

The last step is to throw on the frills. These include metal corners for
the cabinet, handles, rubber feet, etc. The frills are the icing on the cake,
but they really help give the final unit that polished look. It can’t empha-
sized cnough that a musical instrument which looks nice puts you more
in the mood for making music. So browse around the hardware store and
see what sort of niceties they have which will make your synthesizer a work
of art.

TESTING AND TROUBLESHOOTING

When you have the unit all put together, sit down and play it for a num-
ber of hours. This pays off in several ways. First of all, you'll become fa-
miliar with the effects of the various controls. This is very important,
especially since a synthesizer has so many knobs, jacks and switches which
may be confusing at first. Secondly, it is only after playing it for a while
that you will start to discover what needs to be improved or worked on.

Malfunctions will typically fall into three main categories. They are:

1. The module doesn’t work at all.
2. It works, but not very well.
3. It works, but is plagued by hum and hiss.

A Module Doesn’t Work at All. . .

Let's tackle cach of these three types of malfunctions, one by one. The
first category is actually the best sort of problem. Circuits that don't work
at all are always easier to fix than ones which are intermittent. This is be-
cause the symptoms are very obvious and stay that way. The first things
you should suspect are a misplaced wire, a broken wire or a bad solder
connection. For example, if th¢ powcr supply connections are reversed,
or the lead-in wircs broken, then the circuit will clearly not perform cor-
rectly. Likewise, a poor solder connection to an input jack could cause to-
tal circuit failure. So, for starters, check the power supply conncctions and
the input/output wiring.

What sort of test equipment is needed to make this analysis? Your best
tools are your eyes. Simply check everything over by inspecting the cir-
cuit carefully under a good light. Belicve it or not—almost ninety percent
of all problems can be resolved by a careful inspection.

A simple voltmeter is also handy to chase down this first kind of mal-
function. Check that power is indced present al the circuit board, and if
necessary check the power pins of each [C. Confirm that all is as it should be.

If this doesn’t get you anywhere, try rapping the various parts of the
circuit with a pencil or some other insulated probe. Flex the circuit board
carefully, or jiggle the connecting wires. In general, always suspect some-
thing mechanical first.

143



Next look for components that are obviously damaged. Are there any
broken leads on the capacitors? Are the diodes in good shape? Are the ICs
seated in their sockets correctly? Also be sure to check for polarized com-
ponents which may be installed backwards. These include electrolytic ca-
pacitors, diodes, transistors, and ICs.

The very last thing you should suspect is a defective IC! For some rea-
son this is the part that most hobbyists suspect first and yet statistically
the IC is the Jeast likely to cause problems. Always suspect yourself first
(misplaced wire, poor solder joint, etc.), 2 mechanical problem next (shorted
wire on the panel) and the ICs last.

The Module Doesn't Work Very Well

This type of problem is harder to chase down. If the circuit basically
works, but not very well, then you've got to get sneakicr in your approach.
Start by writing down everything that the circuit can do, then jot down
what it can't do. Now, while looking at the schematic, apply logic and form
2 hypothesis that covers the facts. Think of an experiment which you can
perform to test this hypothesis.

Writing down the symptoms forces you to see things clearly and logi-
cally and tends to fix the facts in your mind. And since there is no such
thing as magic in electronics, logic is your only weapon in the fight against
bugs!

Try to narrow down what circumstances lead to the malfunction. Is
it rclated to temperature, moisture, or does the problem only occur when
the module is used with another particular module? A good way to chase
down temperature disorders is with some spray coolant. Simply spray the
suspected part with the coolant and watch for any possible effects. On the
other extreme, you could blow hot air from a hair drier on the circuit and
watch for results,

You shouldn’t rule out any possible method when it comes to
troubleshaoting. Above all, remember to be orderly. The cardinal rules are
to apply logic, think of experiments to prove or disprove theories and draw
conclusions based upon the results of these experiments. Also, you need
faith! Remember that any problem can be solved, if only you stick with
it. To help you along in this department, you can be assured that every
project in this book was built, tested and debugged before being included.
You can make them work too.

Problems with Hum and Noise

If the circuit is subject to hum and noise (problem [3] from above) then
you should suspect bad solder joints right off the bat. A cold solder joint
acts just like a resistor, and placed in the wrong part of the circuit could
introduce either hum or nois¢. Another possibility is interaction between
several wires. To see if this is the case, try moving the connecting wires
to and fro and see if you note any difference.
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Hum is usually caused by improper grounding techniques. For exam-
ple, check to see that all round runs return to one point only. We all know
that a ground wire is supposed to be at zero potential and hence passes
no current, yet in practice it turns out that large ground runs with multiple
retumns often do transmit small currents. The result is a ground loop which
more often than not can causc large amounts of hum. So check (o see if
you have a ground loop anywhere. Pay special attention to the front panel
connections, since a ground leop is most apt to occur here. Also, if you
have used shielded cable to interconnect pots and jacks to the circuit board,
make certain that only one side of the shield is grounded. Under most cir-
cumstances you will ground the shield at the circuit board cnd of the wire
and let the pane! end float.

