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PLEFACE

The field of electronic music is undergoing an electronics
revolution similar to the current microprocessor/microcomputer
revolution. Initially music synthesizers were built using dis-
crete components—transistors, resistors, capacitors, etc. Syn-
thesizer modules were fairly complex in design and were sub-
ject to temperature stability and reliability problems due to the
large number of individual components used. With the inte-
grated circuit (IC) revolution of the early seventies, designs be-
came more reliable and the parts count was reduced. Soon
hobbyists and manufacturers were producing impressive syn-
thesizer systems and the synthesizer became an important in-
strument for today’s music.

During the last few years a number of common elements in
synthesizer design have been refined and put in single IC form.
Currently there are voltage controlled oscillators, amplifiers,
filters, envelope generators, multipliers, and noise sources
available in single IC form. Using these devices it is fairly easy
to develop a patch-panel (modular) synthesizer system in which
an indefinite number of effects can be created.

In Chapter 1 some basic sound and synthesizer characteristics
are discussed, along with some of the typical signal level and
control voltage specifications. In Chapter 2 basic power
supplies are explained, along with a number of designs that can
be used in a synthesizer. Keyboards are covered in Chapter 3
and different types of controllers and control voltage generators,
such as joysticks, pressure-sensitive controllers, envelope
generators, and ribbon controllers are discussed.



Voltage controlled oscillators are an extremely important syn-
thesizer building block, and they are dealt with in Chapter 4.
These devices generate one or more signal or control wave-
forms (triangle, sawtooth, sine, pulse, etc.) and are used with
many of the other building blocks in a synthesizer.

The next chapter covers various types of filters used in syn-
thesizer systems, including the many varieties of voltage con-
trolled filters and the graphic equalizer. These devices can be
designed using standard op amps or using some of the sophisti-
cated filter chips that are now available.

In Chapter 6 analog multipliers are discussed, based on both
discrete and integrated circuit designs. Examples of analog
multipliers include the voltage controlled amplifier and the
four-quadrant multiplier. These devices are useful for ampli-
tude control and signal modulation effects.

Chapter 7 is a collection of several different circuits, includ-
ing analog delay circuits and timbre modulators. In Chapter 8
the design of a basic modular system including signal input and
output requirements is described.

This book takes the reader through the design of the various
components that make up an electronic synthesizer, up to the
point of designing a system and assembling it. At that point the
reader’s imagination must take over, because an unlimited
number of effects and sounds can be produced.

BARRY KLEIN
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SYNTHESIZER SYSTEM
DESIGN

CHADPIELR 1

An electronic music snythesizer is a system of signal genera-
tion and modification circuits wired together to enable a person
to obtain sounds of a predictable and/or musical quality. The
secret of the synthesizer’s success is its versatility. The synthe-
sizer (see Fig. 1-1) provides almost total control over the pa-
rameters of the sound.

THE PARAMETERS OF SOUND

The three basic characteristics of a sound are its pitch, its
dynamics, and its tonal character, or timbre.
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Fig. 1-1. A modular analog synthesizer. (Courtesy E-mu Systemé)



Pitch

The pitch of a sound is perceived in the listener’s mind —not
read on a meter. Pitch is often thought to be the same as fre-
quency. They are related but separate properties. Frequency is
the measurement of a waveform’s repetition rate. Frequency is
measured in cycles per second, or hertz (Fig. 1-2). One-
thousand hertz is called one kilohertz.

— 1 Hz (FUNDAMENTAL)

— 2 Hz (SECOND HARMONIC)

AMPLITUDE

— 4 Hz (FOURTH HARMONIC)

i
0 05 1
TIME (SECONDS)

Fig. 1-2. Harmonically related sine waves.

Although the sound waveform has a frequency that can be
measured by a frequency meter, unless it is a sine wave it con-
sists of a combination of different frequencies at different
amplitudes. Sometimes these frequencies are related mathemat-
ically as integral (1, 2, 3, . . . ) multiples of a single base fre-
quency, which is called the fundamental. Integral multiple fre-
quencies of the fundamental are called harmonics (Fig. 1-2).
The sine wave is the only waveform that contains no harmonics
(Fig. 1-3).

Often waveforms contain other frequencies that are not inte-
gral multiples of the fundamental. These frequencies are called
partials. They often come close to being harmonics and are
prevalent in most natural musical sounds.

10



HARMONIC HARMONIC

WAVEFORM DESIGNATION CONTENT AMPLITUDE RELATIONSHIPS
AV SINE 0 0

417 SAWTOOTH 123.. EXPONENTIAL
AV TRIANGLE 1357... 119,1/25.1/49...
J:h SQUARE 1357.. 3.LI5.117...

Fig. 1-3. Typical synthesizer waveforms and their harmonic content.

Some musical instruments, such as the pipe organ, produce a
sound that consists of harmonics of a fundamental though the
fundamental is not actually present in the sound waveform. The
pitch of the fundamental is perceived but not actually gener-
ated. This illustrates the difference between pitch and fre-
quency.

Dynamics

The dynamic, or amplitude, characteristics of a sound are
called the sound’s envelope. This envelope consists of an initial
attack, a sustain, and a decay. Fig. 1-4 shows the envelope of a
plucked string on a guitar.

The initial attack of a guitar’s envelope is quite fast and high
in amplitude due to the large amount of energy stored in the
string the moment before it is released from the pick. The attack
of a reed instrument, however, is gradual because of the need to
build up energy in the form of increasing air pressure. The sus-
tain of a sound is its average steady-state volume level. The
decay of a sound is its dying out caused by a loss of energy. In a
guitar this would be due to insufficient resonant feedback from
its body or amplifier.

Timbre

Finally, one of the most important characteristics (and hardest
to duplicate) of a sound is its tonal character, or timbre. This is
the character of a musical tone that distinguishes one musical
instrument from another playing the same tone. It is mostly a
sound’s variation in frequency content (not pitch) with time.
The time variable is the important characteristic to remember if
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Fig. 1-4. The envelope of a guitar.

you wish to duplicate an instrument’s timbre. You can’t play a
note on your instrument, take a “picture” of the sound’s wave-
form, duplicate it with your synthesizer, and expect it to sound
exactly like the instrument. The moment after you took the pic-
ture of the waveform, it changed completely in waveshape (and
thus in frequency content). It is for this reason that many syn-
thesists (synthesizer users) do not expect to duplicate an in-
strument’s sound; rather, they try to get something close to the
same effect. However, the closer the synthesizer’s sound comes
to one or more conventional instruments, the more commer-
cially acceptable it is—it’s cheaper to have a synthesizer than a
violin section.

SYNTHESIS TECHNIQUES

Several techniques are used in sound synthesis today. Choice
of the technique depends on several factors. Some techniques
require analysis of a known sound for frequency content and
mathematical analysis for control parameters of the synthesizer.
Computers are often necessary in these systems for their mem-
ory and control functions. Currently this means high cost, and
some knowledge of computer programming is required of the

12



user. Therefore most of these systems exist in university labs
and studios and not in music stores.

Additive Synthesis

Additive synthesis is a method of sound generation char-
acterized by the summation of pseudo-harmonically related
sound sources (usually sine wave) with slowly varying ampli-
tudes, frequencies, and/or phases.

Small additive systems can be made up of analog modules
such as those used in subtractive systems (Fig. 1-5). Several
exponential vco’s (voltage controlled oscillators) would be ini-
tially set up at the desired pseudo-harmonic frequencies. In this
type of vco the frequency generated by the oscillator is an ex-
ponential function of the voltage input (Fig. 1-6). All vco’s
share a common control voltage (CV) from the keyboard. Thus,
with a change in key position on the keyboard, the pitch would
change but the harmonic relationships (timbre) would remain
constant. Separate voltage controlled amplifiers are placed on
the outputs of the vco’s. Each voltage controlled amplifier is fed
its own control envelope. Then all voltage controlled amplifier
outputs are summed together. The end result simulates the
changing harmonic content of a natural sound.

Larger systems are designed with digital circuitry. Before
such a system is constructed, a selected sound, such as middle
C on the piano, is first analyzed for varying frequency content.
Then digital oscillators are made to produce waveforms for each
harmonic present in the analyzed sound (Fig. 1-7). The
waveform consists of a large number of sequential amplitude
steps. Each step is represented digitally. All of the step codes
for one complete cycle of the waveform are stored in memory.
The memory is scanned serially from start to finish and back
again for as long as the waveform is desired. The rate at which
the memory is scanned determines the frequency; the fre-
quency equals the sample rate divided by the number of steps
per cycle. Usually, though, the scanning rate is crystal con-
trolled for stability, and, instead, the digital code (the waveform
memory address) is incremented to changed frequency.
Amplitude control is achieved by multiplying the digital code
by another digital code stored in another “envelope” register.

The final digital code is fed to a digital-to-analog converter
(dac) and low-pass filtered so that all high-frequency compo-
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Fig. 1-5. Additive synthesis using analog modules.
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Fig. 1-6. The voltage vs. frequency output of an exponential vco.
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Fig. 1-7. Additive synthesis using digital circuitry.

nents of the sound that have frequencies above 18 or 20 kHz are
removed. This waveform is then added with other similar
waveforms to produce the final synthesizer output.

This method requires previous analysis of known sounds for
frequency content and variation. Attempts are then made to
duplicate the sound with additive techniques. The additive
technique has the advantage of allowing more amplitude con-
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trol over frequency content of a note with time (more natural
sounds) but has the disadvantages of complexity, high cost, and
great difficulty in programming in real time. (Real time means
“while you are playing.”’) To change a parameter in the sound
with a large digital additive system, a new computer program
must be initiated.

Nonlinear Synthesis

Frequency modulation (fm) is a nonlinear synthesis tech-
nique employing two oscillators, one modulating the frequency
of another. The modulated oscillator output consists of fre-
quency sidebands on either side of (and including) the original
(unmodulated) frequency. The number of partials in this
waveform depends on the modulation index, which is the ratio
of frequency deviation to the frequency of the modulating wave.

Like additive synthesis, fm can be employed using analog
synthesizer modules (Fig. 1-8). Many vco circuits now include
linear frequency control inputs for this purpose. Frequency
modulation produces sounds that are more natural sounding
with less equipment.

Frequency modulation is enjoying popularity with computer
music enthusiasts also. Digital oscillators are employed that are
similar in design to those used in additive systems, except for
the fm capability. Due to the smaller amount of circuitry
needed, the computer’s speed requirement is not as great. Con-
sequently, some real-time, fm synthesis systems do exist.

Other examples of nonlinear synthesis include any methods
that distort the original waveform in a nonlinear fashion. These
may include full-wave rectification, variable clipping circuits,

CONTROL
VOLTAGE
EXP EXP
VOLTAGE VOLTAGE VOLTAGE
CONTROLLED b4 CONTROLLED p—— CONTROLLED p—
OSCILLATOR AMPLIFIER LIN| OSCILLATOR
CONTROL
ENVELOPE

Fig. 1-8. Fm synthesis using analog modules.
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Fig. 1-9. A digital synthesizer capable of linear fm. (Courtesy Bell
Laboratories)

and waveform animators. Much experimentation is now being
done in this area. See Fig. 1-9. Many people believe that non-
linear techniques are the “wave” of the future because of the
vast timbral changes available with a relatively small amount of
circuitry.

Subtractive Synthesis

The most popular technique of sound synthesis today is that
of subtractive synthesis. In this method a waveform is gener-
ated that is usually rich in harmonics. This waveform is then
acted on by filters and attenuators for the desired sound.

There are three basic functional building blocks in this syn-
thesis approach: the waveform generator, or oscillator, the
filter, and the attenuator (Fig. 1-10). All are usually voltage
controllable. The frequency of the oscillator is controlled by a
voltage from some controller, such as a keyboard. The oscillator
waveform is then fed into a filter, which can also be controlled
by some voltage source such as the keyboard. The output of the
filter is then fed into an attenuator that is controlled by a voltage

17
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Fig. 1-10. Subtractive synthesis—a minimal one-voice system.

from an envelope generator. The envelope generator’s output is
initiated by timing signals from the keyboard. Its envelope is
manually programmed with front-panel control knobs.

The subtractive technique is popular because of its instant
programmability and playability. All parameters are variable
and accessible on the front panel of the unit. Modules are pro-
grammed according to what you hear —not what you heard.

The main disadvantage of the subtractive technique is its
sound. It sounds like a synthesizer and not a natural sound. This
is because the frequency content of the sound is dictated by the
oscillator waveform. Amplitude variations of frequency content
can be performed by filters, but frequency relationships of the
harmonic content are fixed by the content in the oscillator
waveform. The recent introduction of nonlinear techniques,
such as waveform animation, to the subtractive system has im-
proved its capabilities immensely, and it is in subtractive tech-
nique where most advances in analog synthesis technology are
being made.

The analog system design approach has been the most popu-
lar method of synthesis. Its functions, or modules, can be used
to attempt small-scale additive or nonlinear synthesis, but they
are most often arranged for subtractive synthesis.

Most functions in the system are voltage controllable. Rack-
mounted systems package each function in its own separate
module, each with its own set of inputs and outputs (Fig. 1-11).
Arrangement of the modules in the rack is often left up to the
synthesist. The modules are interconnected, or patched, using
patch cords or matrix switches. Although this method

18



Fig. 1-11. The Moog System 55 synthesizer. (Courtesy Moog Music, Inc.)

provides the most versatility and patching possibilities, it is not
very practical in a live performance situation. Too much time
(and memorization) is required to set up for a new sound. For
the preceding reason, smaller synthesizers exist that contain the
basic modular functions and leave out the lesser used “frills.”

These smaller “performance” synthesizers consist of circuitry
much like that of the larger, rack-mounted systems. Instead of
having input and output jacks, however, the circuitry is wired
together in the common “one-voice” configuration. These sys-
tems are hard-wired because there is very little patching that
the user can perform. Some units do provide some auxiliary
break points in the wiring to allow external connections.

These units usually have only one (monophonic) or two
(duophonic) note capability. This feature may seem limited, but
actually such a unit is a very powerful instrument although the
“one note at a time” limitation forces the musician to develop
his or her synthesis and keyboard technique to add character to
his or her music.

A polyphonic synthesizer (Fig. 1-12) contains at least four
separate “voices,” which means that the synthesizer can gener-
ate at least four notes simultaneously. The operation is the same
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Fig. 1-12. The Sequential Circuits Prophet 5, a polyphonic synthesizer.
(Courtesy Sequential Circuits)

as with monophonic synthesizers, except some sort of position
rule or timing priority is required of the keyboard for keys
down. This could be: first note played is assigned the first voice,
second note the second voice, and so on. Usually all voices are
programmed similarly to utilize the ensemble effect (see the fol-
lowing).

The newer synthesizers have patch memorization capa-
bilities. Patch settings on the control knobs and switches are
entered in digital memory and can be recalled at the push of a
button. A typical system will memorize 20 patches or more.
Once a patch is selected from memory, it can usually be mod-
ified and reentered in memory in altered form if desired. This
type of synthesizer, although complex in design, is not very
difficult to use and is really an exciting instrument to own and
play.

Another type of snythesizer, often called the string synthe-
sizer, uses tone generators and dividers for pitch generation.
Some of the circuitry relates back to organ technology in design.
A very high frequency waveform (often crystal controlled) is
divided by a top-octave generator IC to output 12 high-
frequency notes of an octave. These are then further divided
down for the lower octaves (Fig. 1-13).

The active filter circuits that act on these notes are more
elaborate than those found in organ circuits. Some units com-
bine fixed filters with voltage controlled filters. A few units
even have voltage controlled filters and voltage controlled at-
tenuators for each key.
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The sound is often enhanced by paralleling two tone-
generating sections that are slightly out of tune. When two notes
that are very near in frequency are mixed together, they audibly
“beat” against each other. This is called the ensemble effect. It
is a characteristic of natural instruments (ever tune a guitar?).
This type of synthesizer is often designed to imitate string sec-
tions of an orchestra. Usually the sounds available are preset
and may only be variable over a small tonal range.

ANALOG SYNTHESIZER SYSTEM DESIGN

A nice feature of analog synthesizer construction is that you
can start out small. You can put together one module at a time
and build up the system slowly to coincide with your budget
and leisure time. A minimum number of modules is required for
interesting sound capabilities.

Before starting, however, you must set down some system
guidelines and make sure the circuits you choose or design will
conform to them.

Linear and Exponential Voltage Relationships

If a graph is made of the relationships of note frequency to
key position on a keyboard, the result will be an exponential
curve (Fig. 1-14). The notes on the keyboard are arranged in
twelve-note sequences called octaves. Seven of the notes (the
lower, usually white, keys) are designated C, D, E, F, G, A, and
B. The other five (usually black) keys are termed sharps (#) or
flats. The term sharp signifies that the note is higher in pitch.
The term flat means that the note is lower in pitch. A2 means
that the note is higher in pitch than A but not as high as B. The
“kicker” is that this note can also be called B flat. The two notes
are the same. All notes are equally spaced in relation to the
twelfth root of 2, or a frequency difference of about 6 percent.
The frequency of A4 (above middle C) is 440 Hz. Note A# is 440
Hz multiplied by the twelfth root of 2 (1.059 . . . ), or 466 Hz.
Note B is Az multiplied by the twelfth root of 2; and so on. Each
higher octave is a factor of 2 higher in frequency. Thus the fre-
quency of A5 is 880 Hz. This exponential relationship between
note frequency and location must be duplicated by circuitry in
the synthesizer.

One method would be to use an exponentially spaced resistor
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Fig. 1-13. A typical string synthesizer block diagram.

string in the keyboard. This requires precision resistors or, at
least, sensitive tuning of variable resistor trimmers in the resis-
tor divider string.

An alternative is to use an exponential converter. An expo-
nential converter changes a linearly changing voltage into an
exponentially rising one. Thus the keyboard resistor string can
be made up of resistors of the same value for a linear output.
This circuit then feeds into the exponential converter for the
final output control voltage.

Using one exponential converter is not satisfactory. If two os-
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Fig. 1-14. A graph of note frequency vs. key position.

cillators are driven by the same exponential voltage and one
oscillator frequency is manually offset from the others, the
two oscillators will not track in frequency. The solution is to use
an exponential converter (or exponential current source) at each
module’s input (Fig. 1-15). Most of the industry uses this
method. If linear control is desired, it can be found as auxiliary
inputs on many modules.

Control Voltages

The standard control voltage ratio for the industry is I volt
per octave. One volt of control voltage causes a one-octave
change in the module, whether it be the frequency of an oscil-
lator or the cutoff frequency of a filter. This allows a ten-octave
range for 10 volts, which is quite satisfactory.

Timing Signals
In addition to providing one or more control voltages, the
controller (keyboard) must output timing signals telling when

keys are down and for how long. These pulses are then fed into
various modules to initiate their functions (Fig. 1-16).
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Fig. 1-16. Keyboard timing signals.
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The most common timing signal is the gate. Its level is high
whenever a key is down. It is used to initiate the envelope
generator. When used with an ADSR-type envelope generator
(see Figs. 1-17 and 1-18), it will start the attack portion of the
envelope and, after the decay, will determine when the final
release portion of the envelope will occur.

| ! | |
|
A D s A—R—]
[ |
! |
| |
I ! | A= ATTACK
| ! | D=DECAY
r I | S = SUSTAIN
! | | R =RELEASE
|
|
|
|
|
|
|
Fig. 1-17. The ADSR envelope.
GATE
ov
’ : TRIGGER
ov
"\ ADSR
\ OUTPUT
ov

Fig. 1-18. A timing diagram of an envelope generator.

A second timing signal is the trigger. It occurs whenever a
new key is pressed. It is a small, fixed-length pulse that is used
to “retrigger” the envelope generator’s output. When the
envelope generator receives a trigger it will restart its envelope.
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The trigger can also be used to trigger sample and holds or
sequencers.

Most synthesizers use gate and trigger voltages that are at
least as large in magnitude as the signal waveforms. Typically
they are from 5 to 10 volts when high.

The module input accepting the timing signal(s) will usually
consist of a Schmitt trigger or comparator. These circuits are
level-sensitive circuits that change states when the input
crosses a determined threshold. The typical threshold in many
commercial synthesizers is 2 volts. Such an input structure
allows slowly rising input voltages to act as trigger (or gate)
sources.

Input Structure
The most common input structure for control and signal volt-

ages is the op-amp summing node. This is the “—" input with
negative feedback. The circuit is basically an inverting sum-
ming stage.

The value of the 1 v/OCT control voltage input resistor is most
often a 100-kQ) low-tolerance (0.1 percent) type for gain accu-
racy and stability. This aids in reliable tracking of modules

within the synthesizer.

Output Structure

The output structure usually consists of a low-impedance
source followed by a 1-kQ) resistor. This 1-kQ resistor protects
the low-impedance source from shorts to ground which may
accidentally occur when setting up a patch with patch cords.
The resistor also allows passive mixing by directly wiring two
(protected) modules’ outputs together.

The only output that will not have a protection resistor will
be the control voltage output. A 1-kQ) resistor in such a position
would create a 1-percent error when fed into the 100-k€ 1 v/oCcT
input of a module.

Signal Levels

Most synthesizers output 10-volt peak-to-peak waveforms
from the oscillators. However, the center of the waveform swing
may be either 0 volts or 5 volts. This is because signal voltages
are usually plus and minus 5 volts, and control voltages are
usually 0 to 10 volts. Careful attention should be paid to these
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signal levels because most module inputs are dc coupled. It will
not do any harm to wire 0—10 V to an input meant for +/-5 V,
but the result will probably not be as planned.

A level-translator module may be included in a system to
allow oscillator waveforms to function as control voltages (0-10
V) as well as sound source signals (+/—5 V). Such a module
would employ op amps to shift +/—5-V signals to 0-10-V
signals.
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POWER SUPPLY CIRCUITS

CHADPIER 2

A well-regulated power supply is necessary for stable syn-
thesizer operation. Many critical exponential converter circuits
derive their reference voltages directly from the power supply.

The majority of circuits found in this book and elsewhere use
+15-, —15-, and +5-volt supplies. Circuits with other voltage
requirements (such as +9, —9 or +12, or —12 volts) can usually
be used with +15 and —15 volts with minor circuit changes.

A l-ampere supply will satisfy the current requirements of
most synthesizer systems. If your regulators are extremely hot to
the touch, it is a sign that additional current capacity or heat-
sink area is needed. A l-ampere supply will typically power 20
or more modules. A module’s current requirements can be
roughly estimated by adding the circuit’s IC quiescent currents
(usually about 3 mA each) to the currents drawn by resistor di-
viders and op-amp loads. LEDs usually draw about 20 mA each,
so it is advisable to limit their use unless you have the current
to spare.

THE REGULATED SUPPLY

A typical synthesizer power supply consists of an unregulated
de source followed by an IC regulator circuit (Fig. 2—1). The
unregulated supply configuration will vary with the power
transformer chosen. Typical transformer rectifier configurations
are shown in Fig. 2-2.
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Fig. 2-1. A basic power supply.

Regulator Input Characteristics

The input restrictions of the regulator determine the unregu-
lated supply design requirements. IC regulators usually require
an input dc voltage about 3 volts higher in magnitude than their
specified output voltage. This voltage is called the drop-out
voltage of the regulator. The output voltage will fall out of regu-
lation if the input voltage falls below this level. The regulator
also has a maximum input voltage rating, which is usually about
15 volts higher than the output voltage of the regulator. Operat-
ing with inputs higher than this level will result in a “blown”
regulator. Thus, for a typical 15-volt regulator chip, the input
voltage must be within the range of 18 to 30 volts.

Variations in the ac line voltage must be taken into considera-
tion in the design of the unregulated supply. Variations in line
voltage can cause the unregulated supply to fall outside the
allowable regulator input voltage range.

The Transformer

The voltage output of a transformer will vary, depending on
its load. This is due to the voltage drop created by the resis-
tance of the transformer secondary winding. With no load, very
little current is drawn through the transformer and the output
voltage is high. With a load, more current is drawn through the
transformer and the output voltage is lower. Most manufacturers
rate their transformers at full output current. These voltages are
expressed as rms (root-mean-square) voltages, which are 70.7
percent of the peak voltages. Typical no-load to full-load voltage
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output variation is about 20 percent. With a light load, the out-
put may be high enough to cause the regulator input voltage to
be above its maximum allowable value.

Secondary current ratings should be at least 1.2 times the load
current for the full-wave center-tap configuration and 1.8 times
the load current for the full-wave bridge configuration. For twin
15-volt supplies a 36-volt ct (center tapped) transformer is fre-
quently used. For 5-volt supplies a 12.6-volt ct filament trans-
former is popular.

The Rectifier

The diodes in the rectifier circuit must be able to handle the
average current drawn by the load as well as any surge currents
due to turn-on transients or output shorts. In full-wave rectifier
circuits each diode passes an average of one-half of the output
load current. However, the rms ripple current into the filter is at
least twice the output current. The magnitude of the rms cur-
rent increases as the ripple voltage decreases. By increasing the
size of the filter capacitor in the power supply design, the ripple
voltage will decrease. Also, when the supply is first turned on,
the filter capacitor acts as a short circuit. During this time the
current is limited only by the secondary resistance of the trans-
former. Therefore the rectifier diodes must be able to handle
this current surge.

A good practice is to use diodes of at least twice the average
dc¢ current drawn by the load. For the majority of circuits
l-ampere diodes are sufficient.

The peak reverse voltage (prv or piv) rating of the rectifier
diodes should be at least twice the peak output voltage of the
transformer.

For a full-wave, center-tapped transformer configuration (Fig.
2-3) the peak output voltage is

_ 1414V,
2

Vpk - Vrect

where
Vims is the secondary rms voltage at full load,
Vet is the voltage drop across the diode at full load, approx-
imately 1.25 V, not 0.6 V.
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Fig. 2-2. Typical transformer/rectifier configurations.

For a transformer with an untapped secondary in a full-wave
bridge configuration (Fig. 2-2B) the peak output voltage is

Vok = 1414V — Viea

where
V.ms is the secondary rms voltage,
Viect is the voltage across the diodes at full load, approx-
imately 2.5 V in this case.

A 100-volt-prv diode is satisfactory for most applications since
Vox is usually less than 30 volts (maximum input of the reg-
ulator).

Heat sinking of the diodes is accomplished by their axial
leads. Therefore leads should be kept short and should be sol-
dered to large traces on the circuit board.

The Filter Capacitor

The choice of filter capacitor will depend on the rectifier volt-
age output and the amount of ripple voltage the regulator will
tolerate. The ripple voltage is decreased and the average dc
voltage is increased as the capacitance of the capacitor is in-
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creased. Most regulators have high ripple-rejection ratios (large
ripple in, small ripple out), allowing the ripple to be fairly large.
Such a design has a high peak voltage to make up for the cur-
rent output of the filter capacitor in between charging intervals.
The regulator has to work hard (it will generate heat) to regulate
this voltage down to the regulated output level. A circuit de-
signed with less ripple (larger filter capacitor) has the peak volt-
age (which is set by the transformer secondary voltage) closer to
the drop-out voltage of the regulator. The regulator will have to
work less since its input is closer to the desired output voltage.

A formula to determine the value of the filter capacitor (Fig.
2-3) is

C - I, x 108
120V,

where
C is the capacitance in microfarads,
I, is the maximum load current in amperes,
1/120 second is the time interval between charging cycles at a
frequency of 120 Hz.
V.o is the ripple voltage in volts, which can be a maximum of
Vik — (Vo + 3), where V. +3 is the drop-out voltage.

IC REGULATORS

The majority of common IC regulators are of the series pass
design, as shown in Fig. 2—4. A voltage reference (V,) is com-
pared with the regulator output voltage (V). The comparator
notes any difference in voltage and adjusts the bias on the base
of the series pass transistor for more or less conduction. Usually,
a low-value resistor is placed in series with the transistor out-
put. As the load draws more current from the supply, the volt-
age across this resistor increases. As the output current ap-
proaches the specified maximum output of the regulator, this
voltage turns off the series pass transistor. Often included in the
IC design is a temperature-sensing circuit that shuts down the
regulator if it gets too hot.

Heat Sinks

IC regulators require heat sinking when the load current is 20
percent or more of the maximum rated output. If the heat sink is
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Fig. 2-4. A series IC regulator circuit.

too small, the regulator will get very hot and shut itself off (if it
has that capability). For small-current applications the power
supply chassis can serve as the heat sink. For load currents
larger than 500 milliamperes, however, separate heat sinks
should be provided. These can often be obtained from surplus
sources or can be made from aluminum extrusions.

Regulator Types

There are two types of IC voltage regulators: fixed-voltage
and adjustable. The fixed-voltage regulator has all of the cir-
cuitry shown in Fig. 2—-4 on the chip. It is available in several
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output voltages. Fixed regulators are low in cost, easy to use,
and can be used with external components for higher-current,
adjustable, or tracking twin supply circuits. Low-power versions
are available for local, on-card regulation.

Adjustable voltage regulators are often very similar to fixed
regulators in design, with the exception that the voltage refer-
ence is adjustable and/or external. In addition, the current limit-
ing function can sometimes be controlled externally. A disad-
vantage of fixed regulators is that output voltages will often vary
+2 percent or more with different production lots. Adjustable
regulators can be easily adjusted to the desired voltage. For
example, the LM317 adjustable regulator can be set for any
voltage between 1.2 and 37 volts with specifications equal to, or
better than, those of fixed regulators.

Stability and Protection Circuitry

IC regulators usually require a few external components for
reliable operation. A capacitor is required from the input termi-
nal to ground to help eliminate possible stability (oscillation)
problems. The suggested type of capacitor varies. Often it is
suggested as a tantalum electrolytic of about 2 uF. Tantalum
capacitors are becoming expensive and hard to find, however.
They are chosen for their relatively low internal resistance at
high frequencies. A possible substitution for the tantalum
capacitor is a 25-uF aluminum electrolytic in parallel with a
0.1-uF or larger disk ceramic. In either case, place the
capacitor(s) as close to the regulator leads as possible.

Some regulators also require a capacitor from the output ter-
minal to ground. This capacitor is often a 1-uF tantalum or a
25-uF aluminum electrolytic. A 0.01-uF ceramic should be
added in parallel to minimize high-frequency noise.

If there is any chance of the unregulated supply being
shorted, a protection diode should be placed from the input to
the output on positive regulators (Fig. 2-5). If a short occurs,
the current stored in the output capacitor(s) will flow through
the diode rather than through the regulator, thereby destroying
the diode. This diode is provided internally in most negative
regulators. Diodes are also needed across the outputs of reg-
ulators in a bipolar supply to ensure proper start-up during
turn-on with a common load between outputs.
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Fig. 2-5. A 5-volt, 1-ampere, fixed-voltage regulator.

Fixed-Voltage Regulators

Fig. 2-5 shows a common 5-volt, 1-ampere fixed-voltage
regulator circuit. Its performance is similar with the LM309K,
LLM340-5, or the LM7805. If the filter capacitor is more than 4
inches away from the regulator use a tantalum-type capacitor
(0.2 wF or larger). The output capacitor should be at least 1.0 uF
and tantalum. If tantalum capacitors are hard to find, you may
try a 25-uF aluminum electrolytic in parallel with a 0.1-uF
ceramic type as suggested earlier. A protection diode may be
necessary to prevent latch-up with negative loads.

Fig. 2—-6 shows a twin 15-volt, l-ampere, fixed-voltage reg-
ulator power supply. Its performance is similar with either reg-
ulator listed. Take care when mounting the negative-voltage
regulators to heat sinks: the case is not ground but the input.

Fig. 2-7 shows a tracking supply using fixed-voltage reg-
ulators. The trimpot in the negative supply is adjusted for a

35



Ll
+15V
LM340-15 1A
qIN  OR OUTp: o
LM7815 £
oL 1500, L K 1N4720
= 0.22 puF 0.1puF==
[ CERAMIC | CERAMIC GND
AC —o0
= | 22puF 1OKF +
I TANT l TANT T
%V &) 1500 uF X 1N4720
2A LM320-15
er IN  OR OUT — 5
LM7915 —]13\v
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Fig. 2-7. A +/-15-volt, 1-ampere, tracking regulator supply. (Courtesy
National Semiconductor Corp.)

—15-volt output. The positive supply will track the negative
supply.

Adjustable-Voltage Regulators

A very popular adjustable-voltage regulator IC with superior
specifications and a low price is the 723. A functional pin dia-
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gram of the 723 is shown in Fig. 2-8. The current limit and
output voltage (2-37 volts) are set externally. A voltage refer-
ence is provided within the chip and is brought out on pin 6.
The available output current of the IC is a maximum of 150
milliamperes. External pass transistors can be added for higher
output currents.

NC 10 [ 14 NC
CURRENT LIMIT zr:—;J 113 FREQ COMP
CURRENT SENSE 3 [ [112 V+ UNREG INPUT
mwvineur o« —INERE [ —pu
NONINV INPUT 5O / ) 110 v,
Vier 600 <IE i 9,
v— 10 [0 8 NC
L)

Fig. 2-8. A functional diagram for the 723 voltage regulator.

Fig. 2-9 shows a twin supply using the 723. When a twin
supply is made from two positive regulators, ground connec-
tions of the two circuits must be kept separate except for a
single common ground connection at the output. A center-
tapped transformer may not be used. In the circuit of Fig. 2-9
the transformer has two separate secondary windings. Another
method is to use two separate transformers. Capacitors C3 and
C8 reduce ripple on the V,,; output (pin 6 of the 723s). Resistors
R1 and R6 improve temperature stability. The components in
the voltage divider network should have low temperature
coefficients for low output voltage drift with ambient tempera-
ture variations.

The positive supply of Fig. 2—10 is similar to the one in Fig.
2-9. The negative supply is unique, however. As the positive
supply rises in amplitude due to load variations, the voltage at
the negative input to the op amp (previously 7.5 V) will also
rise. As this voltage rises, the op amp senses a difference in
potential between the “+” and “—" inputs. It then tries to cor-
rect this at its output, pin 6. This causes the op amp to draw
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more current and the voltage drop across the 200-ohm resistor
increases. This voltage turns on the 2N4923 transistor, making
the output more negative. The 3.9-ohm resistor acts as a
current-limit sensor. As the output current increases, the voltage
drop across this resistor increases, causing the 2N3904 to turn
on and cut off the 2N4923 when the output current gets too
high.

SUGGESTIONS

When building your synthesizer, you will need both a test
bench power supply for prototyping and a synthesizer power
supply for completed modules. You could start out having your
bench supply perform both functions and later, as you have
completed several modules, construct a dedicated synthesizer
supply.

The circuit of Fig. 2—-6 would make a good supply for either
purpose. It is inexpensive to build and is identical with many
commercial synthesizer supplies. The 723 circuits provide bet-
ter regulation performance and, with modifications, higher cur-
rent output. They can also have very good thermal stability due
to their ability to accept an external voltage reference. A good
voltage reference for this application is the LM399H. It is a
precision 6.95-volt reference that has excellent thermal stability
(Fig. 2—11).

940V o

TOP VIEW

(A) Circuit. (B) Top view.

Fig. 2-11. The LM399 precision voltage reference.
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Fig. 2-12. Power supply protection circuits. (Submitted to Electronotes
by Dave Rossum)

Protection circuits, such as those shown in Fig. 2-12, are
suggested on all power supply. outputs. These circuits detect
any intersupply shorts and short the output of the supply to pro-
tect against damage to the regulators and to ICs in the synthe-
sizer circuitry. The SCRs in these protection circuits must be
rated to handle the full current output of the supply. You may
wish to install LED power indicators (with appropriate
current-limiting resistors) on the supply outputs to indicate
their proper function.
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CONTROL VOLTAGE
GENERATORS,
PROCESSORS, AND
CONTROLLERS

CHADPIELR 3

Analog synthesizers are dependent on control voltages for
proper operation. These control voltages can vary from a voltage
taken from a front-panel coarse tuning control to several
1 V/octave control voltages and timing signals from a
polyphonic keyboard.

The interface between a musician and his or her synthesizer
is called a controller. It converts some form of physical motion,
stimulus, or activity into control voltage(s) and/or timing signals.
Traditional controllers include the keyboard, the foot pedal, and
the ribbon controller. Some of the newer types include proxim-
ity sensors, biofeedback circuits, and ambient sound analyzers.

Control voltage generators output a control voltage that is
either random, periodic, or predetermined. The envelope
generator, the sequencer, noise sources, and low-frequency os-
cillators (1fo’s) fall into this category.

The control voltage outputs from envelope generators and se-
quencers are largely preprogrammed by the musician and occur
in response to an external trigger. Noise sources and lfo’s gen-
erate a control voltage independent of external stimuli.

Control voltage processors derive control voltages and/or tim-
ing signals from an input waveform. Sample and holds, slew
limiters, trigger and gate extractors, and envelope followers fall
under this category.

A sample and hold accepts an input signal and stores a control
voltage in response to a trigger. A slew limiter outputs a signal
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that is a slew limited (increased rise and fall times) version of its
input. A trigger and gate extractor generates timing signals if its
input surpasses a certain dc level. An envelope follower accepts
an input signal and outputs a dc level according to the input
signal’s average amplitude with time.

CONTROLLERS

Keyboards

The most common controller for a synthesizer is the
keyboard. Its circuitry is referred to as the keyboard interface.
Most inexpensive synthesizers have a one-voice, or mono-
phonic, keyboard. The output signals of this keyboard consist of
a 1 V/octave control voltage, a gate signal, and a trigger signal
(review Fig. 1-16).

The control voltage is a dc level that corresponds to the posi-
tion of a key pressed on the keyboard. The voltages for each key
occur in linear steps, 1/12 volt apart, for 1 volt per octave. Some
keyboard circuits allow the ratio of volts per octave to be altered
with a “range” control. This provides the capability to play mi-
crotonal scales.

The keyboard control voltage output remains at the dc level
of the last key played even after the key is released. Often it is
desired to have notes last longer than a key is held down. The
constant key voltage causes the vco(s) to continue oscillating at
the frequency of the last note played. If the envelope generator
has been set up for a long decay time, it will cause the note to
last even longer after the key is released. Most monophonic
keyboards will output a dc control voltage for the lowest note
played if more than one key is held down. This is called low-
note priority.

Most synthesizers have a feature called portamento. Increas-
ing portamento lengthens the amount of time the control volt-
age takes to change from one key voltage to another. With no
portamento the change is instantaneous and the abrupt change
in oscillator frequency is obvious. With a moderate amount of
portamento the glide from note to note becomes apparent (see
Fig. 3-1).

When one or more keys are depressed a gate signal is gener-
ated. This is a timing signal that is interfaced to an envelope
generator. When a key is pressed the gate output goes high, ini-
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Fig. 3-1. Portamento’s effect on keyboard control voltage.

tiating the envelope generator’s output. If an ADSR envelope
generator is used, the envelope will sustain at the SUSTAIN level
set as long as the gate signal is high. Once the gate signal goes
low (key(s) released) the final “release” portion of the envelope
will begin (see Figs. 1-16, 1-17, and 1-18).

At the initial actuation of a key some keyboards also output a
trigger pulse. This is a small-duration pulse (= 5 ms) that is also
interfaced with the envelope generator to signal that a key has
been depressed or key position has changed. The trigger pulse
is vital in the case (monophonic keyboard) where one key is
pressed and then a lower key is pressed. Without a trigger pulse
signifying a key position change (lower key) the envelope ini-
tiated by the gate could be completed by the time the key posi-
tion changed, thus you wouldn’t hear the second note. The trig-
ger is required to reinitiate the envelope generator and can only
occur if the gate is high (see Fig. 1-18).

Duophonic keyboards have two-voice outputs (two control
voltages and timing signals).

Polyphonic keyboards have several voices. The circuitry here
is complex because of the necessity to prevent “voice jumping”
that would occur if a lower note is released while higher keys
are still depressed. Most of the circuitry is digital in polyphonic
interfaces. Some units contain a microprocessor to allow
keyboard splitting, inverting, and note sequence memorization
in addition to the standard interface functions.

In addition to generating control voltage(s) and timing pulses
some synthesizers have velocity-sensitive and/or pressure-
sensitive keyboards. Velocity-sensitive keyboards output a per-
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cussive voltage that increases in level with the speed that a key
is pressed. This voltage is often fed into the voltage-controlled
amplifier to momentarily increase the output volume as the keys
are pressed. Pressure-sensitive keyboards output a voltage that
increases as keys are pressed harder. This voltage can then be
used to control output volume or modulation of some sort. Fig.
3-2 shows typical outputs of such keyboards.

A Monophonic Keyboard Approach

Fig. 3-3 shows a monophonic keyboard interface for a one-
bus keyboard. It is a modified version of a circuit designed by
Bernie Hutchins.?

A constant-current source (Al, Q1) drives the keyboard resis-
tor string. A constant current ensures a constant voltage drop
across each divider resistor even if more than one key is held
down. Resistor R2 trims the key voltage interval to 1 volt per
octave. The “tune” control (R5) raises or lowers the overall
keyboard tuning. The resistors in the keyboard divider network
should all be the same value in the range of 50-200 ohms (1
percent). The optimum design value is 100 ohms.

The keyboard voltage is buffered by A5. Resistors R6 and R7
and diode D4 cause the output of A5 to be —0.7 V if no keys are

o

FAST SLOW FAST

(A) Velocity sensitive.

NO PRESSURE
LOW PRESSURE

HIGH PRESSURE
(B) Pressure sensitive.

Fig. 3-2. Keyboard control voltages.
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Fig. 3-3. A monophonic keyboard interface for a one-bus keyboard.

pressed. Capacitor C11 filters out noise on the bus line. The A2
circuitry acts as a differentiator. Any change in control voltage
pulsed through C2 and RS8 is amplified by A2. These pulses are
input to IC1, which is a one-shot monostable that triggers on a
negative input pulse. Once this monostable is triggered, IC1
pin 3 remains high for about 25 ms.

Op amp A3 acts as a comparator in this circuit. It goes high
any time the voltage on the positive input rises above the volt-
age on the negative input pin (which is set by R12 and R15).
The voltage on the negative input is set at about 0.35 V, half
way between ground and the —0.7-V output of A5 when no keys
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are pressed. Possible A5 key control voltage outputs range from
0 volts (R5 shorted) to several volts, depending on the keys
pressed and their octaves. The —15- to +15-V level output of A3
is converted to a 0- to 5-V level by D2, R16, and R17. A 5-V
level into IC2 pin 4 enables IC2 and allows the pulse from IC1
to cause a 1.5-ms trigger pulse out on pin 3.

Diode D1 and resistors R14 and R15, along with capacitor C7,
delay the rising level of A3, causing comparator A4 to output a
delayed —15-V to +15-V level. This level is converted to a 0- to
5-V level by D3, R18, and R19. This output is the gate.

The trigger output (pin 3) of IC2 is input to comparator AS8.
This —15- to +15-V level turns on the sample-and-hold FET,
Q2. This allows the keyboard control voltage to be stored by
C10 and buffered by A6. The output of A6 is fed to the por-
tamento circuit of R26 and C12. This is buffered by A7 for the
final control voltage output.

If the gate voltage were not delayed by A4, the synthesizer’s
envelope generator would be activated before the new
keyboard control voltage was set up on the sample and hold.
This would cause the old pitch to be heard for a short interval if
a fast attack setting was used on the envelope generator. The
signal timing of this circuit is shown in Fig. 3-4.

The basic advantage of this circuit is that it allows the use of
inexpensive (possibly surplus) one-bus keyboards. The control
voltage is more susceptible to drift than other designs using
more than one keyboard bus due to the droop rate of the sample
and hold. Droop rate is the rate at which the storage capacitor
looses its charge. The key voltage is sampled only once and for
a very short time for each key depression. After the trigger
samples the sample and hold, C10 begins to discharge at a rate
dependent on the input bias current of A6, the type of capacitor
used for C10, and whether the printed circuit layout around C11
and A6 is clean of contaminants. A guard ring is shown on the
schematic. This is an actual printed circuit trace on the board
that encircles the traces leading from the top of storage
capacitor C10. The guard ring is connected to the negative
input of A6. Since the level on this guard ring is the same as
that on C10 (but at a lower impedance) there is less leakage
from C10. Other circuits, using more than one keyboard bus,
gate the sample and hold on with a second bus. Thus droop rate
does not become a factor until a key is released.
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Fig. 344. Voltages for Fig. 3-3.

A Duophonic Interface

The circuit of Fig. 3-5 is a duophonic, 3-bus, keyboard inter-
face that appeared in CFR Technotes.?

