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What is analog?

Before starting to look at the creative aspects of analog sound synthesis,
it’s a huge help to develop a basic understanding of the principles of
physics governing the whole subject of sound – perhaps because of all
the methods of electronic sound creation, analog synthesis is probably
the closest to those basic scientific principles. If that means a few hours
thinking about what sound really is, how it can most easily be created
electronically and how it is interpreted by the human ear, then that time
will be more than paid back through a deeper, more intuitive approach
to the handling of analog synthesizers, modules and effects. So let’s
briefly take a look at some very basic physics before starting to look at
analog instruments themselves.

S O U N D
Sounds detected by the human ear only exist because of the medium of
the air (sounds can also be transmitted through solid objects or liquids,
but for our purposes we’re discussing sounds created electronically and
ultimately reproduced by some kind of conventional speaker system).
A sound is a repeated pressure wave, by which we mean a more or less
regular change in the pressure of air arriving at the human ear, specifi-
cally at the eardrum.

When a sound strikes the ear, it arrives in the form of a rapid series of
changes in the air pressure at that point in space. The most obvious way
to create such pressure waves is to move an object contained in the
same air medium somewhere nearby. You could do this just by striking
two pieces of wood together, but in the case of electronic sound cre-
ation, the moving object is usually the cone of a speaker, which moves
because it is attached to a magnet encircled by a coil of wire through
which an electrical signal is passed – this is the same principle as an elec-
tric motor, but designed to create backward and forward rather than cir-
cular motion. The electrical signal, and so the sound reproduced, will
have three major parameters: frequency, amplitude and wave shape,
each explained below.
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F R E Q U E N C Y
If one area of increased air pressure hits the ear each second, we call this
a one cycle per second (CPS) or one hertz (1 Hz) sound, and the value in
Hz of the sound is referred to as the frequency or, in musical terms, the
note or pitch of the sound. In fact, a 1 Hz sound is not audible to the
human ear; sounds begin to become audible at around 20 Hz. A very low
hum, such as those sometimes generated by electrical equipment, will
be at 50 or 60 Hz. Low-pitched instruments such as bass drums and bass
guitars produce sounds predominantly around 100–200 Hz; 440 Hz is
often used as a tuning standard (in musical terms it is an ‘A’ and so is also
referred to as A440). Human voices and stringed instruments tend to
produce pitches up to around 4000 Hz (4 kHz or 4 k); high-pitched whis-
tles and other instruments will be producing sound up to around
12 kHz, and the highest pitches audible to the human ear are at around
16 kHz (young people manage somewhat higher). Some electronic
equipment is designed to handle pitches even higher than this because
there is a belief that higher pitched sounds can have a psychological
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(a, b) Representation of a
sound with increasing
frequency (pitch). 
(c, d) Representation of a
sound with increasing
amplitude (volume). 
(e, f) Representation of simple
organ and piano volume
envelopes, and a complex
volume envelope showing
attack and decay times,
sustain level and release time.

1500 WiIliam Gilbert extends
Thales’ electrostatics
discoveries to include sulphur
and glass
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effect, although not consciously audible. Whether this is true or not, it is
assumed that equipment that can handle pitches higher than normally
necessary will be more easily capable of handling pitches within the nor-
mal range of human hearing.

There is a further musical way of referring to pitch: classical church
organs create sound using resonant pipes, the length of which was mea-
sured in feet, the longest pipes (perhaps 32 ft in length) giving the deep-
est pitch, so on many analog synthesizers the pitches produced are
referred to in terms of ‘footage’, as 64�, 32�, 16�, 8�, 4�, 2� and 1� – a range
which covers six octaves or more (pitch increasing by one octave each
time the footage is halved). Octaves, of course, are the musical intervals
most clearly seen in the repeated pattern of the piano-style keyboard, and
though the term derives from the inclusion of eight white keys per
octave, in Western music there are of course five black keys per octave to
be taken into account as well.