Troubleshooting: Case Histories

This covers the most common sources of problems and how they may
be dealt with. To tic these principles together, here are a few case histo-
ries that illustrate the procedures to be followed when troubleshooting elec-
tronic circuits.

CASE #1. A flanger all of a sudden broke into a weird sort of oscilla-
tion and whistling. The first stcp in finding the problem was to open the
unic up and put it through a simple visual inspection. This didn’t show any-
thing obvious, so the next step was to think and ask questions. What could
possibly cause an oscillation in the unit? The original instiument sound was
getting through, but the oscillation was much louder. More inspection stil)
showed nothing obvious in terms of faulty pancl connections. Then all of
a sudden an idea struck. What would 60 Hz hum sound like if it were
flanged? Ordinary hum is obvious, but what about flanged hum? After listen-
ing to the output again, it could be confirmed that something (possibly hum)
was actually being flanged. A test capacitor (a 1000 mfd., 50V capacitor
on alligator clips) was hooked across the dc output of the power supply
and the problem stopped! Looking very closcly at the big power supply
caparitor it then became obvious that a printed circuit board pad had lifted
up and fallen to pieces. After several minutes, the connection to the ca-
pacitor was reconstructed and the unit proceeded to work like a charm.
The moral of this story is that even ordinary hum can sometimes sound
different. This being the case you must be willing to let your imagination
run wild at times.

CASE #2. A ten-band graphic equalizer was acting very erratic. As
Jong as it wasn't touched or moved it worked just fine. But the minute that
one of the pots was adjusted, it began to crackle and cut out. As usual,
the first thing done was to open it and simply put it to a visual inspection.
No obvious problems were detected. So the next step was think about it—
still no Juck. A third technique was employed; using the craser end of a
pencil, the unit was tapped. This wasn't donc at random; rather, only those
arcas with potential “‘loosen-ups” were tapped. This gave some results.
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lem in a scientific manner. You will no doubt want to get a notebook and
keep copious notes on any new patches you've come up with. Listen to
other people’s music and try to figure out how they get a particular sound.
Or you might try to imitate nature. Try making some rainstorms, surf sounds
or tornados. What about traditional instrumeants; how would you go about
“imitating’* a saxophone, a flute, or an electric bass? Try all of thesc.

Don't expect anything dramatic at first. You should simply try to get
some experience in analyzing sounds and seeing if vou can duplicate them.
If you are successful, then you have understood the basic principles involved.

At this point you are thinking on a microcosmic level. That is, you will
be most interested in individual sounds and won’t concern yourself with
whether they are useful or not. Only after you feel at home with sound
and the synthesizer should you start to think macrocosmically and try to
compose entire songs based upon your previous work.

You will want to fil] your notebook with sample patches. These sam-
ples can serve as starting points for more useful and serious work later
on. Two magazines, Folyphony and Electronotes often publish sample patches
which can be modified for use on your home-built synthesizer. (See Ap-
pendix B for information on these magazines.) A number of hooks also give
some sample patches. For example, Delton T. Hom's The Beginner's Book
of Electronic Music (Blue Ridge Summit, PA: TAB Books, 1982), Appen-
dix D, gives quite a few patches Lthat can be used with your homemade
gear. Another possibility is The Source, (Oklahoma City, OK: Polyphony
Publishing Company. 1978) which is a compendium of patches submitted
by readers of Polyphony.

If you have built all of the circuits in this book, then you have proba-
bly spent a great deal of time in the lab. Shut the door and lock it! It's
time to be a musician for a while. Spend the next several months being
musical. And remember, your synthesizer is the best around. By now you
should agree that you can always build them better then you can buy them!

SUMMARY

In this chapter the last steps needed to complete the synthesizer were
cavered. You learned how to supply power to the entire system and found
out that it indced makes a difference how the power is distributed. Sepa-
rate runs to cach and every module insure that interaction betwecn the
various circuits is minimized. Next the basic principles of troubleshooting
were expounded. Good troubleshooting can only be learned with experience,
but as a start you saw that looking, thinking and tapping can solve many
problems. Finally some suggestions for starting a “'patch" notebook were
offered.

Since your synthesizer is all done and working like a champ, you may
think that your job is done. Far from it! The next chapter offers some sug-
gestions for tuture projects, including how to come up with a computer
interface.
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of balanced multipliers. This is not a suggested project for beginners, but
if you're really looking for an advanced, state-of-the-art project, check out
Bernie Hutchins' home-brew frequency-shifter circuit in Builder’s Guide
and Preferred Circuits Collection, published by Electronotes (see Appen-
dix B).