Op amp A3 and transistor Q7 form a constant-current source
much like the one in the circuit of Fig. 3-3. Op amp A5 buffers
the level of the voltage on the bus. The wire from the voltage
bus to A5 is shielded to eliminate any 60-Hz line noise from
entering the circuit. The first voice gate signal originates from a
separate keyboard bus. It turns on sample and hold FET Q8
whenever a key is down. Op amp A4 buffers the voltage stored
on the control voltage/portamento capacitor.

The portamento circuit in this design performs differently
than the circuit in Fig. 3-3. In Fig. 3-3 the control voltage
changes in abrupt steps at the output of A6. The output of A7
will always eventually reach the same level of A6 at a rate de-
termined by the setting of R26. In Fig. 3-5, however, if the first
voice key is released, FET Q8 turns off and the voltage remains
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Fig. 3-5. A three-bus, duophonic, keyboard interface.

constant on the storage capacitor. The portamento glide will
stop.

The second voice trimpot is adjusted until the output of A2 is
0 when no keys are pressed. Whenever two keys are held down
the voltage at the top of the keyboard will change to keep a
constant current on the resistor divider network. The voltage
difference will be output to A2. When this voltage is summed
with the first voice control voltage at the input of a vco, the vco
will follow the second voice or upper key pressed.
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A third keyboard bus pulses Q1 whenever keys are pressed.
Transistor Q1 triggers the 555 one-shot to output a 5-ms pulse.
The negative-going edge of this pulse is inverted by Q2 and
buffered by Q3. The pulse is then fed into FET switches Q4
and Q5. When there is no second voice, comparator Al outputs
—15 volts, turning the first voice FET, Q5, on and turning off
the second voice FET, Q4. When there is a second voice, Al
will output +15 volts, turning off first voice FET Q5 and turn-
ing FET Q4 on. Thus the trigger pulse is gated to the correct
voice trigger output.

The second voice trigger lockout circuit (A6, A7) prevents the
second voice from retriggering if the second voice is held down
and a series of notes is played on the first voice. It consists of
two comparators that sense a difference between the voltage
stored on C,; and the control voltage output from A5. As long as
the first voice is changing these voltages will be different due to
the charging time of R, and C,. This locks out the second voice
trigger.

The gate bus of this circuit could possibly be eliminated by
using a comparator referenced close to ground to monitor the
trigger bus. Any time a key is pressed the comparator would go
high, generating a gate signal and enabling the sample and
hold.

For proper operation of this circuit, the key control voltage
bus must be the first to make and the last to break contact. This
ensures that the control voltage is ready to be loaded into the
sample and hold before the gate signal appears. Also, clean con-
tacts are a necessity with all keyboard interface circuits. Con-
tacts can be cleaned with rubbing alcohol and cotton swabs.

Control Voltage Ranging and Scaling

The circuit of Fig. 3—6 shows a control voltage ranging and
scaling unit.? This circuit allows easy adjustment to scales other
than 1 v/ocCT. Also, manual adjustment of overall tuning is pro-
vided with coarse and fine pots. The keyboard interface is first
adjusted for 1 V per octave. This is best done with the v/ocT
switch in 1 V/OCT and the coarse and fine controls in midposi-
tion. Measure the output of A4 with a dvm for 1 V per octave or
calibrate by ear alternately playing two notes an octave apart
while listening to a calibrated vco.
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Electronotes)

Joystick

A joystick interface circuit is shown in Fig. 3-7. A joystick
allows control over two parameters with one control. The sec-
ond voice lockout circuit (A6, A7) of Fig. 3—5 could possibly be
used in conjunction with this circuit to provide a gate signal
whenever the joystick is moved.

A Pressure-Sensitive Controller

The black conductive foam used to protect static-sensitive ICs
from damage during handling and/or shipping can prove to be a
useful material for controllers. The resistance of the material
varies with its density. If a piece of the foam is placed between
two metal plates the resistance between the two plates will de-
crease as the foam is compressed. This forms the basis of a
pressure-sensitive controller.

Fig. 3-8 shows a circuit for such a pressure-sensitive control-
ler. Resistor R1 sets the overall gain of the circuit. If the output
voltage range is too large or too small, change the value of R1.
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A Ribbon Controller

A ribbon controller can be made using conductive foam. This
is shown in Fig. 3-9. A strip of foam is laid out on a noncon-
ductive surface. Metal conductors are glued to the ends of the
foam strip. A piece of aluminized Mylar film is fixed above the
conductive foam. Pressing down on the Mylar film will cause it
to contact the foam and pick off the voltage at that point. This
voltage is then applied to interface circuitry for a final control
voltage output. The circuitry of Fig. 3-3 can be used by sub-
stituting the ribbon controller for the keyboard.

CONTROL VOLTAGE GENERATORS

Envelope Generators

An envelope generator generates a control voltage or
envelope that is usually nonperiodic. The envelope, initiated by
a timing signal, begins at 0, rises to some positive level, and
then falls back to 0.

There are several types of envelope generators, including the
attack-release (AR), the attack-decay (AD), and the popular
attack-decay-sustain-release (ADSR).

Fig. 3—-10 shows a basic attack-release (AR) circuit. The stor-
age capacitor (C1) is charged at a rate determined by its
capacitance and the setting of the ATTACK control (R1).
Capacitor C1 discharges through D2 and DELAY control R2. The
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Fig. 3-8. A pressure-sensitive controller.

charge and discharge rates are exponential. The time T it takes
for C to charge or discharge to 63 percent of the input voltage is
determined by the time constant formula:

T = RC

where
R is in ohms,
C is in farads.

After this first time period, it will take another T to reach 63
percent of the remaining input voltage level. Diodes D1 and D2
allow separate attack and decay settings.

Fig. 3-11 shows an attack-decay (AD) envelope generator cir-
cuit. A gate signal is sent to this circuit, which generates an
enveiope that rises to a maximum dc level and immediately
begins to decay. Once triggered by the gate signal, it will gen-
erate its preset envelope even if the gate signal goes low before
the envelope has been completed. The RC network on the gate
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Fig. 3-10. An attack-release (AR) envelope generator.
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input causes a pulse to be generated, setting the Q output of the
RS flip-flop (4001) high. This 15-volt signal (the CMOS uses a
+15-V power supply) passes through D2 and R3 and charges
C3. Op amp A2 buffers the voltage on C3. As this voltage rises
above 10 volts, the output of comparator Al will go high (15
volts). Diode D1 protects the output of the comparator (A1) and
passes this voltage to C1 and R1. This causes a pulse to be gen-
erated which resets the RS flip-flop, so the Q output goes to a
logic 0. Capacitor C3 then discharges through R4 and D3.

Fig. 3—-12 shows an ADSR envelope generator. Initially, with
no gate signal (ground potential), the output of comparator A3 is
a logic 0. This causes the Q output of the RS flip-flop to stay at a
logic 0. When the gate signal goes to a logic 1 comparator A3
goes to ground potential. The RS flip-flop state does not change
but output NOR gate No. 1 goes to a logic 1, turning on analog
switch 1 and initiating the attack portion of the envelope. The
output of comparator A2 then goes to +15 V as the voltage on
the storage capacitor C1 rises above 10 volts. This sets Q output
of the flip-flop to a logic 1. NOR gate No. 1 and S1 turn off, and
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Fig. 3-12. An ADSR envelope generator using analog switches.

S2 turns on. The voltage on Cl1 is then discharged through the
decay control (R4) to a dc level set by the sustain control (R16).
When the gate signal goes to a logic 0, the Q output of the flip-
flop goes to a logic 0. Switch S2 is then turned off, and S3 is
turned on, initiating the release portion of the envelope. Retrig-
gering the envelope is made possible by allowing a pulse from
comparator A4 to reset the flip-flop, causing the output of NOR
gate No. 1 to be a logic 1. The attack and initial decay portions
of the envelope will then be repeated.

Fig. 3—-13 shows a gate delay circuit which is almost identical
with a circuit design by Bernie Hutchins in Electronotes.? As the
gate goes to a logic 1, the output of A1 goes to a logic 0. This causes
a negative pulse to appear at the input of NOR gate No. 1. This
pulse is inverted by NOR gate No. 1, and again by NOR gate No. 2.
This pulse triggers the 555 monostable, causing a pulse to be
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generated with a duration set by delay control R16. Resistor R12
and capacitor C5 delay the gate signal to NOR gate No. 3 to com-
pensate for the normal delay between the rising edge of the gate
and trigger signals input to the circuit. When a gate signal is
initiated, NOR gate No. 3 will be at a logic 0 for the duration of the
pulse output of the 555 timer. After this period it will switch to a
logic 1, lasting for the duration of the gate signal. A trigger input
will retrigger the delay if a gate signal is present.

Recently, custom ICs for electronic music applications have
been introduced that make the design and implementation of
circuits much easier. One of the first chips that was available is
the Solid State Micro Technology for Music (SSM) SSM2050
voltage controlled transient (envelope) generator chip. It is a
full ADSR envelope generator with a 0- to 10-V output level. It
has a 10,000 to 1 (1 ms to more than 10 seconds) time range,
with an internal exponential converter providing an input con-
trol voltage sensitivity of 60 mV per decade. The sustain range
is linearly controlled from 0 to 100 percent.

Fig. 3-14 shows an ADSR circuit using the SSM2050 de-
signed by R.C. Blakey of Digisound Ltd.5
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Fig. 3-14. An ADSR envelope generator using the SSM2050.
(Courtesy ETI Magazine and Digisound, Ltd.)

If CMOS level timing signals are used, S1 is connected across
the CMOS trigger and gate inputs to allow both ADSR (S1
closed) and AD (S1 open) output contours. Manual gating is ac-
complished by adding a momentary-contact switch (S2) and re-
sistor R21 to the manual gate input. If TTL timing signals are to
be used, resistors R11, R12, and R15 must be added to the cir-
cuitry. Also, S1 must be moved to the TTL gate and a push-to-
break switch should be connected between the TTL gate input
and ground for a manual gate circuit.

The maximum sustain voltage out of the SSM2050 can
possibly rise above the attack voltage of the envelope. This may
cause the IC to malfunction, so R17 must be adjusted so that the
maximum attack and sustain levels are equal (in the ADSR
mode).
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Quite a large variation in device characteristics can occur be-
tween different SSM2050 chips due to variations in input im-
pedance. This impedance can be measured with a high-imped-
ance ohmmeter between pins 1 and 7. Typical input impedance
is 3.1 k). Matching will be required if several 2050s are to be
used in a system. Also, time constants can vary +50 percent be-
tween devices. Devices can be matched, however, by setting all
controls to their minimum settings and adjusting R1 for an at-
tack time of 2 ms.

Fig. 3—15 shows an ADSR circuit using the SSM2055, an im-
proved version of the SSM2050. The SSM2050 has a timing
range of 50,000 to 1, minimum. An exponential converter is also
contained in the chip, as was the case with the SSM2050. All
input control voltages are positive (referenced to ground) with
an input sensitivity of 60 mV per decade. The gate and trigger
input circuits can accept a variety of input levels where the
logic threshold is at about 2 V. Unit-to-unit time constant varia-
tions are greatly reduced —eliminating the necessity of select-
ing ICs for polyphonic systems. The SSM2055 was designed
with polyphonic systems in mind, because the control input
pins can be ganged with other units.

In the circuit of Fig. 3-15, provision is made for external con-
trol. As the control voltage increases, the attack or decay time
will increase. Controls R1, R3, R5, and R7 are limited by resis-
tors, so that a maximum of 10 volts can be output. This voltage
or the external control voltage is then buffered and fed into a
divider network voltage network, such as R13 and R14. This
network sets the control range. If other control voltage ranges
are to be used (such as 0-5 V), the network resistor values will
have to be altered. Low-value resistors are recommended for
R14, R16, and R18 when the divider is driving more than one
SSM2055. The sustain level trimpot (R9) adjusts the maximum
sustain dc level to be equal to the maximum attack level. The
time constant trimpot (R20) is adjusted to match time constants
between separate units. This is done by matching the maximum
attack times between units. If the envelope generator is not to
be used with other units, the trimpot can be eliminated and pin
2 should be grounded. A control voltage (perhaps the 1 v/ocT
from the keyboard) into resistor R23 can be added to control all
time constants of the IC simultaneously. Output buffer Al is
included as a safeguard. The SSM2055 has the capability to
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Fig. 3-15.
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drive a 2.5-k) load with less than 5000 pF. Capacitor C1 is the
storage capacitor for the circuit and should be a polyester or
polystyrene capacitor for good stability.

Fig. 3—16 is a similar circuit for an ADSR envelope generator
designed by R.C. Blakey of Digisound.® The circuit uses a Cur-
tis Electromusic Specialties CEM3310 IC. The control voltages
into the “‘attack,” “‘release,” and ‘‘decay’ inputs of the
CEM3310 can range from 0 to —5 volts. Increasingly negative
voltages will result in longer attack, decay, and release times.
The sustain input requires a positive voltage of 0 to +5 volts.
This voltage will be the sustain voltage of the output envelope.
Control input pins of similar tracking units in a polyphonic sys-
tem may be ganged. One input attenuator can then control sev-
eral ICs. The time constants of CEM3310s can vary + 15 per-
cent and can be matched using a trimmer (PR1).

In the circuit of Fig. 3-16, IC2A, IC2B, 1C2C, and IC3A in-
vert and attenuate the incoming control voltages. A voltage con-
nected to EXT CONTROL A, D, and R will change the attack, de-
cay, and release time constants simultaneously. Circuit IC3A
inverts and attenuates the sustain voltage and IC3B inverts it
again to the proper voltage range (0-5 V) required by the
CEM3310. Pin 3 of the CEM3310 outputs the attack peak
threshold voltage internal to the IC. Circuit IC3C limits the
maximum sustain voltage on pin 9 at this level, preventing a
voltage jump that would occur if the sustain voltage was higher
than the internal peak attack voltage.

The internal output buffer of the CEM3310 has a relatively
high output impedance. Performance is improved if it is buff-
ered, as with IC5A. Circuit IC5B converts the CEM3310s nor-
mal 0—5 V output to 10 V. The attack output pin (pin 16) shifts
from 0 V to a negative voltage (—0.4 to —1.2 V) when the circuit
is in the attack phase. This turns on comparator IC6A and LED
1. Comparator IC6B turns on LED 2 whenever a gate signal is
present. The gate signal is fed directly into pin 4. The trigger
input signal in this circuit is derived from the gate signal by C8
and R4. This also triggers monostable IC1A and IC1B with an
output pulse duration set by RV1. The output of the monostable
is converted to a second trigger pulse by R5, C10, and IC1C. In
the delay mode (S1 open) only this pulse goes to the CEM3310.
The circuit then functions as an AD generator. With S1 in the
retrigger position, this second trigger pulse is mixed with the
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undelayed trigger pulse, creating a noticeable delay in the out-
put envelope contour. It may also be desirable to use a separate
trigger input to allow retriggering from the keyboard. This is the
purpose of diode D4.

Sequencers

A sequencer is basically a circuit that generates preset control
voltages in a desired sequence. The complexity of sequencers
varies greatly. The rate at which the sequencers “step” from
one control voltage to the next sequential voltage (the scan rate)
can be controlled by an oscillator or an external trigger. The
number of different control voltages generated is up to the de-
signer. Individual sequence times can also be preset with some
designs. In simple designs all the sequence times are equal.
Sequencer control voltage data can be read from potentiometers
or a digital memory.

Fig. 3—-17 shows a simple sequencer using a CMOS 4017B
decade counter/divider. Each time a clock pulse occurs on pin
14, the counter in the 4017 is incremented. This count is then
decoded internally and, as a result, one of the 10 outputs (0-9)
goes to a logic 1. All of the other outputs go to a logic 0. The 555
in this circuit is used as an oscillator whose rate is controlled by
R1. Other clock circuits can be used. Switch S1 prevents the
oscillator from clocking the 4017, and it allows the use of either
an external clock or the manual trigger circuit. In the manual
trigger circuit, NOR gates 1 and 2 are configured as a monosta-
ble. When S2 is closed this circuit will output a pulse that will
clock the counter one step. Pin 13 of the 4017B is the clock
inhibit pin. A logic 1 on this pin will inhibit the counter regard-
less of the clock input status. When this input goes to a logic 0,
the counter will continue counting where it left off. The cir-
cuitry associated with NOR gate 3 debounces the inhibit switch.
A logic 1 on the reset pin (pin 15) will cause the counter to reset
to zero. If this pin is connected to an output pin, the counter
will count up to the number represented by that pin, reset, and
then start counting from zero again. This is the function of S4. If
a full sequence (10 states) is desired, pin 15 must be grounded.
In addition to S4, the outputs are connected to two 100-k{) con-
trols and an LED circuit. The LEDs will light as the counter is
sequenced. Each divider output also drives two 100-kQ) poten-
tiometers. By adjusting these potentiometers, the user can “pick
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(B) Control voltage circuit.

Fig. 3-17. A 10-step sequencer.

off” any voltage between 0 and about 10 V. The wiper voltages
are summed with 100-kQ input resistors and an op amp (Al).
Two independent control voltage circuits (A and B) are shown
in this figure. One of this control voltage “channels” (A or B)
could be used to control an external, voltage controlled, low-
frequency oscillator (vclfo). The output of this could be used to
clock the sequencer. This could allow variable, individual, se-
quence times because the frequency of the oscillator would
vary with the varying sequencer control voltage output.
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Another sequencer design uses a series of monostables
configured in a loop. Each monostable triggers the next in the
loop. The sequence times are individually set with poten-
tiometers. Fig. 3—-18 shows one stage of such a sequence, using
the 555 timer.” Resistor R1, S1, and capacitor C1 cause the cir-
cuit power to be applied slowly, allowing the timers to initially
have low outputs. Switch S2 (normally in the RUN position) will
initiate the sequencer if it is momentarily grounded. Attention
must be paid to proper power supply bypassing with capacitors,
since large voltage spikes are created by the 555 timers and can
cause unwanted retriggering. CMOS versions of the 555 (Inter-
sil 7555) are less of a problem in this regard.
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Fig. 3-18. A sequencer stage using the 555 timer.

Noise Sources

Noise sources generate a spectrum of frequencies at random
(or appearingly random) intervals. The majority of noise sources
are in one of three groups: white noise, pink noise, and low-
frequency random voltages.

White noise has a flat spectral density (all frequencies have
equal amplitudes). The interstation hissing you may hear when
tuning between fm stations on your stereo is much like white
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noise. Pink noise is low-pass filtered white noise, where a note
in a higher octave has an amplitude that is 0.707 less than the
same note in the next lower octave (3 dB per octave). Low-
frequency random voltages are obtained by low-pass filtering
the pink noise with a filter with a cutoff frequency of less than
10 Hz.

The majority of noise sources rely on the noise generated by a
reverse-biased semiconductor junction. Another method uses
digital shift registers. Such a circuit is called a pseudo-random
sequence generator (prsg). The noise and output level of such a
circuit is uniform, but the sequence generated actually repeats
at certain intervals.

Fig. 3—19 shows a noise source using a semiconductor junc-
tion.® Transistor Q1 can be any npn transistor. In fact, what you
are looking for here is the noisiest transistor you can find! The
noise from this transistor is small in amplitude and is amplified
by op amps Al and A2 for a +5- to —5-volt output. Depending
on the transistor, R5 or R6 may have to be changed in order to
obtain this output level. Op amp A3 is a low-pass filter with a
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Fig. 3-19. A noise source using a semiconductor junction.
(Courtesy Electronotes)
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3-dB/octave roll-off providing pink noise. Op amp A4 is another
low-pass filter with a cutoff frequency of about 10 Hz which
generates the random low-frequency signal. It should be noted
that levels in this circuit will probably have to be trimmed, as
the output of Q1 will vary transistor to transistor.

Fig. 3-20 shows a white-noise source using the pseudo-
random generator technique. This circuit is used in the Maplin
3800 and 5600 series synthesizers.? The four NOR gates are
configured as a 35-kHz oscillator to clock the 18-stage shift reg-
ister IC1. The white noise output is a result of gating (the three
EOR gates) the outputs of the 5th, 9th, and 18th stages of the
shift register. The white noise is also fed back into the D input
of the shift register. Resistor R1 and C1 ensure that the system
will start. The sequence output of this circuit will repeat every
few seconds but for most applications appears random.

4070BE N
WHITE
NOISE o (n g ﬁ
ouT -

6 8 915 10[ {4 11 121 13

IC1
4006BE

Fig. 3-20. A white-noise generator using pseudo-random techniques.
(Courtesy Maplin Electronic Supplies)

Fig. 3-21 shows a white-noise source using the National
Semiconductor MM5837 IC. This IC is a 17-stage prsg designed
especially for white-noise generation. It has an internal clock
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Fig. 3-21. A white-noise generator using the MM5837.

frequency of 130 Hz. The white-noise sequence repeats every
second. This is slightly audible and puts some limitations on its
applications. The previous circuits are less prone to this
problem.

Low-Frequency Oscillators

Low-frequency oscillators (1fo’s) generate low-frequency
periodic waveforms. Most lfo designs are very simple, consist-
ing of a two op-amp integrator-comparator combination. Such a
circuit is shown in Fig. 3-22.11 Op amp A2 is an integrator
whose output rises towards the voltage level set at frequency
control R13. The output of A2 rises towards this level until it
reaches the upper threshold voltage of the Schmitt trigger (A3).
Op amp A3 then changes state and A2 integrates towards the
new voltage on R13. Op amp A3 changes states again when the
output of A2 reaches the lower threshold voltage of the Schmitt
trigger. The threshold voltage of A3 is set by the ratio of R9 to
R10. This ratio also determines the amplitude of the triangle-
wave output. Typically, the oscillator will have a 100-to-1 fre-
quency variation with the adjustment of R13. Capacitor C1 de-
termines the overall frequency range. Resistors R1 and R2 and
diodes D1 and D2 convert the triangle wave to a sine wave.
Trimmer R2 adjusts the level of the triangle wave appearing
across D1 and D2. These diodes round off the peaks of the
triangle wave, causing a sine wave to be generated. Op amp Al
and its associated resistors amplify the voltage across the diodes
to +/-5 V.
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Fig. 3-22. A simple Ifo. (Courtesy CFR Technotes)

Fig. 3—-23 shows another lfo based on these same principles.12
This circuit, however, has a variable offset control (R2) to raise
or lower the triangle waveform and also a symmetry control (R9)
to adjust the symmetry of the triangle waveform. Symmetry can
be adjusted so that a negative sawtooth, a triangle, or a positive
sawtooth can be generated. Simultaneously, this control varies
the pulse width output of A3 from 10 to 90 percent. Buffers are
provided on the outputs (A2 and A4) to isolate the load from the
oscillator circuit. Switch S1 switches between various integrator
capacitors for different frequency ranges.

CONTROL VOLTAGE PROCESSORS

Sample and Hold Circuits

A sample and hold circuit samples a voltage from an input
waveform in response to a clock or trigger pulse. The sample
and hold then stores this sampled voltage (in a capacitor) until
the next sample command occurs. The effect of a sample and
hold on an input signal is shown in Fig. 3-24.

Fig. 3-25 shows a sample and hold circuit. The input signal
is buffered by Al. FET QI functions as an analog switch, pass-
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Fig. 3-23. A Ifo with variable triangle offset and symmetry.
(Courtesy Electronotes)

ing the analog signal voltage on to storage capacitor C1 when a
sample pulse is applied to the gate of the FET. The sample
pulse can be derived from an internal oscillator or from an ex-
ternal source. Op amp A4 acts as an inverting comparator. Its
output goes to —15 V when its input voltage rises above ground.
Diode D3 and R10 convert the +/—15-volt output of A4 to 0-15
volts. Capacitor C5 and R11 convert a negative transition (+15
to 0 V) from A4 to a negative pulse. The 555 timer (IC1) can act
as either an oscillator or monostable multivibrator, depending
on the setting of switch S1. If S1 is in the EXT CLOCK position, a
negative pulse out of C5 and R11 will trigger the 555, and a
pulse with a duration determined by the combination of R12
and C3 will be generated. If S1 is put in the AUTO position IC1
will act as an astable (oscillator) with a frequency determined
by R6, R7, and C4. The pulse width remains constant as deter-
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Fig. 3-24. The effect of a sample and hold on an input signal.

mined by R12 and C3. Pin 3 is the output of IC1. This 0- to 15-V
level is converted to +/—15 V by A3. A +15-V pulse will be
blocked by D1 and the output of Al will pass through R2 to the
gate of Q1. This will turn on Q1 and pass the analog signal to
storage capacitor Cl and buffer A2. A —15-V level out of IC1
will turn on D1 and the gate voltage will be approximately
—14.3 V. This turns Q1 off. Therefore, when an external clock
input is used, each time the external clock input rises above
ground the input signal will be sampled for a duration equal to
the 555 monostable multivibrator output pulse period. When in
the AUTO mode, the input signal will be sampled for a duration
equal to the 555 pulse period and at a rate set by the rate control
(R6).

The on resistance of Q1 and the capacitance of C1 form a time
constant that dictates the time required for accurate sample
voltage acquisition (by Cl). If the sample period (set by R12
and C3) is not long enough, the capacitor will not have enough
time to charge up to the level of the input voltage. A smaller
value of C1 will remedy this, but the capacitor will be dis-
charged faster by the input impedance of A2. Increasing the
sample time period would help, but it will also lower the
maximum usable sample frequency.
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Fig. 3-25. A sample and hold circuit.

A bi-FET op amp is used for A2 because of its high input
impedance characteristics (less drain on Cl:less droop). A
polyester, polycarbonate, or polystyrene film capacitor is rec-
ommended for Cl. Other dielectrics introduce voltage errors
due to a dielectric polarization phenomena and also have higher
leakage characteristics. A pc foil guard trace leading from the
output of A2 and encircling Q1, C1, and “+” input of A2 is rec-
ommended to reduce leakage paths surrounding CI1.
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The 4016 CMOS quad analog spst switch can be used in
sample and hold circuits, as shown in Fig. 3—-26. The analog
signal to be sampled must be within the 4016 power supply
limits. The 4016 has a typical on resistance of 300 ohms, but this
will vary with the input signal polarity. Other CMOS switches
and multiplexers have lower, more consistent on resistances but
may have higher droop rates due to higher internal leakage
currents.

4016
+75V 75V
14T 7T
= OUTPUT
> | ) L %5
LM307 "o —t
INPUT + T BI-FET OP AMP
+I=5V
100K 13 I 0.22 puf
ON = +75V
OFF = =75V

Fig. 3-26. A sample and hold circuit using a CMOS 4016 switch.

Slew Limiters

Slew limiters lengthen the rise and fall times of an input
waveform. The portamento circuit of a keyboard interface is a
slew limiter. Such a circuit is shown in Fig. 3—-27A. The time
constant of the circuit is determined by the choice of C1 and the
setting of R2.

Fig. 3-28 shows a linear slew limiting circuit. The heart of
the circuit is the integrator formed by R2, R3, C1, and A2. The
voltage across capacitor C1 (and thus the output) will be a linear
ramp because the capacitor will be charged and discharged at a
constant rate (current). Op amp Al acts as a comparator. Its out-
put normally would be either high or low (+/—14 V). Resistors
R2 and R3 determine the charging current from the output volt-
age of Al (the current in the feedback path of A2 is equal to the
current through R2 and R3). The output of A2 is fed back into
comparator Al. The output of Al corrects for any voltage differ-
ence between the inverting (—) input of Al and the output of
A2. If the input level remains constant, Al output oscillates at a
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Fig. 3-27. An exponential slew limiting circuit.

very high frequency and the output of A2 is a constant dc level
identical with the input.

Trigger and Gate Extractors

Gate and trigger extractors derive timing signals from an
input waveform. Some of the previous keyboard interface and
envelope generator circuits contained these circuits. The basic
gate extractor circuit is the comparator circuit in Fig. 3-29. As
the input voltage across resistor R3 rises above the voltage on
the inverting input of op amp Al (set by divider resistors R1 and
R2) the output of Al will shift from a low saturation level to a
high saturation level. The saturation level of the op amp will
depend on the supply voltages and the actual type of IC used.
The maximum output voltages for op amps, for typical supply
voltages, are given in the op-amp data sheets. Diode D1 and
resistor R4 limit the output to 0—15 volts in this circuit. Some-
times the circuit that requires a gate signal has an input that is
ground referenced. Since the output of this circuit is between 0
and 15 volts, it may not properly gate some circuitry, because it
does not drop below ground. Resistor R5 and zener diode D2
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Fig. 3-28. A linear slew limiting circuit.
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Fig. 3-29. A comparator used for gate extraction.

can be used in place of diode D1 and resistor R4 to provide an
output that rises from —0.7 volt to the zener voltage of the zener

diode.
76



If the input to the circuit of Fig. 3-29 is unstable or has noise
imposed on it, the comparator may change states several times,
as shown in Fig. 3—30. This is not very desirable. Hysteresis is
added to allow the circuit to “ignore” the noise and jitter of the
input signal. Hysteresis is the creation of two voltage thresholds
caused by the addition of positive feedback to the circuit. This
is shown in Fig. 3-31. Resistors R3 and R4 form a voltage di-
vider between the input voltage and the output (saturation)
voltage of the op amp. Resistor R4 adds positive feedback to the
circuit. As the value of R4 is increased (or R3 decreased) the
amount of positive feedback will decrease and there will be less
of a voltage difference between the upper threshold points (less
hysteresis).

A similar circuit designed with the 4050 CMOS buffer is
shown in Fig. 3-32. This circuit is commonly termed a Schmitt
trigger. The threshold point of the CMOS 4050 is normally

UPPER THRESHOLD
INPUT SIGNAL _~ NO HYSTERESIS
——————————————————————————————— LOWER THRESHOLD

OUTPUT OF r

COMPARATOR
WITH NO
HYSTERESIS

OUTPUT OF
COMPARATOR
WITH
HYSTERESIS

Fig. 3-30. Outputs of a comparator with and without hysteresis.
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Fig. 3-31. A comparator with hysteresis.

R2
o+V
R1 —o Fig. 3-32. A Schmitt trigger using
O AAA— the CMOS 4050 buffer.

HYSTERESIS = RL(4y)
R2

close to one-half of the supply voltage. Positive feedback is
added by resistor R2.

The CMOS 4093 is a dual two-input NAND gate Schmitt trig-
ger that has a typical 2.7-V hysteresis for a 15-V power supply
voltage. Fig. 3-33 shows the 4093 used in signal conditioning
and trigger circuits.

An op-amp differentiator circuit may be used to help generate
a trigger if an input voltage changes in an abrupt step. This type
of circuit was used in the monophonic keyboard interface of
Fig. 3-3. The differentiator is actually a high-gain inverting ac
amplifier. An increase in the keyboard control voltage would
cause a negative pulse out of the differentiator and trigger the
555 monostable. A decrease in the keyboard control voltage will
cause a positive pulse out of the differentiator. This would not
normally trigger the 555. However, contact bounce within the
keyboard can cause a negative pulse to be generated by the dif-
ferentiator, triggering the 555. For input signals with “clean”
transitions the circuit will only generate trigger pulses for in-
creases in the control voltage. The circuit of Fig. 3—-34 will gen-
erate a trigger pulse anytime the input voltage changes from a
relatively constant fixed voltage level. You may wish to experi-
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Fig. 3-33. Signal conditioning and trigger circuits using the CMOS 4093
Schmitt trigger. (Courtesy National Semiconductor Corp.)

ment with the component values in the differentiator circuit to
increase or decrease its sensitivity. Increasing resistor R1 or de-
creasing resistor R2 will reduce the gain of the circuit. Increas-
ing the value of C1 will allow inputs with slower rise and fall
times to generate trigger pulses. The 555 timer IC is operated at
5 V mainly to reduce power supply loading (3 mA at 5V vs. 10
mA at 15 V) and to eliminate voltage spikes on the +15-V power
supply. The CMOS version of the 555 can be used at 15 V if
desired. Note that this circuit has a very low input impedance.
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Fig. 3-34. A trigger extractor circuit.

A buffer may be necessary for some applications. If you wish
the trigger to be delayed slightly, increase the pulse width out
of the 555 by changing resistor R9 and/or capacitor C3. Then
feed the output into another 555 monostable circuit as in Fig.
3-3.

Envelope Followers

An envelope follower is basically an ac-to-dc converter. It
generates a dc level that corresponds to the average peak
amplitude of an ac input signal. The input signal is first full-
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wave rectified and then filtered to obtain a relatively smooth dc
output. This type of circuit is used to obtain an amplitude
“envelope” of an input signal. The output can then be used as a
control voltage for other modules such as a voltage controlled
filter or voltage controlled amplifier.

An envelope follower circuit is shown in Fig. 3-35. It origi-
nally appeared in Electronotes.’® Op amps Al and A2 form a
precision full-wave rectifier. The output of half-wave rectifier
Al is summed with the input signal to obtain a full-wave output.
For negative input signals the output of Al is O V and the input
signal flows through resistor R4 and R3 to op amp A2. For posi-
tive input signals the signal will flow through half-wave rectifier
Al and resistors R4 and R3 to op amp A2. Resistor R5 sets the
gain of the circuit. Capacitor C2 filters (integrates) the full-wave
peaks to provide a stable output from op amp A2. If the value of
capacitor C2 is too small, the output of A2 will vary slightly, or

R4 €2
AN {—
0l 20K 1% 1.0 uF
IN914
R2 R3 33K
AAA AAA >
2K 1% 10K 1% ") EN\SEUL?PE
¢ g D2 W IN914 +
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1% + .
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IN914 RI3S

o | 33 100K
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Fig. 3-35. An envelope follower.
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ripple. Op amp A3 is a comparator with hysteresis and gener-
ates a gate signal if the input rises above 500 mV peak to peak.
Op amp A4 generates a trigger signal when the gate signal oc-
curs. The type of op amp used in this circuit is not critical.
One-percent resistors are used in the rectifier circuit for preci-
sion. For some uses, 5-percent resistors may be fine. It may be
necessary to experiment with values for capacitor C3 and/or re-
sistor R13 for proper trigger generation.
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VOLTAGE CONTROLLED
OSCILLATORS (VCO'S)

CHADPIEDR 4

Voltage controlled oscillators (vco’s) generate one or more
periodic waveforms whose frequency is a function of an input
control voltage. Most vco’s in electronic music circuits contain
an exponential converter that converts a linear input control
voltage (such as a keyboard output) to an exponential current.
This current is used to control a current controlled oscillator
that has a large dynamic range. The output of the oscillator is
used to drive several waveform conversion/generation circuits.
These circuits provide the typical triangle, sawtooth, sine, and
pulse waveform outputs (Fig. 4-1).

The vco is the most important and easily criticized circuit in a
synthesizer. A vco must have a large frequency (dynamic) range,
an accurate l-volt-per-octave response through its range, and
should have an output frequency that is independent of ambient
temperature. Most of the burden of meeting these criteria falls
on the performance of the exponential converter.

THE EXPONENTIAL CONVERTER

The process of converting a linear voltage to an exponential
current is based on the fact that the collector current of a transis-
tor is an exponential function of its base-emitter voltage (Vgg).
The use of a single transistor, however, is undesirable because
its emitter saturation current (I,s) doubles for every 10°C.
Therefore a second and identical transistor is added to cancel
out this temperature effect. The best result is achieved if these
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Fig. 4-1. Functional diagram of a voltage controlled oscillator.
transistors are packaged as a dual transistor, part of an array, or
at least a matched pair of transistors that are epoxied together.

Fig. 4—2 shows such a circuit in its practical form.! Op amp Al
and resistors R1-R6 provide control voltage ranging and scal-
ing. These components are chosen so that for a 1-volt-per-octave
response, a 1-volt increase in the input control voltage causes an
18-mV increase on the base of transistor Q1. Trimmer R5 adjusts
the converter for a 1-volt-per-octave response.

The control range is set by the reference current (I,.,) which
goes to the collector of Q1. This will be the output current of
transistor Q2 when the input control voltage is 0 volts. The
value of I, is usually set for 10 wA or more to negate any effect
the bias current of op amp A2 may have on the output current.
Resistor R9 limits the maximum current generated by the circuit
and therefore sets the high-frequency limit of the oscillator.

The output current of the circuit is given by the following
equation:
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*TELLABS Q81C

R3 AND Q102
IN THERMAL CONTACT

R1 R3

LINEAR FMo
Q1,02 ANALOG DEVICES AD821
Al LM307 OR SIMILAR
1 A2 LM308
Fig. 4-2. An exponential converter circuit.
Iout = Iref €exp (VBq/kT)
where

Vs = voltage on the base of Q1 in millivolts,

g = charge of a single electron (1.60219 x 1071® coulomb),

k = Boltzmann’s constant (8.6167 x 1075 electron volts per
kelvin),

T = temperature in kelvins.

The temperature-dependent term in the exponential current
conversion equation changes the exponent about 0.33 percent
per degree Celsius change in temperature. Resistor R3 has a
positive temperature coefficient of 3500 ppm/°C and, when
placed in contact with Q1 and Q2, will cancel out the tempera-
ture term by changing the control voltage output by op amp Al

An alternate method of eliminating the temperature-
dependent term is to use a thermostat to heat the transistors to a
temperature above the ambient level. Such a circuit is shown in
Fig. 4-3.2 In this circuit the heater and exponential conversion
transistors are part of a CA3045/6 transistor array. The tempera-
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Fig. 4-3. A thermostat circuit.

ture of the IC is sensed by diode-connected transistor Q1. It is
compared with the thermostat setting of trimpot R3. If the tem-
perature is below the level set by R3, comparator Al will go
high and turn on heater transistor Q2. Resistors R4 and R5 limit
the maximum collector current to 50 mA —the limit of the IC.

Another problem with transistor-based exponential converter
circuits is their bulk emitter resistance. This resistance is in-
significant at low frequencies but at high frequencies (higher
current) it is high enough to affect the output current and cause
the oscillator to go flat. If a portion of the exponential current is
inverted and fed back into the converter, the emitter resistance
effect is cancelled.

This feedback is done in the circuit of Fig. 4-4.3 In this cir-
cuit the transistors are part of a CA3045/6 transistor array. Since
all transistors are on the same piece of silicon, the die, thermal
tracking is excellent. An LM308 is used for IC2 for its low input
bias current and low input offset voltage drift with temperature.
A portion of Q3’s emitter current is fed back through R13 to
correct for high-frequency tracking error. Temperature-
compensation resistor R4 is placed in contact with the CA3046
to provide close tracking. To adjust tracking of this circuit, R15
is first set to its minimum value. The v/OCT trimmer, R6, is ad-
justed for a l-volt-per-octave frequency response between two
low octaves. After R6 is adjusted, R15 is adjusted for a 1-
volt-per-octave response between low and high octaves.

Linear voltage control of the vco frequency is accomplished
by adding to, or subtracting from, the reference current (I,;) for
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TRIM
=15V

Fig. 4-4. An exponential converter circuit using a CA3046 transistor
array.

the transistor pair, which flows through Q3. This is the function
of resistor R10 in Fig. 4-2.

THE CURRENT CONTROLLED OSCILLATOR

Two types of current controlled oscillators are commonly used
in vco designs. These are diagrammed in Fig. 4-5. The saw-
tooth oscillator (Fig. 4—5A) consists of a current source (expo-
nential converter), a storage capacitor, a level detector, and a
switch. The current source charges the storage capacitor up to
the threshold voltage of the level detector. At this point the
level detector closes the switch, which discharges the storage
capacitor. Once the switch is opened, the storage capacitor be-
gins recharging up to the level detector threshold again. The
voltage across the storage capacitor will increase linearly
towards the threshold voltage, due to the constant current
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Fig. 4-5. Functional diagrams of current controlled oscillators.

charging it. Changing the threshold voltage will change both
the frequency and voltage output level of the oscillator. Increas-
ing the charging current will increase the oscillator frequency
because the capacitor will charge to the threshold voltage faster.

The level detector must be able to detect the threshold volt-
age very quickly or else it will introduce high-frequency track-
ing errors. Also, if the on resistance of the discharging switch is
too high, there will be an error caused by the time needed to
discharge the storage capacitor. After the basic oscillator design
has been optimized, some high-frequency error may still exist.
This can usually be cancelled out by compensation in the expo-
nential converter circuit. Often both the error caused by the
converter bulk emitter resistance and the reset error can be can-
celled out simultaneously.

Another current controlled oscillator is the triangle oscillator.
This type of oscillator (Fig. 4-5B) consists of a storage
capacitor, a current reversing switch, and a Schmitt trigger (see
Chapter 3). The storage capacitor is first charged up to the
upper threshold of the Schmitt trigger. The Schmitt trigger then
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changes states, and the polarity of the charging current is re-
versed. The charge on the storage capacitor will then ramp
down until it reaches the lower threshold of the Schmitt trigger.
The output frequency of the oscillator is dependent on the
charging current and the value of the storage capacitor. The
output amplitude is set by the thresholds of the Schmitt trigger.

The device used for the current reversing switch is an opera-
tional transconductance amplifier, or ota. An ota is an op amp
with a current output, the magnitude of which is a function of
the differential input voltage and a bias current (I,). For input
voltages of 10 mV or less the op amp operates linearly and I
will function as a gain control. If the input voltage of the ota is
large (more than 1 volt), the input will be saturated and the out-
put will be a current with a polarity of the input voltage and an
amplitude equal to the I control current. Thus, if a square wave
is input to an ota, the output will alternately source and sink a
current equal to I.. RCA was the first manufacturer to produce a
commercially available ota: the CA3080. Lately, dual ota’s have
been introduced by several manufacturers. These include the
RCA CA3280, the National Semiconductor LLM13600, and the
Signetics NE5517. These new ota’s contain input (linearization)
diodes that can be biased to predistort the input signal. The
input transistors in an ota already distort the input signal in one
direction, and so the two distortions cancel, allowing larger
input signals. Linear uses of ota’s are covered in Chapters 5 and
6. The linearization diodes in ota’s are generally not used in vco
circuits, because input saturation is desired.

Fig. 4—6 contains an oscillator circuit using ota’s based on a
circuit in the RCA CA3280 data sheets.® Op amp 1C2 buffers the
voltage across capacitor C1. This op amp (a CA3160) may be
replaced with a TLO81 or similar FET input op amp to elimi-
nate the necessity of +/—7.5-volt supplies. Op amp IC1B acts as
a threshold detector to alternate direction of current out of cur-
rent source IC1A. The voltage drop across diodes D1 and D2 is
fed to the IC1B noninverting input by resistor R14. Op amp
IC1B changes output states whenever the input to pin 10
reaches the threshold level set at pin 9. Note that the frequency
of this circuit (monitored at IC2 pin 6) is controlled by the cur-
rent through pin 3 of ota IC1A. If we apply the output of the
exponential converter to this pin, we will have a basic vco. This
circuit was intended as a function generator with a large
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Fig. 4-6. A wide-range current controlled oscillator.

dynamic range (2 Hz to 1 MHz). The value of C1 will have to be
increased to optimize the circuit for audio frequencies.

DISCRETE VCO CIRCUITS

Fig. 4-7 contains a complete vco circuit using a current con-
trolled oscillator circuit similar to the one in Fig. 4-6.5 The
ADS821 (Analog Devices, Inc.) is a dual transistor optimized for
logarithmic/exponential conversion circuits. Note that in this
circuit, pnp transistors are required in the exponential converter
circuit to supply current to the CA3080. Also, the linear control
voltage is applied to the second transistor (Q2). This allows
higher control voltages to correspond to higher frequencies.

Op amps IC4, IC5, and IC6 make up the current controlled
oscillator. Resistors R15 and R21 attenuate the output of IC5.
This causes the oscillator output (from IC5) to increase above
normal to compensate for the attenuation due to these resistors.
Resistors R15 and R21 are chosen so that IC5 generates a 10-V
(peak-to-peak) signal. The resulting triangle waveform is fed to
an ota (IC7). This large signal overdrives the ota input. The cur-
rent output of the ota is converted to a sine wave voltage by op
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Fig. 4-7. A vco using a triangle-wave current controlled oscillator.

amp IC8. The “roundness” of the sine wave adjusted by the
setting of trimmer R22. The symmetry of the sine wave is ad-
justed by R25.

Op amp IC2 acts as a Schmitt trigger and converts the low-
level square wave generated by ota IC6 to a high-level square
wave. Resistors R19 and R20 attenuate this to 10 V p-p.