Electronic circuits can very easily be designed to create variations in
output across this whole range of human hearing and beyond, and we
will briefly look below at what sort of electronic circuits are used in the
analog synthesizer in particular. But when a speaker reproduces a sound
at a given pitch, it has to be able to vibrate at that pitch – which if it is
well constructed, it will readily be able to do. Very small speakers are
unable to vibrate at very slow speeds, though, and so the lowest pitches
they can reproduce may well be relatively high; we would refer to these
speakers as ‘lacking in bass’. Very large speakers can vibrate slowly and
reproduce bass frequencies well, but may have difficulty in vibrating
very quickly; the highest pitches they can reproduce may be relatively
low and we would refer to them as ‘lacking in treble’. For this reason,
speakers of different sizes are usually found in combination, to effi-
ciently cover all the frequency ranges within the range of human hear-
ing: usually, a small speaker (or ‘tweeter’) for high frequencies and a
large speaker (or ‘woofer’) for low frequencies. Sometimes other speak-
ers are included, designed to handle the middle frequencies (‘mid-range’
speakers), or the very lowest frequencies (‘sub-woofers’) and the very
highest frequencies (‘super-tweeters’).

L O U D N E S S
The next parameter of any electrical signal being converted into a sound
is amplitude; in other words, the size of the variation in the electrical sig-
nal level, and therefore the size of the variation in the air pressure level
created, or its volume. A very great change in air pressure, from very
high to very low and back again, when repeated, is a loud sound; a very
small change in air pressure, from high to low and back again, when
repeated, is a quiet sound. Again, in electronic music we are concerned
with sounds reproduced by a speaker, and the loudness literally
becomes a factor of the amount of air the speaker can move. The cone in
a large speaker will actually move several centimetres when in action,
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and can create pressure waves comprising very large quantities of air.
A very small speaker may be able to vibrate at just the same speed, but
since the cone is smaller, this vibration moves much smaller quantities of
air and the sound is quieter.

Trying to handle a very loud sound with a very small speaker can
simply tear the speaker apart (it can do the same to your ears, in which
the eardrum or tympanic membrane is acting like a tiny microphone, the
reverse action of a speaker cone); this is even assuming that the electri-
cal coil in the speaker can handle the very wide variation in electrical
voltage represented by a very loud sound, which may simply melt the
coil through excessive heating effects.

By the way, the ‘loudness’ button found on some hi-fi systems has a
related but less obvious function: it slightly boosts the highest and low-
est frequencies when listening at lower volumes, to compensate for the
fact that the human ear is slightly less sensitive to both these at low lis-
tening volumes.

WAV E  S H A P E
The third major parameter of an electrical signal being converted into a
sound is its wave shape. Two sounds of exactly the same pitch and exactly
the same volume can sound quite different from one another. What
exactly is happening here? The answer lies in the way in which the air
pressure varies over time in each cycle. A regular variation that builds up
towards a maximum value with its rate of increase slowing as it does so,
reaches a peak, dies down to a minimum value and then begins to build up
again can be plotted against time to create a smooth repeated curve,
which is referred to as a sine wave. This is the most basic type of wave, the
one usually heard from an electronic tuning reference device; it is not par-
ticularly harsh or ‘cutting’ and is often compared to the sound made by a
flute or whistle.

But it is easily possible to make an electronic circuit vary its output in
a quite different way; the signal can build at a constant rate until it
reaches a maximum value, then immediately begin to decrease at exactly
the same rate. When plotted against time this creates a series of triangu-
lar shapes, and so is referred to as a triangle wave. This sound is notice-
ably different to a sine wave – somewhat sharper and more cutting, and
more comparable perhaps to the sound of a bassoon.

A third way of varying a signal is for it to move almost instantaneously
from a low level to a maximum level, then fall back gradually to the low
level before repeating the cycle at a constant rate. Because of the series of
shapes made when this is plotted against time, this is referred to as a saw-
tooth wave; the opposite, building up at a constant rate then dropping
almost instantaneously to the lowest level, can be referred to as an inverse
sawtooth wave. Like the triangle wave, both waves sound more cutting
than a sine wave, but a little more nasal.