SEQUENCES. The scquencer is used to create complex patterns of
notes, often in some sort of melodic passage. Essentially you program a
melody through the keyboard and the sequencer plays it back at any speed.
It used to be that sequencers were manually set affairs containing many
potentiometers, but modern computer methods have now made the design
and construction of these units far simpler. The digital keyboard described
in Chapter 10 can serve as the start of a sequencer since there is a digital,
six-bit output all set to go. Simply clock the data into some RAM (random
access memory) to program a melody and read it back to a DAC (digital-
to-analog converter) to play the melody. The 2112 RAM experiments, be-
ing both easy to find and inexpensive.

Well, that should get you started. As you can probably tell, there are
all sorts of new analog modules that can be built to jazz up your home-
brew synthesizer. To keep abreast of new developments in this arca, you
will want to be sure to subscribe to some of the electronic music synthesizer
journals. Electronotes and Polvphony are two good ones and offer several
new circuits, suitable for experimenters, eaclt month. Also, don't neglect
Electronics, Radio-Electronics, EDN and some of the more technical jour-
nals. These often publish circuits which, while not specifically for electronic
music, can often be adapted. Check out Appendix B for the addresses.

MOVING TOWARDS DIGITAL SYNTHESIS

True digital synthesis is still far too expensive for the home ex-
penmenter to even consider (although that might change one day soon).
Digital synthesis is a means whereby a complexX waveform is built up point
by point and the construction of such a waveform takes into account the
frequency, amplitude and timbre of the desired sound. As you might guess,
additive synthesis such as this requires an extremely large computer capable
of running at speeds far beyond those of typical home computers.

But hybrid computer control is possible for the experimenter. In the
hybrid approach a microcomputer is used to control a standard analog syn-
thesizer using special digital-to-analog circuits to complete the interface.
The computer thus sends a number of signals to the interface circuitry,
where they are converted to regular control voltages, gates and triggers
that the synthesizer can respond to.

Likewise, the computer can read the keyboard if it is digital in nature.
The keyboard presented in Chapter 10 is suitable for this purpose, since
besides putting out analog information it also has a six-bit digital output.
You should be able to get just about any home computer to read this
keyboard.
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terested in your projects. User groups are a great way to expand your
contacts and often times when you're stuck on sonte problem, you will meet
another member who has already encountered and solved it!

So become an information exchange. To keep up in this quickly chang-
ing ficld you will simply have to absorb every piece of information that
you can!

ON TO THE FUTURE!

You've come a very long way now since you started to learn about the
three parameters of sound! If all has gone well, you should be the proud
owner of a synthesizer far better than any you can buy. You're probably
starting to think about future projects, including new analog circuits as
well as digitally controlled units. Whatever you do, keep track of the in-
formation flow and share your results with others. This is the start of the
golden age of electronic music, and you're now a part of it!
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Appendix B
Sources

Books and Manuals
Anderton, Craig. Electronics Projects for Musicians. New York, New York:
Music Sales Corporation, 1975. (More than any other book, this one con-
tains the clearest examples of how Lo actually build something. Although
most of the projects are geared to a guitar-playing audience, many of the
circuils may be adapted to synthesizer without much problem. There are
lots and lots of excellent tips in this hook.)

Anderton, Craig. Home Recording for Musictans. New York, New York:
Music Sales Corporation, 1978.

Brown, Robert and Olsen. Mark. Expesimenting with Electronic Music. Rlue
Ridge Summit, Pennsylvania: TAB Books, 1974,

Chamberlin, Hal. Musical Applications of Microprocessors. Rochelle Park,
New jersey: Hayden Book Company. Inc., 1980. (I€ you're thinking of com-
puter contro), then this is the one book you must have!)

Drake, Russe)l and Herder, Ronald. How fo Make Electronic Music. Pleasant-
ville, New York: Educationa) Audio Visual Inc.. 1975.

Douglas. Alan. Electronic Music Production. Blue Ridge Summit, Pennsy!-
vania: TAB Books, 1982.

Friend, David, Pearlman, Alan R. and Piggott, Thomas D. Learning M-

sic with Synthesizers. Winona, Minnesota: Hal Leonard Publishing Corpo-
ration, 1974.
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items featured are applications for the new SSM line of music chips.)

Electronates, published by Bernie Hutchins, 1 Pheasant Lane, Ithaca, New
York 14850. (Electronotes publishes a monthly newsletter, applications notes,
and several other “'extended service' publications. You should subscribe
to them all, since you simply won’t find any other publication like this! Elec-
{ronotes has consistently published the most important articles in the field
of electronic music synthesizers and has set an unequalled standard of ex.
cellence. You simply can't afford to do without Electronotes.)

Polyphony, published bimonthly by Polyphony Publishing Company, P.O.
Box 20305, Oklahoma City, Oklahoma 73156. (Polyphony is a very slick
magazine featuring articles by some of the best wniters in the field. There
are usually two or three excellent construction projects each month.)

Synthesource, published irregularly by Curtis Electromusic Specialties, 110
Highland Avenue, Los Gatos, California 95030. (This newsletter is filled
with high-quality circuits exploiting the Curtis linc of music ICs. In the
short time that it has been in existence, it has published many important
design articles.)
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