The circuitry consisting of IC9, IC10, and IC11 performs both
pulse width modulation and sawtooth generation/modulation.
Op amp IC9 acts as a summing amplifier. It adds the dc levels
from trimmer R44 and INITIAL PULSE WIDTH control R34 to the
oscillator triangle waveform and a modulation control voltage
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from PwM/SM control R31. When the output of IC9 is fed into a
ground-referenced Schmitt trigger, such as IC11, a periodic
pulse is output. The duty cycle and pulse width of the pulse
will vary as the average dc level of the triangle waveform varies.
Op amp IC10 is made to invert the output of IC9 with a switch
signal from IC2. If FET Q3 is switched on, IC10 acts as an in-
verter. If Q3 is off, IC10 is a noninverting unity-gain amplifier.
If the output of IC9 is trimmed to 0-5 volts, the output of IC10
will be a +/—5-volt sawtooth waveform. By varying the average
dc level of the triangle waveform the output of IC10 will vary
from a normal sawtooth to a low-level sawtooth with twice the
normal frequency, as shown in Fig. 4-8. Op amp IC11 acts as a
zero-crossing Schmitt trigger. It generates a pulse waveform
with a duty cycle determined by the dc level of the triangle
output of IC9. Resistors R48 and R49 attenuate the output of
IC11 to +/—5 V peak to peak.

A vco circuit using a sawtooth current-controlled oscillator is
shown in Fig. 4-9.5 The AD818 is a logarithmic amplifier
manufactured by Analog Devices. The exponential conversion
circuitry can be replaced with the lower-cost circuit in Fig. 4-4.

Op amps IC2 and IC4 make up a sawtooth oscillator with an

Ic2 X
|
- ~ ~ = (A) Level-shifted triangle: IC9
output.
N

Fig. 4-8. Waveforms for
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output of 0-5 volts. In operation the exponential current from
transistor Q2 charges integrator capacitor C1. The voltage out-
put of IC2 rises linearly until it reaches the threshold of com-
parator IC4. The output of IC4 then switches from —15 V to
ground. This enables FET switch Q3 and discharges CI1.
Capacitor C4 and resistor R12 allow Q3 to fully discharge
capacitor Cl by creating an RC time delay of the voltage ap-
pearing at pin 2 of IC4. Without this delay, IC4 would oscillate
at a very high frequency, determined by its internal switching
time.

The sync input gives us the ability to reset the sawtooth oscil-
lator (the integrator) with an external pulse. This pulse is usu-
ally generated by another vco. Synchronizing oscillators in this

-ttt

(B) Modulated sawtooth: IC10 7474‘7,4\74\7474747'4%

output.

/‘l//‘l/ = |

[ 1T [ 1™ |

] 1 u L

(C) Pulse output: IC11 JI I } Iﬁg{ i J| L

N N
I Il J1 J1

[ 1 1 | 1 | |
1 T 1 1T 1T 1

the circuit of Fig. 4-7.
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Fig. 4-9. A vco using a sawtooth current controlled oscillator.

manner is usually done when the frequencies of two oscillators
are set to a specific ratio and precise tracking is desired. The
oscillator generating the sync pulse is called the master oscil-
lator and the oscillator receiving the sync signal is called the
slave oscillator. Interesting timbral effects can be heard if the
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slave vco is modulated while the master oscillator frequency is
held constant.

Resistor R55 in the integrator corrects for high-frequency
tracking error caused by the finite switching time of the FET
switch. The inclusion of this resistor in the integrator causes the
output of the oscillator to reach the threshold point of the com-
parator sooner, making up for this switching delay. If the value
of this resistor is increased, it can also correct for the bulk emit-
ter resistance problem in the exponential converter. This resis-
tor generates a similar linear term that only becomes apparent at
high frequencies. The value of this resistor may have to be ad-
justed for best tracking.

Op amps IC5, IC6, and IC8 form a sawtooth to triangle-wave
converter. Op amp IC5 amplifies the sawtooth output of the
integrator (IC2) to +/—10 V. Inverter IC6 provides an inverted
sawtooth output signal to attenuator resistors R28 and R29. Di-
odes D1 and D2 sum the positive ramp of the sawtooth
waveform from op amp IC5 and the negative ramp from 1C6,
resulting in a triangle wave of 0—10 volts. Op amp IC8 amplifies
and shifts the level of this signal. Capacitor C6 and resistor R26
(on the output of IC5) compensate for “glitches™ that occur in
the triangle waveform due to the drops across diodes D1 and
D2, by introducing a similar glitch of reverse polarity. Capacitor
C7 (in the feedback of IC8) filters out or reduces any residual
glitch present. The output of IC6 can be used to sync similar
oscillator circuits. Op amp IC9 functions as a Schmitt trigger,
providing a pulse whose width is determined by a reference
voltage from op amp ICI0.

Sine wave conversion is achieved by FET Q4 and op amp IC11.
The resistance of Q4 will vary with the voltage appearing at its
gate. As the signal level of the triangle waveform increases, Q4
attenuates or “rounds off”” the peaks. Thus the signal across resis-
tor R50 resembles a sine wave. This signal is amplified and buf-
fered by op amp IC11. Trimmer resistors TP4 and TP5 adjust the
symmetry and “roundness’” of this sine wave.

ADDITIONAL WAVESHAPING CIRCUITS

The last two vco circuits (Figs.4—8 and 4-9) included various
types of waveshaping circuits. The following are additional
examples of waveshaping methods used in vco circuits.
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It is possible to perform a triangle to sine-wave conversion
using piecewise linear approximation techniques (Fig. 4-10).
The diodes in this design each begin to conduct at different
input signal amplitudes. As each diode begins to conduct, it
shorts a portion of the input signal to ground through one or
more resistors. This has an overall effect of rounding the peaks
of the input triangle waveform to form a sine wave. Capacitor
C1 blocks any dc offset in the input waveform. It may be left out
if the input signal doesn’t contain an offset, or if an offset trim-
mer is added to IC1A.

R4
8.2K
RS
TRIANGLE "W
IN 27K
+/-5V 50 uF

R6
W 22
Lo 72K RIS
15V
o SINE OUT
D106 1N914 OR DIODE ARRAY 5V

SUCH AS CA3039 1/2LF353

Fig. 4-10. A triangle-wave to sine-wave conversion circuit using
piecewise linear approximation techniques.

Fig. 4-11 contains a triangle to sine-wave converter based on
a published circuit.” This circuit is similar to the CA3080 circuit
in Fig. 4-7, in that a triangle wave is used to overdrive a differ-
ential amplifier input to create a sine wave. The output currents
of the two ota’s are summed together and are converted to a
voltage by op amp IC2. Resistor R13 determines the amplitude
of the resulting sine wave. The roundness of the sine wave is
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Fig. 4-11. A triangle-wave to sine-wave conversion circuit using a dual
ota.

adjusted by trimmer R1. The symmetry of the output is adjusted
by trimmer resistor R14. Trimmer resistor R7 may be replaced
with a 120-ohm resistor. It adjusts the differential amplifier
em™er currents between the two ota’s.

A discrete circuit for a triangle to sine-wave converter is
shown in Fig. 4-12.8 Its operation is basically the same as the
CAS3080 circuit just discussed.

Fig. 4-13 is a multifunction waveform converter circuit using
an SG1858/CA3054 transistor array to convert a triangle wave to
a sine wave and/or to a width modulated pulse waveform.? The
sine-wave conversion circuitry is the same as in Fig. 4-12. The
second half of the IC is used as a comparator to create a width
modulated pulse from a sawtooth or triangle-wave input signal.

CUSTOM VCO CIRCUITS

When function generator ICs, such as the Intersil 8038, were
introduced in the early seventies, hobbyists had high hopes of
using them in electronic music vco circuits. These ICs, how-
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Fig. 4-12. A triangle-wave to sine-wave converter using discrete
transistors.

ever, generally had too low a frequency range and used linear
rather than exponential voltage control. As music synthesizers
became more and more popular, a market was created for cus-
tom vco ICs that could be used in electronic instruments. Such
ICs would reduce cost by cutting down parts inventory re-
quirements, testing time, and pc board space. Solid State Micro
Technology for Music was one of the first to introduce such an
IC—the SSM2030. This IC performs well enough to be used in
polyphonic synthesizers.

A block diagram of the SSM2030 is shown in Fig. 4-14.1° Ex-
ponential converter transistors (commonly called “log” transis-
tors) are provided in the IC. The current controlled oscillator
contained in the chip is similar to the circuit (IC2 and IC4) of
Fig. 4-9. The exponential current generated by the transistor
pair is “mirrored” and used to charge a capacitor. When the
voltage across the capacitor reaches the threshold of the com-
parator, the comparator triggers a one-shot. This one-shot gen-
erates a pulse that causes a transistor to turn on and discharge
the capacitor. The capacitor voltage is buffered and brought out
on pin 6 as a 10-volt sawtooth.

The falling edge of a pulse connected to the “hard sync”
input (pin 7) will cause the oscillator to be reset. The same
input to “soft sync¢” input (pin 11) will reset the oscillator only if
the internal sawtooth ramp is near (5 percent) the discharge
level. This method does not “chop up” the output waveforms as
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Fig. 4-14. A block diagram of the SSM2030 vco IC.

(Courtesy Solid State Micro Technology for Music, Inc.)
hard sync does. Typical waveforms for both types of syncing are
shown in Fig. 4-15.

An emitter follower in the SSM2030 is biased to generate the
top half of the sawtooth waveform at pin 5. The sawtooth is sub-
tracted from this signal by an external op amp to provide a
triangle waveform.

An internal comparator in the SSM2030 is available for use in
pulse width modulation. Its output appears at pin 8.

Fig. 4-16 shows a complete vco circuit using the SSM2030.
The voltage control circuitry should be relatively familiar to
you. The elimination of any high-frequency tracking error is ac-
complished by feeding back a portion of the SSM2030 emitter
current at pin 13 through diode D2 and resistor R31 to the base
of the first log transistor. Thermal compensation is provided by
a positive temperature coefficient (3600 ppm) resistor that is
placed in physical contact with the SSM2030. Op amp IC3 and
its associated resistors modulate the width of the pulse gener-
ated by the 2030. A voltage of 0 to 10 volts on pin 9 of the
SSM2030 will vary the pulse width output on pin 5, from 0 to
100 percent. Control R55, 1Pw (initial pulse width), allows man-
ual control of pulse width with or without a modulation input
on the PWM IN control, R53. Op amp IC4 transforms the —0.5- to
7-V pulse output on pin 5 to +/—5 V. Op amp IC5 transforms
the 0- to 10-V sawtooth at pin 6 to +/—-5 V.

Op amp IC6 subtracts the sawtooth wave from the “half-
sawtooth” signal of pin 5 to create a triangle waveform. A low-
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Fig. 4-15. Examples of hard and soft sync.

slew-rate op amp, such as a 741, is required here to reduce a
switching glitch that occurs at the triangle peaks. Since the slew
rate of the op amp is relatively slow, it cannot reproduce the
very fast switching glitch. Typical waveforms are shown in Fig.
4-17.

The triangle wave goes into a sine-wave conversion circuit
consisting of IC7 and IC8. This circuit closely resembles the
circuit used in Fig. 4-7. The total harmonic distortion of the
sine wave generated by this circuitry is about 2 percent.
Capacitor C5 (pin 3 of the 2030) determines the frequency
range of the oscillator. If lower frequencies are desired, this
capacitor must be larger. Because of the currents involved, the
SSM2030 one-shot should then be used with an external transis-
tor to discharge capacitor C5. Capacitor C5 can have values up
to 0.01 uF. The external discharge circuit ensures a short dis-
charge time and less high-frequency tracking error.

Although the SSM2030 performs well and simplifies vco de-
sign, it is not an ideal vco chip. The required positive tempera-
ture coefficient resistor is not readily available to the hobbyist
and is expensive. The requirement of physical contact between
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10V
/‘/\/\/I/l OUTPUT OF 2030 PIN 6
oV

10V
/] /] /]_/L_/I sy OUTPUT OF 2030 PIN 5

+5V
\/\/\/\/\/ 0 OUTPUT OF IC6
5V

Fig. 4-17. The signal levels of the sawtooth to triangle-wave
conversion circuitry of Fig. 4-16.

the resistor and the SSM2030 IC makes construction difficult.
Also, quite a bit of external circuitry is still required to obtain
the control functions and output levels that we desire.

A second generation of vco ICs has since appeared and they
simplify designs considerably. The Curtis Electromusic
CEM3340/3345 is one such example. All of the exponential and
linear voltage control circuitry is internal to the chip. The
negative input terminals (calling summing nodes) of the inter-
nal exponential and linear control voltage op amps (similar to
IC1 and IC2 of Fig. 4-16) are brought out to pins on the inte-
grated circuit. Control voltage summing is achieved by simply
connecting the various control voltage summing resistors to
these points. This is illustrated in Fig. 4-18.

The positive temperature coefficient resistor necessary in the
previous vco circuits has been eliminated by a temperature
compensation circuit internal to the IC.

Four output waveforms are available from the CEM3340/45.
Waveform trimming is unnecessary but external level shifting is
required to obtain bipolar (+/—5 V) signals.

Fig. 4-19 contains a complete vco circuit using the
CEM3340. The 3340 has an internal 6.5-V zener diode that
permits operation from any negative supply from —4.5 volts to
—18 volts. For negative voltages greater than —7.5 volts, a series
current-limiting resistor is required. This is the function of re-
sistor R14 (pin 3). Its value is determined by the formula: R14 =
supply voltage minus 7.2 V/0.008. The positive supply may be
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R1 R1
O—AAM— O—AAM—
R2 R4 R2 R4 (INTERNAL)
o—A AA o—av— ——AM
R3 R3
o—ww/— ° 7—
SUMMING _L SUMMING 4
NODE - NODE
(IC PIN)
(A) For the LM307. (B) For the CEM3340/3345 IC.

Fig. 4-18. The summing node.

from 10 to 18 volts. However, the vco waveform amplitudes are
directly related to the positive supply voltage.

Resistors R1 and R2 (wired to pins 7 and 15) set the initial
frequency of the oscillator, when no input control voltages are
present. With the values shown, the frequency can be adjusted
to 65.406 Hz—the frequency of the lowest note on a four-octave
keyboard. Resistor R6 functions as a coarse frequency adjust-
ment that varies the output frequency +5 octaves. Control R7 is
a fine frequency adjustment that varies the output frequency
+0.5 octave. Resistor R9 and C1 are required for compensation
in the internal op amp. Resistors R11 and R12 adjust the input
control voltages so that a precise 1-volt-per-octave output re-
sponse is produced. Resistor R20 (pin 13) sets the reference cur-
rent for the exponential converter circuit. Linear frequency
modulation is accomplished through resistor R21 and capacitor
C4. This input is ac coupled (C4) to prevent an output fre-
quency error due to possible dc drift in the linear control signal.
Gain compensation for the internal op amp is provided by resis-
tor R23 and capacitor C5. Capacitor C6 determines the fre-
quency range of the oscillator. If a 0.001-uF capacitor is used as
C6, the vco range is from 5 Hz to 10 kHz.

Temperature compensation for the exponential (current) con-
verter circuit is achieved by multiplying the current sourced
into the control pin (pin 15) by a coefficient directly propor-
tional to the absolute temperature. Since the temperature is
sensed by transistors that are on the same die as the log transis-
tors, thermal tracking is excellent. Compensation for any high-
frequency tracking error caused by the bulk emitter resistance of
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Fig. 4-19.
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the log transistors is achieved by converting the exponential
current on pin 7 into a voltage and feeding it back into the con-
trol input pin (pin 15). Trimmer R25 is set to minimize high-
frequency tracking error. Initially the wiper of R25 is moved to
the ground position and the 1 v/OCT scale is adjusted for low
octaves with trimmer R11. Trimmer resistor R25 is then ad-
justed for minimum tracking error between low and high
octaves.

The CEM3340 is capable of both hard and soft sync. Soft sync
is achieved by applying negative pulses (0 to —5 V) through
capacitor C7 to pin 9. Positive voltages should not be applied to
this pin. If this input is not used, it is recommended that it be
bypassed to ground with a 0.1-uF capacitor to prevent possible
triggering due to spikes on the power supplies.

Two variations of hard sync are provided in the circuit of Fig.
4-19. The basic current controlled oscillator in the CEM3340/
45 generates a triangle wave. Hard sync causes the triangle
ramp to reverse direction. A positive pulse applied to the posi-
tive sync input in Fig. 4-19 will force a rising triangle wave-
form to reverse direction. A negative pulse applied to the nega-
tive sync input causes a falling waveform to reverse direction.
The pulse signals into the sync pin (pin 6) should be from 0 V to
a maximum of 3 V.,

Pulse width modulation is achieved by a 0- to 5-V level on
pin 5 of the CEM3340. Op amp IC2 and its associated resistors
R26-R33 allow manual and/or external control over the pulse
width. The pulse output of 3340 appears on pin 4. The level at
this pin is normally 0 to 12 volts for a 15-V positive supply. A
zener diode (D1) is used to drop this level to 0 to 10 V. This can
be level shifted to +/—5 V, if desired. The pulse output on pin 4
will have a slower fall time compared to the rise time, due to
limitations in the internal comparator. An external circuit such
as Fig. 4-20 can be used for faster rise/fall times.

Op amps IC3 and IC4 in Fig. 4-19 condition the sawtooth
and triangle outputs of the CEM3340 to +/—5 V. Load varia-
tions on the triangle output of the CEM3340 (pin 10) vary the
frequency of the oscillator. Therefore a buffer or constant load
is required for this pin if it is used. Triangle to sine-wave con-
version is achieved by the circuitry of IC5 and IC6.

Not to be outdone, Solid State Micro Technology for Music
has recently introduced the SSM2033 vco IC. This is an im-
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o +/—=5V
PULSE OUT

O IC1 = TLO72

0-10V SAWTQOTH IN
(PIN 8 CEM3340)

Fig. 4-20. A pulse-width modulation circuit.

proved version of the SSM2030, with much more of the re-
quired control and waveform conversion circuitry built into the
IC. The positive temperature coefficient resistor is eliminated
by an internal circuit that regulates the temperature of the IC to
a level (55°C) above the ambient temperature. The IC will draw
a relatively high supply current (10-37 mA) due to the re-
quirements of the internal heater. This current will decrease as
the ambient temperature rises.

A block diagram of the SSM2033 is shown in Fig. 4-21A.11
The circuitry resembles that of the SSM2030 in that the basic
current controlled oscillator generates a sawtooth waveform.
The two log transistors in the exponential converter each con-
tain 16 paralleled transistors. This reduces the bulk emitter
resistance and high-frequency tracking errors. A third transistor

SOFT
36K
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N " Ame oI 8
S sum ~3 3
‘4 out 4+ T
A " 72¢ v [y
z 159 HFT L TRiouT! 1s[dwer

Xy e sort sywel] [ Jexro
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2
GND 3
2 T expo 2 ~
ﬁ——D——‘m somnl]« 13w
SAW out
Ve out TRIANGLE sumout[s 12 [Joase onD
CONVERTER
HEATER| 16 8 puLse woo n[ 6 1 [Jcap
TEMP Wi
b -V ouse puLse out] 7 10[Jsaw our
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(A) Block diagram. (B) Pinout (top view).

Fig. 4-21. A block diagram and IC pinout of the SSM2033 vco. (Courtesy
Solid State Micro Technology for Music, Inc.)
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generates an exponential current to enable further trimming of
the high-frequency tracking error. A diagram of the voltage con-
trol circuitry is shown in Fig. 4-22.12

VIOCTAVE e l R =30M 1%
100K 91K ¢ R = 1.5M Ol g 470
Vi )— Mg v,
T 1% 20K 7 i L gt
H ,
'
100K ! our 15
v,
1% <
100K |4 x16 x16
V, >—— = V, 54.9K \A 14 Q Ny X1
1% A —1a Q 12
t 5 1% k[
EE + R, =
L 1%
—— 1000pt
I Vo=V + V...V
= R, R+ R = 1K
v V, 1K 1%
o= 50K L

Fig. 4-22. A diagram of the voltage control circuitry of the SSM2033.
(Courtesy Solid State Micro Technology for Music, Inc.)

The SSM2033 will operate with positive supplies from 9 to 18
V with the output waveforms being level dependent. The nega-
tive supply can range from —4.5 to —18 V with a series
current-limiting resistor required for negative voltages greater
than —6 V.

Fig. 4-23 contains a vco circuit using the SSM2033. The ex-
ternal circuitry closely resembles that of Fig. 4—19. Capacitor
C6 determines the frequency range of the oscillator. Increasing
its value will lower the frequency range of the circuit.
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FILTERS

CHADLTER O3

A filter is generally used to attenuate or reduce the amplitude
of certain frequency portions (timbre) of an input signal to
change its sound or “tonal character.” As discussed in Chapter
1, the waveforms generated by a vco (sawtooth, triangle, etc.)
will consist of a fundamental frequency and, except for the sine
wave, several frequencies, called harmonics, that are multiples
of the fundamental (see Figs. 1-2 and 1-3). These waveforms
sound different from each other but have a constant frequency
and become dull to listen to in a short time. Their function is to
provide a broad range of frequencies for the filter(s) to alter.
This is the fundamental concept of subtractive synthesis, which
was explained in Chapter 1. A voltage controlled filter, or vcf,
can be used to dynamically change the frequency content of a
vco waveform. The magnitude of the control voltage will de-
termine what frequency portion(s) of the input signal the vef
will affect.

FILTER BASICS

Filters are characterized by the frequency portion of the input
signal they allow to pass through, unattenuated, to the output.
Some of the more typical filter responses are illustrated in Fig.
5—1. The most popular type of filter used in electronic music,
the low-pass filter (Ipf), passes low frequencies and attenuates
higher frequencies. A high-pass filter (hpf) does just the oppo-
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site. A bandpass filter (bpf) attenuates those frequencies higher
and lower than the desired pass frequency. An all-pass filter
shifts the phase of an input signal. As a very simple example,
the all-pass filter would delay the signal as it passes through the
filter. Thus, if we look at both the input and output signals, the
minimum and maximum of the output signal will not occur at
the same time as those of the input signal. Thus they are out of
phase. Higher frequencies are shifted more than lower fre-
quencies with this type of filter. When the shifted signal is
summed with the input signal, notches are created in the fre-
quency response where the two signals are 180° out of phase (a
half-cycle apart). This type of filter produces the popular “phase
shifter” sound often used with an electric guitar.

The rate of a filter’s attenuation is called its rolloff. The
sharper the rolloff is, the more noticeable the filter’s effect be-
comes. Filter rolloffs are specified in terms of decibels per oc-
tave. The decibel (dB) is a unit of measure for comparing

AMPLITUDE

e

FREQUENCY

20 kHz

(A) Low-pass response.

AMPLITUDE

FREQUENCY 20 kHz
(B) High-pass response.

Fig. 5-1. Command
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relative signal levels in a circuit. The formula for measuring
decibels for voltages V, and V, having equal impedances is

dB = 20 log (V,/V,)

A chart of common decibel ratios is given in Fig. 5-2. Typical
rolloffs of filters used for electronic music range from —3 dB/
octave to —24 dB/octave.

The point in a filter’s frequency response at which the rolloff
approaches —3 dB/octave (0.7079) is called the filter’s cutoff
frequency. If you have a sine wave generator (or vco), an oscil-
loscope, and a frequency counter, you can determine the cutoff
frequency of a filter by using the method shown in Fig. 5-3.
The sine wave generator is first adjusted to a frequency in the
filter’s passband. The signal level of the generator or the verti-
cal gain of the oscilloscope is adjusted for a 4-cm peak-to-peak
(+'2 cm) display on the oscilloscope screen. Then the sine wave

AMPLITUDE

FREQUENCY 20 kHz

(C) Bandpass response.

AMPLITUDE

FREQUENCY 20 kHz
(D) All-pass ““phase shifter”” response.

filter responses.
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Fig. 5-2. Decibel conversion chart.

generator frequency is adjusted until the output level of the
filter drops to 2.8 ¢m peak to peak (= 1.4 cm). The frequency at
this point will be the cutoff frequency of the filter.

The method detailed in Fig. 5-4 can be used to observe the
frequency response of a filter. If your oscilloscope does not have
an external horizontal (Y) input, you will probably experience
some difficulty in syncing your scope to observe the full fre-
quency sweep.

Often, resonance is added to a filter (by feeding back the
filter’s output) to create a peaking of the amplitude at frequen-
cies near to and including the cutoff frequency of the filter. If
the resonance (or Q) is increased, the filter will begin to oscil-
late at a frequency at or near the cutoff frequency. Because this
oscillation is often a pure sine wave, many sine wave generators
use this method to generate their output signal. The effect of
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resonance in a low-pass filter is shown in Fig. 5-5. Increasing
the resonance in a bandpass filter will sharpen the rolloff and
peak the response amplitude at the filter’s designed center fre-
quency. The circuit’s Q is defined as the filter’s center fre-
quency divided by the filter’'s bandwidth (defined as the differ-
ence in frequency between the two cutoff frequencies). Higher
Q’s mean sharper frequency responses. This concept is illus-
trated in Fig. 5-6.

Resonant filter banks (sometimes called responding filter
banks) are designed with a group of high-Q bandpass filters that
are all fed the same input signal. The filter outputs are summed
in a proportion determined by the user to obtain a desired out-
put timbre. A common filter bank is the graphic equalizer, used
in pa systems and recording studios. Fig. 5-7 shows a filter
bank using bandpass filters.

If the resonance of a filter is set so high that the filter is close
to the point of oscillation, a sharp pulse fed into such a filter
will cause it to ring or oscillate for a short time at the filter’s
center frequency (Fig. 5-8). This effect is utilized in many
rhythm percussion boxes to simulate congas, drums, and so on.

The complexity of a filter circuit is directly related to its
rolloff rate. A simple passive filter, using only a resistor and a
capacitor, has a rolloff of —6 dB/octave (see Fig. 5-9A). This
matches the curve of the capacitive reactance for the circuit.
The order of a filter relates to the number of such RC sections
in a filter circuit. The simple RC filter is a first-order filter. A
simple active low-pass filter, using an op amp, two resistors, and
two capacitors (such as the one shown in Fig. 5-9B), is a
second-order filter.

The order of a filter circuit also relates to the number of fre-
quency poles it contains. A frequency pole is the cutoff fre-
quency of an RC circuit in the filter circuit. A fourth-order
low-pass filter may have four poles of the same frequency or of
scattered frequencies. A sharper rolloff is obtained if the poles
are slightly scattered. However, the audible difference is not
worth the extra design effort if the filter is to be voltage con-
trolled. The majority of filter circuits used in electronic music
are made up of combinations of second-order filters. Generally,
a fourth-order filter can be made by cascading two second-order
or four first-order filters. The sharpness of a filter’s rolloff is di-
rectly related to the filter’s order by

115



rolloff slope = filter order x —6 dB/octave

which is illustrated in Fig. 5-9C.

VOLTAGE CONTROLLED FILTERS

The voltage controlled filter (vcf) is one of the most valuable
modules in a synthesizer. Much of the difference in sound you
may notice between different synthesizers is due to the design
of each unit’s vcf. All manufacturers place a lot of effort into the

FREQ
COUNTER
~ 0SCILLOSCOPE
SINE WAVE ILTER T
GENERATOR F INPUT
(A) Equipment setup.
+2cm
+1lcm
I+ttt ttt++7t+t++17 0
—1lcm
—2¢cm

(B) Passband frequency adjusted to +/—2 cm.

Fig. 5-3. A method for finding
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design of their vcf circuit(s) since they realize that the result
will affect the synthesizer’s sound capabilities. Generally, a
higher-order vcf is more useful than a lower-order vcf. The
closer a filter’s rolloff approaches a complete cutoff, the more
impressive it sounds. As mentioned earlier, to obtain higher-
order filters lower-order filters are cascaded (put in series). Each
stage in the filter is identical in design.

A typical first-order low-pass filter is shown in Fig. 5-10. At
low frequencies the capacitor is effectively out of the circuit and
the circuit is an inverter with a gain that is determined by the
resistors (usually unity gain). At higher frequencies, however,
the capacitor begins to look more and more like a resistor and
finally assumes a resistance less than the effective resistance of
resistor Ry. Thus the output will have a frequency-dependent
gain, A, found by the formula

Xe X Re 1
Ae X By 2
X¢c+R; R A

which, at very high frequencies, approaches X./R; or 1/2afR,C,
where X, (capacitive reactance) = 1/2#fC,. Since the gain de-

+2cm

4 14
[\ —\ +1lcm

-

1171

| I I

-
-
—
-+
o

v T J |

—2cm

(C) Sine frequency adjusted for +/—1.4 cm = cutoff frequency of filter.
the cutoff frequency of a filter.
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OSCILLATOR
SAW
0SCILLOSCOPE
oY HORIZ
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FILTER .
UNDER v
veo Mot OUTP———1 *X oy

SINE 7—¢ IN

2 Hz - 20 kHz
(A) Test method.

(B) Sample low-pass response.

Fig. 5-4. A method for observing the frequency response of a filter.

creases at a rate of 1/f, we see that for a 1-octave change the gain
is Y, for a rolloff of —6 dB. What remains is to find a way to
control the cutoff frequency of the filter circuit by applying a
voltage to it. This is where the ota comes to the rescue. Several
voltage-controlled, first-order, low-pass filters using ota’s are
shown in Fig. 5-11. The signal is attenuated before being fed
into the ota to prevent overdriving the input (we don’t want a
triangle-wave to sine-wave converter here!). The input signal
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CUTOFF
FREQ

-3 dB

dB

(A) Low-pass response, no resonance.

dB

(B) Low-pass response, resonance added.

Fig. 5-5. Adding resonance to a low-pass filter.

will cause the ota output to generate a proportional current with
a gain set by the control current (I-). This output current is used
to charge a capacitor. The charging rate of the capacitor will
increase as the control current increases. If the input signal to
the ota is faster (high frequency) than the charging rate of the
capacitor, the average voltage level (of the signal with respect to
time) across the capacitor will be less than the level of the input
signal. This is the basic low-pass function. Some feedback is
required (by means of the resistor in the feedback loop) to pre-
vent the capacitor from becoming completely charged, due to dc
offsets that may occur in the ota.

Fig. 5—11A shows an Ipf section that uses a FET buffer which
was common a few years ago. Distortion tends to increase with
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Fig. 5-6. Determining the bandwidth and Q of a bandpass filter.
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Fig. 5-8. Making a bandpass filter “ring.”
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A) A first-order low- ilter.
(A) irst-order low-pass filter BUFFER
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(B) A second-order low-pass filter. Cl
R1

BUFFER

c2

1

CURVE  dB/IOCT  FILTER ORDER

A 24 4th
B 18 3rd
C 12 2nd
D 6 Ist

DECIBELS (dB)

1 Hz 100 Hz 1 kHz 10 kHz
FREQUENCY

(C) Frequency response with different rolloffs.

Fig. 5-9. Low-pass filter sections and common response rolloffs.

signal level when using a FET in such a circuit. In Fig. 5-11B
the FET is replaced with a FET-input op amp. The input im-
pedance of the op amp must be very high to prevent loading of
the storage capacitor. In Fig. 5-11C the capacitor is placed in
the feedback loop of the FET op amp, forming a traditional in-
tegrator. Note that the input signal is fed into the inverting
input of the ota. This is to avoid phase inversion at the output
caused by the op-amp integrator. In Fig. 5-11D an Ipf section is
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Fig. 5-10. A first-order low-pass filter.

constructed using the internal buffer in the LM13600/NE5517.
This buffer may cause problems in some circuits due to its typi-
cal —1.4-V offset. It can be left out and the circuit can be
configured as in Fig. 5-11C, if desired. By adding and/or mov-
ing a few components of the basic Ipf section in Fig. 5-11B,
other filters can be constructed, as shown in Fig. 5-12.

An exponential current source (for I.) is required to control
the filter sections to achieve the wide control range we desire
and to enable the filter to track at 1 V/octave. Custom ICs are
now available that contain four user-adaptable gain cell/buffer
stages that are controlled by a common current (I) from an
internal exponential current source. Since these are all in one
IC, interstage tracking is excellent. The design of several filter
structures is simplified due to the “building block™ structure of
the ICs. Some of these ICs will be discussed in the next section
of this chapter.

Voltage Controlled Low-Pass Filter Circuits

The most popular filter used in electronic music is the voltage
controlled low-pass filter. A block diagram of a four-pole low-
pass filter is shown in Fig. 5-13. Four cascaded single-pole
filters are driven by an exponential current. At low frequencies
the output will be in phase with the input, because these fre-
quencies are in the passband of the filter. High frequencies
(above cutoff) will be shifted 360° and thus will also be in phase
with the input. However, frequencies near the cutoff frequency
will be shifted almost 90°. If the filter’s output is inverted (as
shown in Fig. 5-13) and fed back, the amplitudes of frequen-
cies at and around cutoff will be increased (resonance). If this
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(D) An LM13600/NE5517 circuit using an internal buffer.

Fig. 5-11. Several voltage (current) controlled low-pass filter sections.

feedback is increased, the filter will oscillate at or near the
cutoff frequency. The design and construction of such a filter
can be achieved with discrete ota’s (CA3080, CA3280, etc.) and
an exponential current converter similar to those used in the
last chapter. However, it is easier and better to use one of the
custom ICs available.

A discrete circuit probably will not track as well, will have
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(A) Low-pass real pole.

(B) High-pass real pole.

(C) All-pass phase shift.

Fig. 5-12. Basic filter section design using transconductance amplifiers.
(Courtesy Solid State Micro Technology for Music, Inc.)

control voltage offsets that will have to be trimmed out, and will
end up costing almost as much as a custom IC. Custom ICs have
an excellent signal-to-noise ratio (typically 90 dB), low distor-
tion (0.02 percent), and high control-voltage rejection (low con-
trol voltage feedthrough to the filter circuit, signified by “pop-
ping” or changes in the average dc level of the signal).
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Fig. 5-13. Block diagram of a four-pole, low-pass filter.

A pin diagram and functional block diagram of the SSM2040
vef IC appears in Fig. 5-14. This IC contains an exponential
current converter and four gain/buffer stages. This IC is used in
a four-pole voltage-controlled Ipf in Fig. 5-15. A temperature
compensating resistor (R8) is wired to pin 7 for temperature
stability. The resonance (Q) circuitry (IC4-IC6, Q1, Q2) can be
replaced with a potentiometer for manual-only control. Op amps
IC4 and ICS5 form a current controlled amplifier. The current
output of ota IC4 is converted to a voltage by IC5. The control
voltage from IC6 is converted to an exponential current by
transistors Q1 and Q2. These transistors should be close to each
other for accurate thermal tracking. The LM13600 may be re-
placed with another type of ota or a voltage controlled amplifier
IC (see next chapter) if desired. If using the LM 13600 the con-
trol voltage rejection trimmer (R28) must be adjusted for
minimum dc shift in the output signal as the “initial Q" control
(R34) is varied.

The basic filter in this circuit is equivalent to that of Fig.
5-13. The input signal is attenuated by R10 and R12 to have a
20-mV maximum input (peak to peak) at 0.02 percent total har-
monic distortion and a signal-to-noise ratio of 90 dB. The values
of R12, R15, R18, and R21 (200 ohms) were chosen for the best
control voltage rejection by the filter. The value of capacitors C1
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(A) Pin diagram. (B) Block diagram.

Fig. 5-14. The SSM2040 vcf IC.
(Courtesy Solid State Micro Technology for Music, Inc.)

to C4 should be at least 1000 pF for stable operation at all con-
trol settings. Increasing the value above 1000 pF (0.001 uF) will
lower the range of the filter. Op amp IC3 inverts and amplifies
the filter output for unity gain.

Realizing that many SSM2040 ICs were being used for volt-
age controlled, low-pass filter circuits, such as in Fig. 5-15,
SSM decided to introduce an IC optimized for the application,
the SSM2044. This IC eliminates the necessity of the external
resistor ladder network (10 kilohms, 200 ochms). It also has volt-
age controlled resonance capability on the chip. Like the
SSM2040, the SSM2044 has a high signal-to-noise ratio of 90
dB and very little control voltage feedthrough into the filter.

A block diagram and pin diagram of the SSM2044 is shown in
Fig. 5-16. A graph of the filter’s performance with Q is shown
in Fig. 5-17. At minimum Q it is a gradual rolloff approaching
24 dB per octave at high frequencies. As the Q is increased, the
low frequencies are suppressed and frequencies near the cutoff
frequency are emphasized. At high-Q settings the filter will os-
cillate with a sine wave at the cutoff frequency. As can be seen
from the second graph, Q increases slowly at first and then
rapidly increases with larger amounts of feedback.

A voltage controlled, low-pass filter using the SSM2044 is
shown in Fig. 5-18. A reverse audio potentiometer (R9) is rec-
ommended for the Q control to give a linearlike control over Q.
Resistor R10 in the Q control circuit “biases up” the control pin
(pin 2) to operate in the most effective voltage range. Oscillation
will occur at 7.5 V with the value shown for R7 (15 kilohms).
Capacitors C1 and C2 (pins 1 and 15) provide stable resonance
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Fig. 5-15. A four-pole, voltage controlled, low-pass filter using the
SSM2040.

over the sweep frequency range of the filter. Two differential
inputs are provided for input signals up to + 18 V peak to peak.
Input resistors R1 and R6 scaled to create a 3-dB-level differ-
ence between inputs. This is for use in polyphonic systems
where each filter will be used with a voice containing two oscil-
lators. A level difference is necessary to prevent signal cancel-
lation that would occur as one oscillator comes in phase with
the other. Op amp IC1A converts the current output of the
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Fig. 5-16. The SSM2044 vcf IC.
(Courtesy Solid State Micro Technology for Music, Inc.)
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Fig. 5-17. The effect of increasing resonance on the SSM2044 filter
response. (Courtesy Solid State Micro Technology for Music, Inc.)

SSM2044 to a voltage. Resistor R14 (pin 13) should be a Tel
Labs Q81C positive temperature coefficient resistor if the filter
is to be used as a tracking oscillator (high-Q setting). If preci-
sion is not required, this resistor can be 1 kilohm, 1 percent, and
resistors R15 and R16 can be replaced with 300 kilohms at 1
percent.

The Q rejection and frequency offset trimmers shown are op-
tional. The Q rejection trim (R4) minimizes Q control feed-
through. The frequency offset trimmer (R20) is used to match
several identical filters in a polyphonic system for the same fre-
quency sweep range with identical control voltage inputs.

The control voltage input attenuator (R13 and R14) is de-
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signed so that the maximum peak-to-peak voltage at pin 13 will
correspond to the maximum sweep range desired when the out-
put of the op amp swings from supply rail to supply rail. This
corresponds to = 90 mV at pin 13 and a 1000-to-1 sweep range
for + 15-V supplies.

Fig. 5-19 is a block diagram of the Curtis Electromusic Spe-
cialties CEM3320 vcf IC. This IC contains an exponential cur-
rent converter, four gain cell/buffer stages, and a variable trans-
conductance cell useful for voltage controlled resonance. The
gain cells are of a different design from typical transconduc-
tance cells (used in the SSM2040) in that they are current-in,
current-out circuits (rather than voltage-in, current-out). Each
cell is temperature compensated. The IC has a signal-to-noise
ratio of 85 dB, low distortion, and can be configured for several
filter structures.

The input to the CEM3320 gain cell is essentially a forward
biased diode to ground. It is therefore a low-impedance sum-

N\

INPUT A E E INPUT D

INPUT B [2] [17] NpuT €

FI CAPACITOR C

EOUTPUTC

5 lee

12| FREQUENCY
CONTROL

GROUND (3]

CAPACITOR B E

CAPACITOR A é

ou'rpu'rna[?J

OUTPUT A E
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INPUT E CAPACITOR D

RESONA
eamancE E 10| OUTPUT D

Fig. 5-19. The Curtis Electromusic Specialties CEM3320.
(Courtesy ETI Magazine and Digisound, Ltd.)
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ming node at a nominal 650 mV above ground. The required
input currents are thus created with input resistors to this node.
For dc stability and a constant reference current to bias the
input diode, a feedback resistor is connected from the buffer
output to the summing node. The output current of the gain cell
is given by the formula

Iy = (Iref_Iin)Al()exp(_V(‘/VT)

where

Vr = KTlq,

V. = voltage applied to pin 12,

A}y = current gain at V; = 0 (nominally 0.9),
(0.46V . — 0.65 V)/(105 Q + 25%).

Iref

A four-pole vclpf circuit using the CEM3320 is shown in Fig.
5-20.1 Op amp ICI1 attenuates the input signal and feeds it into
the CEM3320 through C2 and R5. Capacitor C2 is necessary to
maintain the required dc input bias to the first gain cell, set by
feedback resistor R6. For minimum control voltage feedthrough
and maximum peak-to-peak signal output, the buffer output
voltage should be

V(Jd(‘ = 0 . 4 6V('C

which is 6.9 V for = 15-V supplies. The feedback resistor for
this circuit is calculated:

R, = Voar 065V _ 69V - 065V _ 625V _ g9 kilohms
Lies 6.25 V/105 Q63 pA

or 100 kilohms.

The output impedance of the gain cell has a finite value and
looks like an ac resistance of 1 megohm in parallel with the
feedback resistor R, (100 kilohms) to the input. The pole fre-
quency of each stage is determined by the total equivalent
feedback resistance (R.,) and the pole capacitor C, as

fp = Apexp(—=V/Vy)27RC,
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where
Re, = B, x 1 MQ)(R, + 1 MQ),
A, = current gain at V., = 0 (nominally 0.9),
V. = voltage applied to pin 12.

For subsequent filter stages the input current will be a sum of
the currents from the feedback resistor and the current devel-
oped across the storage capacitor from the previous stage. This
current will exceed the desired level; thus it is necessary to sink
a portion of it with a resistor connected to the negative supply
(as done with R9 on pin 2). This method maintains unity gain
for stages 2, 3, and 4.

To control the resonance of the filter, a current of between 0
and 100 A is sent to pin 9. An input current of 100 uA into pin
9 will cause the filter to oscillate. Resistor R28 was chosen for
oscillation to occur at a 10-V input level. The resonance circuit
is such that high voltages (input currents) will have less effect
on the resonance. This gives us more control near the critical
point of oscillation. Increasing the resonance control voltage
above the level causing oscillation will increase the oscillation
level and shift its frequency.

Minimization of control voltage feedthrough is obtained by
adjusting trimmer R25. To adjust R25, alternate the minimum
and maximum control voltages into IC3A and adjust R25 for the
minimum change in the dc output level at pin 10. Trimmer R34
adjusts for a quiescent output voltage of 0 V. Optional Q control
voltage feedthrough trim is done with resistors R37 and R38 in a
manner similar to the control voltage feedthrough adjustment
instructions just mentioned.

The filter frequency control voltage should be between —25
mV and + 155 mV at pin 12 for best results. Trimmer R22 adjusts
for an 18-millivolt-per-octave frequency scaling. As the voltage
input of IC3A becomes more positive, the cutoff frequency will
rise. Resistor R27 sets the quiescent operation point of the filter
at about 20 Hz.

Voltage-Controlled All-Pass (Phase Shifting) Circuits

The phase shifter has become a very popular signal mod-
ification device for guitar and keyboard players. A circuit that
has been used in these applications is shown in Fig. 5-21A.
The basic shifter stage is shown in Fig. 4-21B. One notch in
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A phase shifter circuit using Vactec ““Vactrols.”

the frequency response will be created by each stage shown

(thus 4 notches

for this circuit). A Vactec “Vactrol” (a combina-

tion photocell/LLED) is used in the phase shift sections to re-
duce the resistance of the 220-kilohm resistors, with the appli-
cation of a control signal to the Vactrol’s LED. As the brightness
of the LED increases, the resistance of the internal photocell
decreases. These photocells are relatively slow to react to de-

creases in the
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quency sweep with fast sweep rates. However, this is not
objectionable —it is often preferable. The 0.1-uF capacitors
shown in the shifting networks are chosen for phasing action in
the lower frequencies. Some users may prefer a higher value,
such as 0.01 uF. The phase shifter sounds best if all of these
capacitors are of the same value.

The setting of switch S1 determines if the circuit acts as a
phaser or a vibrato. With S1 open the circuit will be a vibrato
since the signal is being shifted in time (phase). With S1 closed
the shifted signal is compared with the unshifted signal, creat-
ing notches in the frequency response where the two signals are
180° apart. Switch S2 switches between phase stages. As the
number of phase stages increases, so do the number of notches.
A variation in the control voltage will shift these notches up and
down the frequency spectrum. Trimmer R10 (near IC2) is ad-
justed for optimum notch depth. The regeneration control (R1
near IC1) feeds the output signal back to the input, thus increas-
ing the intensity of the effect.