Analog Synthesizers
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A fourth way of varying the signal is to bring it up to a maximum
level almost instantaneously, hold it at the high level for a time, then
drop it almost instantaneously to the lowest level, hold it at that level for
the same amount of time, then repeat the process. Plotted against time,
this shows a series of square shapes and so is known as a square wave,
and sounds stronger and more cutting than any of the previous shapes.
Of course, the time for which the wave holds at its maximum value does
not have to be exactly the same as the time for which it holds at its min-
imum value; the ratio between these two times is known as the mark/
space ratio or pulse width, and can be expressed as a percentage, 20% or
even 10% for ‘thin pulse’ waves, which sound progressively thinner and
weaker as the ratio decreases.

One interesting technique is applicable only to the square wave and
does not readily apply to other waveforms. If an electronic circuit is
designed so that the pulse width can be altered, it is possible to make
the sound vary from thin and weak to strong and rich at will. Doing this
under the control of another circuit is referred to as pulse width modula-
tion (PWM), a common technique for making sounds more interesting
and for introducing some apparent ‘movement’ within a sound.

What is analog?
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Waveforms: (a) square; (b)
pulse; (c) sine; (d) sawtooth;
(e) triangle; (f) noise.

1874 Elisha Gray patents
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H A R M O N I C S  A N D  O V E R T O N E S
There is another way to look at the construction of wave shapes, involv-
ing the consideration of ‘harmonics’. When we consider a simple wave
such as a sine wave we know its ‘fundamental’ pitch or frequency, as dis-
cussed above. Another wave at twice that frequency sounds naturally ‘in
tune’with the first; we refer to it as the second harmonic and it’s musically
as well as mathematically related, since it’s an octave above (another wave
at half the frequency is one octave below the fundamental and so on). A
wave at three times the frequency of the fundamental can be referred to
as the third harmonic, four times as the fourth harmonic and so on, and
these frequencies are usually generated by musical instruments to some
extent, though more quietly than the fundamental.

Interestingly enough, all other waves can be created from a combina-
tion of sine waves of different frequencies or harmonics superimposed on
one another. To create a square wave from only sine waves, simply gener-
ate the basic frequency (the ‘fundamental’) plus all its odd-numbered har-
monics – the third, fifth, seventh and so on. The sine wave quickly
transforms into a rounded-off square, and as more and more oddly num-
bered harmonics are added, becomes a more or less perfect square. The
same can be done, using different combinations of harmonics, to gener-
ate the triangle, sawtooth and all other waves, and so the tone of a musi-
cal instrument or sound depends largely on its content in terms of
harmonics.

Analog Synthesizers
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Building a square wave from sine wave harmonics. 

1876 Scots-born Alexander
Graham Bell patents telephone
while at Boston University

Although some advanced digital synthesizers actually work this way –
this so-called ‘harmonic’ or ‘additive’ synthesis method was found on the
Kawai K5, Korg DSS1 and a few others – in using analog synthesizers, the
common wave shapes have already been created for you, and the four
common simple waveforms, sine, triangle, sawtooth and square (and its
variation the thin pulse), are all we usually need to deal with. But, of
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course, sounds in the real world are much more complex than this. Even
musical instruments that appear to have a fairly simple tone, such as an
oboe, are actually producing something much more complex than any of
these basic wave shapes. In what ways are sounds in the real world more
complex than these simple electronically created sounds?

The fact is that a pure pitch at a certain frequency, such as can be cre-
ated by a simple electronic circuit, will almost never be heard in the real
world. Suppose a flute (constructed from a combination of wood and
metal parts, and ‘brought to life’by the breath of a human player) is play-
ing a note around 440 Hz. The loudest element of this note will indeed
be at 440 Hz, but there will also be quieter elements at twice this fre-
quency and at half this frequency, at three and four times the frequency,
and at other intervals that will be mathematically but not necessarily
musically related. The basic tone of the flute is similar to a sine wave, but
these ‘overtones’ generated at different frequencies tend to obscure this
fact, and a printed display of the actual waveform put out by a flute can
easily be seen to be much more complex than a simple sine wave. As for
other instruments, such as an oboe, for which even the basic waveform
is perhaps a more complex version of a sawtooth wave, the added over-
tones make the picture even more complicated. And both these are rela-
tively simple instruments compared to something like an acoustic piano,
which has a complex basic waveform as well as different sets of over-
tones created by the strings, body and metal framework, in addition to
interference effects created by the fact that strings are arranged in pairs
each tuned to slightly differing pitches. So the overall tone or ‘timbre’ of
any acoustic instrument is a more complex wave than any of those cre-
ated by the analog electronic circuits at which we will be looking, and if
you combine several musical instruments together, as on a recording of a
complete orchestra, the result is a waveform that is extremely complex
and that, more to the point, becomes vastly different from one moment
to the next.

N O I S E
What then is the difference between organized sound, or music, and
completely random noise? The waveform of a piece of music looks
chaotic, so why does it sound tuneful coming out of the speaker? In fact,
many analog synthesizers do include a source of truly random noise, the
‘white noise’ generator – white noise is a hissing sound like that coming
from a radio tuned between stations, and is often used as a basis for cre-
ating sounds of the sea or wind. These applications give a clue to its
nature – like the sea or wind, a white noise generator is creating tiny
sounds at completely random frequencies and times, and the result has
no easily discernible pitch. There are various different ways to create
white noise electronically, and in fact it often creates itself and becomes
a problem to eliminate completely from some circuit designs, but that is
another matter.

What is analog?
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But all organized sounds or musical output, however complex they may
appear, will in fact comprise many, many elements which repeat in an
organized way for however short a time, so while they may appear random,
they do in fact show much more organization than a white noise source.

P H A S E
A final consideration, particularly relevant to stereo sound reproduction,
is the question of phase. Consider a simple sine wave of a particular fre-
quency; it repeatedly reaches the peak of its cycle, then starts to die
away again. Another sine wave of exactly the same frequency can also be
generated starting at a very slightly later time, so that when the first is
reaching the peak of its cycle, the second is halfway down. The two sig-
nals may be of the same frequency, loudness and waveform, but we say
that one is out of phase with the other. If the two are added together,
they cancel each other to a greater or lesser extent; if they are com-
pletely out of phase (we say they are 180 degrees out), they may cancel
each other completely, so no sound is heard at all.

This is the principle of the phase shifter or ‘phaser’, an (originally
analog) sound effects unit that splits the incoming signal, adds a very
short delay to one part so it is out of phase with the original, then mixes
the two back together. Making the delay length change gradually alters
the degree of cancellation and produces the distinctive swirling, ‘phas-
ing’ effect. But phase cancellation is something to be avoided in music
reproduction; if, for instance, one speaker of a stereo pair is used with
its connections reversed, one half of the sound will be reproduced 180
degrees out of phase with the other, and while the effects on a complex
piece of music may not at first be obvious, you can be sure that the
music is not being heard as it was intended.

Analog Synthesizers
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The conclusion to be made from all these facts is that analog synthesis,
in its most basic form, generally creates sounds that are much more simple
than those heard all the time in the natural world. With some artistic imag-
ination and technical ability, they can be altered and combined to give
good imitations of some simple acoustic instruments, or to create new and
less easily describable sounds that have just as much interest as some
acoustic instruments. But the techniques of analog sound creation using
simple wave shapes are never likely to match the more complex sounds
of the real world, which is why other methods of electronic sound cre-
ation, such as digital sound synthesis and digital sound sampling, record-
ing and manipulation, were also developed.

SY N T H E S I Z E R  C O M P O N E N T S
It is time to take a look at what types of electronic circuitry actually create
the sounds heard from analog synthesizers. This is clearly the subject of a
whole (more technical) publication in itself, since the subject of electronic
circuit design is beyond the scope of this book. But it is enough to say that
although developed relatively recently – just over 40 years ago – the basic
circuits in a conventional analog synthesizer can be extremely simple.