A lot of experimentation can be done with this circuit. For
example, the source of regeneration can originate from the
phase shifting circuitry (connect regen pot to wiper of S2) be-
fore being summed with the “clean” signal at IC2. The number
of phase shift sections can be increased. Peaks will be created
in the frequency response (instead of notches) if the shifted
output is inverted before being summed with the clean signal.
Also, the circuit is designed for unity gain. If lower-level signals
are to be used (such as those from a guitar) a better signal-to-
noise ratio will be obtained if the gain of IC1 is increased, caus-
ing a larger signal to pass through the shifting circuit. The out-
put and the clean signals are then attenuated as they are mixed
by using larger values for resistors R6 and R9. Notice that in-
creasing regeneration will increase the signal level (or even
cause oscillation). Therefore you will have to leave some head-
room for this increase in signal level throughout the circuit.

Fig. 5-22 contains a two-notch, voltage controlled, all-pass
circuit using the CEM3320.2 Much of the control circuitry is
similar to that in the vclpf circuit seen previously (Fig. 5-20).

Fig. 5-23 contains a voltage controlled, all-pass/low-pass
filter using the SSM2040. An all-pass response (two notch) is
achieved by switching all the capacitors to the previous stage.
Grounding the capacitors as shown will produce a four-pole,
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Fig. 5-22. A two-notch all-pass filter using the CEM3320.
(Courtesy ET| Magazine and Digisound Ltd.)

low-pass response. Some interesting effects can be obtained if
individual switches are used rather than the four-pole, double-
throw switch shown. This will enable mixing all-pass and low-
pass responses for new timbres. The control voltage circuitry
used in the SSM2040 vclpf circuit of Fig. 5-15 (IC1) can be
used to drive the control voltage input pin (pin 7) of the
SSM2040. You may wish to try raising the pole frequency
capacitor values from 0.001 uF to 0.002 uF or so for increased
response in the lower frequency ranges.

Although it is fairly simple to design all-pass circuits with
custom vcf chips as we have seen, there is some question as to
whether the simple 2-notch response is worth the cost. This
simple response is typical of inexpensive phase shifters. It
would be nice to have a circuit with more notches, one similar
to the circuit of Fig. 5-21. Fig. 5-24 contains a simple current
controlled, phase shift circuit that can be cascaded as in Fig.
5-21 to produce a phase shifter circuit with many notches. Re-
member, however, that since these stages are cascaded, circuit
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noise increases as more stages are added. The use of the new
dual ota’s with linearized inputs will reduce this problem
somewhat.

State-Variable Filters

The state-variable filter (sometimes called a universal active
filter) is a filter that provides low-pass, bandpass, and high-pass
responses simultaneously. The basic configuration is shown in
Fig. 5-25. This circuit will have 12 dB per octave high- and
low-pass responses and a second-order bandpass response. The
high- and low-pass outputs are 180° out of phase. Combining
these two outputs will give a notch response. This type of re-
sponse, however, is not very useful, as it is hard to notice any
difference in the sound unless the notch is fairly wide. Control-
ling this type of filter with a variable voltage is accomplished
using voltage controlled integrators for these two outputs.

A voltage controlled state-variable filter using ota’s appears in
Fig. 5-26.2 Emitter follower Q1 sets the minimum output cur-
rent for the exponential current converter circuit at 100 wA. The
collectors of Q2 and Q3 must go to a point more negative than
their emitters to enable them to source current. The maximum
limit of this current will be set by resistors R13 and R14 (15
V/18 k) = 0.83 mA). The maximum value of this current will
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Fig. 5-25. The state-variable filter.
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decide the upper-frequency cutoff of the circuit. A matched
transistor pair is used for Q2 and Q3 to guarantee equal driving
currents for the ota’s. For less critical applications of this filter,
these transistors can be two 2N3906s and the 2-kilohm positive
temperature coefficient resistor can be replaced with a
5-percent carbon resistor. CA3140s are used in this circuit for
their low bias current requirements. These op amps cannot
drive low-impedance loads (less than 2 kQ). This is why an out-
put buffer/summing amplifier, IC7, is included.

The CA3140 op amps may be replaced with another type of
FET-input op amp that can drive low-impedance loads. This
can eliminate the need for IC7. However, there may be some
loss in performance (changes in the maximum value of Q and
the low-frequency cutoff limit). A constant Q is maintained over
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the full range of frequencies by capacitors C1 and C3 (on the
outputs of IC2 and IC4, respectively). These provide a phase
lead for high frequencies, making up for phase lag caused by
the internal circuitry of the ICs.

To determine the high-frequency cutoff for this circuit, we
must know the formula for the ota output current. For the
CA3080 this is

I = 19.2 I(‘VDI

where
I+ = output current in amperes,
I~ = control current in amperes,
V= differential voltage, in volts, between ota inputs.

Since we are typically using a + 5-V signal and have a
10-kilohm: 22-0ohm attenuator on the ota input, V; can be found

by

V= 22Vin _ 0011V or 11 mV (Vin = 5 V)
10 000
Iow= 19.2 1. (0.011 V)
= 02111,
= 0.211 X 0.83 mA (maximum output current)
= 0.175 mA

This output current is then converted to an equivalent resis-
tance:

R, =Vimn_ 2 _ 986k0
L. 0.175

The formula for the frequency cutoff in kilohertz is

1 1

Je = G RC 625 x 286 kO x 330 oF

=16.9 kHz

Trimmers R25 and R32 are for adjusting the rejection of the
control voltage by the filter. Initially they are set to their mid-

140



range and then each is adjusted for a minimum output dc shift,
while the coarse frequency control is varied over its full range.

A similar state-variable design using the SSM2040 is shown
in Fig. 5-274 In this circuit two second-order state-variable
filters are cascaded to form a fourth-order filter. Switch S1 will
switch between 12 and 24 db-per-octave responses for the var-
ious filter responses. Since the SSM2040 does not have on-chip
voltage controlled resonance, an LM13600 is used in the “front
end” of the filter. The signal input to this filter should not ex-
ceed 10 V peak to peak. The voltage control circuitry of IC5A
should be familiar to you by now. If desired, a positive tempera-
ture coefficient resistor can be substituted for R47 on the output
of IC5A. Trimmers PR1 and PR2 must be adjusted to obtain the
correct filter responses. Initially, set them to their midrange and
monitor the BP2 output. Adjust PR1 until an abrupt change from
a low-pass response to a bandpass response is heard. Leave PR1
at this setting. Then monitor the LP4 output and adjust PR2 for
a low-pass response at the output. Refer to Fig. 5-4 for more
precise adjustment of these trimmers.

This filter is not designed to oscillate at high Q. Therefore the
1 V/OCT trimmer can be adjusted in one of two ways. The first is
to monitor the voltage at IC1, pin 7, for an 18-mV increase for
every 1 V increase in control voltage. The second method is to
track a calibrated sine wave vco that used an identical control
voltage. Adjust the control voltage (to the vef and vceo) for a veo
frequency of about 250 Hz. Adjust the filter frequency controls
for a peak in the bandpass output amplitude. Then increase the
control voltage (to both vco and vef) 1 volt and adjust trimmer
PR3 for a peaking in the bankpass output amplitude.

Fig. 5-28A contains a voltage controlled state-variable filter
using the CEM3320. This circuit is similar to the last one, ex-
cept some changes are necessary because of the 6.9-V offsets of
the gain cells. An LM13600 is used to provide voltage con-
trolled resonance. Its input is ac coupled to prevent level shift-
ing of the CEM3320 gain cell. Op amps (IC2-1C5) are neces-
sary for buffering the filter outputs and level shifting for a
ground-referenced output signal. The circuit shown is a
second-order filter. To obtain a fourth-order response, it is
necessary to casade two filter circuits as shown in Fig. 5-28B.
(This is the same scheme used with the SSM2040.)

Unfortunately, this design requires a lot of external parts (op
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A voltage controlled state-variable filter using the SSM2040.
(Courtesy ETI Magazine and Digisound, Ltd.)

Fig. 5-27.
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Fig. 5-28. A voltage controlled state-variable filter using the CEM3320.

amps, trimmers, etc.). If you wish to build a fourth-order circuit
with the CEM3320, you might try ac coupling the outputs of the
filter sections as shown in Fig. 5-29A. This will eliminate sev-
eral op amps and trimmers. The notch output circuit will have
to remain unchanged, however, to prevent signal attenuation
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Fig. 5-29. Output coupling methods for the circuit of Fig. 5-28.

that would be caused by the 68-kQ} resistor. Also, an op amp will
be required to buffer the output of the rotary switch.

If you are satisfied with just a second-order response, the cir-
cuit in Fig. 5-30 can be used. This circuit uses two of the gain
cells as inverters. The voltage controlled resonance gain cell is
used in this circuit.

A very interesting IC recently introduced is the Curtis Elec-
tromusic Specialties CEM3350 dual voltage-controlled state-
variable filter. This IC contains two independent state-variable
filters in a 16-pin dip package. A block diagram of the IC ap-
pears in Fig. 5-31. Each filter has its own set of frequency and
O control inputs. Both frequency and Q control inputs transform
a linear voltage into an exponential control function. The filter
frequency can be controlled over a 15-octave range. The Q can
be controlled from % to a value of 100.

The gain cells used in the CEM3350 are of the standard
variable-transconductance (ota) type. Their maximum input
level (before excessive distortion) is 50 mV peak to peak. This
means an input attenuator will be required to work with = 5-V
signals.

An interesting feature of this IC is the choice of inputs pro-
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Fig. 5-30. A second-order state-variable filter using the CEM3320.
(Courtesy Curtis Electromusic Specialties)

vided for each section. For signals applied to the “fixed” input
(pins 2 and 12), the signal amplitude in the filter passband will
remain constant (50 mV p-p) as the Q is varied. However, the
amplitude at the filter cutoff frequency will peak higher than
the passband amplitude as Q is increased. For some applica-
tions the input signal will have to be reduced in amplitude to
prevent a curious amplitude “jump” that occurs as the signal
frequency approaches the filter cutoff frequency. This jump in
amplitude occurs because the increased amplitude at f., due to
the high Q, overloads the gain cells in the filter.

A second input, called the “variable” input, limits the
amplitude at the filter cutoff frequency to 50 mV and at the
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Fig. 5-31. The CEM3350 dual state-variable vcf.
(Courtesy Curtis Electromusic Specialties)

same time reduces the filter passband amplitude as the Q is
increased.

The input signal can be summed into both these inputs to
simulate additional filter responses. A four-pole, low-pass filter
using this method is shown in Fig. 5-32. Note that this is the
traditional cascaded, first-order, low-pass circuit as seen previ-
ously. The current output of each gain cell is fed into a
capacitor. The voltage developed across the capacitor is sensed
by the input of the next gain cell. The voltage across the last
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capacitor is buffered and amplified by an op amp for the final
output.

Fig. 5-33 illustrates the required connections for two inde-
pendent state-variable filters. Note that for each filter only two
of the three possible responses are available at a time. The
normal outputs are the low-pass and the bandpass. By feeding
the input through a capacitor as shown, however, these switch
to bandpass and high-pass, respectively. The diode networks
shown in the schematic will reduce Q at large signal levels,
thereby eliminating the amplitude jump problem discussed
earlier.
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L6 15l 13 12 11 w91
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Fig. 5-33. Basic circuit connections for the CEM3350 dual
state-variable filter. (Courtesy Curtis Electromusic Specialties)
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The frequency control input is meant to work with the now
familiar inverting summing stage common to other circuits in
this chapter. The control voltage range into pin 8 or pin 10 is
—200 mV to 0 mV. The scale is the standard —18 mV per octave.
The Q control input (pin 6 or pin 11) control range is +30 mV to
=90 mV. The Q increases by a factor of 2 for every —18 mV.

FIXED FILTER CIRCUITS

Now let us look at two types of fixed filters: the graphic
equalizer and the vocoder.

The Graphic Equalizer

A graphic equalizer consists of several bandpass circuits
which can be used to boost or attenuate portions of the audio
spectrum. It is often used as a final equalizer for a synthesizer,
much like a studio mixing board equalizer is used. The design
of a graphic equalizer can be attempted by designing a bank of
two- (or more) pole, active bandpass filters or using the ap-
proach shown in Fig. 5-34.5 In this design, resonant networks
are created with inductors (or simulated inductors, as we shall
see) to boost or cut frequencies as desired. In Fig. 5-35 active
circuitry is used to simulate the inductor used in Fig. 5-34.6
Additional design information can be found in National
Semiconductor’s Audio/Radio Handbook.

Vin o—wW +
¥ TR T —o Vaut

20K : R3
CuT BOOST : —Wv
-— —_ 3K
C2
Rs

ey

Vout RS

- = ——— = AT FULL CUT = |

Vo 3K + Rg 10
_ 3K+ R

= AT FULL BOOST
N

Fig. 5-34. A graphic equalizer using an inductor.
(Courtesy National Semiconductor Corp.)
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Fig. 5-35. A graphic equalizer using op amps as simulated inductors.
(Courtesy National Semiconductor Corp.)
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Vocoders

An interesting device using two sets of fixed filter banks is the
vocoder. Fig. 5-36 is a block diagram of a vocoder system. A
vocoder uses one bank of high-Q bandpass filters to frequency
analyse the input signal. The output of each bandpass filter is
connected to an envelope follower. The output of each
envelope follower is used as a control voltage to a voltage con-
trolled amplifier that follows another identical high-Q bandpass
filter. This second bank of bandpass filters is fed a different
input signal. The net effect is that the timbre of the first bank of
filters will control the timbre of the second bank. This leads to
some bizarre sound effects.

Due to the complexity of a typical vocoder system it can
hardly be termed a synthesizer module. Some useful effects,
however, can be experienced with fewer filter sections. If you
are thinking of designing a large vocoder system the following
two references can help you out:

ETI Magazine, September, 1980:
14-band unit with timbre “freeze” switch and slew rate
control (kit available from Powertran, Portway Industrial
Estate, Andover, HANTS SP10 3NM, Hampshire, Eng-
land).

INPUT SIGNAL
T0 BE

TIMBRE BANDPASS ENVELOPE | MODIFIED [ gaNppass

CONTROL o—y o—1—|
SIGNAL ™| FILTER FOLLOWER FILTER

F2-F13 F2-F13

llllLLLLlH% !

|RRERERRRRAR

L_| BANDPASS ENVELOPE BANDPASS

FILTER F14 FOLLOWER FII_TERF14

¥

ﬁw our
SUMMER

Fig. 5-36. Block diagram of a vocoder.
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Electronotes, No. 100. 16-band unit using state-variable
filters.
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ANALOG MULTIPLIERS

CHADPITELR €

Analog multipliers are circuits that multiply the instantane-
ous voltage of an input signal by the instantaneous voltage of
another input signal or control signal. The most common analog
multiplier is the voltage controlled amplifier, or vca. A vca has a
signal input and a control voltage input. The signal input usu-
ally accepts bipolar (+/—5 V) signals and the control voltage
input accepts only unipolar (0 to 5 or 10 V) voltages. Voltage
controlled amplifiers of this type are often called two-quadrant
multipliers because the algebraic sign of the product (or output
of the circuit) can fall in either of two quadrants (quadrants 1
and 2) of a four-quadrant graph, as shown in Fig. 6-1.

The output of the vca is scaled so that unity gain appears at
the output when the control voltage is at its maximum. For in-
stance, if you were using +/—5-V signal levels and a 0- to 5-V
control voltage, the output would be scaled to XY/5 for unity
gain. The output of the vca will be zero as the control voltage
reaches or goes more negative than 0 V.

Voltage controlled amplifiers are often one of the last modules
in a system patch. Generally, a vca accepts a control voltage
from an envelope generator that is triggered by the keyboard.

The gain of a vca is linearly and/or exponentially controlled.
Most vca’s have linear control inputs. Operation under expo-
nential control results in a more abrupt change in output
amplitude in response to the control voltage.

Another type of analog multiplier is the balanced modulator,
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Fig. 6-1. The algebraic product of a vca.

or ring modulator. This type of multiplier accepts bipolar
signals on both inputs. For this reason, either input can be con-
sidered the control input—there is no distinction between a
signal and a control voltage. The output can appear in any one
of the four quadrants, as shown in Fig. 6-2. For this reason,
such a circuit is often termed a four-quadrant multiplier. The
balanced modulator can be used as a vca but the output voltage
will be zero only when the control (or signal) input is exactly 0
V. Also, the range of amplitude control of a balanced modulator
is usually not as great as a two-quadrant multiplier. Balanced
modulators are generally used for generating complex timbres
by multiplying two audio signals. This results in frequency
“sidebands”™ created at the sum and difference frequencies of
the two input signals. This phenomenon is often used to create
bell sounds.

Balanced modulators can be designed using 2 two-quadrant
multipliers or a special purpose four-quadrant multiplier IC. In
either case, precise trimming of the circuit is usually required
for acceptable performance.

TWO-QUADRANT MULTIPLIER VCA'S

We will now look at several types of two-quadrant multiplier
vea's.
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Fig. 6-2. The algebraic product of a balanced modulator.

Discrete VCAs

The heart of most vca designs is a variable transconductance
amplifier (transconductance g,, = Al /AE,,). Before this became
available in IC form (ota) it had to be constructed with discrete
components. Fig. 6-3 contains a discrete vca using a CA3046
transistor array.! It consists of a differential amplifier (transistors
Q1 and Q2) driven by a variable current sink (transistors Q3,
Q4, Q5 and IC2). The inputs of the differential amplifier (+IN
and —IN) will saturate with voltages approaching 100 mV. Up to
this point the collector currents and the input base voltages will
be exponentially related, as we have seen before. If the peak
input voltage level is kept very small, say below 10 mV, distor-
tion (due to the exponential function) is around 1 percent.

In Fig. 6-3 op amp IC1 also acts as a differential amplifier,
sensing differences between collector currents and generating a
voltage that corresponds to this difference. As the emitter cur-
rents are increased by the current sink the corresponding col-
lector currents will increase and the magnitude of the differ-
ence between these two collector currents will also increase.
This has the effect of varying the gain of the circuit.

Op amp IC2 and transistors Q3, Q4, and Q5 form a linear cur-
rent sink for the differential transistor pair Q1 and Q2. Since the
base-emitter voltages of transistors Q3 and Q4 are the same,
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Fig. 6-3. A discrete vca.

their collector currents are identical. The current through Q4 is
controlled by IC2. Transistor Q5 acts as a diode. It and the
15-kQ resistor place a slightly negative voltage on the bases of
Q3 and Q4 to prevent saturation. The diode in the feedback
path of IC2 prevents negative control voltages from affecting
the circuit.

The gain of this circuit is temperature dependent, but since
this effect is not generally audible, compensation is not neces-
sary. The control range of this circuit is approximately 60 dB.
This is not as high as we would generally like. A range of at
least 70 dB is required for a decent signal-to-noise ratio.

The OTA

The ota has become the workhorse of many gain control ap-
plications. As shown in the last chapter, the gain of the ota is
controlled by varying the control current (I.) of the amplifier.
The output current is then converted to a voltage by a load re-
sistor or current-to-voltage converter (Fig. 6—4). The internal
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Fig. 6-4. Methods of current-to-voltage conversion.

circuitry of the ota resembles the discrete circuitry of Fig. 6-3.
Typically, voltage input levels must be less than 10 mV peak to
peak to prevent excessive distortion. The dual ota’s contain
diode linearization networks that predistort the input signal in a
manner opposite to the distortion generated by the ota, enabling
input signals ranging up to 50 mV peak to peak to be used with
acceptable distortion.

The CA3080

The gain of the CA3080 is controlled by a current sourced
into pin 5 (see Fig. 6—52). The output current in amperes is

Lo = 19.2 IV

where
I is the control current in amperes,
Vs is the voltage, in volts, between pins 2 and 3.

The CA3080 can have a maximum input voltage difference of 5
V. The maximum allowable control current is 2 mA. The device
can operate on supplies up to 18 V.

In Fig. 6-5 the +/—5-V input signal to the CA3080 is at-
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Fig. 6-5. A linear/exponential control vca.

tenuated to +/—11 mV by resistors R1 and R2. Trimmer R5 nulls
out control voltage offsets in the 3080. This is adjusted for a
minimum dc change in the output as the control voltage is var-
ied. This circuit provides the option of either linear or expo-
nential control as determined by the position of dpdt switch S1.
Transistors Q1 and Q2 make up an exponential (current) con-
verter when S1 is in the exponential mode. This vca has unity
gain when the sum of the control voltages (INITIAL GAIN setting
added with voltage present at cv input) is 5 V. To operate with a
0 to 10-V control range, double the value of R19. To adjust the
gain of this circuit, set the wiper of R21 to ground and switch S1
to the linear mode. Using a +/—5-V sine wave, adjust the linear
gain trimmer (R7) for unity gain. Switch to the exponential
mode and adjust trimmer R12 for unity gain. This circuit has a
dynamic range of close to 100 dB.

Fig. 6-6 shows a CA3080-based vca that accepts a linear con-
trol voltage, using a voltage controlled current source (op amp
IC1).2 In this circuit the summing node of IC1 sources current
to the CA3080. The output of IC1 is connected to the negative
supply pin of the 3080. The voltage at this pin will be 0.6 V (the
voltage drop across DI1) plus the required voltage level that
provides a source current identical with the current through
control voltage input resistors R1 and R5. This voltage (on pin 4
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Fig. 6-6. A linear control vca.

of the CA3080) is about —1 V. Diode D1 prevents any negative
control voltages from being inverted by IC1 to positive voltages,
which would go to pin 4 of IC2. Trimmer R2 is used to adjust
the vca output to 0 V with a control voltage of 0 V. This trimmer
can be offset to cut short the exponential release time of a con-
trol voltage from an envelope generator. See Fig. 6-7.

The CA3280

The CA3280 (RCA) is a dual ota containing diodes connected
to the signal inputs that, if biased on, will allow increased input
signal levels before distortion occurs (see Fig. 6-8A). If the di-
odes are biased off (diode bias pin connected to negative sup-
ply), the performance of the CA3280 ota will resemble two
CA3080-type ota’s. When the diodes are biased on, they will
effectively reduce the input impedance of the input terminals.
This will attenuate the input signal. Thus, due to control of the
diode bias current, the input level varies. Also, the signal volt-
age across the diodes will change in an exponential manner as
the input current (through input current-limiting resistors)
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Fig. 6-7. The effect of offsetting the zero trim of Fig. 6-6.

changes. This is the now familiar current/voltage characteristic
of a semiconductor junction. Since the diodes are internal to the
IC, their log characteristics will be almost identical with the
input transistors of the (internal) differential amplifier. The two
(exponential) distortions cancel, so the input signal level can be
higher before distortion occurs. The diodes also have a tempera-
ture coefficient that is the opposite of the differential amplifier
transistors, so the temperature sensitivity of the circuit is re-
duced. The value of the input signal current (I5) should always
be below the value of the diode bias current (I,,) or the diodes
will turn off during signal peaks and distortion will occur.

To approximate the magnitude of the signal current, one must
first understand the CA3280 input design (as shown in Fig.
6-9). With the input diodes biased on, current will flow through
both input resistors (Ry,;, Rise) and the diode, which has a resis-
tance rq. A voltage drop will be created across the diodes and is
sensed by the differential amplifier transistors and thus the out-
put current gain. If the diode current is increased, the diode
resistance decreases and there is less of a voltage drop—thus
less output current. If the diodes are biased off, the diode resis-
tance is infinite and, since there is no attenuation of the input
signal, the differential amplifier is overloaded (distortion). To
find the value of the diode resistance (r;) we must first know the
diode bias current (I,). This is approximated by
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ID — VCC — VEE
R,
where
Ve = positive supply voltage,
Ve = negative supply voltage,
R, = diode bias current-limiting resistor.

Using this diode bias current, we now can determine the
diode resistance by the formula (after RCA)

rd = 7_0
I
I
Ip.Al LINEARIZATION (D—] 2 1 (@©+vy.al
A EMITTER D)— AN——(®) - v1.Al
Iasc, aI(3 @@ v*.al
(A) Functional diagram of v @t —— 73) OUTPUT Al
2CA3280. Ne (B— D OUTPUT A2
Tasc, a2 (&) L Gv*.az
A2 EMITTER (7 A2y (0)-Vy.A2
Iy, A2 LINEARIZATION —ﬁ:—@ovpn

92CS - 31500

T
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e 8T
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! Lé @

- 31501
O 92Cs- 3

(B) Terminal assignment.

Fig. 6-8. The CA3280. (Courtesy RCA Corp.)
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(B) CA3280 connections.

Fig. 6-9. The CA3280 as a vca.

where I}, is in milliamperes.

To calculate the gain of the CA3280, we must first know the
typical transconductance (g,) with a given control current (I.).
The transconductance g,, of a CA3280 is

gm = 161,

where
g, is in millisiemens,
I is in milliamperes.
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If the input diodes are biased off, the CA3280 will act like a
CA3080 ota, except for the (lower) 16 millisiemens value of g,
as compared to 19.2 for the CA3080. The output gain A in
kilohms will then be

A = gu.R,

where R, is the load resistance.
When operating the CA3280 with the input diodes biased on,
the gain A in kilohms will be

A = nger [l/(Rinl + Rinz)]

where
gn is the transconductance in millisiemens,
R, is the load resistance in kilohms,
rq is the diode resistance in ohms,
Rini, Ripe are in ohms.

At this time, information available on the CA3280 is scarce
and sometimes erroneous. Little is available regarding perform-
ance with different diode bias currents. Lower I, currents will
result in increased distortion. Fig. 6-10 shows a circuit
suggested by RCA for 10-V peak-to-peak signals.* Note that the
vca is set for a gain of 2. It may be necessary to change the load
resistor (10 kQ on pin 16) and/or the control current (on pin 3) to
obtain the desired gain.

+15V

SIGNAL

+15V IN
10V P-P

10K | OUTPUT 21V P-P

DC
OFFSET

TRIM $100K 330K

—15V

v *NOTE: DISTORTION IS REDUCED IF AN
¢ OP-AMP I/V CONVERTER IS USED HERE

Fig. 6-10. A CA3280 vca circuit.
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Another feature of the CA3280 is that the differential am-
plifier emitter connections are brought out on pins 2 and 7.
These were used in a triangle-wave-to-sine-wave converter in
Chapter 4. These pins could possibly be used as control inputs
in conjunction with the I, pin. All in all, this IC has many
possibilities which are just beginning to be explored.

The LM13600 (XR13600 and NE5517)

These dual ota’s are similar in operation to the CA3280. They
also contain input linearization diodes, although the method
used to internally bias them is different than that of the CA3280
(Fig. 6-11). These ota’s do not provide access to the differential
amplifier emitters as do the CA3280 ota’s, but instead they con-
tain on-chip Darlington transistor buffers. These buffers have an
input bias current (impedance) that varies with the ota control
current (I.). For high I levels, the bias current is higher, result-
ing in a higher slew rate. The only major disadvantage of these
buffers is their —1.4-V offset. If desired, the buffers can be left
out of the circuit and replaced with external op amps.

A value of 1 mA for the diode bias current (I,) is recom-
mended by the manufacturers. This is provided by a 15-kQ re-
sistor connected from pin 2 (or pin 15) to +15 V. The signal
current (I5) should be less than half the value of diode bias cur-
rent:

I
IIS|< 9

This is because the diode bias current is split between the two
diodes. If the signal current exceeds the diode current, the
diode will be biased off and distortion will occur.

The dynamic resistance r, in ohms of each diode is

52 or 104 for both diodes

where I, is given in milliamperes. Given this information, you
can find the voltage differential across the diode as done previ-
ously for the CA3280 (Fig. 6—9). The transconductance in mil-
lisemens for the LM13600 is

gn = 1921,
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(B) Connection diagram.

Fig. 6-11. The LM13600 (XR-13600, NE5517).

(Courtesy National Semiconductor Corp.)
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with I in milliamperes. Note that this is the same equation as
for the CA3080. If the input diodes are biased off (diode pins
open), the ota’s perform as CA3080-type ota’s. The output cur-
rent of the LM13600 is found by the equation

~ I, 2l

Iout =
Ip

where
I is the signal current,
I is the control current,
I, is the diode bias current.

The majority of applications in the application notes from the
manufacturers wire the ota inputs as shown in Fig. 6-12.5 The
trimpot is adjusted for minimum control voltage feedthrough. It
is suggested that the control current used be as large as possible
(but under the 2 mA maximum) to obtain the best signal-to-
noise ratio. It is also suggested that the distortion (with fixed
diode bias current) be set with Ry, first, and then the output gain
be adjusted by selecting R;.

Although the previous ota designs are very useful and rela-
tively inexpensive, alternate devices are available that offer
voltage control of the gain and improved specifications. These
devices are used in commercial synthesizers and studio appli-
cations.

The B+B Audio 1538

The B+B Audio 1538 is a dual vca that can be voltage con-
trolled for a range of over 100 dB. It has a signal-to-noise ratio of
more than 90 dB and a typical distortion of 0.004 percent! A
basic dual vca circuit using the 1538 appears in Fig. 6-13. Op
amps IC1 and IC2 buffer the input signals for the input attenu-
ation resistors (R2—R5). This circuit has limited uses as the vca’s
are not actually separate because of the common control
voltage.

The circuit in Fig. 6-14 is an improved performance vca
using the 1538. The two internal vca circuits are connected
differentially (the signal is inverted through one vca and the
two outputs are differentiated). This results in a 3-dB improve-
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Fig. 6-12. A vca using the LM13600.

ment in the signal-to-noise ratio. Trimmer R4 is used to null out
any dc shifts that may occur as the control voltage is varied.

Finally, the circuit in Fig. 6—15 is designed for critical, high-
performance applications. Op amps IC3 and IC4 act as voltage
controlled current sources to improve distortion levels with
high-amplitude input signals.
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Fig. 6-13. A dual vca using the B+B Audio 1538.

The SSM2020

The SSM2020 is a dual vca designed to be used with external
op amps. Simultaneous linear and exponential control of gain is
possible using the temperature compensated matched transis-
tors contained in the IC (Fig. 6-16). Each vca has independent
control inputs, differential signal inputs, and current outputs.
The control range is 100 dB with an 86-dB signal-to-noise ratio
and less than 0.1 percent thd.

One half of a dual vca circuit, using the SSM2020 and offering
linear or exponential voltage control, is shown in Fig. 6-17. Op
amp IC2 and the internal transistors of the SSM2020 work to-
gether to form an exponential/linear current sink for the vca.
The reference current should be set to one-half of the desired
logarithmic control current range. Design formulas are given in
Fig. 6-18.

For simple linear control applications the circuit of Fig. 6-19
can be used. Resistor Re limits the maximum control current.
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Fig. 6-14. A general-purpose vca using the 1538.

Resistor R, sets the output voltage gain. A control voltage rejec-
tion trimmer can be added to the circuit (as in Fig. 6-18) if
desired.

As we mentioned in the last chapter, vca’s can be used as the
control elements in voltage controlled filters (vef’s). Design in-
formation for a second-order state-variable filter using a
SSM2020 is given in Fig. 6-20. Bi-FET op amps are suggested
for use in this circuit. Their low input bias currents will enable
the filter to operate over a wide control range. Note that the
vca’s are functioning as voltage controlled resistors. Their out-
put currents are fed directly into the two op-amp integrators.

The SSM2022

Another dual vca introduced by Solid State Microtechnology
for Music is the SSM2022 (Fig. 6-21). This IC has internal con-
trol op amps (they were external to the SSM2020 in Figs. 6-17,
6-18, and 6-20). The op-amp summing nodes are brought out
as IC pins. The specifications are not as good as those of the
SSM2020 (snr of 76 dB and 0.2 percent thd). The SSM2022 was
designed for ease of use and polyphonic systems.
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Fig. 6-15. A high-performance vca using the 1538.

A basic dual vca using the SSM2022 is shown in Fig. 6-22.
The signal inputs (pins 2 and 15) are virtual ground summing
nodes. The reference current set at pin 1 by the 24-kQ resistor
determines the level at which the two vca inputs will clip. As
shown, the inputs will clip as the sum of the two vca input cur-
rents approaches 200 uA. Therefore the input resistors are cho-
sen to limit each vca input to + 50 percent of the reference
current. Assuming a maximum signal input voltage of + 7.5V,
the input resistor is 75 kQ for a maximum input current of + 100
#A. The output current of each vca is converted to a voltage by
the familiar op-amp I/V converter circuit. A value of 150 kQ for
the op-amp feedback resistor will give unity gain for a control
current of 200 wA. The control current is proportional to the
product of the linear input current(s) and the negative exponent
of the voltage at the exponential control pin. The maximum con-
trol current should be within 200 to 400 wA for best perform-
ance.

The output current (signal level) increases as the linear con-
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(B) Equivalent schematic (one side).

Fig. 6-16. The SSM2020 vca IC.
(Courtesy Solid State Micro Technology for Music, Inc.)

trol voltage becomes more positive. The signal will be com-
pletely shut off with a linear control voltage input of 0 V. The
linear input pins (pins 6 and 11) are op-amp summing nodes.
The 75-kQ resistors shown correspond to a 200-wA control cur-
rent for a 15-V input voltage. The exponential control voltage
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Fig. 6-17. A vca using the SSM2020.

inputs operate in an opposite manner to the linear inputs in that
a rising input voltage causes the signal to be attenuated more.
At 0 volts the circuit gain is unity. As shown, the circuit has a
100-dB control range for a control voltage input of 0 to +10 V.

The 100-pF and 300-pF capacitors provide feedforward com-
pensation for the on-chip control op amp. With these capacitors
installed, the circuit bandwidth and slew rate is dictated by the
choice of external op amp(s) used in the I/V converter.

The SSM2010

The SSM2010 is a single-vca IC with a signal-to-noise ratio of
90 dB and 0.05 percent thd. It offers linear and/or exponential
gain control. It is packaged in an 8-pin minidip package (Fig.
6-23). The above factors and its low external parts count make
it a very powerful yet easy to use component. A suggested vca
circuit using the SSM2010 appears in Fig. 6-24.
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Fig. 6-20. A state-variable vcf using a SSM2020.
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Fig. 6-21. The SSM2022 vca IC.
{Courtesy Solid State Micro Technology for Music, Inc.)

The CEM3360

The CEM3360 (Curtis Electromusic Specialties) is a dual veca
offering a signal-to-noise ratio of 100 dB, linear or exponential
control, and very low control voltage feedthrough (10 mV
maximum for 10-V p-p output). The IC is packaged in a 14-pin
dual in-line package (Fig. 6-25).

The CEM3360 is designed using a low-voltage IC design
technology. The supplies can range up to + 12 V. The IC may
operate at + 15 V but it is not designed or guaranteed to do so.
It is suggested that zener diodes be used to drop the = 15-V
supply levels to = 12 V.

Note that if the 47-kQ) load resistor is placed in an op-amp I/V
converter, an inverting op amp at the signal input will be re-
quired to keep the same phase relationship, input to output.
Also, an attenuator will be necessary to reduce the normal 0 to
+10-V control voltages to 0 to +2 V. At a control voltage of 0 V,
the input signal will be fully attenuated (0-V input).

The CEM3330

The Curtis Electromusic Specialties CEM3330 is a dual vca
offering linear and/or exponential voltage control of gain. A pin
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Fig. 6-23. The SSM2010 vca IC.
{Courtesy Solid State Micro Technology for Music, Inc.)

diagram of the IC appears in Fig. 6-26. The IC consists of two
current-in, current-out gain cells and two log converter circuits.
Each log converter generates the logarithm of its linear control
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input current (into pins 7 or 12). The exponential inputs have a
sensitivity of 18 mV/—6 dB. Thus the more positive the control
voltage, the more the output is attenuated. An external inverting
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Fig. 6-24. A vca using the SSM2010.
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op amp is required for the output to increase with an increase in
the control voltage. The signal input pin and linear control
input pin for each vca are an internal op-amp summing node.
This makes external control and signal interfacing easier.

The CEM3330 vca has a control range of 120 dB and a signal-
to-noise ratio of more than 100 dB. Distortion is typically less
than 0.1 percent. The idle current of the two vca circuits can be
set by an external resistor placed from pin 8 to pin 5. Increasing
the idle current will decrease distortion, increase the slew rate,
and increase the maximum output current at a cost of increased
noise and control voltage feedthrough to the output. The vca’s
should be operated with low idle currents when control of low-
frequency signals is desired (less control voltage feedthrough).
The effect of idle current on vca parameters can be seen in
graphs appearing in the CEM3330/CEM3335 data sheet in Ap-
pendix B.

A dual vca circuit using the CEM3330 appears in Fig. 6-27.8
Op amp IC2B inverts the exponential control input voltage to
cause an increase in signal output with an increase in control

CNTL INPUT SIIP?PNlﬁI:
YW .
L 47K 070 +15V
10K 47K
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CEM3360 linear/exponential control vca.
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Fig. 6-26. The Curtis Electromusic Specialties CEM3330 vca IC.
(Courtesy Curtis Electromusic Specialties)

voltage. The switching input jacks shown for this input and the
linear control input cause a unity-gain signal output to be gen-
erated when no plugs are inserted. This is useful for oscillator
tuning or setting up patches. Resistors R25 and R48 (just below
the CEM3330) can be switched to both control inputs with a
dpst switch (for unity gain), eliminating the need for switching
jacks.

The AM input shown for each vca can be used to modulate the
linear input control voltage (as tremolo). A 10-V dc signal con-
nected here will cancel out a 10-V linear input control voltage at
pin 7 (pin 12) because op amp IC2A is an inverter. The sTOP
input is meant to cut off the vca output on activation of a foot
switch connected to —15 V. A 9-V battery (placed in an external
foot switch housing) can be used instead of —15 V if R5 (R29) is
changed to 91 kQ.

The idle current of the vca’s is set by resistor R9 (between
pins 5 and 8 of the CEM3330). The output current for the
CEM3330 is determined by

Iy = —Iin exp (—V¢/Vy)

where
I, = signal input current,
Vi = KT/qg = 26 mV at 25°C, room temperature,
V¢ = voltage applied to direct current input pin 2 or pin 15
(from log converter).

178



(1X31 339) (1X31 339) "
Wz Y001
ASI+ 400t O—MA—ON\ G+ % AGT—O—"A=O A ST+ SI+
oo 8vy Sy ASI+ udf @ A A 010
AOLO buig AST—o—WAZ—ONGT+ WisSzy L LndN
7 IndNl $124 WSz WSy ¥ 1041N0D
104INOD %001 ! %001 INI
WYINIT = ”
sy %0S1 o—1o Al o o1 do1s
o AT+ 1 6
zdols " pa i = o
001 41100 T 49061
NTT oot ™ _|H|. F—u 8
001 ey A 1 -
. %001 3001 4
AO10 ouw %001 7
Z 1NdNI 1y 0 o83 P a L 4 voor | oot "'
2 TUN9IS 90 Ast— o oAsty M ) 8936y 1.0 9 1 Lo Wy
1 1p0 %001 WG'T3SeY 9¢Y £19 20 WIZ91Y %001 dNI
2 TYN9IS Q¥ o— } €1 9 0%t 1y AST+
nsi+ ey F—onegi— r010
yoo  Misew e Wo¢ [ 1ndNI
vl S = 41100 y T0¥INOD
10y I STy WIININOAX3
9 81y
8)
HOST Fu AGT—
6¢y ory s s o=y " ot MY %001
1o oy o o1 YNIIS 90
0EEEWID W0S 1 001 Mo
9 ¢ €4d WG F—————o1wNaIs oY
T 02y Hw;_ 614 J&)
0013 ShY * oot
gz 9 Y051 Host A §1— gV 1+
A 7 —»m—0 ° '
 — o4 Y 22y ASI+ odd
[2¥] + %1
= Vel 1104100
] €24
81 1
WIS
402001 = £0I
8SYINT = ¥OI'Z0l gz ved
INTUALSATO = P1D'T110'90'9) 0£6EW30 = 101

¥31S3A70d = €1021001080° 2051

SYIYNI/PIENT = 20'1d

T ETR e e R by
oL 40
(4] 4

A vca using the CEM3330.

Fig. 6-27.
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The output of the log converter is determined by

Iy

ref

Volc = _VT 1n(

)+ Ver

where
I.¢ = current sourced by resistor connected to pin 2 or pin 15,
R22 and R43 in Fig. 6-27 (typically 50-150 uA),
I, = linear input control current (through input resistors
connected to pin 7 (and pin 12),
Ve = exponential control voltage at pin 6 and pin 14.

The output current of the gain cell is given by

— —Iin ICL exp (_VCE/VT)
Iref

Iout

where I, is the signal input current.

To obtain the best signal-to-noise ratio, the signal input cur-
rent should be as large as possible. However, distortion occurs
at levels higher than several hundred microamperes. It is rec-
ommended that the signal input resistance (as R17 in Fig. 6-27)
be set to limit the input current to within +/— 50 to +/— 150 pA.
A value of 100 kQ for Ry, is typical. The gain of the vca is de-
termined by the control current and the output load resistor,
which is usually in the feedback of an op-amp I/V converter.
The formula for the gain of a CEM3330 is

Ay = Vou _ By x Ic exp (=Vep/Vy)

Iref

using the preceding formula.

A Tel Labs 1-kQ tempco resistor can be used in the attenuator
for the exponential control input (in place of R16, Fig. 6-27) to
compensate for gain changes with temperature. If linear-only
control is used, the exponential input can be grounded and the
tempco resistor can be left out.
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Control voltage feedthrough is nulled out by trimmer PR2
(PR5). This is adjusted to 0 V at the output with the signal input
grounded. Output distortion is minimized by the adjustment of
trimmer PR3 (PR6). Connect a fresh 9-V battery (or stable dc
supply) between the DC SIGNAL input and ground. Measure the
output voltage of the vca. Reverse the dc voltage source con-
nections and measure the vca output voltage again. Trimmer
PR3 (PR6) should be adjusted so that the voltages above and
below ground are equal.

Trimmer PR1 (PR4) adjusts for precision cancellation of the
linear control voltage by the am control voltage. Connect a 0- to
10-V signal to the dc input of the vca. Then apply a 10.0-V d¢
voltage to the am input. Turn the am level control clockwise (no
attenuation) and adjust PR1 (PR4) for a cancellation of the vca
signal output.

The CEM3335

The CEMS3335 is a dual vca, similar to the CEM3330, with
the exception that the linear control circuitry is omitted. This
allows a smaller IC package, as shown in Fig. 6-28.

FOUR-QUADRANT MULTIPLIERS

Four-quadrant multipliers can be devised in several forms,
which we will now examine.

Using Two OTAs

Fig. 6-29 details a four-quadrant multiplier using two paral-
leled, linearily controlled, two-quadrant multipliers (see Fig.
6-6).7 Op amp IC2 inverts the control voltage for the lower vca
circuit. Since the control voltage for each vca must be positive
(unipolar) for a current out of the ota, only one vca is on at a
time. When a control voltage of 0 volts is present (on the Y in-
put) both vca’s should be off (no output current). The vea’s can
be trimmed by only having one CA3080 installed at a time.
First, remove both CA3080s and set TP3 for 0 V out of IC6.
Then install one CA3080. The input trimmer for the “active”
vca is then adjusted for minimum control voltage feedthrough to
the output. Once both vca’s are trimmed separately, both
CA3080s can be installed and trimmer TP3 again adjusted for a
0 V output of IC6. Note that the phase relationships of the two
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Fig. 6-28. The CEM3335 vca IC.
(Courtesy Curtis Electromusic Specialties)

CA3080s are opposite each other. This is necessary to achieve
the four-quadrant multiplier function. The two output currents
of the CA3080s are summed together and converted to a voltage
by ICS6.

Using a Single OTA

The circuits in Fig. 6-30 are four-quadrant multipliers that
use a single ota. The circuit in Fig. 6-30A uses a CA3080. To
trim this circuit, connect a +/— 5-V sine wave signal to Vy and
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Fig. 6-29. A balanced modulator using 2 two-quadrant multipliers
(vea's),
ground Vy. Adjust the Y trim for minimum output. Then transfer
the signal to the Vy input and ground the Vy input. Adjust the X
trim for minimum output. After the circuit has been trimmed,
connect two triangle wave signals (+/— 5 V) to the Vyx and Vy
inputs. The output should resemble Fig. 6-31.