The first element is the one that actually makes an audible sound,
the oscillator. As its name suggests, this is simply an electronic circuit that
puts out an electrical signal which oscillates, or varies in value, in a regular
and repeated way. One such circuit is known as the multi-vibrator; it can
comprise just one or two cheap transistors (which are effectively just
electrically controlled switches), a couple of resistors (which, as their
name suggests, resist the passage of electrical current to a greater or
lesser extent) and a handful of other components. When a steady power
supply (of perhaps a few volts, easily obtained from a small battery) is
applied to one end of the circuit, the other end of the circuit produces a
voltage that varies rapidly in value. By selecting the value of the resistors
and other components (or by using resistors that can be varied in value,
otherwise known as potentiometers, which are quite simply what lie
behind almost all synthesizer front-panel controls), the frequency, ampli-
tude and wave shape coming from the circuit can be varied. Convert
this to sound through a speaker and you have a simple (though not very
tuneful) synthesizer with (in musical terms) variable pitch, loudness and
tone. For reasons that we’ll examine in detail elsewhere, analog oscilla-
tors are usually designed so that these various parameters can be pre-
cisely changed by varying the voltage (a measure of electrical potency
rather than current flow) of an electrical signal applied to them, and so
they are usually known as voltage-controlled oscillators (VCOs).

The history of analog synthesizer design is the history of the electron-
ics engineers who created rather more complex and increasingly musical-
sounding circuit designs, and the musicians (or, in some disastrous cases,
accountants) who decided exactly how they should be controlled and
packaged. We have already looked at the oscillator, but of course there
are many other circuits to be found on an analog synthesizer. Perhaps the
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next most important of these is the filter, a circuit that responds differ-
ently to electrical signals of different frequencies reaching it. Trumpet
players have been achieving the effect of one type of filter for hundreds
of years by simply placing their hands over the open end of the trumpet;
the human hand tends to stop the higher harmonic elements of the 

Analog Synthesizers
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A synthesizer creates sound by interconnecting various electronic circuits – here, in a Korg PS3300.

trumpet’s sound from escaping, but does not do so much to cut out the
lower harmonic elements. The sound becomes softer, smoother and
duller, and this is what we call ‘low-pass filtering’, because low harmonic
elements are passed through and can still be heard, while high harmonic
elements are prevented from passing through and can no longer be heard.

A graphic equalizer on a hi-fi system is also acting as a low-pass filter
if you reduce the level of the top three or four bands and leave the others
centred; the result, again, is a smoother and duller tone with less of a
‘cutting’ quality. On a synthesizer, the low-pass filter is an electronic cir-
cuit that allows through the slow, low-pitched frequencies that are pre-
sented to it, but prevents the passage of fast, high-pitched frequencies.
The exact frequency at which the filter starts to prevent signals from
passing through is referred to as the ‘cut-off frequency’ and can usually
be varied; the amount by which signals above the cut-off frequency are
reduced in volume, or the power of the filter, is measured in decibels per
octave (dB/oct). A 10 dB/oct filter (as commonly found in graphic equal-
izers) will make a frequency one octave above the cut-off point, subjec-
tively half as loud as one exactly at the cut-off point. Some synthesizer
filters operate at 12 dB/oct; the better ones operate at 24 dB/oct.

You may ask what effect this type of filtering would have on a sine
wave-like signal at a particular frequency, and the answer is very little,
unless the filter is actually set to cut out frequencies lower than the 
sine wave itself, because the sine wave-like sound has very few higher
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harmonics to be affected. But for other types of more complex wave-
form that have some higher harmonic content, applying a low-pass filter
audibly changes their tone, and if a sound consists of a good combina-
tion of different wave shapes, filtering can change the effect of the
sound substantially. If a good-quality filter is set to a very low cut-off fre-
quency, the incoming sound can disappear completely.

Some filters also slightly increase the level of the signal specifically
around the cut-off point, and this effect is referred to as emphasis, reso-
nance or ‘Q’. If this setting can be varied by the user, setting a high reso-
nance level will start to add a distinct tone to the sound, which will vary
just as the filter cut-off position is varied. Using a high ‘Q’ setting has
become a staple technique of analog sound synthesis, leading to sounds
described as ‘wet’ or ‘squelchy’, and closing down a filter with a very high
‘Q’setting can be a very dramatic effect. As the resonance setting becomes
very strong, a whistling sound is heard at a frequency exactly around the
cut-off point and, on some filter designs, going to the highest possible reso-
nance makes the filter begin to act as an oscillator, creating its own (some-
times very loud) whistling sound. This can be useful as a sound creation
technique in itself, but has to be handled very carefully as it can unexpect-
edly create very strong, very low or high-pitched signals that can easily
damage speakers. Some synthesizer filters are intentionally designed so that
their maximum ‘Q’setting falls just short of making the filter oscillate.

Filters can also, of course, be applied to incoming sounds much more
complex than simple combinations of oscillators. If a filter is used to treat
a whole piece of music, setting a high cut-off point will make no audible
difference to the music. Lowering the cut-off point to perhaps 12 kHz
will start to reduce the audibility of high-pitched elements such as whis-
tles and high-hat cymbals. As the cut-off point is lowered, string sounds
and human voices will become duller and smoother, and finally very little
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will be left except bass drums and bass guitars. Close the filter down
completely and the whole piece may become inaudible. For reasons that
we’ll examine elsewhere, filters are usually designed so that at least their
cut-off frequency, if not other parameters such as their resonance as well,
can be changed by varying the voltage of an electrical signal applied to
them, and so they are usually known as voltage-controlled filters (VCFs).

With slight modifications to the electrical circuit, other designs of fil-
ter are available, including: ‘high pass’, which acts in the opposite way to
a low-pass filter, allowing high frequencies through while cutting low
frequencies; ‘band pass’, which is a combination of the two, cutting high
and low frequencies but leaving mid frequencies unaltered (a graphic
equalizer is, in fact, a series of band-pass filters centred around different
frequency points, while a parametric equalizer is a single band-pass filter
with its central frequency variable); and ‘band-reject’ or ‘notch’ filters,
which act in the opposite way, reducing the volume of certain frequen-
cies while leaving higher and lower frequencies unaltered. A ‘comb’ fil-
ter, used in some effects unit designs, is simply a series of band-pass or
band-reject filters set to different frequencies but all acting together in
parallel. It’s possible to build a multi-mode filter that can be switched
from low pass to high pass, band pass or other responses.

The third most important circuit found on a synthesizer is the envelope
shaper. This is a circuit that varies the level of a signal over a short period of
time, and is most obviously used to vary the volume (loudness) of the final
sound by applying its output to the amplifier circuit, which is usually a volt-
age-controlled amplifier circuit (VCA). We have already discussed the pitch,
timbre and loudness of musical instrument sounds, but not the way in
which the volume varies during the course of an individual note. The easi-
est example here is the sound of a simple electric organ: hold a key down
and a note sounds instantly; release it and the note stops instantly. But this
is not the case, for instance, on a guitar; if a string is struck, it certainly
begins to make a sound instantly, but the sound does not stop instantly,
rather fading away gradually to nothing. And on other instruments, such as
the violin, the sound does not start instantly either; it may begin quietly,
then build up to its loudest volume, then fade away again.

This variation in the volume of a sound is referred to as its volume
‘envelope’, and an electronic circuit that can control this is an ‘envelope
shaper’ or ‘envelope generator’. In an envelope-shaping circuit with vari-
able values, the time taken for the sound to build up to its full volume is
known as ‘attack’; the time taken to die away to nothing after the note is
no longer being played is known as ‘release’. Other parameters can also
usually be set; the time taken for the sound to die down to the ‘sustain’
level even though the note is still being held is known as ‘decay’, and the
volume level at which the sound continues to play while it is still being
held (if any) is known as the ‘sustain’ level. From the abbreviations A, D, S
and R for attack, decay, sustain and release, envelope shapers are some-
times know as ADSRs, but note that while attack, decay and release are
expressed as lengths of time, sustain is a level represented as a percentage
of the maximum available volume achieved just at the end of the decay
period. Envelope shapers can be simpler, perhaps just attack–release with
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optional sustain (AR switchable to ASR), or alternatively more complex,
offering further stages of decay or release at different points – for instance,
attack–decay–sustain–decay–release, or ADSDR.