Fig. 6-30B illustrates a similar circuit using the CA3280. This
circuit contains a trimmer for the diode bias current. This trim-
mer will interact with both the X and Y trimmers. It is best ad-
justed by first grounding the Vy input and connecting a +/— 5-V
sine wave signal to Vy. Adjust the diode bias trim and X trim for
minimum signal output and a dc output level of 0 V. Then
switch the ground and signal connections between Vx and Vy
and adjust the Y trim for minimum circuit output. An LM 13600
version of this circuit is shown in Fig. 6-30C. Adjustment pro-
cedures are similar.
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A buffer circuit suggested for the Vy and Vy inputs is shown
in Fig. 6-30D. The buffer presents a low-impedance source to
the input resistors in the multiplier. Signals from high-
impedance sources would invalidate previous gain and offset
adjustments and should be avoided. The Vy inputs of the previ-
ous circuits cannot be directly ac coupled. The buffer in Fig.
6-30D provides ac or dc coupled inputs for Vx and/or Vy. (Note:
Four-quadrant multipliers can be designed, using this same
technique, with any of the current-output vca ICs shown previ-
ously in this chapter.)
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Multiplier IC Designs

The RC4200 (Raytheon) is an 8-pin multiplier IC that has an
excellent nonlinearity specification of = 0.3 percent maximum.
A four-quadrant multiplier can be designed fairly easily with
this chip (Fig. 6-32). The offset adjustments (Vx and Vy null)
are carried out using the same procedure as the previous cir-
cuits. However, be sure the input level controls are set for
maximum input when performing the adjustment procedures.
The LF351 op amp provides a low-impedance output. One-
percent resistors are suggested for use in this circuit for precise
gain matching.

Another multiplier IC that can function as a four-quadrant
multiplier is the XR-2228. This IC contains an internal op amp
that can serve as an output amplifier for the multiplier section.
A four-quadrant multiplier using the XR-2228 is shown in Fig.
6-33. To trim this circuit, first ground both inputs and adjust the
output offset for a 0-V output. Then connect a +/— 5-V sine
wave to the Vy input and ground the Vy input. Adjust the Y
offset trimmer for minimum output signal. Switch the input
connections and adjust the X offset trimmer for minimum output

Vio
10K

(C) Using an LM13600.

INPUT O——

(D) Buffer for inputs.

multipliers using one ota.
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+5V

0V OUTPUT

=5V

Fig. 6-31. Signal waveforms of a four-quadrant multiplier.

signal. Recheck the Vy adjustment. Finally, connect 5.0 V to
both inputs and adjust the gain trim for a —5.0-V output.

Additional four-quadrant multiplier ICs are manufactured by
Intech and Analog Devices, among others. Important factors in
selecting a multiplier IC are cost and nonlinearity. Nonlinearity
is given in percent of full-scale output. Nonlinearities of less
than 1 percent are preferred. The cost of a multiplier IC is often
a function of its nonlinearity specification. The justification of
using a more expensive multiplier IC over a single-ota design
will depend on the application. Often, precision is not manda-
tory and the single-ota design is satisfactory.
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MISCELLANEOUS
CIRCUITS

CHADPIEDR 7

In this chapter we will discuss analog delays, mixers, and
timbre modulators.

ANALOG DELAY LINES

Analog delay lines, or “bucket brigade delay lines” (bbd’s),
consist of a series of FET/capacitor sample-and-hold circuits
that can be used to delay an audio signal. A two-phase clock
(one clock at a logic 1 at the same time the other clock is at a
logic 0) is used to alternately switch even and odd sample
switches. Thus the analog signal level is loaded into the first
stage every time clock phase 1 goes high and, at the same time,
charges previously stored in the bbd are transferred to the next
adjacent stage. This procedure is detailed in Fig. 7-1. The
delay D in seconds caused by the time necessary for the signal
level to be passed from the device input to the output is

D:_N—

2f

where
N is the number of stages,
f is the clock frequency.

The output of a bbd device is made up of a series of dc volt-
age steps. If the clock frequency is low, the input signal must
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Fig. 7-1. Charge transfer action of a bbd.

also be low frequency to obtain a delayed output signal that
resembles the input waveform. If the input signal frequency is
too high, the bucket brigade will “chop up” the input signal
(called aliasing), and the output will sound distorted or mod-
ulated. To prevent aliasing, the input should be limited (low-
pass filtered) to a maximum frequency one-third of the clock
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frequency. The output of the delay line will also have to be
filtered to remove clock noise from the output and to “smooth”
the dc voltage steps. The noise is due to high harmonics created
by the steps in the output waveform.

Delay lines are inherently quite noisy and accept relatively
small input signal levels. When the input to the delay line is
overloaded, severe distortion occurs. Given this information,
there are two ways to use bucket brigade delay lines. One is to
use a low-level signal with the device, making sure that the
signal peaks do not overload the input of the device. This re-
sults in a low signal-to-noise ratio. Another method is to run a
constant (or nearly so) maximum level (before distortion)
through the device. For the majority of uses in a synthesizer, we
will be using constant level signals (+ 5 V) with the delay
module. All we must do is attenuate the signal going into the
bbd, and amplify it when it comes out.

If you wish to run a varying amplitude signal (such as the
signal from a guitar) into a delay line and wish to conquer the
noise problem, the solution is to use a compander. One section
of a compander, called the compressor, attenuates the input
signal as it rises in amplitude. The higher the input signal tries
to go, the more the compressor tries to cut it down. This signal
is then fed into the bucket brigade device. The output of the
bucket brigade device is fed into the second half of the com-
pander, called the expander. This portion does the exact oppo-
site job of the compressor. It will have higher gain for lower
input level signals. Thus it boosts the output of the bucket
brigade back up to the original signal level. Several compander
circuits are available, such as the Signetics NE570/571 (Fig.
7-2). These work well for most applications. Companders can
also be made discretely with vca’s and envelope followers (Fig.
7-3).

COMMON EFFECTS USING BBD’S

If the frequency of the clock to the bbd is varied, the delay
time of the device will also vary. If the clock frequency is
modulated with a periodic signal (Fig. 7-4A), vibrato can be
achieved. The frequency of the input signal will be shifted to a
higher frequency as the clock frequency is constantly increased.
It will be shifted to a lower frequency if the clock frequency is
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Fig. 7-2. The NE570/571 compander IC. (Courtesy Signetics Corp.)

constantly decreased. To make a frequency shifter, all that is
needed is to voltage control (ve) the clock frequency with a
ramp waveform (sawtooth). This is shown in Fig. 7-4B. How-
ever, noticeable glitches will occur along with changes in the
noise level each time the range is repeated.

If the output of the bbd is fed back (in phase) into the input of
the bbd device, mixing with the input will occur, and an effect
termed flanging is achieved (Fig. 7-4C). Numerous sharp peaks
are created in the output frequency spectrum. The sound be-
comes increasingly hollow or tubular as the feedback or regen-
eration is increased.

Summing the input and output of the bbd together results in a
similar effect called chorus (Fig. 7-4D). This is a smoother,
more natural sounding effect that is very pleasing with input
signals rich in harmonics. More notches are created in the out-
put frequency spectrum as the clock frequency is increased.

An echo effect is achieved by mixing a fixed delay signal with
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Fig. 7-3. A compander using vca’s and envelope followers.

the input signal (Fig. 7-4E). To create enough delay to be
noticeable, either a low clock frequency (possible aliasing and
noise problems) or a device (or series of devices) with many
stages must be used. As the regeneration is increased, the
number of echo repeats will increase until finally the circuit
will saturate.

The number of bbd devices available has increased dramat-
ically in the past few years. This is due to the widespread use of
bbd’s in flangers, echo devices, artificial reverbs, stereo
simulators, etc. A similar device, the charge-coupled device
(CCD), is another type of analog delay line that can be used in
the same manner. Instead of actual capacitors formed on the in-
tegrated circuit die, minute charges built up on MOSFET gate
channels are used. The gates are biased above the MOS
threshold and charges are passed serially as with the bbd de-
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vice. Manufacturers of bbd and/or CCD devices include Reti-
con, Panasonic, Signetics (Philips), and Fairchild. Devices are
available with less than 256 stages up to 4096 stages or more.
Devices with at least 512 stages can be used for vibrato, chorus,
and flanging effects. Echo usually requires devices with more
stages.

A simple circuit for a voltage controlled clock is given in Fig.
7-5A. Here, a voltage controlled oscillator is formed with a
4007 CMOS building block. It consists of two inverters and one
transistor functioning as a voltage controlled resistor. The out-
put of the oscillator is fed into a 4013 CMOS flip-flop which

VIBRATO FREQUENCY SHIFTER
INPUT OUTPUT INPUT OUTPUT
o— BBD —o o— BBD o
CLOCK CLOCK
LOW-FREQUENCY RAMP TN = LOWRR
SINE WAVE INPUT
VC INPUT VC INPUT 1= HiGHER
(A) Vibrato. (B) Frequency shifter.
FLANGING
FREQ
Lo M5y
= VC INPUT
CLOCK
(C) Flanging.
INPUT OUTPUT
BBD o
ALA
REGENERATION

Fig. 7-4. Various sound effects
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divides the input frequency by 2 and generates two out-of-
phase clocks. The output frequency can range from 20 kHz to 60
kHz with a 0 to +15 V control voltage. A low-frequency oscil-
lator that can be interfaced with the vc clock for automatic
sweep is shown in Fig. 7-5B.

Sample bbd circuits are shown in Fig. 7-6. As can be seen,
the devices are easy to work with. All require trimming the dc
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obtained from using bbd'’s.
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Fig. 7-5. Clock circuitry for bbd's.
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level of the input signal (bias) for minimum distortion. This is
accomplished by observing the device output on an oscillo-
scope and, with a maximum level input signal input, adjusting
the trimmer for minimum distortion on both the positive and
negative signal peaks. Some circuits also contain a clock noise
trimmer that cancels clock transitions imposed on the output
signal.

When laying out a printed circuit board for a delay circuit, be
sure to keep traces short. The clock inputs of most bbd ICs have
relatively high input capacitances. This will reduce the
amplitude of high-frequency clock signals if the traces are long
and/or the output impedance of the clock is high. Keep the
clock circuitry separated from the audio portions of the circuit to
prevent superimposing clock noise on audio lines. Some manu-
facturers recommend double-sided pc boards for bbd circuits.
One side is used as a ground plane (all ground connections are
common to this side). This is said to result in a higher signal-
to-noise ratio.

MIXER CIRCUITS

A mixer can be used to sum signals or control voltages. The
output may be used as a control voltage or as a final audio signal
to drive an output amplifier. A simple four-channel mixer ap-
pears in Fig. 7-7. The inputs can be ac or dc coupled. The
signal phase can be inverted by connecting it to IC1B. Op amp
IC1A inverts signals to get an in-phase signal at the mixer out-
put. An offset control can be added as shown if you wish to shift
the output dc level for possible control voltage uses.

TIMBRE MODULATORS

A timbre modulator alters the timbre of an input signal by
direct manipulation of the signal waveform. This manipulation
can take the form of nonlinear distortion, full-wave rectification,
and variable-level clipping circuits. Timbre modulation lets us
generate drastic timbre changes with fairly simple circuitry.
One such timbre modulator is shown in Fig. 7-8.1 It consists of
a CA3080 vca with an op-amp current-to-voltage converter, a
zener diode network, and an op-amp summing amplifier. A con-
trol voltage into the ENV IN input is used to linearly control the
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Fig. 7-8. A timbre modulator.

gain of the CA3080 vca. The output of the vca is converted to a
voltage, which is then fed into two back-to-back zener diode
networks that pass the signal only when its amplitude is greater
than the zener voltage. The two SHAPE controls vary the
amplitude of signal through the zener diodes and thus the gain
of the summing amplifier. Typical waveforms generated by this
circuit are shown in Fig. 7-9. The most useful effects are ob-
tained when switch S1 is closed.

The output of the timbre modulator given in Fig. 7-10 varies
from a full-wave rectified version of the input signal to a square
wave (at the signal frequency).?2 This circuit consists of a full-
wave rectifier (IC1 to IC3), a ground-referenced comparator
(IC5), and two vca circuits (IC6 and IC7 along with IC9 and
IC12). The two vca’s are used with opposite-polarity control
signals. This causes one to increase in gain while the other de-
creases in gain. When the two ota outputs are summed (into
IC11), panning from the sine wave to a rectified sine wave is
achieved as the control signal is varied. Typical waveforms gen-
erated by this circuit are given in Fig. 7-11.

The timbre modulator in Fig. 7—12 consists of two banks of
four lfo/comparator sections. The input signal is compared to
the oscillator output for each of the four lfo/comparator sections.
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(A) INPUT ADD switch closed.
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o~ A~ UNEQUAL SHAPE

U U SETTINGS

(B) INPUT ADD switch open.

Fig. 7-9. Waveforms of timbre modulator of Fig. 7-8.

The comparator outputs are then summed together for the final
bank output. The original signal can also be summed in with
the closing of the MIx switch, S1. An identical bank of lfo/ com-
parators will accept the same input (if no input is connected to
input 2) due to the switching jack used. The BOTH output will
be either an inverted version of the bank 1 output (with 50 per-
cent gain) or a sum of the two bank outputs, depending on the
setting of the OUTPUT MIX switch, S2. Fig. 7-13 shows typical
(instantaneous) single-bank signal outputs for a triangle wave
input. This circuit is used to increase the harmonic content of
an input signal. The sound of the output is “fatter” than the
input. This module can be placed in front of a vef to produce
more natural sounding timbres.
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Fig. 7-10. A sine-wave timbre modulator.
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(A) Output of IC4 as SHAPE control is varied.

SINE SQUARE

AN WY A Y

(B) Output of IC11 as control input voltage is varied (SHAPE set at SINE).
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(C) Same as (B) with SHAPE at FULL WAVE rectified.

(D) Same as (B) with SHAPE at HALF WAVE rectified.

Fig. 7-11. Waveforms generated by the circuit of Fig. 7-10.
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Fig. 7-12. A timbre modulator using signal comparators and multiple
Ifo’s.

203



/\/\ INPUT

_‘_’—ﬂ—‘_‘_'_,—’_‘—l__\_ OUTPUT OF FIRST BANK
MIX SWITCH (S1) OPEN
OUTPUT OF FIRST BANK
MIX SWITCH CLOSED

Fig. 7-13. Typical waveforms generated by the circuit of Fig. 7-12.
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THE MODULAR SYSTEM

CHADPIELR 8

The intrigue of building a modular synthesizer is that you
never have to stop. You soon acquire an insatiable desire to
make your system larger. Most of us will never complete our
dream system due to time and/or money limitations. Smaller
systems will provide a lot of enjoyment, and, with use, will in-
crease your knowledge of music and electronics. It is best to
start out small, learning all you can about the basic synthesizer
modules, before attempting to make the system more complex.

THE BASIC SYSTEM
A basic synthesizer will consist of the following:

. A keyboard interface (and keyboard).
. A vco.

. A vcf (usually low-pass).

. An envelope generator.

. A vca.

Ut N~

Such a system is illustrated in Fig. 8—1. This is the basic
monophonic synthesizer “voice.”” Sound is produced by the vco
at a frequency determined by the keyboard control voltage. An
envelope generator, triggered by the keyboard, controls the
cutoff of the vef and thus changes the timbre of the sound. This
same envelope generator controls the amplitude of the sound
through a vca.
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AMPLIFIER

Fig. 8-1. A basic monophonic synthesizer.

The first module that you will want to build will probably be
the vco. It is always satisfying to build something that you can
listen to right away. You can vary the frequency with a front-
panel FREQUENCY control and listen to the differences in sound
between the various output signals. You will, however, have to
attenuate the +/— 5-V signal generated by the vco with a
potentiometer to prevent overloading (clipping) the input of
your audio amplifier (see Fig. 8-2).

The next module that you will want to build is the vef. Most
general-purpose vef’s are 2- or 4-pole, low-pass filters. With a
vef you can change the timbre of the vco sound with the vef
cutoff frequency control (Fig. 8-3). You can also listen to the

FREQ

O

PULSE WIDTH

vCo

WAVEFORM Fig. 8-2. Using a potentiometer to
ouT reduce the signal level of a vco.

+/=5 VPP

TO AUDIO
POTENTIOMETER AMPLIFIER
10K AUDIO
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10K .. TOAUDIO
i AMPLIFIER

Fig. 8-3. Using a vef to filter a vco waveform.

effect of increased resonance and, with some circuits, increase
the resonance until the filter oscillates.

At this point you may wish to build the keyboard interface (or
some other type of controller). Polyphonic keyboards are nice to
have and will allow future system expansion, but they are usu-
ally very expensive. Most of us will get by with a one- or two-
voice keyboard (monophonic or duophonic). With a keyboard
and a properly calibrated vco, musical scales can be generated
with the synthesizer (although the notes will not die out and
will have an instant attack).

To add dynamics to the timbre and amplitude of the synthe-
sizer sound, a vca and envelope generator can be constructed.
The envelope generator output (triggered by the keyboard) can
be used to control the cutoff of the vef and the gain of the vca
(see Fig. 8-4).

A second vco is a useful addition to the basic system. Its out-
put can be summed with the other vco output to create the
ensemble effect (richer sound due to the slight phase variations
of the two oscillators). The two oscillators can be set to the same
frequency or to integrals of each other for harmonically rich
sounds (Fig. 8-5A). The two oscillators can also be syn-
chronized, where phase variations are eliminated or reduced
(Fig. 8—5B). Finally, one oscillator can function as a source of
modulation; it can modulate the pulse width or frequency of the
other vco (see Fig. 8-5C).
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Fig. 8-4. Adding an envelope generator, controller, and vca to the
system.

A second envelope generator may be desired to provide sepa-
rate control over the timbre and amplitude of the sound. With
the addition of a second vco and an envelope generator, the syn-
thesizer can generate a large variety of sounds. Take time to
familiarize yourself with the operation of the various module
controls and functions before going on to further expansion.

THE ADVANCED SYSTEM

An advanced system is basically the previous basic system
with options added such as additional vef’s, analog delay lines,
sample and holds, Ifo’s, four-quadrant multipliers, etc. The
order of importance of these additional modules depends on the
sound the musician (programmer) wants to obtain. Several
books and magazine articles have been written on the subject of
synthesizer programming —obtaining the sound you want to
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CONTROLLER
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(A) Summing two vco signals with a two-input vcf.
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T I

(B) A patch for syncing two vco’s.

FREQ FREQ

@ 1 PW O PWM
vio 1 CD @

LINEAR
M

SINE OR Vo 2 @

TRIANGLE

out PW FM  OUT

T T

(C) Using a vco to modulate frequency (FM) and pulse width (pw).

Fig. 8-5. Some uses of two oscillators in a basic system.
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hear by various module interconnections and control settings
(see Polyphony magazine, listed in Appendix A). Rather than
our delving into this subject full tilt (which would triple the size
of this book), the various modules will be described as to their
use and possible placement in a “programmed” synthesizer
patch.

Controllers

Controllers can be used in a number of applications, as illus-
trated in Fig. 8-6. The joystick pressure-sensitive controller
and ribbon controller can be used to generate a control voltage
for a module. For example, the voltage generated by a ribbon
controller can be summed with a keyboard 1 v/OCT at a vco, as
in Fig. 8-6A. The voltage generated by such a controller can
also be used to control a vca that generates a modulation
waveform (Fig. 8-6B).

Sequencers

Common uses of sequencers are shown in Fig. 8-7. Se-
quencers generate a control voltage that can be used to control
another module’s operation. They are commonly used to control
the frequency of one or more vco’s, to generate tone sequences.
A sequencer can also be used to control a vca for rhythmic or
percussive effects.

Noise Sources

Noise sources are used with vef’s to generate whistle tones,
cymbal sounds, or the common rain, surf, and wind sounds. The
noise source can be used as a random modulation source for
vef’s, veo’s and vea’s. Also, the noise source is often used with a
sample and hold and lfo module to generate random control

voltages. Two noise source applications are illustrated in Fig.
8-8.

LFOs

Lfo’s act as valuable modulation sources for other modules
(Fig. 8—9A). Often a triangle 1fo is used to modulate the pulse
width of a vco square wave. An lfo can also be used to sweep
vef’s and to pan a signal between two vca’s, as in Fig. 8-9B.
The square wave output of an Ifo can be used as a gate signal for
sample and holds, vca’s, or envelope generators.
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External Signal Processors

A synthesizer can be used to modify the timbre and dynamics
of an externally audio signal, as in Fig. 8-10. A gate
and trigger extractor derives timing signals from the audio
signal’s amplitude envelope. These timing signals can be used

COARSE FINE
FREQ FREQ
VARIABLE
INPUT PWM
FM IPW
veco @
VAR RIBBON
CVIN CVIN oOuT CONTROLLER
®
1 V/IOCT —r~ —
FROM KEYBOARD
—

(A) Connecting a ribbon controller to the ‘‘variable’ input of a vco (see
circuit of Fig. 4-16).

FREQ INITIAL
GAIN
veo VCA _— CONTROLLER
ovle— 4OV RIBBON.
OUT  JOYSTICK.
SIGNALS £TC.
ouT IN ouT

L/ [ ™MW

TO VCF.ETC.

(B) A patch using a controller to affect the level of a modulation source.

Fig. 8-6. Some uses of manual controllers in a basic system.
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SEQUENCER
Cv OUT CLOCK LFO
OV IN
veo
ouT

|

(A) To control the frequency of a vco.

SEQUENCER

CV OUT

cV

Vo p— VF pP— VCA

(B) To control the amplitude of a vca.

Fig. 8-7. Some uses of a sequencer in a basic system.

to trigger envelope generators. The amplitude envelope of the
audio signal can be used as a control voltage for vef’s or vea’s.
Various vcf’s, fixed filter banks, phasors, and/or timbre mod-
ulators can also be used to modify the signal’s timbre. A four-
quadrant multiplier can be used (audio signal on one input, vco
output on the other input) to drastically alter the signal’s pitch
and tonality (see Fig. 8-11).

Filter Modules

Generally, filters are wired directly to the output of the sound
source(s), such as a vco, external audio, and the like, in a system
patch (Fig. 8—12). Usually, as large a signal as possible is used
with the filter, to obtain a respectable signal-to-noise ratio.
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(A) A patch for wind and surf sounds {manually controlied).
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(B) A random tone patch.
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Fig. 8-8. Common uses of a noise source.

LFO Mdp PW INPUT OF A VCO
| FMINPUT OF A VCO
IN fo——— T0:9 \¢ DELAY INPUT OF A BBD
ETC.

(A) Modulation uses.

(VOLTAGE SWEEP
INVERTER)
N OM cy oV
LFO v-ov VCA 1 VCA 2
n ouT IN IN ouT
T0 LEFT SIGNAL T0 RIGHT
AMPLIFIER IN AMPLIFIER

(B) Using a 0-to-10-V triangle output of Ifo to pan a signal between two
output amplifiers.

Fig. 8-9. Some Ifo uses.

Pulse signals (from a sequencer, for example) can also be passed
through a highly resonant vcf for percussion sounds. This is
shown in Fig. 8—12B.
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Fig. 8-10. Using synthesizer modules with an external audio signal.
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EXTERNAL AUDIO

Using a four-quadrant multiplier to drastically modify the
tonality of an audio signal.



Vco o— VCF  Jo—— T0 VCA.ETC.

EXTERNAL o awp FILTER |—— OUT
AUDIO SIGNAL

(A) The filter is usually placed directly after a sound source.

FREQ

O
e
O

OOO0OOOO0 .

SEQUENCER oUTp————— N SIGNAL ouT p————

/
AV aVa

(B) “Ringing” a highly resonant filter with pulse signals.

Fig. 8-12. Some common uses for filters.

1 v/iocT
(e}
FREQ FREQ
veo 1 VCO 2 4-QUADRANT
MULTIPLIER
nd O VoA,
ouT ouT Xo Y OUT
T T0 VCF
AND VCA

Fig. 8-13. Creating bell sounds with two vco’s and a four-quadrant
multiplier.
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Analog Multipliers

Voltage controlled amplifiers are used anywhere amplitude
control is desired. They can be used in panning circuits and
voltage controlled modulation circuits, and they have a mul-
titude of other uses. In addition to modifying an external
signal’s tone characteristics, a four-quadrant multiplier can be
used with two vco’s to create interesting, sometimes bell-like,
timbres (Fig. 8-13).

THE POLYPHONIC SYSTEM

Polyphonic systems consist of several “voices,” each similar
to the expanded basic synthesizer discussed previously. A block
diagram of a polyphonic system is shown in Fig. 8—14. As can
be seen in this figure, the vcf and envelope generator functions
of each voice receive the same control voltages to ensure uni-
formity of timbre and dynamics between voices. Custom ICs are
common in these applications due to their low parts count and
fairly well matched characteristics. Microcomputers are also
used in polyphonic synthesizers to memorize patch settings,
perform keyboard voltage and timing signals designations
(voice priority), and keep the many vco’s (generally eight or
more) in tune. The hardware (circuitry) design of polyphonic
synthesizers is now fairly straightforward, thanks to the many
custom ICs available. More effort is currently placed on expand-
ing a synthesizer’s uses and capabilities through software (pro-
grammed sequences of instructions for the microcomputer to
execute). With the introduction of microcomputers to electronic
music, patches can be stored or recalled in seconds. Complex
sequencer functions are relatively easy to implement. Truly, the
next decade will be a very exciting one for electronic music
enthusiasts.
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SYNTHESIZER
CONSTRUCTION AIDS

APDENDIX A

The purpose of this section is to aid the hobbyist in obtaining
additional information, parts, and services that will aid him or
her in constructing a synthesizer. Also, helpful information is
given on making printed circuit boards and on circuit
troubleshooting.

SUGGESTED REFERENCE MATERIAL

It is very important for you to keep a current reference library
of material on electronic music. This will aid you in designing
new modules (or redesigning old ones) and keep you up to date
with new technology advancements.

Electronotes

Electronotes is an electronic music newsletter published
(usually monthly) by Bernie Hutchins. This newsletter is vital
in order to keep informed on the latest developments in elec-
tronic music technology. Electronotes is very circuit oriented,
although it does occasionally delve heavily into mathematics.
All circuits are fully described, and even if you don’t want to
build a circuit, you can learn a lot about the design concepts
used. A preferred circuits collection is also available that is an
updated collection of circuits published in Electronofes.

Electronotes

Bernie Hutchins
1 Pheasant Lane
Ithaca, NY 14850
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CFR Technotes

CFR Technotes is a newsletter dealing with electronic music
circuitry. It has not been published for some time but may be
back in print soon.

CFR Technotes
c¢/o CFR Associates, Inc.
Newton, NH 03858

Electronics Today International (ETl) Magazine

ETI Magazine has continually offered very interesting con-
struction articles dealing with a large variety of subjects, includ-
ing electronic music (several complete synthesizer projects).
The magazine is published in England and is highly recom-
mended.

Modmags, Ltd.
145 Charing Cross Road
London WC2H OEE, U.K.

Polyphony
Polyphony is a magazine that deals with system patch theory,

new developments, and some circuit theory. The magazine is
affiliated with PAIA Electronics.

Polyphony
P.O. Box 20305
Oklahoma City, OK 73156

In general the over-the-counter magazines available in the
U.S. are devoid of electronic music circuits, compared with
foreign publications. The writer suggests that you find a store
that stocks the U.S. publications and buy an issue when it is
worthwhile. Magazines devoted to amateur radio, such as 73
and QST, often contain useful circuit theory that can increase
your electronics knowledge.

Engineering Magazines

Technical publications aimed at electrical engineers can con-
tain useful circuit information and theory, which can be applied
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to electronic sheet music. Many contain a reader submitted
“circuit designs” section that is often valuable.

EDN
270 St. Paul St.
Denver, CO 80206

Electronic Design
50 Essex St.
Rochelle Park, NJ 07662

Electronics
1221 Ave. of the Americas
New York, NY 10020

Contemporary Keyboard Magazine

Contemporary Keyboard Magazine is a magazine devoted to

keyboard instruments and players in general. It usually contains
one or more columns dealing with system patch theory.

Contemporary Keyboard
GPI Publications

Box 615

Saratoga, CA 95070

IC Cookbooks

Several books are available that detail uses of CMOS, TTL,

and linear ICs. Some useful books of this type include:

1.

2.

Berlin, H.M., Design of Op-Amp Circuits, With Experi-
ments. Indianapolis: Howard W. Sams & Co., Inc., 1978.
Lancaster, D., The TTL Cookbook. Indianapolis: Howard W.
Sams & Co., Inc., 1974.

Berlin, H.M., Guide to CMOS Basics, Circuits, & Experi-
ments. Indianapolis: Howard W. Sams & Co., Inc., 1979.
Berlin, H.M., Design of Active Filters, With Experiments.
Indianapolis: Howard W. Sams & Co., Inc., 1978.

Jung, W., The Op-Amp Cookbook. 2nd ed. Indianapolis:
Howard W. Sams & Co., Inc., 1980.

IC Manufacturer’s Data Books/Application Notes

Several IC manufacturers offer data books that contain refer-

ence data on their ICs as well as application notes. Some
suggested application books are the following:
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National Semiconductor Corp., 2900 Semiconductor Drive,
Santa Clara, CA 95051:

Linear Applications Handbook

Voltage Regulator Handbook

Audio/Radio Handbook

Analog Devices, Inc., Norwood, MA 02062:
Nonlinear Circuits Handbook

Signetics, P.O. Box 9052, 811 East Arques Ave., Sunnyvale, CA
94086:
Analog Applications Manual

IC data books can be obtained direct from the manufacturer
or from their local distributors (usually listed in the phone

book).

SYNTHESIZER KITS

Several companies offer synthesizer modules/units in kit
form. If you do not have a lot of time to design circuits, lay out
pc boards, and obtain parts, this may be the way to go.

PAIA Electronics

PAIA Electronics produces a large variety of electronic music
kits, including a modular synthesizer kit that can be interfaced
with a computer. They also have a series of projects using the
recently available custom ICs (including a 16 preset program-
mable synthesizer for under $500). Many products are available
assembled.

PAIA Electronics, Inc.
1020 W. Wilshire Blvd.
Oklahoma City, OK 73116

Aries

Rivera Music Services now markets the Aries modular syn-
thesizer kits. This line consists of a large variety of modules.

Rivera Music Services
49 Brighton Ave., No. 11
Boston, MA 02134

222



Applied Synergy

Applied Synergy has a complete line of services and products
for the hobbyist. These include circuit boards for custom ICs, a
polyphonic keyboard, silk-screening and panel construction,
custom modifications, and more.

Applied Synergy
311 West Mifflin St.
Lancaster, PA 17603

Powertran

Powertran has several synthesizers and a vocoder available in
kit form. Many of these circuits were published in ETI Maga-
zine.

Powertran
Portway Industrial Estate
Andover, Hants SP10 3NM U.K.

Digisound

Digisound has a complete line of synthesizer module kits
(including some circuits in this book). They also offer a con-
struction manual for a complete system.

Digisound, Ltd.

13 The Brooklands

Wrea Green, Preston
Lancashire PR4 2NQ U.K.

CFR Associates
CFR Associates has several synthesizer module kits available.

CFR Associates
Newton, NH 03858

Serge Modular Music Systems

Serge has a large variety of unique synthesizer modules avail-
able in kit or assembled form.

Serge Modular
572 Haight St.
San Francisco, CA 94117
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Maplin Electronic Supplies, Ltd.

Maplin has a large line of products in kit form (including syn-
thesizers).

Maplin Electronic Supplies, Ltd.
P.O. Box 3

Rayleigh, Essex SS6 S8LR
United Kingdom

E-mu Systems

E-mu Systems is a manufacturer of large modular studio syn-
thesizers. They offer several “submodules” which are preas-
sembled circuit boards that function as the heart of a synthe-
sizer. E-mu also publishes a nice technical catalog of their
products.

E-mu Systems
417 Broadway
Santa Cruz, CA 95060

PARTS

Many of the components used in this book can’t be found in
your neighborhood electronics store. Resistors, capacitors, and
the majority of ICs can be obtained from advertisers in the var-
ious electronics magazines. Because of this, it is a good idea to
collectcatalogsfrommany suppliers. Andalwaysremember:buyer,
beware.

Custom ICs

The following are addresses of suppliers of custom ICs used
in circuits in this book:
Curtis ICs

Curtis Electromusic Specialties
110 Highland Ave.
Los Gatos, CA 95030

PAIA Electronics (also a source for keyboards)
Digisound, Ltd. (also a source for tempco resistors)
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Solid State Micro Technology for Music, Inc. (SSM)

Solid State Micro Technology for Music, Inc.
2076B Walsh Ave.
Santa Clara, CA 95050

Digisound Ltd.

E-mu Systems (small quantities only)

B & B Audio

Aphex Systems, Ltd.
7801 Melrose Avenue
Los Angeles, CA 90046

BUILDING A SYNTHESIZER

Test Equipment Required

Not too much is required in the form of test equipment to get
a synthesizer up and running. Many of the adjustments can be
done by ear.

An oscilloscope is just about a necessity. An inexpensive
scope is all that is required, as we are generally working with
signals under 20 kHz.

A dvm (digital voltmeter) is nice to have also. However, an
analog meter (vom) will do for many applications. A high-
precision dvm is useful when you wish to measure microam-
pere currents, match resistors to 1 percent or less, or adjust
precision circuits.

A solderless breadboard (such as those manufactured by
Global Specialties Corp., A.P. Products, and E&L Instru-
ments, Inc.) is very handy for testing new designs. Buy several
so you don’t run out of space in the middle of a design.

A power supply is absolutely necessary. Simple circuits, such
as those given in Chapter 2, are sufficient. You will need = 15V
for analog and CMOS circuitry and +5 V for any TTL circuitry.

Making Your Own Printed Circuit Boards

If you wish to make your own pc boards, the following
method is the fastest the writer has found. First, buy some 0.1-
inch grid graph paper (0.1 in X 0.1 in, or 0.25 X 0.25 cm). This
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paper should be fairly thin, with blue grid lines. You also need
to buy several permanent-ink, fine-point, felt-tipped markers.
Back home, it is time to lay out your circuit board on the
graph paper. Tape a sheet of white paper to your desk top. Then
tape a sheet of the graph paper over this. The blue grid lines
should now stand out. The next part is the hard part. If you like
jigsaw puzzles, you will enjoy laying out pc boards. When you
are laying out a board, the following rules should be abided by:

1. Make supply and ground traces as large as possible.

2. Bypass supply lines to ground with 0.1-uF ceramic
capacitors in several places on the circuit board (by each
IC is great) (Fig. A-1).

3. Where the supply lines attach to the pc board, install
0.1-uF or larger tantalum capacitors between the supply
voltages and ground (Fig. A-2).

4. Keep op-amp summing node (“—"" input) traces short. Mak-
ing these long will invite oscillation, rf pickup, and noise.
Also, keep in mind the suggested guarding method for
sample and hold circuits (given in Chapter 3).

5. Try and avoid ground loops by using a single-point ground
(all ground connections go to a single point), or by organiz-
ing ICs according to signal flow. Those ICs closest to the
module input should be farthest away from the external
supply connections. Those ICs close to the module output
can go closer to the external supply connections (Fig. A-3).

Get out a couple of your electronic magazines and take a look
at how they designed their pc boards. Don’t be afraid to add
jumpers where necessary. This writer has found that the best
procedure is to lay out a board using the symbols shown in Fig.
A-4 for ICs, resistors, capacitors, and jumpers. Use dots for
holes. Connect the dots with a single line. You should be able to
space lines on the pc board 0.1 inch (0.25 cm) apart with no
problem. Note that the layout is done from a topside view.

Once you have finished the layout with the permanent-ink
marker, cut a piece of circuit board to size and tape the grid
paper layout over the fiberglass side. Cover the grid paper lay-
out with invisible-type tape. This is to protect it from damage
during the next step.

Now it is time to drill the board. A good size drill bit to use is
a No. 60. Drill holes everywhere you see a dot in the layout.
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* 0.1 uF

- CERAMIC

7 CAPACITOR
S

d% V+

Fig. A-1. Bypassing IC with
ceramic capacitors.

7
0.1 uF %
CERAMIC -
CAPACITOR

2 TANTALUM
CAPACITORS

Fig. A-2. Bypassing external supply connections.

Once you are sure you have drilled them all, carefully remove
the layout from the pc board. Hold the layout up to the light to
see if you missed any holes. If you did, stick the layout back on
the board and drill the remaining holes. Save the layout as a
reference of all circuit traces on the board.

Use a blunt metal edge of some type to scrape off burrs sur-
rounding the holes on the copper side of the pc board. Once
this is done, you should clean the copper with steel wool or a
powder cleanser and water until it has a bright shine. Make sure
it is clean of dirt, corrosion, and fingerprints.

Turn the layout upside down on the white paper taped on
your desk. You should be able to see the circuit traces through
the paper. Now you can use the felt-tipped pen to draw the cir-
cuit traces on the pc board, using the upside-down drawing for a
reference. If you make a mistake, you can use a pencil eraser or
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INPUT

b o QUTPUT

(A) Simple circuit example.

~<— INPUT OuTPUT —

o a ™o 0 a Mo a-a

(A s P = 1) V+
) TICT N7 i3

y —— = V-
T O U OO0 0T, T 0 Oy,

BYPASS CAPS OMITTED FOR CLARITY
(B) Sample pc layout of ICs.

Fig. A-3. A simple circuit and its pc layout (ICs only).

small knife to remove the ink. Be sure that the ink is going on
thick and black. Don’t be miserly with the pens or you will re-
gret it when you see your finished board.

After you have finished drawing the circuit with the pen, you
can etch the board. Ferric chloride is the most popular chemical
for this purpose. It can be obtained as a solid which you dis-
solve in water or as a solution from most chemical supply
houses (at a cost much less than at your electronic store). The
etching process should be done at a location far away from
everyone and everything. The fumes will etch metal, so guess
what they do to your lungs. Wear old clothes when etching your
boards. Ferric chloride stains will not come out. The actual
etching is best done in a Pyrex (glass) cooking tray. Pour about
an inch of etch into the tray. Place your boards copper side
down on top of the etch (so they float). If the board sinks, you
will probably have to turn it over, let it sink, and agitate the tray
until the board is etched. If your board floats, you can leave it
there for 10 to 20 minutes and let it etch. A floodlight placed
over the board will heat it and the etch and speed up the etch-
ing time, or the Pyrex tray could be put on a hot plate set on its
lowest heat setting.
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—— = AN

8PINIC RESISTOR CAPACITOR JUMPER

(A) Component symbols.

INPUT

LEVEL

(B) A simple circuit.

MV

CONTROL

YW TO LEVEL
§ N

= V— V+
(C) A sample layout for (B).
Fig. A-4. Laying out a pc board.

After the board is finished etching, clean it with water and
then steel wool. You may see places where the copper did not
etch due to air bubbles. These spots can usually be cleaned up
with a knife.
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If you wish to make another board, re-cover the top side of
the layout with tape. This is so you can tell if you have drilled
all the holes when you use it again.

When you have finished with the etch, pour it back into the
container. It can be reused many times. Never pour the etch
down the sink, as it can etch through pipe.

MODULE CONSTRUCTION

You should build your synthesizer in modules. Each module
will consist of a front panel and a circuit board. Patch connec-
tions are made with Y4-inch phone jacks. Each module will re-
quire some type of connector to interface with the main system
power supply. In-line connectors similar to those used in radio
control systems for airplanes can be used. Connectors called
“headers” (such as those made by AP Products) can be bought
in long strips and cut down to the size we need (generally four-
conductor, Fig. A-5).

| ) | O |

0.375IN L

SEETTTTTI

(A) Male header connector.

’ =g T T =) =g

0.375IN ITD - ° 00
{O.SSZCM)” ” ” H [r

— o1
0.25 CM)

(B) Female header connector.
Fig. A-5. Header connectors used for power supply connections.

Use the thickest sheet aluminum you can find or afford for the
front panels. Metal salvage yards are a good source for small
sheets (usually sold by the pound). Have it sheared into several
3-inch by 9-inch (7.6- by 22.8-cm) pieces.

You may wish to tape some of the 0.1-inch grid paper (the
same type used in the pc layout process) over the panel to help
you center the holes. Suggested hole spacings are given in Fig.
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A-6. Cover the grid paper with invisible tape to make it durable
and reusable for additional panels. Mark the hole locations
through the paper and into the aluminum with a punch or nail.
Remove the paper and drill the holes. It is the best to start out
with small drill bits and work up to the final bit size. You can
deburr the drill holes with a larger-size drill bit.

TOP
| 025N
MOUNTING | - ‘_'|:_(0.63 M)
HOLES
- 1.25 IN
0.25IN
(0.63 CM) (3.17 cM)
’ o
CONTROL
MOUNTING 1.75IN
HOLES (445 CM)
+— +
SPACE FOR L
MOUNTING PC
BOARD AND ANY 075 N o235 00
NECESSARY SWITCHES | |(1'9'cw) orsin
L 15wy
381 M) |
) M
1IN
PATCH 234 o
JACK + — +
HOLES AN
{ 2.54 CM)
+ =+
o
MOUNTING (254 OM)
HOLES [ + | +
3IN
! 7.62 W)

Fig. A-6. The front panel.

Once all the holes are drilled, you can “frost” the front side of
the panel with a wire-brush “grinding” wheel. This gives the
panel a nice appearance and removes any corrosion marks on

the aluminum.
A piece of sheet metal bent in a 90° angle can be used to
mount the circuit board. Leave an extra % inch (1.27 cm) on the
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circuit board to allow for mounting. You can also use pieces of
aluminum “L”" channel to mount your board. Pop-rivets or
screws can be used to mount the channel pieces to the front
panel. Both methods are shown in Fig. A-7.

Rub-on letters can be used to label your front panels, but they
take a lot of time and effort. You might try a hand labeler (Dymo

or equivalent) for a quick and easy method. It doesn’t look too
bad either.

d """ CIRCUIT BOARD
MOUNTING HOLES
Q Q
‘ (\ =y —— SHEET METAL "L BRACKET
R
== CONTROL MOUNTING HOLES
BACK SIDE
OF
L FRONT PANEL (A) A method using a sheet-metal
W L~ o~ ] bracket.
SIDE REAR
’\_

B

(B) A method using pieces cut
from aluminum ““L"”" channel.

—T T

Fig. A-7. Methods of mounting the pc board to the front panel.

Testing the Module

Major causes of nonfunctional circuits will be: an error in the
pc board layout, power supply disconnected or not turned on
(don’t laugh), or bad ICs. I suggest that you use sockets for your
ICs. If you find them too expensive, use Molex pins (these come
in strips and are like sockets without the plastic casing). You
may want to check out your op amps on your prototyping board
first, if you doubt that they are good. To do this wire them up as
simple unity-gain amplifiers.

Install the ICs and turn on the power. If the module does not
work, try to troubleshoot the circuit one section at a time,
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possibly starting at the control voltage section. Get as much of
the circuit working as you can. If you are using a custom IC,
check out all of the external circuitry. If that seems to check out
satisfactory, try testing the custom IC on your prototyping
board.

You may experience unwanted oscillations in some of the
op-amp circuits. This is more likely to occur with the FET-input
op amps. Try installing small-value (10-50 pF) capacitors across
the op amp feedback loop. This will reduce the high-frequency
gain and possibly stop the oscillation. Other causes can be
ground loops or long unshielded lines coming from the IC
inputs.

The Cabinet
You can make a cabinet for your synthesizer using 1-inch by
10-inch (2.54- by 25.4-cm) pine. See Fig. A-8 for some sugges-

tions.

The modules are installed using small pan-head sheet-metal
screws. Start out with just two screws per panel until you are
sure you have all of the modules situated where you want them.

REINFORCE CORNERS
WITH ANGLE IRONS

1IN X 10N
e Z—" (254 x 25.4CM) PINE

—— 1INX 1IN
=TT (254 X 254CM)
STRIP PINE OR HARDWOOD

MODULE

2INX 1IN
(5.08 x 2.54 CM) STRIP
PINE OR HARDWOOD

INSTALL TO SIDES WITH
ANGLE IRONS

Fig. A-8. Some suggestions for cabinet construction.
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IC DATA SHEETS AND
PIN DIAGRAMS

ADPDPENDIX B

The material in this appendix has been provided as follows:

Page 235, courtesy Exar Integrated Systems, Inc.