Although envelope shapers are most importantly applied to volume,
they can also be used to control other parameters. The most usual one 
is the filter cut-off point, so that the filter cut-off frequency, and so the
overall tone of the sound, varies during the course of each and every
note. Sometimes a separate second envelope shaper is provided for this
purpose, and sometimes the job also has to be done by the volume enve-
lope shaper. Either way, this is a very common technique in analog sound
synthesis, creating one of the most distinctive types of analog sound avail-
able, and will be looked at in much more detail elsewhere.

It’s important also to understand that, to some extent, the distinction
between a sound and an electrical signal becomes blurred within the ana-
log synthesizer. If you take the electrical signal from an oscillator and apply
it directly to a speaker, you will hear a sound. But if you take the same elec-
trical signal and apply it instead to the part of the filter circuit that controls
its cut-off frequency, you will hear the cut-off frequency changing more or
less rapidly as a function of the frequency of the oscillator. If you apply the
output of an envelope generator to a voltage-controlled amplifier, you will
hear a particular volume envelope, but if you apply it to the cut-off control
input of a filter, you will hear a change in tone through the course of a note.
In other words, a varying electrical voltage can either become a sound in
itself or a way of controlling some aspect of a different sound altogether.
On a well-designed analog synthesizer, any voltage can be sent anywhere
without the possibility of causing damage to an inappropriate circuit,
though on some, such as the Buchla designs, audio signals are often made
distinct from control signals with different types of cables or connections.

What is analog?
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C I R C U I T  D E S I G N
While the earliest analog synthesizers used small individual electronic
components such as transistors, resistors and capacitors (‘discrete’
components) in their circuit designs, these were quickly superseded by
ICs (integrated circuits, or ‘chips’), which in their simplest form comprise

Small, early analog
synthesizers such as the
Micromoog were perfect
beginners’ instruments.
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just a handful of miniaturized transistors, resistors and other compo-
nents assembled into a small, easily handled block. Some of the earliest
chips comprised a whole oscillator design in a single component, and it
was not long before filters, envelope shapers, amplifiers and even entire
synthesizer circuits in the form of single ICs became available through
companies such as Solid State Micro Technology (SSM) and Curtis
Electro Music (CEM). Although the functional difference between dis-
crete component and IC designs matters very little to the musician,
there have been endless arguments about perceived slight differences in
sound quality between synthesizers using discrete components and
those using ICs, and even between those using different types or ver-
sions of an IC. Only one thing is for certain: while discrete components
are relatively easily replaced if they fail, some older chips are now no
longer obtainable, and so some models of analog synthesizer using ICs
can now be extremely difficult to repair.

S O U N D  D E S I G N
We have looked at how the laws of physics define the nature of a sound,
and how the relevant parameters are produced and controlled using
electronic circuits such as oscillators, filters and envelope shapers.
Understanding what these circuits are contributing to the sound is fun-
damental to any imaginative use of analog instruments, and certainly to

Analog Synthesizers
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The Technosaurus Selector B
was a powerful small modular
analog synthesizer.
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any attempt to imitate particular types of realistic instrumental sounds
using analog technology. As will be seen in subsequent chapters, a good
combination of basic knowledge of the physics of sound plus some artis-
tic imagination needs to go into any attempt to create interesting sounds
using analog techniques. For instance, imagine the process of attempt-
ing to reproduce a fairly complex acoustic instrument sound, such as
that of a plucked string instrument like a bouzouki, using analog tech-
niques. The timbre of the string is quite rich and complex, with many
high and low harmonics, so a simple wave shape such as a sine wave will
not be of very much help. A combination of richer waves such as saw-
tooth and thin pulse waves at various multiples of the basic frequency
will be of more help, and will add in the overtones that give the instru-
ment its rich sound.