Page 236, courtesy Signetics Corp.

Pages 237-248, courtesy Matsushita Electronics Corp.

Pages 249-265, courtesy Reticon Corp.

Pages 266-269, and 277-296, courtesy Curtis Electromusic
Specialties.

Pages 270-276, courtesy Solid State Micro Technology for
Music, Inc.
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FUNCTIONAL BLOCK DIAGRAM

MULTIPLIER xr-228 MULTIPLIER
ouTPUT ! | r OUTPUT
15| +vee
MULTIPLIER
X-INPUTS OP-AMP
L |3 4 14

OP-AMP
INPUTS

4 —
MULTIPLIER

MULTIPUER

Y-INPUTS
I5 1 12 | Comp.
OP-AMP
|
6 OuTPUT
Y-GAIN

UI;II_JL[_II_H_IIiI

-
=]
'
<
m
m

"0

X-GAIN E ] [ 9 | X-GAIN
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OBJECTIVE SPECIFICATION

DESCRIPTION

The 570/571 is a versatile low cost dual gain
contrai circuit in which either channel may
be used as a dynamic range COmpressor or
expandor. Each channel has a full wave
rectifier to detect the average value of the
signal; a linerarized, temperature compen-
sated variable gain cell; and an operational
amplifier

The 570/571 is well suited for use in tele-
phone subscriber and trunk carrier systems,
communications systems and hi-fi audio
systems

FEATURES

Complete compressor and expandor in
11C

Temperature compensated

Greater than 110dB dynamic range
Operates down to 6Vdc

System levels adjustable with external
components

Distortion may be trimmed out

CIRCUIT DESCRIPTION

The 570/571 compandor building biocks, as
shown in the block diagram. are a full wave
rectifier, a variable gain cell, an operational
amplifier and a bias system. The arrange-
ment of these blocks in the IC result in a
circuit which can perform well with few
external components, yet can be adapted to
many diverse applications.

The full wave rectifier rectifies the input
current which flows from the rectifier input,
to an internal summing node which is bi-
ased at VRgF. The rectified current is aver-
aged on an external filter capacitor tied to
the CRECT terminal, and the average value
of the input current controls the gain of the
variable gain cell. The gain will thus be
proportional to the average value of the
inputsignal for capacitively coupled voltage
inputs as shown in the following equation
Note that for capacitively coupled inputs
there is no offset voitage capable of pro-
ducing again error. The only error will come
from the bias current of the rectifier (sup-
plied internally) which is less than 1A

G . IVaN - Vegr| ave
INREFL 2
or
6, lvin|ave
L R

The speed with which gain changes to fol-
low changes in input signal levels is deter-
mined by the rectifier filter capacitor. A
small capacitor will yield rapid response but
will not fully filter low frequency signals
Any ripple on the gain controi signal will
modulate the signal passing through the
variable gain cell. In an expandor or com-
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APPLICATIONS

570/571-N

PIN CONFIGURATION

* T trunk 570
. T 571 N PACKAGE
* High level limiter
o Low level expandor—noise gate nect cno 1 [0 16]fect Con 2
* Dynamic noise reduction systems Recr 11 [Z] [F&] ect 2
* Voltage controfled amplifier saconm 5] b o canmz
* Dynamic filters ono[T] 7 vee
v 1[E] 72 v 02
ves m.1 5] 7] ves .2
ous 1 [7] [75] ouur 2
w0 Tom 1[7] 57 10 tom 2
ABSOLUTE MAXIMUM RATINGS
PARAMETER RATING UNIT
Positive supply Vde
570 24
57 18
Ta Operating temperature range -40 to +70 °C
PD Power dissipation 400 mw

BLOCK DIAGRAM

112

36N o

O rect car

output

pressor application, this would lead to third
harmonic distortion, so there is atradeoff to
be made between fast attack and decay
times, and distortion. For step changes in
amplitude, the change in gain with time is
shown by this equation

G = (Ginitiat = Gtinal) e-t'r

“Gyipat. 7 - 10K X CReCT

The variable gain cell is a currentin, current
out device with the ratio 1oyT/I|N con-
trolled by the rectifier. 1N is the current
which flows from the AG input to an internal
summing node biased at V ggf. The follow-
ing equation applies for capacitively cou-
pled inputs. The output current, |QUT. is
fed to the summing node of the op amp.

ViN _VREF  VIN
N TR R
Ei!]“ﬂtil:ﬁ

A compensation scheme built into the AG
cell compensates for temperature, and can-
cels out odd harmonic distortion. The only
distortion which remains is even harmonics,
and they exist only because of internal
offset voltages. The THD trim terminal pro-
vides a means for nufling the internal offsets
for low distortion operation

The operational amplifier {whichis internai-
ly compensated) has the non-inverting in-
put tied to VREF. and the inverting input
connected to the AG cell output as well as
brought out externally. A resistor, Ry, is
brought out from the summing node and
allows compressor or expandor gain to be
determined only by internal components.
The output stage is capable of :20mA out-
put current. This allows a +13dBm (3.5V
rms) output into a 300{} load which, with a
series resistor and proper transformer, can
result in +13dBm with a 600} outputimped-
ance



DATA

BUCKET BRIGADE DEVICES

MN3004

LOW NOISE 512-STAGE BBD FOR AUDIO SIGNAL DELAYS

APPLICATIONS :

The MN3004 is suitable for audio signal processing, e.g.;

® Variable speech contro! of playback and voice control of
tape recorders

® Reverberation effect of stereo equipments

Tremolo, vibrato and/or chorus effects in electronic mu-

sical instruments

Variable or fixed delay of analog signals

Telephone time compression and voice scrambling in communi-

cation systems; etc.

14-Lead Dual-In-Line Plastic Package

The MN3004 is a 512-stage Bucket Brigade Device

BLOCK DIAGRAM

(BBD)

A pair of output terminals is provided in the BBD c:,’

for cancellation of the clock component superposed

on the output signals.

P-channel silicon gate technology is used to fabricate ouT1 & +—® Voo

the BBD into chains of tetrode-type MOS transistors ouT2 ¥ 512.STAGE

and storage capacitors. The MN3004 is packaged in BBD ® ono

the standard 14-lead dual-in-line plastic package Pt & Voo
IN

FEATURES: ® Wide dynamic range: S/N = 85dB typ.

® Variable delay line in audio frequency range

® P-channel silicon gate: tetrode MOS transistors
configuration

® Clock component cancellation capability

® Low insertion loss: 1.5dB typ.

The device specifications are subject to change for improvement without prior notice.

While every precaution has been taken in the preparation of this data sheet,
the publisher assumes no respbnsibility for patent liability with respect to the

use of the information contained herein.

® Wide frequency response: fin <12kHz
® Low noise: 100 #Vrms typ.
® Low distortion: 2.5% max.
® Clock frequency range: 10~ 100 kHz

MATSUSHITA ELECTRONICS CORPORATION SEMICONDUCTOR

SION
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MN3004

ABSOLUTE MAXIMUM RATINGS (Ta= 25T)

Item Symbol Rating Unit
Terminal Voltage Voo Vee Var  Vin 18- +03 v
Output Voltage Vout % 03 v
Operating Temperature Top! 20~ +60 "C
Storage Temperature Tstg 55 - 4125 C
OPERATING CONDITIONS (Ta = 25¢C)
Item Symbol 1 Condition T min. Typ. Max. Unit
Drain Supply Voltage Vob 1 14 15 16 v
Gate Supply Voltage | Voo+1 v
Clock Voltage "H” ! 0 1 v
Clock Voltage "L Voo v
Clock Input Capacitance 350 pF
Clock Frequency 10 100
Clock Pulse Width *1 05T *2 1
Clock Rise Time *1 500 nsec
Clock Fail Time *1 500 nsec
ELECTRICAL CHARACTERISTICS (Ta=25C. Vop=Vcr=—15V, Vepu=0V. Voo - ~14V, B 100k}
Item Symbol Condition Min. Typ. | Max Unit
Signat Detay Time I 2 5 msec
Input Signal Frequency fin fcp  40kHz, 3dB down kHz
| nput Signal Swing Vin 25% Distortion 18 Vims
}‘ Insertion Loss U fcp  40kHz fin 1 kHz 15 4 B
fcp 40kHz. fin  1kHz
Total Harmonie Distortion THD 04 %
Vin 078 Vims
fce  100kHz
Noise Level Vi 021 mVims
Werghted by “A” curve
Max Output Voltage
S.anal to Neise Ratic SN 75 85 a8
vs Noise Voltage
*1 Clock Wavetorms
- ov
cP1
e 1BV
ov
CP2
- 15V
*2 T=1:4cp{Clock period)
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TERMINAL ASSIGNMENTS

OUT2 OUT1 CP2 Vpp NC NC  NC
! 1 1M
14 13 12 1 10 ) 8
(Top View)
1 2 3 a 5 6 7
OO0 T80 &g
GND CP1 IN Ve NC NC NC

CIRCUIT DIAGRAM

oy Voo
ouT 1
GND 0—
Ve O
cP1 ouT 2
CP20O

TYPICAL CHABACTERISTICS (Ta=25T)

Vout—Vin THD—Vin
T 2 L : T T e s s e |
Voo 15V - - /é Voo =—15V } ]
Voc- —1av 1 N Voo - 14V i |
£ fcp - 40KH: —/7 & O e aon i
= £ for k2 by o= Tz 8|
¢ Z T 1
= 3 L L1
E A s I
" 3 s
8 @ w — —
H “
F IIIIII‘IIIIIII =t l S e =
5 g g i =
e . € e —
1 R S B +
£ 5 A L
‘ 3 —
S = i
IS3 i 3 iy
[ e L b bl o e
-6 - - 2 1
0 100 1k 10 1000 -0 +10 ¢ 4 2
Input Frequency tin (Hz) Input Signal Level Vin (dBm) Input Signal Level Vin (dBm)
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MN3004

CIRCUIT EXAMPLE

7 S — e — 4 Vpp 15V

SkS2 uF

.-

100k 2

(J Delaved Output
Audio Input

b

cP2 _—
Clock Amplitude -15V

BASIC CIRCUIT WITH CLOCK COMPONENT CANCELLATION

OUTLINE DIMENSIONS

48 + 0.05
o1
IS
| T
8
S o
o =
.83
45 N8
020 14 Lead Dual In Line
~
v Plastic Pach.age
U |

274006 = -

os

CUO G asn &

Unit: mm (inch)

MATSUSHITA ELECTRONICS CORPORATION Distributor:

SEMICONDUCTOR DIVISION
Nagaokakyo, Kyoto, Japan
Export Division: MATSUSHITA ELECTRIC TRADING CO.,LTD
= P O Box 288, Osaka Japan
U.S.Sales Office: MATSUSHITA ELECTRIC CORP OF AMERICA
(Industrial Division)
® Head Office  P.0.Box 1503 Secaucus New Jersey 07094
Tel (201) 3487275
® Chicago Oftice 2960 Hart Drive Franklin Park 11l 60131
Tel (312) 4553105

11762M N Panted n Japan
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MOS

DIGITAL INTEGRATED CIRCUITS
PRELIMINARY DATA

CMOS IC MN3101

Clock Generator / Driver for BBD’s

The MN3101 is a CMOS integrated circuit designed to Unit mm (inch)
generate low impedance two clock phases required for
driving BBD's. In addition. the MN3101 provides the opti-
mum Vg for BBD'S when the MN3101 1s used with BBD'S

on a common Vpp supply

The seif-contained oscillator can be controlled by an

965020 mm

external R.C circuit. but an external oscillator can aiso be

used. The clock frequency is 1/2 of the oscillation fre-

quency.

*

Matsushita Electrorcs Corporation’s BBD product range
MN3001, MN3002, MN3003. MN3004, MN3005,
MN3006. MN3007. MN3008. MN3009. MN3010. 8Load Duakin-Line Plastic Package

MN3011(Developmental)
Note The MN3003 1s provided with an internal oscitlator

Block Diagram

Features:

0XI 0X2 0X3

®BBD direct driving capability—up to two MN3005
types (equivalent to 8192 stages).

Voo
®Either internal or external oscillator can be used

®Two phases (1/2 duty) output

®Provided with Vgg supply circuit BVee

®Operates on a single power supply: —8~—16V aNO
®8-lead dual-in-line plastic package .T
Clock Drver

Application

7 7}
Pl cre

®BBD clock generator / driver

The device spacifications are subject to change without prior notica
While every precaution has been taken in the preparation of this data
sheet, the publisher assumes no responsibility for patent liability with
respect to the use of the information contained herein

SEMICONDUCTOR

MATSUSHITA ELECTRONICS CORPORATION DIVISION
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MN3101

Ratings (Ta= 25‘6_)

N Supply Volege Voo —18~+03 * \
Input Terminel Voege Vi Voo—03~+03 * v
Output Terminal Volege Vo Voo—03~+03 * v
Power Dissipetion Po 200 mw
Opersting Tempersture Topr —10~+70 c
-Swrage Tempersture Tsg —30~+125 ‘c
* With respect to GND=OV.
rating Conditions
i | oymeut | [ e [ v | ax | uee |
L7 suweiy vomse | Voo GND=0V [ s 15 | -6 | v |
Electrical Characteristics (Ta=25°C. Vop=—15V, GND=0V)
Hom Symbol Condition Min. Typ. Max. Unit
Supply Cuwent loo Without load 3 mA
- Power Consumption Plot Clock output 40kHz 45 mw
OX1 Input TeMninal .
L v depet Velege “H” Level Vin 0 -1 v
Input Volage “L" Level Vi Voo +1 Voo v
757 input Leskage Cument I Vi=0~—15v 30 “A
0X2 Output Terminal
. Output Cument “H™ Level low Vo=—10V 06 mA
Output Cument “L” Lovel four Vo=—14V 05 mA
"Outght Leaksge Current lou Vo=Voo 30 A
Output Leakage Cument lomr Vo=GND 30 A
0X3 OQutput Terminal
Ouipit Cuwent W~ Lovel lowa Vo=-10v 15 mA
lowz Vo=-—14V 20 mA
lou 30 #A
loma 30 “A
lowa Vo=—1.0v 10 mA
lows Vo=-14V 10 mA
: Iow Vo=Voo 30 “A
~ w—
.- Outpust Leskage Cisment - : tiows Vo=GND 30 nA
Voo Output Temminai®
7 \Gpes VORIBE T 1Y 1wt | Voo our 10 v
* This terminal outputs Vo voltage particularly suitable for the BBD's r by Comporaon.  The vohtage is

not necessanly suitable for other manufacturers’ products
The Vee out changes depending on Voo. The relationship between Voc out and Voo is as follows:

14
Vg out & o= Voo
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Terminal Assignments

Vagour oxt 0X2 0x3
I I |
8 7 6 5
(Top View)
1 2 3 4
GND. lml Iv—wl cP2
Pin No. | Symbol wé Functions
1 GND Supply | Grounding
R Outputs 1/2 duty cycle clock pulse at frequency 1/2 of an oscillaton frequancy. having an
2 e ‘ ° opposite phase relationship with respect to CP2
3 Voo 15V supply voltage input. S ) o
4 P2 | Outputs clock pulse having an opposite phase relationship with respect to CP1. -
s 0ox3 Internal Oscillaton | extomal Osctovon
[ ox2 ‘ o C.R network connection to the pins An external oscillaton input to OX1,
7 oxt ! 1| (See osaillator circut example) with OX2 and OX3 open
B o 14V output (When Voo—=15V) "'J ) ]
8 Ves our \ 0 The relationship between Voo and Veo out 1s
Voo our = 18- Voo

Oscillator Circuit Example

MN3101 The internal oscillation circuit of the
MN3101 consists of a 2-stage inverter
The oscillation frequency is established
by the time constant of C1and R2. The
following table shows examples of Ci.R1

and Rz values. Fcp—Ra characteristics ex-
ample is shown in Figure 1

C1,R1 and R2 Value Examples

[ Coneiemt R+ (0) Ra (0) CiF) | tos (kHE) )
Example O 0 5k~1M 33 15~1500 7 5~750
Example @ 2% Bk~ 1M 100 52-440 | 26~220
[— 22 [ sk~1m 200 1.4~ 280 T 07~140

* Clock output frequency for CP1 or CP2
* % Oscillation frequency for OX1.0X2 and OX3
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MN3101

MN3101

ter (Hz)

Clock Frequency

Resistance Rz (0)

n

1g 1 Clock Frequency Charactenstics Example

Maximum Clock Frequency

The maximum clock frequency 1s limited by device power dissipaton and load capacitance. The power
consumption of the device increases as the clock frequency or load capacitance 1s increased (See Fig 2)
Therefore. a proper clock frequency and load capacitance value must be chosen so that the maximum all-
owable power dissipation of 200mW for the MN3101 i1s not exceeded

Fig. 3 shows the relationship between the maximum frequency and load capacitance for 150mW power

The clock fi can be d without increasing the power consumption
when a resistor s connected to each clock output terminal (See Fig.2 and 3) The series resistor con-
sumes a part of the power required for dnving the load capacitance and help reduce the power dissipated

in the device

Po—fcp ng00sx 2 fcp(max.)—CL
oF
[ TR hare 5005 X
a e 5
I 1 MN3008 X ] 3 3]
s 1100,F E3
MN3007 X -~ NERWY A
g [ 111 580pF ’E.‘ Y
T MN3006 X § E N3 o __
E ‘Masatum Power g 100 5 200 e Voo=—B8V {Load G}
- Without Load &£ <
o s S
> N
< | I -
& ool 1l ‘ § 100k
s 3
] % s B
g | © 00 =15V (Load CL}
° sof = 50K [-— 16V (Load CL)
] i L a5 5
2 7 5]
Y =ad : 30k f—
i L 2
3
= |
10! 10k
T 3 10k 306 0 1000 2000 3000 4000 5000
N S —
MN3007 MN3008 MN3005 MN3005
<1 X1 X 2
(i) () (3355) (855,
Clock Frequency fcr (Hz) Load Capacitance Cu (pF)
Fig. 2 Power Consumption vs Clock Fi y Fig. 3 M Clock Frequency vs Load Capacitance

at 150mW Power Consumption
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MN3101

Application Circuit Example 1——— Echo Effect Generation Circuit With The MN3005
I
I 5 ANB55| %5 ANBSS | % ANB55 |
]
:I 120x02 120k02 £1002 EEE:“ 43k 120k
| - 20
|l 220pF 2200F 220pF

—
39k 39kD 33mf?\

3 ez

4
p7000F| +
2oour]

|I 1000 9

I recke ! sekst S6ka |33k

il LI D s Lo
i 3 7 J

Il 23uF M xuv>' s 1.

| Hgre: 6 |

il 33000F

'! sl By by
lI a2 -
GND#|

oUTPUT

I
]

1800,F

13300 pF|

+ 100K

‘2 ANE5S |

*Adjust to mimmize distorvon (VR 1000 typ }

Printed Circuit Board Layout (actual size)

RS

Lodw - ) T e
B
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MN3101___

Application Circuit Example 2 ——— Echo Effect Generation Circuit With The MN3007
:| ', AN6SS | ', AN6S5 1 ', ANGSS | :i
l
|
I { 3347 4
i 7"‘1 20 56802 5. 6u 200 I
ooun — ¥ i
[[R— ! |
B [N Lanse n-u7 OOl N nmh’\, ”“rll
o e 7] e MN3007 ;lwAcz z+="ll’ Tour
b + A5 w 12 3 4 . 700 ) T
| R noft =8 el B s '
I s e A & Toaoof] i
&4 3
i =T [B% £- i
| .
:\: [ q
i e
i T o
i alsle Gt
i S STo78 2000
[l L3uF
:1( A7 & 5
v g MN3101
13 N . A L2 e
B0
i T ]
ol . O )
L _____ s AN65S |
. g 1., - |

*Adjust to minimize distortion (VR 100k typ.)

Printed Circuit Board Layout (actual size)
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¢n§ EGRG RETI CO .\I SAD ~512D SAMPLED ANALOG DELAY LINE
-]

The SAD-512D is a general-purpose Sampled Analog Delay
device Tabricated using N-channel silicon-gate technology in a
bucket-brigade configuration to obtain flexible performance
at low cost.

KEY FEATURES

e 512-element delay

On-chip driver requiring only single TTL-level clock
input

Clock-controlled delay: 0.2 sec to less than 200 usec
N-channel silicon-gate bucket-brigade technology
Designed for self-cancellation of clocking modulation

.

Wide signal-frequency range: 0 to more than 300 KHz

Wide sampling clock frequency range: 1.5 KHz to more
than 1.5 MHz

Wide dynamic range: S/N > 70 dB
Low distortion: less than 1%

Single 15 volt power supply

8 pin mini DIP

CLOCK|1
GND |2

8] Voo
7| SYNC
0DD OUT |3 6| INPUT

EVEN OUT|4 5| Vg

Figure 1. Pin Configuration.

TYPICAL APPLICATIONS

Voice control of tape recorders

Control of equalization filters
Reverberation effects in stereo equipment
Tremolo, vibrato, or chorus effects
musical instruments

Variable or fixed delay of analog signals
Time compression of telephone conversations or other
analog signals

Voice scrambling systems

in electronic

Oy

DEVICE DESCRIPTION

The SAD-512D is a 512-element Bucket-Brigade Device
(BBD) with internal clock drivers that require only a 5 volt
(or higher) single-phase clock input.

The device has its output split into two channels to provide
output over each full clock period in normal operation. The
SAD-5120 is manufactured using N-channel silicon-gate
technology to fabricate a chain of MOS transistors and stor-
age capacitors into a bucket-brigade charge-transfer device.
It is packaged in a standard 8-ead dual-in-line package with
pin configuration as shown in Fig. 1. The functional equiv-
alent circuit is shown in Fig. 2. Several of the many applica-
tions are listed above.

Figure 2. Equivalent Circuit-Diagram of SAD-512D.

DRIVE AND VOLTAGE REQUIREMENTS

Normal voltage levels and limits are given in the tabular spec-
ifications. Clock input is a rectangular wave which drives the
on-chip clock drivers. The magnitude of the clock may be
any positive pulse voltage from 5 volts to Vpp. The phase
relationships of clock input, sync input (when used) and out-

cLOCK

INPUT

SYNC

EVEN A I “

ouTPUT \
SIGNAL
VARIATIONS

00D % (27722 (223

ouTPUT

Figure 3. SAD-512D Clock Waveforms.

put waveforms are shown in Fig. 3. For convenience, Vgg
may be biased to the same potential as Vpp. However, for
optimum performance, it is recommended that Vg be
adjusted approximately one volt lower than Vpp |

If the sync input is unused pin 7 should be connected to ground.
If either output is unused it should be connected to Vpp.

As with all sampled-data devices, the input bandwidth should
be limited to a value less than one-half the sampling clock
frequency (usually to a value less than 0.3 fg). Further, to
recover a smooth delayed analog output a post filter having
steep cutoff (e.g., 36 dB per octave or more) is desirable.

PERFORMANCE

Typical performance of the device is shown in the specifica-
tions and in the curves of Figs. 5-8. These data were obtained
with the test configuration of Fig. 4. Internal dispersion
becomes the limiting factor for sampling clock frequencies
above 1.5 MHz.

Figures 5 and 6 indicate the linearity and show the rapid
increase in distortion as the input level is increased toward

EG&G RETICON

® 345POTRERO AVENUE e SUNNYVALE, CALIFORNIA 94086

TELEPHONE: (408) 738-4266 ¢ TWX 910-339-9343
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saturation. For inputs less than approximately 500 millivolts
rms the distortion is less than one percent. Between this
point and the noise floor there is approximately 70 dB of
dynamic range. This dynamic range assumes a 20 KHz audio

SPECTRUM
ANALYZER
x

SGNAL SAD K SCOPE

[GENERATOR 3120 VEKTRONX
463
DEVICE UNDER
TesT

OISTORTION
ANALYZER

WP331A

Figure 4. Test Set-up Used to Obtain the Data of
Figures 5,6,and 7.

SPECTRUM ANALYZER IF BANDWIDTH 1KHz
Odb REFERENCE 2 VOLTS PEAK TO PEAK
10 INPUT SIGNAL FREQUENCY 30KHz
SAMPLE FREQUENCY. MHz

8
4 ;§
:
T
3
4
il

SPURIOUS NOISE FLOOR BELOW-75db

1 L L
-60 -50 -40 -30 -20 =10 ]
INPUT  LEVEL (db)

Figurs 5. SAD-512D Transfer Characteristic.

Yy
T

TOTAL HARMONIC DISTORTION (%)
T

s L )
5 10 5 20
INPUT LEVEL (Volts P-P)

Figure 6. SAD-512D Distortion vs. Input Level.

filter and a sample rate of 100 KHz or faster. With a 20 KHz
filter and 50 KHz sample rate the dynamic range is 63 dB.
Broad-band dynamic range is better than 55 dB for all sample
rates.

Figure 7 shows the loading effect of the output terminating
resistor. The data indicates the output source followers have
approximately 4000 ohms internal impedance. For this test
each output was connected through a terminating resistor to
ground, thus preventing any interaction between the two out-
put followers.

Figure 8 shows the frequency response of the device when
terminated ' as shown. The dotted lines indicate the range of
variation from device to device.

1.8y

)

_—

SAMPLE RATE: 150 KHz
INPUT LEVEL OS5V P-P
SIGNAL FREQUENCY: 10 KHz

VOLTAGE GAIN
o
@

<]
by

Nl J
c| 10 100
LOAD RESISTANCE (K ohms)

Figure 7. Dependence of Gain on Load Resistance.

_ NN
3 N
= -5k OUTPUT CIRCUIT CONFIGURATION AN
w N\
g N
Q -1or a0 3120 ‘score N
@ i..n
&
-|5L v
w
2 SAMPLE FREQ *10Mwz
2 ok Vag * 15 VOLTS
]
Il
&
- L L s
108 04 105 108
FREQUENCY (Hz)
Figure 8. ing Typical iati
Device to Device.
o

Figure 9. Normal Opasrating Configuration.
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CIRCUIT CONFIGURATION

The normal operating configuration is shown in Fig. 9. The
odd and even outputs are summed to provide continuous
output and cancellation of the clock waveforms. The even
output contains the same information as the odd output,
onty delayed for one-half clock period, or a total of 513 ele-
ments of delay. The data input, odd and even outputs, and
summed output are also shown in Fig. 8.

A sync input is included on the device and the waveform is
shown in Fig. 3. This input allows synchronized operation of
multiple devices in either serial or parallel configuration when
the same sync pulse is applied to each individual SAD-512D.
If the devices are used individually the sync input (pin 7)
should be grounded.

PERFORMANCE CONSIDERATIONS

The SAD-512D, because of its low cost and clock-fixed
delay independent of input frequency, has many applications
in the consumer area, particularly for providing delay and its
associated effects for audio-frequency devices {e.g., reverber-
ation, vibrato, speed change or correction, etc.). It is very im-
portant to remember that the device is a sampled-data device,
and as such has important requirements on filtering of the
input and output signals and on control of the clock fre-
quency.

The analog input should be filtered to limit input compo-
nents to less than fsample/2. Normally a stricter limiting is
desirable — to a limit more nearly 0.3 fgample- The reason

for this requirement is that all input components become
modulated by the sampling frequency to generate (fg — fin)
and also many other products. The result is to "‘fold’’ the
input about fs/2 so that components above f5/2 reappear an
equal distance below fg/2. Limiting the input to fg/3 provides
a filter “"guard band’’ to permit adequate attenuation of the
otherwise disturbing high-frequency components.

The output should. be filtered because even after full-wave
combination, the output is only stepwise continuous. Clock-
ing steps and transient ‘‘glitches” appear at the times of clock
transitions. The high frequencies contained in the abrupt
changes and in the clocking glitches are all extraneous and
for best performance should be removed by a filter with cut-
off at approximately fsample/2 or less and rolloff of as much
as 36 dB/octave or more. Also, overload should be avoided
because increased signal amplitude near overload gives rise to
rapidly increasing high-order intermodulation products which
lie within the useful pass band and which thus are not nor-
mally reducible by output filtering.

For optimized performance, care should be given to layout
and design as well as to the filtering requirements. Ground
planes are required on circuit boards to reduce cross-talk, and
high-quality summing operational amplifiers are required to
obtain maximum cancellation of clock pedestals and glitches.

For many applications, cost is a more important factor than
the ultimate in performance, and relaxed filtering is permis-
sible. However, the user should be well aware of the cost/
performance tradeoffs involved. For such relaxed require-
ments, a simple output circuit such as that shown in Fig. 10
is often useful.

.
DEVICE CHARACTERISTICS AND OPERATING PARAMETERS

Notes:

PARAMETER SYMBOL MIN.
Clock Voltage' A 5
Drain Supply Voltagel VDD 10

1
trol Volt

Control Bias Voltage VBB
Sampling Frequency
{% External Clock Frequency} f 0.0015
Clock Pulse Width tep 200
Signal Frequency

Bandwidth (3db point) See Fig. 8
Signal to Noise See Fig. 5
Distortion See Fig. 6
Gain?
Video Input Capacitance Cin
Video Input Shunt

Resistance in 300
Output Resistance R, See Fig. 7
Optimum Signal Input Bias®
Maximum Input Signal

Amplitude 1
Sync Pulse Amplitude 5
Clock Input Capacitance Ce

1. All voltages measured with respect to GND (pin 2).

2
3.
4.

a< shunt

maximum siynal lavel. The value shown is nominal for 15-volt clocks.

TYP. MAX, UNITS
VDD Volts
15 17 Volts
VDD"‘ VDD Volts
- 15 MHz
tc/2 (C—ZOO ns
300 KHz
8
15 pf
Kohms
4.2 Volts
2 Volts p-p
Voo Volts
8 pf

The value of gain depends on the output tenpination resistance. See Fig. 7.
i z at 1 MHz sample rate. . . .
. The input bias voltage varies slightly with the magnitude of the clock voltage (and Vdd' and may be adjusted for optimum linearity at
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Figure 10. Simple Output Summing Ampl|

EVALUATION CIRCUIT SC-512D

For evaluation purposes or for relatively high-performance
operation, a circuit ‘board is available from Reticon. This
board encompasses the required filters, operational ampli-
fiers, and ground plane. The schematic is shown in Fig. 11,
The board provides a variable oscillator for sample frequen:
cies from 20 KHz to 200 KHz. The output filter amplifier
is designed as a two-pole, maximally flat filter with a cutoff
frequency of 26 KHz. Change in cutoff frequency requires
component changes. The balance control permits equaliza-
tion of differences in source follower outputs.

The SC-512D board is designed to handle a wide range of
bandwidths and clock rates; as a consequence anti-aliasing
input filters should be externally provided to limit the input
bandwidth to less than fsample/2.

ABSOLUTE MAXIMUM VOLTAGES
TERMINAL LIMITS UNITS

Any terminal +20to -0.4 Volts
(with respect to GND)
CAUTION

Static discharge to any lead of this device may cause perma-
nent damage. Store with shorting clip or inserted in conduc-
tive foam. Use grounded soldering irons, tools, and personnel
when handling devices. Avoid synthetic fabric smocks and
gloves. It is recommended that the device be inserted into
socket before applying power. Power supplies should not
exhibit turn-on or turn-off spikes.

Figura 11. SC-512D Schematic Diagram.

Figure 12. SC-512D Evaluation Circuit with SAD 512D Device.
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SAD-1024 DUAL ANALOG DELAY LINE
SAD-512 ANALOG DELAY LINE

The SAD-1024 is a general-purpose Sampled Analog Delay device fabricated using N-channel silicon-gate
technology in a bucket-brigade configuration to obtain flexible performance at low cost.

Two independent 512-stage delay sections.
Clock-controlled delay: 0.34 sec to less than
340usec.

N-channel silicon-gate bucket-brigade
technology.

Designed for self-c lati
modulation.

Wide signal-frequency range: 0 to more than
200KHz.

Wide ing clock freq
to more than 1.5MHz.
Wide dynamic range: S/N > 70db.
Low distortion: less than 1%.

of clocking

y range: 1.5KHz

Low noise
Single 15 volt power supply.

Voice control of tape recorders.

Variable signal control of amplitude or of
equalization filters.

Reverberation effects in stereo equipment.
Tremolo, vibrato, or chorus effects in electronic
musical instruments.

Variable or fixed delay of analog signals.

Time compression of telephone conversations
or other analog signals.

Voice scrambling systems.

DEVICE DESCRIPTION

The SAD-1024 is a dual 512-stage Bucket-Brigade
Device (BBD). Each 512-stage section is indepen-
dent as to input, output, and clock. The sections
may be used independently, may be multiplexed to
give an increased effective sample rate, may be
connected in series to give increased delay at a
fixed sample rate, or may be operated in a differen-
tial mode for reduced even-harmonic distortion and
reduced clocking noise. Each section has its out-
put split into two channels so that in normal oper-
ation output is provided over each full clock period.
The SAD-1024 is manufactured using N-channel
silicon-gate technology to fabricate a chain of MOS
transistors and storage capacitors into a bucket
brigade charge-transfer device. It is packaged in a
standard 16-lead dual-in-line package with pin con-
figuration as shown in Figure 1. Only V4gq and

%
GND |1 ] NC
INA 2 ] N8
024 [|3 1] 028

ne [ 1] Ne

ouTA [|s 2] ouT B

ouT A'[le n[] out e’
Vaa [|7 0] 018
014 [l 9] Voo

Figure 1. Pin Configuration, SAD-1024. Note: Unused outputs
should be connected 10 V; ail other unused pins should be
‘connected to GND (pin 1). including those marked N.C.

Figure 2. Equivalent Circuit Diagram of either 512-Stage Section of the SAD-1024.

GND are common to the two separate delay sec-
tions. Figure 2 shows the functional equivalent cir-
cuit diagram. Some of the many applications are
listed above.

Normal voltage levels and limits are given in the
tabular specifications. Clock inputs are two-phase
square waves (@ is the complement of 84) which
swing between ground and Vq4q. For convenience,
Vpp may be biased to the same potential as Vyq4.
However, for optimum performance, itis recommen-
ded that Vi, be adjusted approximately one volt
lower than V44, and that the clock amplitude equal
Vd4d- Unused outputs only should be connected to
Vdd: other unused terminals (including those mar-
ked N.C.) should be connected to ground.

The input analog signal is connected through the
first MOS transistor to the input storage capacitor
while @4 is high; the charge is then transmitted to
the next bucket-brigade stage when @1 is low, G2
high. Thus the signal samples are those values in
existence at the positive-to-negative transitions of
@1 and the input sample rate fs is the same as fg,.

EG&G RETICON e 345POTRERO AVENUE e SUNNYVALE, CALIFORNIA 94086
TELEPHONE: (408) 738-4266 ® TWX 910-339-9343
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As with all sampled-data devices, the input band-
width should be limited to a value less than one-
half the sampling clock frequency (usually to a value
less than 0.3 fg). Further, to recover a smooth de-
layed analog output a post filter having steep cutoff
(e.g., 36 db per octave) is desirable.

PERFORMANCE

Typical performance of the device is shown in the
specifications and in the curves of Figures 4-7.
These data were obtained with the test configura-
tion of Figure 3. Internal dispersion becomes the
limiting factor for sampling clock frequencies above
1.5MHz.

DEVICE e
Test
Auuxn

Figure 3. Test Set-up Used 10 cbiain the deta of Figures 4, 5 and &

Figures 4 and 5 indicate the linearity and show the
rapid increase in distortion as the input level is
increased toward saturation. For inputs less than
approximately 500 millivolts rms the distortion is
less than one percent. Between this point and the
noise floor there is approximately 70 db of dynamic
range.

[of

SPECTRUM ANALYZER IF BANDWIDTH: 1KHz.
Ogb REFERENCE_ 2 vOLTS PEAK_ TO PEAX
-1or INPUT SIGNAL FREQUENCY  30KH
SAMPLE FREQUENCY  IMHz
—20-
3
2
@ -30+
s
@
=]
=
2 -0+
3
_sol-
_e0-
SPURIOUS NOISE FLOOR BELOW -75db
T S S SO S|
W5 6 =40 30 20 -6 0

INPUT LEVEL (db)
Figure 4 SAD-1624 Transfer Characteristic.

Figure 6 shows the loading effect of the output ter-
minating resistor. The data indicate the output source
followers have approximately 400 ohms internal
impedance. For this test each output was connected
through a terminating resistor to ground, thus
isolating any interaction between the two output
followers.

TOTAL HARMONIC DISTORTION (%)

0 = ! ! |
5 10 15 20
INPUT LEVEL (Volts P-P)
Figure 5. SAD-1024 Distortion va. Input Level.
16

12- /

z

< .

8

8 OB/

g

o SAMPLE RATE 150 KHz

g INPUT LEVEL  O5V P-P
04k SIGNAL FREQUENCY: 10 KHz

1
° 10 100
LOAD RESISTANCE (K ohms)

Figure & Dependence of Gain on Load Resistance.

Figure 7 shows the frequency response of the de-
vice when terminated as shown. The dotted lines
indicate the range of variation from device to device.

8 o
= -5 QUTPU™ CIRCUT CONFIGURATION
g
Q -0 [swroae’ | 32O score
@
0 wa
@
~151- =
w
2 SAMPLE FREQ :10MH
5 =15
3 -20r
o
@
- 25| L 1
103 104 10% 108

FREQUENCY (Hz)

Figure 7. Frequency Respones showing Typical Varistion Device 1o Device.

CIRCUIT CONFIGURATIONS

Each SAD-1024 consists of two 512-element delay
sections electrically independent except for com-
mon grounds and power supplies. The sections
may be used in series, in parallel multiplex, in a
differential mode, or as completely separate de-
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vices. But note that for a given system sample rate,
the parallel or differential configuration may be pref-
erable to the series configuration. A number of
possible arrangements using one or two devices
are described in the following sections.

1. Normal single-section configuration

In this configuration, the A and B sections are
independent except for common power-supply
connections. Different input signals and different
clocks are permissible. A and A’ outputs should
be summed externally as in Figure 8. The B and
B’ outputs should be similarly summed for the
second channel. Delay is 512 clock half periods
between the input cutoff at the falling edge of
@1A to the end of the output at video A (when
1A likewise falls). Output A’ then appears (with
the value previously at Output A) and exists for
the next or 513th clock half period. A clock half
period is the time duration between successive
clock transitions, or one half of a full square-
wave cycle. The A section is used for illustration
only; the B section performance is completely
similar but independent from A.

LN #2a
J I "
Ra
W SECTON X byrrivis
Me— AT our| R an
Y
"""""" out| =
s, w  SECTON ¥
>— B our
v
*o L
T T I T U
T o = o o . e
UTRUT A+ &'

nesioua cuoce suiremes™!

Figure 8 Single-Section Operation. Connect unused outputs 10 Vg and all other
unused pine 1 ground.

2. Serial configuration

This configuration doubles the permissible delay
time for a given sample rate. It is generally pre-
ferred when longer delays are required than can
be obtained from a single section.

In the serial configuration, output from channel
A is slightly attenuated to restore the level to
equal that originally input to A, and this modified
signal then connected to input B, as in Figure 9.
d4A and G4 are connected together as are
G2a and Oop. Under these conditions the in-
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4
g
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J;“;c‘;s:f.-f':}{{ﬂ%
T

Figure 8. Serial Connection of Delsy Sections. Wavelorms sre entirely similer to
'h: for single-section operation (Figure 8). Connect unused outputes o

put to B is that corresponding to output A. Out-
put A’ need not be used except to reduce tran-
sients in the output amplifier. It is also possible
to obtain 513 clock half-periods of delay from
section A by using output A’ to connect to input
B and reversing the clocks to B. Unused outputs
should be terminated to Vgq.
For this configuration note that there is only one
sample per clock period, but two clock “glitches”
per sample in the output. The Nyquist frequency
is fN = fsample/2 = fclock/2:

3. Parallel-multiplex operation

This configuration doubles the number of sam-
ples for the same delay or doubles the delay for
the same sample rate, when compared to single-
section performance. When sample rate is held
constant and delay doubled, the individual sec-
tions operate at one-half the system rate, so that
superior performance is possible. In the parallel
multiplex operation, the inputs are paralleled, but
the clocks to section B are reversed from those
to section A as in Figure 10. Now, on the posi-

£
. SECTION A
% A o
—tre * ]
ou
SECTION  ®

AT avs

(AT SAPLE RATE o - —
EQUAL TO AT
oF ¥ia &)

Figure 16 Perafiel-Multipiex Operation. Connect unused oulputs 1o Veg-
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tive portion of @14, data is input to section A,
to be held and propagated down the bucket bri-
gade at the value present when @7 falls. Data
to section B is input during the positive portion
of G¢B. which is the same as U2p, so that data
is alternately sampled into section A and section
B, one sample per half-period of the clock. At
the outputs we now sum either outputs A and B
(for 512 clock half-periods of delay) or outputs
A’ and B’ (for 513 clock half-periods of delay),
but now there are two samples overall per clock
period instead of only one. Thus the Nyquist
frequency overall is FN = fsample/2 = fclock.
or double that for the single section or serial sec-
tions operating at the same clock rate. One could
thus halve the clock rate to keep the overall sam-
pling rate and Nyquist frequency the same as
for the single or serialed sections, but delay is
twice that for a single section (equal to that for
the serialed sections.) Multiplex operation is
generally preferable only when operating at high
sample frequencies, as a means of reducing in-
dividual section rates. For sample rates of 200
KHz or below, other limitations generally favor
serial operation. As before, unused outputs
should be connected to Vyq and other unused
pins grounded.

4. Differential Operation.

In this configuration, more effective cancellation
of clocking glitches is possible, because the
same clock transitions are combined differen-
tially and even-harmonic distortion cancels. The
arrangement is as in Figure 11. Operation is simi-
lar to that for single-channel operation except
for the differential cancellation of the output
pedestals and clocking glitches, and cancella-
tion of even harmonics, as in push-pull opera-
tion. It should be obvious that two devices could
be combined in parallel-multiplex, with each de-
vice differentially connected, to give the benefits
of a Nyquist frequency equal to the clock fre-
quency, as well as the benefits of differential
operation.

L
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5. Multiple-device Operation.

Extension of any of the.above methods of oper-
ation to multiple devices is possible. Serial oper-
ation is restricted by the requirement of gain
restoration between sections, by increased dis-
persion as the number of BBD cells increases,
and by all the switching noise of single devices.
Note that the SAD-1024 itself exhibits slightly
more than unity gain, so that direct serial con-
nection through a resistance network is possible.

Additional units may be multiplexed in the
parallel-multiplex configuration by shifting the
phase of the clock to successive devices by/N
radians where N is the number of devices. Thus
in the case of two devices, for example,-device
#2 has its clocks shifted by 7/2 radians or 90°
from those of device #1.

PERFORMANCE CONSIDERATIONS

The SAD-1024, because of its low cost and clock-
fixed delay independent of input frequency, has
many applications in the consumer area, particu-
larly for providing delay and its associated effects
for audio-frequency devices (e.g., reverberation,
vibrato, speed change or correction, etc.). It is very
important to remember that the device is asampled-
data device, and as such has important require-
ments on filtering of the input and output signals
and on -control of the clock frequency. Also,
increased signal amplitude near overload gives rise
to rapidly increasing intermodulation products
which lie within the useful passband and which
thus are not normally reducible by filtering. In the
first place, the analog input must be filtered to limit
input components to less than fgample/2. Nor-
mally a stricter limiting is desirable—to a limit more
nearly 0.3 fgample- The reason for this require-
ment is that all input components become modu-
lated by the sampling frequency to generate (fg-fin)
and also many other products. The resuit is to “fold”
the input about fg/2 so that components above fg/2
reappear an equal dist below fg/2. Limiting the
input to fg/3 provides a filter “guard band” to permit
adequate attenuation of the otherwise disturbing
high-frequency components. In the second place,
even after combination as indicated, the output is
only stepwise continuous, and clocking “glitches”
appear at the times of clock transitions. The high
frequencies contained in the abrupt changes and in
the clocking glitches are all extraneous and for best
performance should be removed by a filter with cut-
off at approximately fsample/2 Or less and rolloff
of as much as 36 db/octave or more.
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For optimized performance, care should be given
to layout and design as well as to the filtering re-
quirements. Ground planes are required on circuit
boards to reduce crosstalk, and high-quality sum-
ming operational amplifiers are required to obtain
maximum cancellation of clock pedestals and
glitches.