But other factors add to the original sound, such as the resonance
from the wooden body of the instrument, which could be simulated
with a sub-octave of a smoother sine wave. The overall loudness enve-
lope is like that of a piano, starting instantaneously but dying away
slowly, and is easy enough to set – but if the instrument is to sound as if
it is being played with a plectrum, the sound of the plectrum also has to
be added. This will be very short, percussive and at no particular pitch,
so a different envelope controlling another unpitched sound source
such as white noise has to be added in parallel to the first. This sort of
complex task is a typical one in advanced analog synthesis, and more
examples can be found elsewhere.

Given a basic understanding of the principles of physics behind the
creation of sound, and of the type of electronic circuit used in the analog
synthesizer to generate and modify these sounds, we are now ready to
look in Chapters 3 and 4 at the designers, manufacturers and artists
involved in the field, but firstly in Chapter 2 at how the wonders of ana-
log sound synthesis can actually be applied to making music (or at least
musical sounds), and hopefully to having a little fun …

What is analog?

15

Ch01-K52072.qxd  6/4/07  11:53 AM  Page 15


	Jenkins cover
	Jenkins


<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Error
  /CompatibilityLevel 1.3
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket true
  /DefaultRenderingIntent /Perceptual
  /DetectBlends true
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /SyntheticBoldness 1.00
  /EmitDSCWarnings true
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams true
  /MaxSubsetPct 100
  /Optimize false
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveEPSInfo true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Remove
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
    /Arial-BoldItalicMT
    /Arial-BoldMT
    /Arial-ItalicMT
    /ArialMT
    /Courier
    /Courier-Bold
    /Courier-BoldOblique
    /Courier-Oblique
    /Symbol
    /TimesNewRomanPS-BoldItalicMT
    /TimesNewRomanPS-BoldMT
    /TimesNewRomanPS-ItalicMT
    /TimesNewRomanPSMT
    /ZapfDingbats
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /DownsampleColorImages false
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth 8
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /FlateEncode
  /AutoFilterColorImages false
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /DownsampleGrayImages false
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth 8
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /FlateEncode
  /AutoFilterGrayImages false
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /DownsampleMonoImages false
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /PDFX1aCheck true
  /PDFX3Check false
  /PDFXCompliantPDFOnly true
  /PDFXNoTrimBoxError false
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox false
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile (U.S. Web Coated \050SWOP\051 v2)
  /PDFXOutputCondition ()
  /PDFXRegistryName (http://www.color.org)
  /PDFXTrapped /False

  /Description <<
    /JPN <FEFF3053306e8a2d5b9a306f30019ad889e350cf5ea6753b50cf3092542b308030d730ea30d730ec30b9537052377528306e00200050004400460020658766f830924f5c62103059308b3068304d306b4f7f75283057307e305930023053306e8a2d5b9a30674f5c62103057305f00200050004400460020658766f8306f0020004100630072006f0062006100740020304a30883073002000520065006100640065007200200035002e003000204ee5964d30678868793a3067304d307e305930023053306e8a2d5b9a306b306f30d530a930f330c8306e57cb30818fbc307f304c5fc59808306730593002>
    /FRA <>
    /DEU <>
    /PTB <>
    /DAN <>
    /NLD <>
    /ESP <>
    /SUO <>
    /ITA <>
    /NOR <>
    /SVE <>
    /ENU <FEFF0045006c0073006500760069006500720020005000720065007300730020005000440046002000530070006500630073002000560065007200730069006f006e0020004100630072006f00620061007400200036000d0052006f0062002000760061006e002000460075006300680074002c0020005300510053002c00200045006c007300650076006900650072002000420056>
  >>
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [595.276 841.890]
>> setpagedevice