For many applications, however, cost is a more
important factor than the ultimate in performance,
and relaxed filtering is permissible. However, the
user should be well aware of the cost/performance
tradeoffs involved. For such relaxed requirements,
a simple output circuit such as that shown in Figure
12 is often useful.

SECTION
A

CMOS  CLOCK
GENERATOR

Figure 12a. Simple Output Summing Circult. Connect unused outputs to Vgq and alt
other unused pins to ground.

+Vpp SUPPLY
v ‘OKJ
DD
out
2K
+ ouTPUT
A B 1 2003 BALANCE =235 FiLTER
= 1ORF
2K 3
out'

Figure 12b. Feedback Impedance Convert Circuit. Pravides improved frequency
response and low output impedance. Connect uhused outputs to
Vggand all other unused pins to ground.
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For evaluation purposes or for relatively high-
performance operation, a circuit board is avail-
able from Reticon. This board encompasses the
desired filters, clock control, and ground plane.
External balanced + and - power supply (nom-
inally =15 volts) and TTL clock drive is required.
Figure 13 is a photograph of the board and Figure
14 is its schematic diagram. Note that the board
is arranged such that the two halves of the SAD-
1024 may be operated independently, or in series
as desired. The separate connection also permits
parallel multiplex or differential operation; the se-
ries connection is useful for longer delay.

Each output filter amplifier is nominally designed
as a two-pole maximally flat filter with cutoff fre-
quency of approximately 20KHz. They follow stand-
ard active two-pole filter design, with the source
impedance of the SAD-1024 and the balance ar-
rangements taken into account. Change of cutoff
frequency requires component changes. For the
separate configuration, each section of the SAD-
1024 is provided with its own two-pole filter; for
the series configuration, the filters are cascaded
to improve the out-of-band attenuation. The SAD-
1024 provides output from terminal A (or B) during
the period @1 is high and output from A’ (or B’)
when @, is high. These outputs are summed at the
balance potentiometer whose adjustment permits
equalization for slight differences in the source-
follower outputs from the SAD-1024. The board
SC-1024A is designed to handle a wide range of
bandwidths and clock rates; as a consequence no
attempt has been made to provide band limiting at
the input. Anti-aliasing filters should be provided
externally if the input is not otherwise limited to a
bandwidth less than fgample/2.

—
3

Figure 13. Photograph of SC-1024A Evaluation Board,

Figure 14. Schematic Diagram of Evaluation Circuil SC-1024A
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DEVICE CHARACTERISTICS AND OPERATING PARAMETERS

PARAMETER SYMBOL MIN TYP MAX UNITS
Clock Voltage! 4.9, 10 15 17 Volts
Drain Supply
Voltage' Vdd 10 15 17 Volts
Bias Voltage' Vpbb Vdg-! Vdd Volts
Sampling Freq. 104, !02 0.0015 - 15 MHz
Clock Rise
Time ter 30 nsec
Clock Fall
Time tef 50 nsec
Clock Line
Cap Ce 10 pf
Signal Freq.
Bandwidth See Fig. 7 200 KHz
(3db point)
Signal to Noise See Fig. 4
Distortion See Fig. 5
Gain? 1.2
Input
Capacitance Cin 7 pf
Input
Shunt Resistance?  Rjn 200 Kohms
Output Resistance Ro See Fig. 6
Optimum Input Bias* +6 Volts
Maximum Input
Signal Amplitude 1 2 Volts p-p
Average Temp.
Coefficient of Gain® -.01 db/:C
Average Temp
Coefticient of Opti-
mum Input Bias¢ 8 mv/ C
ABSOLUTE MAXIMUM VOLTAGES WARNING: Observe MOS Handling and Operating
Procedures. Maximum rated supply voltages must not
TERMINAL LIMITS UNITS be exceeded. Use decoupling networks to suppress
Any terminal! +20 to -0.4 Volts power supply turn on/off transients, ripple and
Notes: switching transients. Do not apply independently
1. All voitages red with reapect to GND (pin 1). powered or AC coupled signals or clocks to the chip
§ g':‘xl:u.zg::n"ﬂ"’p.:?:son the uulpl:;!el‘m:nun':lon resistance. See Figure 6. with power off as this will forward bias the substrate.
4 The input bies vollage varies sighly wih the magnitude of the clock valiage (sna DaMage may result if external protection precautions

V,,) and may be adjusted for optimum linearity at maximum signal level. The are not taken.
vaiug shown Is nominal for 15 volt clocks.

The device may be operated at clock voltages down fo 5 volts (to facilllate use in

battery operated portable equipment) but with reduced input bias and reduced

input signal amplitud

Measured at sample frequency of 10KHz, audio input of 1V p-p at 1KHz in
SC-1024A circuit for temperature range of 0° to 70°C.

>

SAD-512 SINGLE 512-STAGE ANALOG DELAY LINE S

GND || ! 6{| NC
The SAD-512 is identical to one 512-stage section [ !
of the SAD-1024; all of the specifications and char- INPUT [2 15]
acteristics of the latter device apply equally to the . i
SAD-512. Figure 15 shows the pin configuration of L] l;! "]
the SAD-512. Note that pin assignments are identi-
cal to those for the A section of the SAD-1024. In ne fJo GILS
some jnstances, SAD-1024 devices having an in-
operative B section may be used to make SAD-512 outafjs ]
devices. It is, therefore, essential that unused pins .
10, 14, and 15 be connected to ground, and that our afle ol
pins 11 and 12 be connected to Vyq. va [l '0]

01 9[] Voo

Figure 15. Pin Configurstion, SAD-512.

Information furnished herein s belleved to be accurate and reflable. However, no responsibility is assumed by RETICON Corporation for its use,
nor for any infringement of patents or other rights of third parties which may result from its use. No license is granted by implication or other-
wise under any patent or patent rights of RETICON Corporation

Copyright RETICON Corporation 1977. Contents may not be reproduced in whole or in part without the written consent of RETICON Corporation. 08300
Specifications are subject o change without notice. Printed in U.S.A,
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¢n§EG£G RETICO.\I PRELIMINARY DATA SHEET

SAD-4096 ANALOG DELAY LINE

The SAD-4096 is a general purpose 4096-bucket (2048~sample) n-channel
bucket-brigade audio delay line useful in applications where relatively
long delay is desired, coupled with high performance. The signal is
sampled at the clock rate, but the samples retain their analog values.
Simple filtering applied at the output smooths the stairstep of samples
to recover the analog wave form.

The delay is controlled by the clock frequency according to the relation
TD = 2048/fc, so that a clock or sample rate of 40 KHz, for example, the
delay is 51.2 milliseconds.

Key Features Typical Applications
® 2048 samples of audio signal ® Reverberation effects
delay

® Sound effects
® Wide dynamic range: S/N 70 db
(unweighted) ® Data buffering
® Clock-Controlled Variable delay ® Speech scramblers
® Sample rates fram 8 KHz to 1 MHz

® Delays fram 2 msec to 250 msec

® On-chip buffers provide full-wave

output
COMMON| |1 16] 02
01 2 15 N/C
Vos Os 14 Signal In
N/C [a 13[] wNrc
N/C |: 5 12 j N/C
N/C (e nl] wic
N/C O w0l v,
out o [|s o[] ‘our a
Figure 1. Pin Configuration for SAD-4096 18317

L
EG&G RETICON e 345POTRERO AVENUE e SUNNYVALE, CALIFORNIA 94086
TELEPHONE: (408) 738-4266 ® TWX 910-339-9343
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Absolute Maximun Ratings

Voltage on any pin to camwon (pin 1) -0.5 to +18 volts dc or peak
Output Current 5 millianperes

Temperature (operating) 0° to 70° ¢

Temperature (storage) -55° to 125° C

Note: ILong delays are limited by leakage to approximately o.25 second, at 25° ¢
at a clock rate of 8 KHz. At 70°C, the minimum sample rate rises to more than
250 KHz.

Drive and Voltage Reguirements

Normal voltage levels and linits are given in the specifications, Table I. The

clock inputs are normally camplementary square waves. The timing relationships
are noncritical, so long as the crossing level is below the top quarter of the

wave.

Max TYP Min Units

!

t te
c / ol ——- - 50 50 0 nsec

o1 —J Z
02 / t. 50 10 nsec

nl \‘7 tf 50 10 nsec
ty

to te

Figure 2. SAD-4096 Clock Timing Requirements

RETICON Corporation is a subsiciary of EGRG, fi . Wellesley, Massachiusetts

Capyright RETICON Corporation 1978, Cantents may not ba reprodused in whols 0f i pirl ¥/ Tout the writen Lon
sent of RETICON Corporation. Specifications are subject 1o change without notice. Printec in U5 A

information fuenished herein is believed to be accurate and reliable. However, no resuonsibility is assured by RETICGN
Corporation for its use, nor for any infringement of patents or other rights of third (-arties which may result from its use.
No license is granted by implication or otherwise under any patent or patent rights of RE T-CON Corporation
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TABLE I

SAD-4096 Electrical Specifications (25°C)

Symbol . Function Min Typical Max Units

VDD Output Supply 8 12-15 18 Volts dc

\% CID Interstage v, -1 12 Volts dc

BB Bias Voltage 8 o

V¢1L CID Clock -0.3 0 0.5 Volts p

’
V¢?L Amplitude
’
A"
@ H,
(1)

v 8 -

¢2H, 12-15 18 Volts p

\/IB Input Bias 0.3 3 2 6 Volts dc

Vin v,,=11.5 2 Volts p-p
vBPts)

[e7] Clock Line - 1000 pf
Capacitance

Cj_n Input 2 pf
Capacitance

fC Clock or sample 8 100 1000 KHz
rate

Footnotes for Table I

(1)

(2)

(3)

The device is operable to clock and supply voltages as low as 5 volts,
but at substantially reduced signal levels.

Input bias is dependent on the particular values of VBB' V¢ and VDD’

so that adjustment provision should be made to fit the circumstances
used. ‘

WARNING: Observe MOS Handling and Operating Procedures. Maximum rated
supply voltages must not be exceeded. Use decoupling networks to sup-
press power supply turn on/off transients, ripple and switching transients.
Do not apply independently powered or AC coupled signals or clocks to the
chip with power off as this will forward bias the substrate. Damage may
result if external protection precautions are not taken.

-3-
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RELATIVE OUTPUT,

OUTPUT REF +3dBV

51K
1] N ,/r/////"
10K 20K
5.1K
3.0K
-5k
1.0K
-10 } | 1
1/4 1 4 16 64
R1l, KILOHMS
(LOG SCALE)
Figure 3. Effect of Load Impedance on Signal
Output Level.
Opr———— s ——T T ——
-20 fsample = 40 KHz
-40 |-
-60 |-
-80 | 1 !
-80 -60 -40 -20
INPUT dBV
Figure 4. Signal and Harmonic Output Levels

versus Input Level.
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W~ avalyz €

SAp-4696
Harmonics and

Wotse  IfkHz Band

Relative Response, dB

" Analysis Frequency

Figure S. Spectrum Analyzer Response Showing

a 3 KHz Signal and Four Traces of

Noise Background at Sample Rates of
20, 40, 100 and 200 Kilohertz.

Note:

Due to the
sampling, the re-
sponse is down
. 2005k 3.92 db at the
Nyquist frequency.

sinx

dB

Relative Response,

e 7 ¢ 7
Signal Frequency

I'igure 6. Frequency Response, with Output
Filter, of SAD-4096 at Various

Clock Rates.
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Figure 8.
VDD SUPPLY

SIMPLE OUTPUT CIRCUITS

Vpp OUT A

DELAY LINE
QuT A

R
20K

L

Vop SUPPLY

BALANCE +,, QUTPEJT
1K 1'0‘0‘: TO FILTER.
Bl o)SIMPLE DIRECT COUPLING
¢ No Gain
s High Zout

RL Vpp SUPPLY

pp OUT K our
OUTPUT CIRCUIT OF DELAY LINE ouTPU
DELAY LINE OuF  TO FILTER
ouT A
DELAY 9A
-- b) CURRENT MIRROR oUTPUT =
® Good Summer
DELAY v e Relatively low Zout
CHAMNEL oo e Limiled gain
[
o DELAY N
A
VDD SUPPLY
4K to 10K {
—
Vpp OUT A
DELAY LINE
BALANCE: +,, OUTPUT
ot Al 1(‘;‘0 °70 FILTER
2K 200 2K
(C)FEEDBACK IMPEDANCE CONVERTER
_{— (PREFERRED)
) © Good freguency response
e Lcw Zout
o Simmple  circuit
-6-
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CURTIS €ELECTROMUSIC SPECIALTIES
2900 Maurica Ave

Santa Clara, CA 95051

{408) 247-8046

Voltage Controlled Envelope Generator

The CEM3310 is a self-contained,
precision ADSR type of envel-
ope generator intended for elec
tronic music and other sound
generation applications. Attack,
decay and release times are
exponentially voltage control-
lable over a wide range, and the
sustain level is linearly voltage
controllable from 0 to 100% of
the peak voltage. A unique de-
sign approach atlows for a
10,000 times improvement in
control voltage rejection over
conventional designs. In addi-
tion, much care has been given
to the accuracy, repeatability
and trackirg of the parameters
from unit to unit without ex-
ternal trimming. The times are
to a first order determined only
by the external resistor and
capacitor and constant of phy
sics, KTA. Wide tolerance mono-
lithic resistors are not used to
set up the time constants or the
controf scale. Finally, all four
control inputs are isolated from
the rest of the circuitry so that
the control pins of tracking units
may be simply tied together.
Aithough a low voltage process
has been used to lower the cost
and lower the leakage currents,
an internal 6.5 volt Zener diode
allows the chip to be powered
by * 15 volts supplies, as well as
+15, -5 volt supplies.

Zero to -5V Varies the Times
from 2mS to 208

**  Zero to +5V Varies the Sustain
Level from 0 to 100%
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Features
W Low Cost

8 Third Generation Design

B Large Time Control Range
50,000 min

W Full ADSR Response

W True RC Envelope Shape

8 Exceptionally Low Control
Voltage Feedthrough: 90uV max

M Accurate Exponential Time
Control Scales

M Isolated Control Inputs

M Good Repeatability and
Tracking Between Units
Without External Trim

MW Independent Gate and Trigger

W + 15 Volt Supplies

Circuit Block and Connection Diagram
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CEM 3310

Electrical Characteristics

Voe = +15.0V VEE = -6.0t0 150V Ry = 24K Tp = 25°C

MIN TYP MAX Units
Time Contro! Range 50,000:1 250,000:1 -
Attack Asymtote Voltage (V) 6.1 65 69 v
Attack Peak Voltage (V) a7 50 5.3 \
Attack Peak to Asymptote Tracking - 15 4 %
Control Scale Sensitivity 58.5 60 61.5 mV/Decade]
Temperature Coefficient of Control Scale | +3,000 +3.300 +3.600 ppm
ATK, DCY, RLS Scale Tracking -300 0 +300 uV/Decade
Exponential Full Scale Control Accuracy
50nA < | < 50 uA - 03 1.5 %
2nA < Ig < 200 wA - 2 10 %
Attack C.V. Feedthrough2 — 6 90 Vv
Decay C.V. Feedthrough? NONE
Release C.V. Feedthrough2 NONE
Sustain Final Voltage Error (VQ-V¢s) 3 +10 +23 Y
Release Final Voltage Error (VQ) -3 +10 +23 mv
RC Curve Asymptote Error3
- -6 -60 uv
- -125 -1250 mv
(i} Ratio, Vea p R = 0-
Charge Current (ATK) 75 1 1.3
Discharge Curreht (DCY, RLS) 83 1 12
Buffer Input Current (igo) = 05 5 nA
Op Amp Input cUnem??B‘» 150 400 800 nA
Gate Threshold 20 23 26 v
Gate Input Current 5 25 100 uA
Trigger Pulse Required to Trigger
Envelope 1 +1.3 +15 v
Trigger Input Impedance 24 3 ) K
Time Control [nput Current 05 - 2500 nA
Sustain Control Input Current 150 400 800 nA
Attack Output Signal -4 -8 a2 v
Output Current Sink Capability 420 560 700 HA
Buffer Output Impedance 100 200 350 Q
Positive Supply Voltage Range +12.5 - +18 v
Negative Supply Voltage Range? 45 - -18 v
Supply Current 5.6 7.5 94 mA

Note 1: Scale factor determined at mid-range. Spec represemts total deviation from ideal at range

extremities.

Note 2: Output is at either sustain final voltage or release final voltage. Vo p g varies O to -240mV

Note 3: Spec represents the difference between the actual final voltages (attack asymptote voltage,
sustain final voitage, and release final voltage in the case of attack, decay, and reiease
respectively} and the apparent voltage to which the output seems to be approaching

asymptotically.

Note 4: Current limiting resistor required when Vgg > 6.0 volts

Note 5: Spec also represents time constant variation between units for Ve o g = 0.

Application Hints

Supply
Since the device can withstand
no more than 24 volts between
its supply pins, an internal 6.5
volt + 10% zener diode has been
provided to allow the chip to run
off virtually any negative supply
voltage. If the negative supply is
between -4.5 and -6.0 volts, it
may be connected directly to
the negative supply pin (pin 6).
For voltages greater than -7.5
volts, a series current limiting
resistor must be added between
pin 6 and the supply. Its value is
calculated as follows:
REE = (VEE - 7.2)/.010.

The circuit was designed for a
positive suppiy of +15 volts.
Voltages other than +15 volts
will cause the peak threshold
voltage to be either at a min-
imum of .33VcC or at a max-
imum of 5.5 volts.

Gate and Trigger Inputs

The gate input is referenced to
ground and therefore will accept
any ground referenced TTL or
CMOS logic tevel up to +18
volts. If the gate pin is left
floating, it will be interpreted

as a high level. The trigger input
is referenced to the VEE pin (pin
6) and therefore, a ground refer-
enced trigger pulse should be
capacitively coupled to the
trigger input pin (pin 5).

Input Control Voltages

As the scale sensitivity on the
three time control inputs is
60mV/decade, attenuation of
the incoming control voltages
will in most cases be required.
Four decades of control requires
only a 240mV voltage excursion.
The more negative the voltages
the longer the times. For best
scale accuracy at the shortest
times, the impedance at the time
control pins should be kept low.
At the shortest times (corres-
ponding to 200 uA of peak
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current), every 10052 will cause
a 1% increase in control scale
error. As the times are increased,
this error will decrease in direct
proportion.

The voltage applied to the
sustain level control input will
directly determine the sustain
voltage of the output envelope
(minus the sustain final voltage
error). Voltages greater than the
threshold voltage will cause the
envelope to ramp up to this
higher voltage when the peak
threshold is reached. The rate at
which this occurs will be equal
to the fastest attack rate.

Since all four control inputs
are connected only to the bases
of NPN transistors, the control
input pins of tracking units may
be simply tied together. There-
fore, in the case of the time
control inputs, only one atten-
uator network is required to
control the same parameter in
a multiple chip system.

Selection of Rx and Cx

As is shown in the envelope
equations, the RC time constant
of the attack, decay and release
curves is given by RxCyx times
the exponential multiplier,
exp(-VC/VT). Practical circuit
limitations determine Rx and
the multiplier, from which Cx
can then be calculated. The peak
capacitor charging and discharg-
ing currents is given by (Vz/
Rx)exp(VCA/VT), (VCS/RX)
exp(VCp/VT), and (VP/Rx)exp
(VCR/VT) for the attack, decay,
and release phases respectively.
For the best scale accuracy and
tracking at the shortest times,
these currents should be kept
less than 100 pA, and in all

cases they should not be allowed
to exceed 300 uA. This sets the
minimum value for Rx at 24K.
Larger values of Rx will allow
positive time control voltages to
be used. However, as can also be
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Absolute Maximum Ratings

Current Into Vgg Pin

Storage Temperature Range

Operating Temperature Range

Voltage Between V¢ and Vg Pins
Voltage Between Vi and Ground Pins
Voltage Between Vgg and Ground Pins

Voltage Between Control and Ground Pins

Voltage to Gate and Trigger Input Pins

2av
+18V
-6.0V
+50mA
6.0V
VEE to Vce
-65°C to +150°C
-25°C to +75°C

seen from the envelope equa-
tions, the sustain/final voltage
error, the asymptote error, and
the control voltage feedthrough
are all affected by Rx. A prac-
tical maximum of 240K is
recommended for Rx when the
internal buffer is used and 1M if
an external FET buffer is used.

fer with a low output impedance.
RQ may be lowered by adding a
resistor from the output pin to
VEE. However, every 1mA of
current drawn from the output
pin may increase the buffer
input current as much as 5-6
nA with consequent degradation
in performance.

Trimming the Envelope Times Envelope Equations

The RC time constants of the
output envelope will typically
track to within * 15% from unit
to unit, even at the longest time
settings. If better tracking is
required, the best method for
trimming the time constants is
to simply adjust Rx with a
trimming potentiometer.

Output Drive Capability
The buffer output can sink at
least 400 uA and can source up
to 10mA, but with considerable
degradation in performance. An
output load no less than 20K to
ground is recommended.

The buffer has a somewhat
high output impedance. As a
result of this, small steps (50mV)
appear in the output waveform
at the phase transitions, due to
the sudden change in drive the
output must provide to Rx. The
largest step is at the beginning of
the envelope and is given by
(RO/RX)VZ. It may be de-
creased by increasing R, lower-
ing RQ, or using an external buf-

Attack Curve

t Vea/V-
Voa = Vz {1-exp(- grox @ cAT )

Decay Curve

t_ Vep/V-
Vop=(Ve-Veslexpl-mrgz e o0 1*Ves|

Release Curve

Vor = Vcs exp(- R_X‘C; e VCR/VY)
Sustain/Release Final Voltage Error

€r = Vos + Ig1Rx - Ig2Rx/1+e Vea/Vr
Attack/Decay/Release Asymptote Error

€a = Vos + Ig1Rx - 1g2Rx VoA D RVT

Vca = Attack Control Voltage
Vcp = Decay Control Voltage
Vcr = Release Control Voltage
Vcs = Sustain Control Voltage
Vos = Op Amp Offset
Ig1 = Op Amp Input Current
Igz = Buffer Input Current
Vz = Attack Asymptote Voltage
Vp = Envelope Peak Voltage
Vi =kTA




Input and Output Waveforms
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Figure 1: Connection to External Buffer
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Figure 2: Generation of Attack Logic Signal

CO0OOCO00

Figure 3: Addition of Sustain C.V. Input Limiter
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Use of External Buffer

For various reasons, it may be
desired to use an external buffer.
One possible benefit might be a
lower input bias current (Ig2),
with consequent improvement in
the associated errors. The exter-
nal buffer should be connected
as shown in Figure 1. For proper
operation, the buffer used should
be capable of sourcing at least
700 pA and should have a posi-
tive current flowing into the
input pin, such as that resulting
from NPN or P channel JFET
inputs.

Disabling the Control
Voltage Rejection Circuit

The purpose of Q1 (see block
diagram) is to greatly reduce the
control voltage feedthrough
During the attack phase, the
base of Q1 is brought negative
effectively disabling it and allow-
ing Q2 to control the charging
current. During the decay and
release phases, however, the base
of Q1 is at ground, causing neg-
ative voltage excursions on the
base of Q2 to vary the charging
current only a maximum of 2:1
(as opposed to the normal
10,000:1 or greater). Under
normal triggering conditions
(applying a trigger and a gate),
this has no consequence, except
to reduce the attack control
voltage feedthrough to a negli-
gible amount. However, if only
a gate is applied with no trigger,
the output will ramp up to the
sustain level, approaching it
asymptotically with a RC time

constant of RxCx(exp(VCa/
VT) + 1) (i.e. arapid attack with
only a 2:1 control range). To
provide the normal full range of
attack control under this mode
of operation, Q1 should be dis-
abled by connecting a resistor
from pin 16 to VEE to generate
at least -500mV at the base of
Q2. This resistance may be
calculated as follows

R = 1100(2Vgg-1)

The result will be 5,000 times or
more sustain and release final
voltage shift with the attack
control voltage. If external cir-
cuitry is added to apply the
-500 mV only when the gate is
high, then only the sustain final
voltage will exhibit significant
shift.

Use of the Attack and
Threshold Voltage
Output Pins

The attack output pin (pin 16)
and the peak threshold voltage
pin (pin 3) have been provided
to aliow additional flexibility.
Since pin 16 outputs a -.4 to
-1.2 volts only during the
attack phase, it may be used to
provide a logic signal which
indicates the attack phase (see
figure 2). This signal may be
ANDed with the gate to provide
a logic signal indicating the decay
phase. As was mentioned above,
a sustain control voltage greater
than the threshold voltage will
result in a “jump’’ to the sustain
level. By using the threshold
voltage pin as shown in figure 3,
the sustain voltage can be pre-
vented from rising above the
envelope peak, thus eliminating
this undesirable effect. (This
effect can also be eliminated by
disabling the control voltage re
jection circuit as described above)

CURTIS GECTROMUSIC SPECIALTIES
2900 Maurica Ave.

Santa Clara, CA 95051

(408) 247-8046

Covrred by U'S Patent ©4.004 141 Printed in US A © 1979
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VOLTAGE CONTROLLED OSCILLATOR"

DESCRIPTION

The SSM 2033 is a precision voltage controlled oscillator designed specifically for tone generation in electronic music. It has saw-
tooth, triangle, and variable width puise outputs. Simultaneous exponential and proportional linear sweep inputs can control
operating frequency over a 500,00010-1 range. On-chip low input bias summer and cantrol op amps have been provided. The pulse
comparitor, which has built-in hysteresis for clean switching, can control pulse width duty cycle from 0 to 100%. Hard and soft
sync inputs make possible a rich variety of modulation and harmonic locking effects. in addition, the operating temperature of the
chip is regulated making external temperature compensation unnecessary. Only one trim {volts/octave) is required for normal

operation,

FEATURES

Full on-chip temperature compensation.
500,000-to-1 sweep range.

Simultaneous sawtooth, triangle, and variable
width pulse outputs.

Simultaneous exponential and proportional linear
sweep inputs.

® On-chip summer and control op amps.

Excellent exponential conformity.

All outputs are short circuit protected.

Hard and soft sync inputs.

Pulse duty cycle voltage controliable from O to
100%

Pulse comparitor has built-in hysteresis.

100 nsec sawtooth discharge time.

Only volts/octave trim required for normal
operation.

v 1 U 16 j +V
TRI OUTE 2 15 b HFT
sort sywel s 14[Jexpo
SuM |NE 4 13 jUN
sumout[]s 12[ IsAsE GnD
PULSE MOD IN E 6 1 jCAP
puse outl] 7 10 [ I saw out
HARD SYNC E 8 9 GND

PIN QUT (TOP VIEW)

TRIANGLE
CONVERTER

N
PULSE
6 > out
PULSE 2
MOD IN

BLOCK DIAGRAM

Solid State Micro Technology for Music, Inc., 20768 Walsh Avenue, Santa Clara, CA 95050, USA

1408) 727-0917 Telex 171189
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SPECIFICATIONS* OPERATING TEMPERATURE STORAGE TEMPERATURE

25°C —10°C to +55°C —55°C to +125°C
Vee™ 15, -V = Internal Reference
PARAMETER MIN TYP MAX UNITS CONDITIONS
Positive Supply Current 8.0 105 133 mA
Max Heater Current!!} 30.0 37 45 mA
Positive Supply Volfage Range 9.0 15 18 v
Negative Supply Voltage Range(2) _a5 _15 18 v
Sweep Range 250K:1 M:1
Integrator Jnput Bias Current — 0.3 1 nA
Control Circuit Offset -5.0 0 +5 mV
Max Operating Frequency 270 330 440 kHz € = 1000 pf
Max Charging Current 270 330 440 uA
Exponential Scale Error - 0.05 02 % -90mV < VE < +90 mV]|
Sawtooth Peak Level 9.75 10.0 10.25 Vv
Sawtooth Discharge Level -~ 200 350 mV
Sawtooth Discharge Time - 100 - nsec
Sawtooth Output Short Circuit Current 5.6 75 9.4 mA
Triangle Peak Leve! 4.75 5.0 525 \2
Triangle Trough Level —250 0 +250 mV
Triangle Output Short Circuit Current 8 1 14 mA me 2=GND
Pulse Upper Level 58 6.5 72 \Y
Puise Lower Level -100 0 +100 mv Pin 7 has 15K to GND
Pulse Fall Time - 350 - n sec
Pulse Rise Time - 200 - nsec
Pulse Modulation Input Bias Current 0.7 20 6.0 HA Vpin 6> Vpin 10
Control and Summer Op Amps
Input Offset Voltage -5 - +5 mvV
Input Offset Voltage Drift - 0.2 - uv/c® 0°C< T<45°C
Input Bias Current - 40 250 uA
Input Bias Current Drift - 50 - pA/C®
Frequency Drift With Temperature 0°C < T<45°C
Basic Loop —20 - +20 ppm/C° Ve = GND
Over 1000-to-1 Sweep —-100 - +100 ppm/C° Vg = 90 mV
Notes:

*Final specifications may be subject to change.
1) Both circuit positive supply current and heater current appesr at pin 16.

$2) Series current limiting resistor required for negative supplies greater than —6 V.

The schematic above show the typical connection of the SSM 2033 as an electronic music VCO. The control circuit section is
redrawn for easy reference (figure 1). Any number of input voltages can be summed by amplifier A1 which drives the exponential
input attenuator to pin 14. Amplifier A2 forces the current in 01 to be equal to the sum of the reference current, established by
R', and the linear FM voltage. The current in the output transistor 02 is:

—Veq/kT K

T o
! — =283mV@55C
q

(V,/Ry+V /Ry e

(<

Propagation delay and discharge time can cause a deviation from true exponentiality at high frequencies. To correct for this effect,
transistor 03 provides feedback to the exponential control input. At low frequencies {currents), 03 will have a negligible effect
on the voltage at the base of 01. At high frequencies {currents), 03 will correct for the tendency of the oscillator to track flat.



LINEAR FM
a415v INPUT (OPTIONAL)
—15V +1
24K S?OE' T 27K
S%Furrsgg?llo AL) 6800 X 0Auf 1M s
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UN 100K | 1% 3.01M 1% -
MP ] ® v
MU0 1o, TRI ey
ET> w4 out ¢ -2 15
R(S) 100K | 1% - 2 “
4 VOoCT o
o 41—4 0 13 o
20K 91K1% “j 3
145 3 12 .
PULSE>. 6 1 01t
MOD INPUT 1000pt R
PgLLIth: —wv 7 10 — SAW
A4
— 1000pt I|—{__. 8 9 TR
15K 33K 22K!
;oo *Polystyrene
}'—ﬁ@ﬂ% ?gF';‘TgION AL) Al resistor values 5%
unless noted.
TYPICAL CONNECTION
‘+V
VIOCTAVE ||\rrl R, = 3.01M 1%
100K 91K R, = 1.5M 01uf .
VN>—WV—Y—‘VW—~W—J. W ' ‘{ }; 13 0
1%, 1% 20K 1 o
' °
i @ — 4 =
100K ! lour 15
v, ]_
1% L
100K |4 saoK y x16 X16
Vi g = v, g A 14 "
- 3 B Sy
b2 5 1% ‘\I
3.3K 4 R, L
1%
_— 1000pf
1_ Vo=V 4+ Vao Ve
= R, Ry +R, = IK
v K 1%
¢ 559K =

FIGURE 1 — CONTROL CIRCUIT

The SSM 2033 has an on-chip temperature sensor and heater which regulates the chip temperature to 55°C. The kT/q term in the
is reached

exponent of the equation above is now a fixed value independent of ambient

30 to 40 seconds after device power-up. Current drawn by the heater will decrease as ambient temperature rises. The temperature
stabilization also insures that errors caused by offset drift with temperature in the summer and control op amps will be extremely

small.
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The output current of the control circuit is fed to an integrating amplifier which creates the sawtooth waveform. The |nstantaneous
sawtooth output is compared to a reference voltage that is two-thirds of the positive supply. S: h discharge is ed
by a capacitorless one-shot which delivers a pulse to the discharge transistor when triggered by comparator Cq.

The triangle converter and pulse width comparator shape the sawtooth to provide the other two waveform outputs. The 27K
resistor between the positive supply and the soft sync pin centers the sawtooth for proper triangle conversion. Comparator C2
compares the pulse width modulation input voltage to the instantaneous sawtooth output to create a pulse that can have a duty
cycle between 0 and 100%. The control range on the PWM input is between 0 and 10 V. C has about 180 mV of built-in hysteresis
to give fast clean transistions on both the rising and falling edges of the output.

The hard and soft sync features provide additional means for timbre modulation and additive synthesis. The hard sync input senses
a falling edge, such as another 2033’s sawtooth discharge, and forces an immediate discharge of the synced 2033. The resulting
waveform has a complex harmonic structure whose pitch is that of the incoming oscillator {figure 2). The soft sync input also
accepts a falling edge but it will force discharge only if the synced 2033 is within 240K/(R3 +2.4K) % of discharge. This enables
one to phase-lock two oscillators to frequencies that are exact small integer ratios of one another (figure 3). By mixing the wave-
forms of the two il S, additive synthesis can be performed.

W N R Bt e 10v
SYNC IN,
r GND
1000pt i ' !
sawroorn T TS T T AT o o
PIN8 36K AWT! |
HARD X P
Keic (INTERNAL) ouTPUT GND
1
1
TO INTERNAL
LOGIC
FIGURE 2 — HARD SYNC
- 10V
S
Ao - 24K 30091 (INTERNAL) !
JI ‘I ToC1
SOFT PIN3
SYNC TEANAL
IN (INTE )
= SAWTOOTH,
OUTPUT

FIGURE 3 — SOFT SYNC
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Solid State Micro T cannot assume ibility for use of any circuitry described other than the circuitry entirely embodied in an SSMT
product. No other circuit licenses are implied. Solid State Micro Technology reserves the right, at any time without notice, to change said circuitry.
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SSM
2056

VOLTAGE CONTROLLED TRANSIENT GENERATOR

DESCRIPTION

The SSM 2056 is a precision, self-contained, four section voltage controlled transient generator designed for easy use in program-
mable electronic music systems. The device offers near zero offset and control feedthrough, standard 5V peak output and an
exponentially controlled 50,000 to 1 range on all timing inputs. Sustain voltage level can be varied from 0 to 100%. In addition,
all control inputs are gangable and referenced from GND up allowing easy interface with electronic controllers and programmers.

FEATURES

Full ADSR Response

Low Cost

Independent Gate and Trigger

Minimum external component count
True RC contour

+15 V supplies

Small fixed final decay and sustain voltage
offset

Output short circuit protected

Negligible control feedthrough

5 V peak output

Gangable control inputs

Minimum 50,000 to 1 exponential time control range
All input controls positive going from GND

Output can drive heavy RC loads without degrading
performance

7
FINAL DECAY Time [ — 14 v

Trim [ 2 13 ne.
wimaL peLay [3 12 sustaiv
TIME VOLTAGE
atTack Tive L 4 11L) car
mics 10 [Jour
GATE [: 6 9 :SUBSTRATE

GNDE7 B:]-v

PIN DIAGRAM — TOP VIEW

AT cap out
v
o—— a -y
e e S
ANALOG CONTROLLED
SWITCHES RESISTOR
10 v
o—— Yo S |
0
o——o/ Vrol < e
+6.5 V 1
(NTERNAL) 4
sy -

Sy

COMPARATOR

+5V

:"?_._

(INTERNAL)

Solid State Micro Technology for Music, 20768 Walsh Avenue, Santa Clara, CA 95050, USA

(408) 248-0917 Telex 17189
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GATE GATE

TRIG TRIG

DIAGRAM DESCRIPTION

AT, ID, FD indicate times controlled by Attack, Initial Decay and Final Decay Time Control inputs respectively. (A positive going
voltage increases the time constant.) All phases of the waveform are true exponential approaches to +6.5 V, Sustain Voltage and
Ground respectively.

ELECTRICAL SPECIFICATIONS* @vg=+*15and T, = 25°C

PARAMETER MIN TYP J MAX UNITS CONDITIONS ‘
Positive Supply Current 4.00 5.8 9.00 mA
Negative Supply Current 6.0 8.65 12.0 mA Pin8, Vg = -16V
Positive Supply Range +5 +15 +18 v
Negative Supply Range“) -4 -18 V]
Gate Threshold Voltage 1.0 1.15 1.3 \%
Gate Current {High) -1 0 +1 wA \/G >1 v
Gate Current (Low) - -14 -40 A Vg = GND
Trigger Threshold Voltage 1.0 1.65 20 v
Trigger Input Inpendance 5.14 6.85 856 Ka Vi >08V
Trigger Threshold Current 50 130 175 nA
Time Control Range 50,000:1 250,000:1 -
Time Control Sensitivity - + 60 - mV/Decade
T.C. of Time Control Sensitivity + 3300 ppm/C°
Unit to Unit Time Constant 0.75 1 1.30
Variation {untrimmed)
Attack Voltage Asymtote 6.3 6.5 6.7 v
Peak Attack Voltage 4.9 5.0 5.1 Vv
Attack C. V Feedthrough - 05 25 mV 0<Var < 240mv
1.D. C. V Feedthrough - 05 25 mVv 0< Vio < 240mV
F.D.C. V Feedthrough - 3 13 mV o< VFD<240 mv
Sustain Voltage Offset V(;st -13 -18 -23 mV At Final Value
Final Decay Offset Vo -13 -18 -23 mV At Final Value
Integrator Input Current - 0.1 1 nA
Sustain Voltage input Current - 05 1.4 uA
Available Qutput Sink Current 1.2 1.6 20 mA
Positive Output Short Circuit 40 6.5 10.0 mA
Current J

NOTES

*Final specifications may be subject to change.
1pin 9 is used for negative supply voltages —4 V > Vg, > ~7 V.
Pin 8 is used for negative supply voltages —8 V > Vg > ~18 V.
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(CONTROL BUS) 100K .
TOPINS 1,3.4 AND 12 TIME
OF OTHER UNITS (W3 50k CONSTANT
1 ADJ
sV o
s
Ry
FP o o \_J
1205 H
Ry I —{] 2 13
D O— p t 3 2 12
2 ] 0 SIMULA
AT O —{ 4 5 1" LUOLATED
COMMON 8 0.05 uf o
CONTROL —s 10 R
NETWORK 0.01 uf ADSR
o—&{]s 9] out a c
R L L
R, R, N ATe/TRIGGER (] . T
1 1 1 1 s + <

“Optional: Adjusts for capacitor value and shight unit to unit variation, Ground Pin 2 1f not requirtd.

TYPICAL CONNECTION

The diagram above shows the typical connection for a polyphonic system. The control attenuators on the left are common to all
2056's used for the same function within a voice; such as control of the final VCA. The sense of the control is from Ground up
with minimum time periods at GND and increasing times at positive voltages. Some recommended resistor values for often-used
sensitivities are given along with the general design equations below. The temperature coefficient of the time sensitivities can be
compensated by using Tel Labs type Q81C resistors for the Rl's,

The time constant adjustment is necessary in polyphonic systems to make all voices sound the same for long attack times. The
procedure is to set the AT control for the longest required attack time, ground 1.D.. F.D. and S.V., and adjust each 2056 to give
exactly the same attack period; 10 to 20 seconds is about the longest that is musically useful. The adjustment can be ignored in
manually controlled monophonic systems.

The Gate/Trigger input(s} can be driven directly from the outputs of all TTL and CMOS logic families. The ADSR output can drive
any grounded load R L > 25K, CL < 5000pf.

Design Equations Design Table
Input
Vafia Sensitivity Ry Ry
{ TR, + R I KT }
th =056msectle 1 "2 +1 1V/Decade 60att 940 o
R, q 1V/Octave 60att 3.3k
{ YR, TR T }
tp = 0.5m secT e +1
JVepRya 1V /Decade 1000 1.5ka
T{ TR, + Ryl KT } 1V/Octave 1000 5.4ke
tep. =05msec’ le +1
KT
= 26mV @ 25°C
1V/Decade 2500 3.9ka
1V/Octave 2500 13.6ka2
NOTES
TNominal Time Period with Vo1 = V1) = V. = OV and C; = 0.054f is Im sec.
11Tel Labs Type Q81C = 60 0 @ 25°C R, should be kept as small as possible when the control attenuator is driving many units.
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CEM 3330/3335

CURTIS ELECTROMUSIC SPECIALTIES

2900 Mauricia Ave.
Santa Clara, CA 95051
(408)247-8046

Dual Voltage Controlled Amplifier

The CEM 3330 and CEM 3335
are dual, high performance,
voltage controlled amplifiers
intended for electronic musical
instrument and professional
audio applications. For the
3330, each amplifier includes
complete circuitry for simul-
taneous linear and exponential
control of gain. In addition, the
operating point of the amplifiers
may be set anywhere from Class
B to Class A, allowing the user
to optimize those parameters
critical to the particular appli-
cation. Also featured are

virtual ground summing nodes
for both the signal and linear
control inputs, so that signal

CEM 3330 Circuit Block and Connection Diagram

and control mixing may be
accomplished within the device
itself. Finally, the VCA outputs
are signal currents, allowing the
device to be conveniently used
in two-pole voltage controlled
filters, as well as dual voltage
controlled amplifiers.

The 3335 is the same device
as the 3330 but without the
linear control circuitry, and is
intended for those applications
which require only the exponen-
tial control of gain.

The devices include an
on-chip 6.5 volt Zener, allowing
them to operate off £15 volt
supplies as well as +15, -5 volt
supplies.

TLOT
SIGNAL  NESS534

ouTPUT

LINEAR
SIGNAL  CNTL.
INPUT * NPT ***

EXP.
CNTL.
INPUT**

+15V.

VIEW

LOG. CONV, j
5

15V,

10V Vg 10V

AVvg 0V

0 Vg 10V

51K
Re

+

SIGNAL =

outeuT TLOTI
NES534

SIGNAL

g 1
t‘Cl

RcL LRIDLE,

[

€1 1K
cE2 13K R

Rl
A

sy - EXP LINEAR -
CNTL. CNTL.
INPUT INPUT INPUT

100k ilKIms.r .nuI

Features

@ Low Cost

B Two Independent Voltage
Controlled Amplifiers in a
Single Package

8 Simultaneous Linear and
Exponential Control Inputs

® Wide Control Range: 120dB
min.

B Very Accurate Control Scales
for Excellent Gain Tracking

W Exceptionally Low Control

Voltage Feedthrough: -60dB

minimum without trim,

better than -80dB with trim

Low Distortion: Less than 0.1%

Exceptionally Low Noise:

Better than -100dB

Class B to Class A Operation

Summing Signal and Linear

Control Inputs

Current Outputs for Ease of

Use in Voltage Controlled

2-Pole Filters

W Can Be Used in VCO and
VCF Control Paths Without
Causing Shift

W £15 Volt Supplies

277



CEM 3330/ CEM 3335

Electrical Characteristics Application Hints
Vee = +15V Ta =25°C Supplies
Parameter Conditions Min Typ Max Units Since the device can withstand
Exponential Control Range 120 150 B dB no more than 24 volts between
100 8 its supply pins, an internal 6.5
Linear Control Range 130 d volt £10% Zener diode has been
Peak Cell Current, Icp Class B +400 +600 - KA provided to allow the chip to
{input pius output) Class A 1800 +1400 - A run off virtually any negative
Exponential Control Scale Sensitivity 28 3.0 32 |[mv/d8 supply yoltage. If the negative
Tempco of Exponential Control Scale +3000  +3300 +3600 | ppm supply is between -4.5 and -6.0
Tempco of Linear Control Scale - £100  £300 | ppm volts, it may be connected
3 directly to the negative supply
Exponential Control Scale Error - 03 1 dB pin (pin 5). For voltages greater
Linear Control Scale Error! 0<Ic < 100uA | - 03 15 % than -7.5 volts, a series current
Cell Current Gain Vg =0 83 1 1.2 limiting resistor must be added
Current Gain Tempco VG =0 - $100  £300 | ppm between pin 5 and the supply.
Log Converter Output IcL = IREF -5 0 +5 mv Its value is calculated as follows:
Output Valtage Compliance -3 - +13.5 M Reg = (Vg - 7.2)/lge
i d D 2 Class B - 15 5 % .
yntrimmed Bistortion Slass B - 05 : " where I is .010 for idle
Trimmed Distortion2 Class B - 02 08 % currents less than 10uA, 012
Class A _ 05 02 % for idle currents between 10uA
P T " 3 02 08 a and 50uA, and .014 for idle
Untrimmed Control Feedthrough gassi f , o “A currents between 50uA and
3 ass » 200uA. (See Selection of
Trimmed Control Feedthrough Class B - 01 08 KA Quiescent Operating Current).
Class A - 1 5 uh Although the circuit was
Qutput Noise Current in 20KHz Class B 1.2 35 nARMS designed for a positive supply
Bandwidth (Vg =0) Class A - 3.5 12 |nARMS voltage of +15 volts, it may be
Signal Current Banowidth4 Class B 30 100 - KHz operated from any voltage
Class A 100 350 . KHz between +9 and +18 volts with
Signal Current Slew Rate Class B 60 150 - uA/uS little effect on performance.
Class A 400 750 - uA/uS . X
Crosstalk Between VCAs F - 10KHz 60 -70 _ 4B Basic Operation
Internal Bias Current at Signal & Linear Class B 80 175 350 nA Each of the two voltage con-
Control Inputs Class A 130 300 600 nA trolled amplifiers consists of a
Exponential Control Input Current IcL = 100uA 4 08 13 HA variable gain cell and, in the case
Linear Control Input Offset Voltage -7 +3 +15 mv of the 3330, a log converter as
Signal Input Offset Voltage 15 5 5 mv well (see Block Diagrams). The

gain cell is the current-in,

Positive Supply Current Class B 08 13 21 mA current-out type, accepting a
Class A 2.1 2.7 37 mA : ;
bipolar input current, Iy, and
Positive Supply Range +9 - 18 M providing a bipolar output cur-
Negative Supply RangeS 4.5 — -18 v rent, lg, with the following
relationship:
Note 1: From current gains of +20dB to -80dB. Peak cell current is less than 100uA.
Note 2: Output signal is 10dB below clipping and is at a frequency of 1KHz. Vg = 0 Io =-I)ne “Ve/Vr VT =KT/q
Note 3: Current gain varies from unity to maximum attenuation {>110dB).
Note 4: Peak Output Current is +200uA. where Vg is the voltage applied
Note 5: Current limiting resistor required for negative voltages greater than -6 volts. to the direct control input of
Note 6: Class B is defined at an idle current of 1uA; Class A is at an idle current of 100uA each gain cell {pin 2 and pin 15
on the 3330, pin 2 and pin 11
on the 3335).

For the 3330, the log con-
verter generates the logarithm of
the linear control input current,

2
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e, {pin 7 and pin 12) while
transmitting the exponential
control input, Vg, {pins 6 and
14) unchanged to its output.
The transfer function for each
log converter is:

leL
Irer

VoLc =-VtIn +Vee = Ve

where Igef is the current
sourced into the direct control
input. Since the output of the
log converter internally connects
to the direct control input of
the gain cell, the overall current
gain of the gain cell is given by:

lev | -veervr

o=t IREF

For proper operation, the linear
control current, lcy, and refer-
ence current, IggF, are positive
in polarity; that is, they flow
into the device. A negative input
current for I will simply

shut the gain completely off,
while a negative reference cur-
rent should be avoided. The
signal input current may, of
course, be either polarity.

The Block Diagrams show
typical external components
connections to the devices.

The signal inputs and the linear
control inputs are virtual ground
summing nodes; therefore, the
signal input currents and linear
control currents may be ac-
curately generated from their
respective voltages simply

with resistors terminating at
these nodes. Note that these
virtual ground inputs also allow
multiple input voltages to be
mixed (linearly added) on-chip
by merely adding more input
resistors.

Although the voltage com-
pliance of the gain cell outputs
ranges from -0.3V to V¢ -
1.5V, best results are obtained
by feeding the outputs into
virtual ground inputs. Thus, in
the Block Diagrams, the output
currents are converted to
voltages with external op amps.

Absolute Maximum Ratings

Voltage Between Ve and Vgg Pins
Voltage Between Vcc and Ground Pins
Voltage Between Vgg and Ground Pins

Voltage Between Qutput and Distortion Trim
or Ground Pins

Voltage Between All Other Pins and Ground Pin
Current Through Any Pin

Storage Temperature Range

Operating Temperature Range

+24V,-0.5V
+18V,-0.5V
-6.0V,+0.5V

+18V,-0,5V
16.0V
£40mA

-55°C to +150°C

-25°C to +75°C

CEM 3335 Circuit Block and Connection Diagram
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Selection of
Component Values

Selection of the input and
output resistor values requires
consideration of the preferred
and maximum operating current
levels of the device as well as
the available input voltages and
desired output voltage. In gen-
eral, the input signal current
should be made as large as pos-
sible to obtain the best signal
to noise ratio. However, for
either peak inputs currents or
peak output currents greater
than several hundred microam-
peres, distortion begins to in-
crease significantly, until the
total cell current (input peak
current plus output peak
current) exceeds the maximum
value specified in the specifica-
tions for Icp. At this point,
clipping occurs, resulting in
severe distortion.

For optimum noise per-
formance, it is reccommended
that the input resistor, Ry,
be selected so that the maximum
peak input signal voltage causes
% the peak cell current to flow
in the input:

Ry =ViN Mmax/"% Icp

Note that the input could
handle up to 6dB more current,
but the cell current gain would
have to be reduced so signifi-
cantly to prevent clipping, that
the signal to noise ratio would
actually be degraded. (Output
noise increases roughly by the
square root of an increase in
cell current gain). If more than
one signal is being summed in
the input, then the total of all
peak input currents should be
no greater than % Icp. Next, the
output resistor, Rg, is selected
5o that the desired maximum for
the peak output voltage before
clipping is produced with the
maximum input signal. Thus,

R = Vo max/% Icp
Note that the cell current gain

for these conditions is unity, but
the voltage gain for the circuit

is Re/R) and may be greater

or less than unity. Note also that
the current gain may be made
greater than unity for inputs less
than ViN MAX-

Although R| and Rg have
been selected using maximum
input and output conditions,
the device should nominally
operate at least 6 to 20 dB
below these maximum levels
(corresponding to 100uA or less
input and output currents) for
best distortion performance.

With the values of R and Rg
selected, the maximum linear
control current, Ic(, and most
negative exponential control
voltage, Vce (Vg in the case of
the 3335), are selected to give
the maximum desired voltage
gain in accordance to the follow-
ing equations:

Re leL  _vee/v
Av oz =gt e ce/VT
1 IRer

or

Re | -vg/V
Avasss = e G

The maximum gain is only
limited by either the total cell
current exceeding Icp, or exces-
sive noise and DC output shift
with cell current gains much
greater than unity (>+40dB).
For greatest linear scale
accuracy, the maximum value of
IcL should be restricted to
100uA or less, although currents
up to 300uA can be used with
increasing error. For best distor-
tion performance, the reference
current, Iggg, should also be
set between 50uA and 200uA;
it may be generated simply with
a resistor to Vcc. The linear
control input resistor, Rcy, is
thus selected so that the maxi-
mum available linear control
voltage produces the desired
maximum value for Ig.
Finally, the selected value of
Irer together with lo max

determines the most negative
value of Vg required to gen-
erate the maximum voltage gain.
If the exponential input is not
used, then it may be grounded
(Vce =0), and only the values
of IcL max and |ggr juggled
to obtain the maximum gain
factor.

Selection of the
Quiescent Operating
Current

A unique feature of the device
is that the quiescent standby,
or idle, current of the signal-
carrying transistors can be set
anywhere between one and
several hundred microamperes,
thus effectively allowing the
user to set the operation of the
gain cells anywhere between
Class B and Class A. Since the
quiescent operating point
affects all VCA characteristics,
improving some while worsen-
ing others, the idle current is
selected to optimize those
parameters important to the
particular application.

As shown in the graphs of
Figure 1, increasing the idle
current decreases distortion,
improves slew rate, and in-
creases available output cur-
rent, but all at the expense of
increased noise and greater
control voltage feedthrough.
Thus, if the application is to
control the level of low fre-
quency control signals where
control voltage rejection is
critical, then the VCA is best
operated Class B. For the pro-
cessing of audio signals, however,
the VCA should be operated
Class AB to Class A, with the
best compromise between dis-
tortion, noise and bandwidth.

The quiescent idle current is
set the same for both VCAs by
placing a resistor between the
idle adjust pin (pin 8 on the
3330, pin 6 on the 3335) and
the Igg pin (pin 5). Figure 2
shows the idle current versus
the value of this resistor. With
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RipLe IN !
FIGURE 2 {DLE CURRENT V.S IDLE ADJUST RESISTOR

no resistor (RypLg = =) the
idle current is typically at 1uA
and the VCAs will operate
Class B.

As can be seen from Figure 2,
the idie current may vary sig-
nificantly from device to device
for any given value of Rip_g,
due to the £25% tolerance of the
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FIGURE 3: SECOND HARMONIC DISTORTION, UNTRIMMED
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internal resistors. In most cases,
this idle current tolerance is
acceptable because the \V'CA
parameters will vary to 8 much
lesser extent. However, the idle
current may be set more pre-
cisely by measuring the dle
current and adjusting the value
of RjpLg with a trim pot until
the desired value is obtained.
The idle current is measured by
measuring the output current
with no signal input and at a
current gain of unity while
putting roughly -0.5 to -1.5
volt on the distortion trim pin
(pins 3 and 17 on the 3330,
pins 3 and 13 on the 3335).

Trimming of the Second
Harmonic Distortion

When operating the VCAs less
than Class A, internal transistor
mismatches will cause the gain
during the positive portion of
the input signal to differ from
that during the negative portion,
thus introducing even harmonic
distortion (predominantly
second). In Figure 3 is shown a
graph of typical untrimmed
second harmonic distortion
(distortion trim pins connected
to ground) versus the idie
current. This distortion may be
acceptable in some appl:cations,
but will have to be trimmed
out in others. Trimming is
accomplished by adjusting the
voltage on the distortion trim
pins (pins 3 and 17 on the
3330, pins 3 and 13 on the
3335) somewhere between
+10mV, as shown in Figure 4.
The even harmonic distortion
may be trimmed to near mini-
mum with the following simple
procedure: The signal input is
alternately switched between
ground, a positive voltage source
(such as a battery) and a nega-
tive voltage source of the exact
same magnitude {(best accom-
plished by simply reversing the
leads to the positive voltage
source). The value of the voltage
source is selected to be equal to

the peak signal level at which it
is desired to trim the distortion.
The output voltage is measured
to four digits with a DVM for
each of the three input condi-
tions, and the trim adjusted

so that the output voltage
change is the same going from
the grounded to positive input
as it is going from the grounded
to negative input.

Although the second harmonic
may be trimmed out to better
than 80dB at almost any gain
setting and input signal level, it
is best to perform the trimming
at a current gain of zero and
input signal level around 10dB
below the clipping point. This
procedure will yield, in general,
the best distortion performance
at all input levels and gain
settings except at the very
highest {last 10 to 6dB before
clipping at the output). And
since in the case of the music
and speech signals, the last 15
to 20dB should be reserved for
headroom, this result is
acceptable.

As most of the odd order
harmonic distortion is due to
crossover distortion, there is no
way to trim it out; it may be
reduced only by increasing the
idle current.

Optimizing the Bandwidth

As can be seen from the Block
Diagrams, the log converters are
stabilized with a series 1K re-
sistor and .01uF capacitor com-
pensation network from the
linear control input to ground,
while each of the gain cells
may be compensated with a
.005uF capacitor from the com-
pensation pins {pins 9 and 11
on the 3330, pins 7 and 9 on
the 3335) to ground. This gain
cell compensation is good for
low frequency control applica-
tions, but may result in inade-
quate large signal bandwidth for
‘quality audio applications.
Figure 5 shows an improved
compensation technique for



greater bandwidths and slew
rate: By placing a series 1K
resistor and .01uF capacitor
network from the signal input
to ground, the .005uF com-
pensation capacitors may be
reduced to 150 pF, resulting in
the bandwidths and slew rate
shown in Figure 1.

Control Inputs

As was discussed eartier, the
linear control input resistor,
RcL. should be selected so that
the linear control current reaches
a maximum of 50uA to 200uA.
This level is low enough so as
not to cause significant control
scale non-linearity, but high
enough to swamp out the
effects of the internal input
bias current. Since the actual
current controlling the linear
gain is the input control current
minus this bias current, the
input control voltage at which
the gain becomes zero is given
by:

Veio = IsReL +Vos

This cut-off point may be
increased by injecting a small
constant negative current into
the contral input, or decreased
by injecting a small positive
current into the input.

As the scale sensitivity of the
exponential control inputs on
both the 3330 and 3335 are
18mV/-6dB, an attenuation
network will in most cases by
required. An increasing positive
control voltage decreases the
gain.

The basic gain cell is fully
temperature compensated. The
only first order temperature
effect is the exponential control
factor tempco (1/Vr). This
effect may be substantially
reduced by using a +3300ppm
tempco resistor {Tel Labs Q81)
for Rgeq, shown in the Block
Diagrams. |f only the linear
control input is to be used, then
the expohential input is grounded

and no temperature compensa-
tion is necessary.

To use the 3330 for exponen-
tial gain control only, the entire
log converter may be bypassed,
reducing the number of external
components and potential errors
introduced by the log converter.
This is accomplished by simply
leaving the linear and exponential
control inputs open, and apply-
ing the exponential control
voltage directly to the Igge pin
{which is also the direct input,
Vg, to the gain cell} as shown in
Figure 6. The scale sensitivity is
the same as that of the exponen-
tial input to the log converter,
and therefore requires the same
considerations as discussed
above.

For best distortion per-
formance, it is recommended
that the impedance at both
the distortion adjust inputs
and direct control inputs (3330
or 3335) be kept below several
hundred ohms.

Trimming of the Control
Voltage Feedthrough

The shift in the quiescent DC
output voltage as the gain is
changed is due to several factors.
One cause is the internal bias
current at the signal current
input, being only of concern at
idle currents less than 10uA.
The other cause is the same po-
tential imbalance between the
two signal processing halves
which also is responsible for
even order harmonic distortion.
Thus, there are two methods
for minimizing the control
voltage feedthrough: One is to
inject an adjustable DC current
into the signal current input pin,
as shown in Figure 7. The range
of this current should be roughly
equal to plus and minus the idle
current. (For idle currents less
than 5uA, it is not necessary that
this current be adjustable to
negative values.) The best tech-
nique for adjusting this trim for

+15v L
10062
150K
100K
Q. Q0 0.0.Q. 0.0
17
-5V CEM 3330
asv
[o2e) CoU O 000
100K
150K
100¢2
-15v

FIGURE 4: DISTORTION TRIM

maximum control voltage rejec-
tion is to simply set the gain to
maximum and adjust the pot
for zero DC quiescent output
current. (The DC output current
at zero gain is always zero.)

The other method for mini-
mizing control voltage feed-
through is to balance the two
circuit halves by adjusting the
second harmonic distortion trim
discussed above. This method,
although usually reducing the
distortion below that of the un-
trimmed value, will not adjust

150pF

*INg14
LATCH-UP
PREVENTION
010DES

FIGURE 5: GAIN CELL COMPENSATION
FOR LARGER BANDWIDTH

283




= R
oy Leave
Reez 13K g“//'nvsu
/ Q 0 0 Q X 0 0
514 12
EXP
CNTL. CEM 3330
weuts [, s 7
/ ) X&u T
Leave
33K S Reey OPEN

1002

FIGURE 6: BYPASSING THE LOG CONVERTERS

100K

+15V

SIGNAL
INPUT

20000 000

13 “*INg14
5V LATCH-UP
"5V CEm 3330 PREVENTION
1 4 0I0DES
T O O T 0O 0 0 O
100K
R . *R
CVF CVF = 'lDl[
Ry .
-15v —=
SIGNAL
INPUT

FIGURE 7: CONTROL REJECTION TRIM

the distortion to its potential
minimum. Conversely, mini-
mizing the distortion with this
trim does not necessarily
minimize the control voltage
feedthrough. (At high values of
idle current, it may even increase
it.) The technique for using this
trim to maximize the control
rejection is the same as before:
the pot is adjusted for zero DC
current output at maximum
gain.

At idle currents less than
10uA, it is recommended that
the input trim of Figure 7 be
used rather than the distortion
trim, as the distortion trim
tends to increase the distortion
above the untrimmed value when
feedthrough has been minimized.
At higher idle currents, however,
it is recommended that the dis-
tortion trim be used to minimize
feedthrough, since it will also
tend to reduce distortion below
the untrimmed value. In fact,
this is a good method for
improving (but not necessarily
optimizing) both distortion and
control rejection with only a
single trim. For absolute best
control voltage rejection, where
the distortion is not as critical
as control rejection, it is recom-
mended that both the input
current adjust of Figure 7 and
the distortion trim be simul-
taneously adjusted to produce
minimum feedthrough.

Covered by U.S. Patent #4,004,141. Curtis Electromusic Specialties (CES)

assumes no responsibility for use of any circuitry described. No circuit licenses
are implied. CES reserves the right, at any time without notice, to change said
circuitry. Printed U.S.A. © 1980
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Shown in Figure 1 are typical
values of control feedthrough
versus idle current for un-
trimmed, trimmed with the in-
put current adjust only, trimmed
with the distortion adjust only,
and trimmed with the input
adjust after the distortion has
been trimmed for minimum.

For best overall VCA per-
formance at any idle current,
where both distortion and feed-
through are important, it is
recommended that the second
harmonic distortion is first
trimmed for minimum, and then
the control voltage feedthrough
trimmed with the technique of
Figure 7.

Layout Considerations

In the usual case where the out-
puts connect to the summing
inputs of op amps, these output
traces should be kept short to
prevent their high impedance
from picking up extraneous
signals.

Since capacitance greater
than 50pF at the idle adjust
pin may cause high frequency
oscillation, care should be
exercised in the layout to
minimize stray capacitance at
this pin.

CURTIS ELECTROMUSIC SPECIALTIES
2900 Mauricia Ave.

Santa Clara, CA 95051
(408)247-8046



CURTIS ELECTROMUSIC SPECIALTIES
2900 Mauricia Ave,

Santa Clara, CA 95051

(408) 247-8046

Voltage Controlled Oscillator

The CEM 3340 and CEM 3345
are completely self contained,
precision voltage controlled
oscillators, featuring both ex-
ponential and linear control
scales and up to four buffered
output waveforms: triangle,
sawtooth, square, and pulse with
voltage controllable pulse width.
Full temperature compensation
makes these VCOs extremely
stable, and eliminates the need
for a temperature compensation
resistor. The highly accurate
exponential and linear control
inputs are virtual ground
summing nodes, allowing mul-

tiple control voltages to be
mixed within the device itself.
Also included is provision for
hard and soft synchronization of
the frequency, and an output
for easy adjustment of high fre-
quency tracking. Special care in
the design ensures oscillation
start-up under any power-on
sequence and supply conditions.
Although a low voltage
process has been used to reduce
die size, cost, and leakage cur-
rents, an on-chip 6.5 volt zener
diode allows the device to
operate off £15 volt supplies,
as well as +15,-5 volt supplies.

CEM 3340 Circuit Block and Connection Diagram

Features
LINEAR FM .
I‘“l(v:lrucvus” INPUT 8 Large Sweep Range:
B SOFT 1 mi
L 15V SYNC 50,000:1 min.
o INPUT 8 Fully Temperature

Compensated; No Q81
Resistor Required

Four Output Waveforms
Available; No waveform

trimming required.

® Summing Node Inputs for
Frequency Control

B High Exponential Scale
Accuracy

B Low Temperature Drift

B Voltage Controlled Pulse
Width

B Hard and Soft Sync Inputs
® Linear FM

B Buffered, Short Circuit

SCALE ADJ.

Protected Outputs
B +15 Volt Supplies

10K +12v PWM. HARD oy,
CNTL  SYNC /1
INPUT  INPUT o

- ov =
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CEM 3340/ CEM 3345

Electrical Characteristics

Vee = +15V Vge = Internal Zener Ta =20°C

Parameter Min. Tvp. Max. Units
Frequency Control Range 50K 1 500K:1 -
Exponential Scale Error, Untrimmed - 0.2 1 %
Exponential Scale Error, Trimmed! - 0.05 03 %
Multiplier Gain Error2 - 0.0005 0.008 %luA
Tempo Cancellation3 -150 0 +150 ppm
Oscillator Drift4 - 150 1200 ppm
Triangle Buffer Input Current - 03 3 nA
Triangle Waveform Upper Level 485 5.0 5.15 \
Triangle Waveform Lower Level -1 0 +18 mv
Triangle Waveform Symmetry 45 50 55 %
Sawtooth Waveform Upper Level 94 10.0 106 Y
Sawtooth Waveform Lower Level -25 0 +25 mV
Triangle Output Sink Capability 400 550 750 uA
Sawtooth Output Sink Capability 640 800 1000 uA
Triangle & Sawtooth Output impedanced 65 100 150 Q
Pulse Output Source Capability at +10V 28 35 46 mA
Squarewave Output Levels6, CEM 3345 -18,-04 -1.3,0 -0.8+04 v
PWM Input Pin Current? 5 15 35 uA
PWM Input Voitage for 0% Pulse Width -15 0 +18 mv
PWM Input Voltage for 100% Pulse Width 46 5.0 5.4 \
Input Bias Current at Reference and
Control Current Inputs 80 200 400 nA
Tempco of Input Bias Currents -1000 0 +1000 ppm
Offset Voltage at Reference and Control
Current Inputs -5 0 +5 mv
Hard Sync Reference Voltage 23 -25 2.8 \
Hard Sync Input Resistance 5 6.3 79 K
Max Capacitor Charge/Discharge Current 400 570 800 kA
Positive Supply Current 4 3 65 mA
Positive Supply Voltage Range +10 +18 v
Negative Supply Voltage Range8 45 -18 v

Note 1: This error represents the percentage difference in scale factors (volts per frequency

ratio) of the exponential generator anywhere over the exponential generator current
range of 50nA to 100uzA. Most of this error occurs at the range extremities.
Note 2: This error represents the percentage difference in multiplier gains at any two inpu* cur-
rents, within the range of 20 A to 180 uA, per uA difference between the two

corresponding outputs.

Note 3: This spec represents the difference between the actual tempco of the multiplier output
voltage {expressed relative to the maximum output excursions) and the tempco required
to precisely cancel the tempco of the exponential scale factor (a/KT}.

Note 4: The multiplier output is grounded.

Note 5: For exponential generator currents less than 10 wA; above 10 uA, impedance drops to
1/3 this value as the highest current is approached.
Note 6: With respect to the hard sync input reference voltage.

Note 7: For PWM control inputs between -1 and +6 volts. This current is significantly greater

for inputs outside of this range.

Note 8: Current limiting resistor required for negative supplies greater than -6 volts.
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Application Hints

Supplies

Since the device can withstand
no more than 24 volts between
its supply pins, an internal

6.5 volt £ 10% Zener diode has
been provided to allow the
chip to operate off virtually any
negative supply voltage. If the
negative supply is between -4.5
and -6.0 volts, it may be con-
nected directly to the negative
supply pin (pin 3). For voltages
greater than -7.5 volts, a series
current limiting resistor must
be added between pin 3 and
the negative supply. Its value is
calculated as follows:

Ree = (Veg - 7.2) /.008

Although the circuit was de-
signed for a positive supply of
+15 volts, it may be operated
anywhere between +10 and +18
volts. The only effect is on the
positive peak amplitude of the
output waveforms in accordance
to the following: The triangle
peak is one third of the supply,
the sawtooth peak is two thirds
of the supply, and the pulse
peak is 1.5 volts below the
supply.

Operation of the
Temperature Compensation
Circuitry
The exponential generator is
temperature compensated by
multiplying the current sourced
into the frequency control pin
{pin 15 on the CEM3340, pin
17 on the CEM3345) times a
coefficient directly proportional
to the absolute temperature.
As this control current is applied
to the exponential generator,
its coefficient cancels that of the
exponential generator, q/KT.
This coefficient is produced by
the tempco generator using the
same mechanisms that create it
in the exponential generator;
cancellation is therefore nearly
perfect.

The output of the precision
multiplier {pin 14 on the 3340,



pin 16 on the 3345) internally
connects to the control input
of the exponential generator
(base of Q1). This output is a
current and is given by:

22v7
lom =—— (1 -IcRz/3.0}
Rt

where V1 = KT/q = 26 mV

@ 20°C, and where I is the
total current flowing into the
frequency control pin and must
remain positive for proper
operation (a negative input
current will produce the same
output as a zero input current).
Since the frequency control
input pin is a virtual ground
summing node, any number of
control voltages may be summed
simply with input resistors to
this pin.

The current output of the
multiplier is converted to the
required drive voltage with a
resistor from the multiplier
output pin to ground. For
greatest multiplier accuracy,
this resistor, Rg, should be 1.8k
and the current flowing out
of pin 2, 22V1/RT, should be
close to the current flowing
out of pin 1, 3.0/Rz.

Since the components asso-
ciated with the tempco generator
and multiplier determine the
maximum voltage excursion
possibie at the base of Q4, they
should be selected to provide the
desired frequency control range
of the osciliator. The exponen-
tial generator itself is capable of
delivering a current for charging
and discharging the timing
capacitor from greater than
.BmA down to less than the
input bias current of the buffer,
thus allowing for a typical fre-
quency range greater than
500,000:1. The most accurate
portion of this current range,
from 50nA to 100uA, should be
used for the most critical portion
of the desired frequency range.

Consideration of this critical
range determines the value of

Absolute Maximum Ratings

and Ground Pin

Operating Temperature

Voltage Between V¢c and Vgg Pins
Voltage Between Ve and Ground Pins
Voltage Between Vgg and Ground Pins

Voltage Between Frequency Control Pin
or Reference Current Pin and Ground Pin

Voltage Between Multiplier Output Pin

Current through Any Pin
Storage Temperature Range

+24V,-0.5V
+18V, -0.5Vv
-6.0V,+0.5V

16.0V

+6.0V, -1V
+40mA
-55°C to +150°C

Range -25°C 10 +75°C

CEM 3345 Circuit Block and Connection Diagram

FREQ CNTL
INPUTS

LINEAR FM
INPUT

Cg, the timing capacitor. The

oscillation frequency is given by:

£=31gg/(Vee Cr)

where lgg is the output current
from the exponential generator.
If, for instance, the most impor-
tant frequency range is from
5Hz to 10kHz, then Cg should
be 1000pF at Ve = +15V (a
low leakage, low tempco capac-

itor, such as mica, should be
used for Cg}.

Next the reference current
for the exponential generator
{Current into pin 13 on the
3340, pin 15 on the 3345) is
selected. This current ideally
should be the geometric mean
of the selected generator current
range, but consideration of
the temperature coefficient of
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the bias current for op amp A2
usually dictates a higher value
for the reference current. Al-
though this bias current has
been temperature compensated,
it could have a worst cast
tempco of 1000ppm and maxi-
mum value of 400nA. Under
these conditions, a reference
current of 10uA through Qq,
for instance, would have a
tempco of 40ppm. It is recom-
mended that, in general, the
reference current be selected in
the 3uA to 15uA range.

Since the reference current
pin is a virtual ground summing
node, the reference current may
be set up with a temperature
stable resistor to Vcc, or other
positive stable voltage source.

A negative current into this pin
will simply gate the exponen-
tial generator completely off.

With the value of C¢ and
reference current now selected,
the voltage excursion at the
muitiplier output, which drives
the base of Qy, is now deter-
mined for the desired frequency
control range. If this range were
1Hz to 20k Hz, the exponential
generator current, lgg, would
have to range from 10nA to
200uA in the above example,
requiring the base drive voltage,
Vg, to vary from +180mV to
~-78mV, since
lee = Irer ¢ 87T
The most positive voltage at
the base of Qq occurs when the
control current, Ic, is zero, and
is 22V1 Rg/Rt. Therefore, in
the above example, Ry = 22Vt -
1.8K/.18V = 5.72K, and Rz =
3.0R7/22V 1 = 30K nominal.
Finally, since the multiplier
output current must range from
+100uA to -43uA to produce
this desired voltage excursion at
the multiplier output and on the
base of Qq, the control input
current, lc, ranges from 0 to
143uA. A resistor from Ve to
the control input pin may be
used to set the oscillator fre-
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quency at some initial value
with no control voltages applied.

The frequency control scale
is determined by the value of
the input resistor to the control
pin, the value of the Q¢ base
resistor, Rg, and the multiplier
current gain. Since the multiplier
current gain, set by the ratio of
the pin 2 current to pin 1 cur-
rent, should be near unity and
Rg shouid be 1.8K, the control
input resistor is the component
which should be selected for the
desired control scale. For the
industry standard scale of 1
octave/volt, the input summing
resistors become 100k. The
recommended method for
trimming the control scale is
to tweek the multiplier current
gain by adjusting the value of
Rz £20% about the nominal
value.

Both the muitiplier and the
exponential generator are com-
pensated with the 47082 - .01uF
networks shown in the Block
Diagrams and are therefore
necessary in any application.
Since the bandwidth of the
multiplier extends beyond the
audio range, it may be desirable
to limit the bandwidth to re-
duce possible noise at the base
of Qq, thereby reducing FM
noise and frequency jitter. This

is best accomplished by bypass-
ing Rg to ground with a capac-
itor, where the corner rolloff
frequency is given by: f p =
1/(21RgC).

Trimming The Scale
Error

There are two basic sources
producing exponential con-
formity error in the control
scale: One is the exponential
current generator and the

other is the precision multiplier.

The error from the exponen-
tial converter is due partly to the
bulk emitter resistance of Qj,
becoming significant at gener-
ator currents greater than 100uA,
and partly to the comparator
switching delay, becoming sig-
nificant at frequencies greater
than 5KHz. These two effects
cause the oscillator frequency
to go flat, but only at the
uppermost octaves.

Circuitry has been provided
to correct for these effects. The
output of the hi-frequency
track pin (pin 7 on the 3340,
pin 8 on the 3345) is a current
which is one fourth the gen-
erator output current, lgg.

This current may be converted
with a grounded resistor to a
voltage, a portion of which is




then fed back to the control
input pin. As the frequency is
increased, this feedback voltage
will tend to sharpen the control
scale, but only at the upper
end, since the feedback voltage
becomes significant only at

the higher generator currents.
The amount of voltage fed
back is adjusted so the scale

is sharpened just enough to
compensate for the inherent
high end flatness

The method recommended
for trimming the control scale is
as follows: The hi-frequency
track adjust is first set so that
no correction voltage is fed to
the control input. The oscilla-
tor frequency is set around
200Hz and the scale adjust
trimmer is adjusted for the
desired scale factor (e.g. 1.000
octave/volt}. Then the oscillator
frequency is set to around
10KHz, and the hi-frequency
track trimmer is adjusted for the
same scale factor.

The source of error from the
precision multiplier is due to the
multiplier's gain (nominally
unity) changing as the control
input current changes. This type
of error causes the frequency to
become increasingly sharp or flat
as the control current is in-
creased. The percentage differ-
ence in multiplier gains, and
hence scale factors, at any two
inputs to the multiplier may be
calculated as the percentage
error given in the specifications
times the difference in uA
between the two corresponding
outputs. For example, suppose
the scale were adjusted for
precisely 1 octave/volt at mid-
range. At one octave above this
adjusted octave, with the mul-
tiplier output 10uA different,
the scale factor could be .08%
different worst case. This
would produce a volts/octave
error at the base of Qq of .08%
x 18mV = 14.4uV, which would
cause this octave to be .06%

(1 cent) sharp or flat. At five
octaves above the adjusted

octave, the scale factor could be
0.4% different worst case, pro-
ducing a volts/octave error of
0.4% x 18mV = 72uV. This fifth
octave would thus be 0.28%

(5 cents) sharp or flat. Note that
if octaves above the adjusted
octaves were sharp, those
octaves below the adjusted
octave would become increas-
ingly flat, and vice versa.

Typically the error produced
by the multiplier is much less
than the above example. How-
ever, if maintaining a tighter
tolerance is required for the
particular application, the mul-
tiplier error may be trimmed out
for each device. The trimming
procedure requires that both Rz
and Rg be made adjustable
+30% about the nominal value;
R is first adjusted so that the
multiplier gain is constant over
the selected input current
range; then Rg is adjusted for
the desired scale factor (adjust-
ing Rg will reintroduce some
error, so Rz may have to be
readjusted).

Should for some reason it be
desired not to use the tempera-
ture compensation circuitry, the
multiplier/tempco generator
may be bypassed simply by
leaving pin 1, pin 2, and the
control input pin open, and
applying the control voltage to
the base of Q via the multiplier
output pin.

Waveform Outputs

All waveform outputs are short-
circuit protected and may be
shorted continuously to any
supply without damaging the
device. Each output, however,
has differing drive capabilities.
Although the triangle output
can sink at least .4mA and
source over several mA, care
must be exercised in loading
this output. Because the output
has a finite impedance and
drives the comparator, a change
in load will change the frequency
of the oscillator. Adding a 100K
resistor to ground, for instance,
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could lower the frequency by
150/100K = 0.15% (2.5 cents)
worst case. A load capacitance
will act like a resistor with a
value 1/(2fC( ) and requires the
same considerations as above.
A continuous load no greater
than 10K and/or 1000pF to
ground is recommended.

Since the sawtooth output
is buffer isolated from the
oscillator circuitry, it can sink
at jeast .6mA and source over
several mA with no effect on
oscillator performance, and only
negligible effect on sawtooth
waveshape. Stray capacitance at
this output greater than 40pF,
however, will cause a small high
frequency oscillation. A 1002
resistor between the output and
load is all that is required to
isolate more than .01uF.
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The pulse output is an open
NPN emitter, and therefore
requires a pull-down resistor to
ground or to any negative
voltage. Any pull-down voltage
between ground and .5 volt
above the voltage on the negative
supply pin will precisely deter-
mine the lower level of the
pulse wave. For puli-down
voltages more negative than this,
the lower level will be nearly
the negative supply pin voltage.
The nominal upper level of the
pulse wave is given by: V¢e -
0.3V -1.3K - lp p for Ip p >
0.6mA, and V¢c - 0.9V for
IpLp<0.6mA, where Ip p is the
pull down current. A maximum
value of 3mA for Ip|_p is recom-
mended. For those applications
which require a more stable, wel!
defined upper level, the circuits
shown in Figure 2 may be used.

The pulse width of the pulse
output may be set from 0 to
100% with a 0 to +5V external
voltage (Ve = +156V) applied
to the PWM control input pin
(pin 5 on the 3340 and 3345).
The fall time of the pulse wave
is slower than the rise time due
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FIGURE

CEM 3340
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5. CONVENTIONAL HARD SYNC

to finite comparator gain. It
may be speeded up considerably
by adding hysteresis as shown in
Figure 3. Care should be exer-
cised in the layout to prevent
stray capacitive coupling be-
tween the pulse output and
the PWM input,as this can cause
comparator oscillation.

The square wave output (pin
7) from the CEM 3345 also
requires a pull down resistor to
any negative supply greater
than -4 volts. It provides an
output swing from nominally
1.3 volts below the hard sync
reference voltage to a level
nominally the same as the hard
sync reference voltage. The
Block Diagram shows a con-
venient way of generating a
full swing square wave from
this output. The current pulled
down from this output should
also be limited to 3 maximum
of 3mA.

Frequency Synchronization

The oscillator frequency may be
hard synchronized in several
different ways. One way is to
couple positive pulses, negative
pulses, or both, into the hard
sync input pin {pin 6 on the
3340 and 3345). A positive
sync pulse will cause the triangle
wave to reverse directions only
during the rising portion of the
triangle, while a negative sync
pulse will cause direction reversal
only during the falling portion.
The resulting waveforms are
shown in Figure 1, and provide a
wider variety of synchronized
sounds than possible through
conventionally synchronized
oscillators. Simple capacitive
coupling as shown in the Block
Diagrams allows hard synchron-
ization on both the rising and
falling edge of a rectangle wave.
Figure 4 shows circuitry for
allowing only one or the other
of the edges to synchronize the
oscillator. The peak amplitude
of the pulses actually appearing
on the sync pin should be re-
stricted to 1 volt minimum and

Curtis Electromusic Specialties {CES) assumes no responsibility for use of any
circuitry described. No circuit licenses are implied. CES reserves the right, at
any’ time without notice, 10 change said circuitry. Printed U.S.A. © 1980
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3 volts maximum for best
operation.

Another method of hard
synchronizing the oscillator is
shown in Figure 5. Negative
pulses only are coupled into the
base of the PNP transistor, with
a peak amplitude of 8 to 10
volts for best results at Vg =
+15V. This method will produce
the same waveforms generated
by the conventionally syn-
chronized sawtooth oscillators.

Finally, the oscillator may
be soft synchronized by negative
pulses applied to the threshold
voltage pin (pin 9 on the 3340,
pin 10 on the 3345). These
pulses cause the triangle upper
peak to reverse direction pre-
maturely, causing the oscillation
period to be an integral multiple
of the pulse period. The peak
amplitude of these negative
pulses should be limited to 5
volts maximum and positive
pulses should be avoided en-
tirely. If this input is not used
for synchronization purposes, it
is recommended that it be by-
passed with a 0.1uF capacitor
to ground to prevent synchroni-
zation or jitter to noise pulses
on the Vg supply line.

Linear FM

The reference current input

pin may be used for linear
modulation of the frequency.
The external input is summed
with the reference current
simply through a resistor ter-
minating at this pin. For audio
FM, it is recommended that a
coupling capacitor be used to
prevent frequency shift when
connecting to the external
source. The value of the input
resistor should be selected so that
the maximum peak to peak input
signal produces a plus and minus
current equal to the reference
current.
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Voltage Controlled Filter

The CEM 3320 is a high per-
formance voltage controlled
four-pole filter complete with
on-chip voltage controllable
resonance. The four independent
sections may be interconnected
to provide a wide variety of filter
responses, such as low pass, high
pass, band pass and all pass. A
single input exponentially con-
trols the frequency over greater
than a ten octave range with
little control voltage feed-
through. Another input controls
the resonance in a modified
linear manner from zero to low
distortion oscillation. For those

demanding applications, pro-
vision has been made to allow
trimming for improved control
voltage rejection. Each filter
section features a novel variable
gain cell which, unlike the
traditional cell, is fully tempera-
ture compensated, exhibits a
better signal-to-noise ratio and
generates its low distortion pre-
dominantly in the second
harmonic. The device further
includes a minus two volt regu-
lator to ensure low power dis-
sipation and consequent low 1
warm-up drift even with £15

volt supplies.

Circuit Block and Connection Diagram

Rg R¢
100K

- +15V
Cp | 300pF Cp
15 14 13 12 1 1005 -

Features
@ Low Cost

W Voltage Controllable
Frequency: 12 octave range
minimum

1uf Voltage Controllable

e Resonance: From zero to

M oscillation

Accurate Exponential

FREQ. CNTL.
INPUT

-15V

Ree
1.5

SIGNAL

100KS  1.8K OUTPUT

Frequency Scale

@ Accurate Linear Resonance
Scale

@ Low Control Voltage Feed-
through: -45dB typical

Filter Configurable into Low

a
Pass, High Pass, All Pass, etc.
@ Large Output: 12V.P.P.

P

typical

S RRI . .
Low Noise: -86dB typical

220K

51K

Ry R¢ Rc Rf
91K 100K 91K 100K

1
2 Jia

@ Low Distortion in Passband:
0.1% typical

Low Warm Up Drift
Configurable into Low
Distortion Voltage Controlled
Sine Wave Oscillator

RRC
100K a

o Jo
Inding

RESONANCE

SIGNAL INPUT |

CNTL.INPUT ® 15 Volt Supplies
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CEM 3320

Electrical Characteristics

Vee = +15V Rg = 100K Ta=25°C

Parameter Min. Typ. Max. Units
Pole Frequency Control Range 3500:1 10,000:1 -
Sensitivity of Pole Frequency
Control Scale, Midrange 575 60 625 mV,decade
Tempco of Pole Frequency
Control Scale 3000 3300 3600 ppm
Exponential Error of Pole
Frequency Control Scale! - 4 12 %
Gain of Variable Gain Cell
at V=0 0.7 0.9 1.3
Max Gain of Variable Gain Cell 24 3.0 3.6
Tempco of Variable Gain Cell2 - 500 1500 ppm
Output Impedance of Gain Cell2 0.5 1.0 20 MQ
Pole Frequency Control
Feedthrough - 60 200 mv
Pole Frequency Warm-up Drift - 5 1.5 %
Gm of Resonance
Control Element at IcR=100uA 8 1.0 1.2 mmhos
Amount of Resonance Obtainable
Before Oscillation 20 30 - dB
Resonance Control Feedthrough3 - 02 15 v
Output Swing At Clipping 10 12 14 V.PP.
Output Noise re Max Output4 -76 86 - d8
Rejection in Bandreject 73 83 - dB
Distortion in PassbandS.7 - 0.1 03 %
Distortion in Bandreject.7 - 0.3 1 %
Distortion gl Sine Wave
Oscillation - 0.5 1.5 %
Internal Reference Current, IRgF 45 63 85 4A
Input Bias Current of Frequency
Control Input 0.2 0.5 15 1A
Input Impedance to Resonance
Signal Input 27 3.6 4.5 KQ
Buffer Slew Rate 15 3.0 - V/us
Buffer Input Bias Current
(lgg=8mA) 18 130 1100 nA
Buffer Sink Capability 4 5 .63 nA
Butfer Output Impedance? 75 100 200 Q
Positive Supply Range +9 - +18 \2
Negative Supply Range9 4 - -18 v
Positive Supply Current 3.8 5 6.5 mA

Note 1: -26mV < V¢ < +155mV. Most of this error occurs in upper two octaves.

Note 2: V¢ = 0

Note 3: Untrimmed. 0 < IcR < 100uA

Note 4: Filter is connected as low pass and set for 20 KHz cut-off frequency.
Note 5: Output signal is 3dB below clipping point.
Note 6: Output signal is 3dB below passband level, which is 3dB below clipping point. In general,

this is worst case condition.

Note 7: Distortion is predominantly second harmonic.
Note 8: Sinewave is not clipped by first stage.
Note 9: Current limiting resistor always required.
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Application Hints

Supplies

In order to minimize the power
dissipation, the negative supply is
regulated at -1.9 volts with an
internal shunt regulator. This
not only reduces warm-up drift
of the pole frequencies at power
turn-on, but also allows vir-
tually any negative supply
greater than -4 volts to be used.
The current limiting resistor,
Reg, must always be included
and is calculated as follows:

Vee - 2.7V
0.008

As can be seen from the Block
Diagram, an internal 10052 re-
sistor is in series between the
regulator and pin 13. This resis-
tor, which allows for trimming
of the control voltage feed-
through (explained in further
detail below) results in an actual
voltage at pin 13 of around -2.7
volts.

Although the circuit was
designed for a positive supply
of +15 volts, any voltage between
+9 and +18 volts may be applied
to pin 14. The only effect, other
than power dissipation, is the
maximum possible peak-to-peak
output swing in accordance
with:

Vour (V.P.P) = Ve -3V

Ree

Operation of Each Filter
Stage

Each filter stage consists of a
variable gain cell followed by a
high input impedance buffer.
The variable gain cell is a current-
in, current-out device (as opposed
to the traditional voltage-in,
current-out device) whose out-
put current, lgyT, is given by
the following expression:

lour = (Iage - ) A e”Ve/VT

where V1 = KT/q, V¢ is the



voltage applied to pin 12, A|g
is the current gain of the cell
at V¢ = 0 (Nominally 0.9),
and

ABVec - 65V
IHEF I —
100K *

*+25%

As the input to the variable
cell is a forward biased diode to
ground, it presents essentially
a low impedance summing node
at anominal 650mV above
ground. The required input
currents may therefore be
obtained with resistors ter-
minating at this input node.

For normal operation of any
filter type, each stage is set up
with a feedback resistor, Rg,
from the buffer output to the
variable gain cell input, and with
the pole capacitor, Cp, connected
to the output of the variable
gain cell. This setup is shown
in Figure 1. In the D.C.
quiescent state, the buffer out-
put will always adjust itself so
that a current equal to Igge
ftows into the input.

For lowest control voltage
feedthrough and maximum
peak-to-peak output signal, the
quiescent output voltage of each
buffer, Vgpg, should be:

Vopc = -46Vee

Thus, in the simple case of
Figure 1, Rg is calculated as
follows:

V, - .65V
Rg = oDc
IREF

= 100K nominat

Since Iggg can vary 25%,
Vopc can vary nearly 30% from
device to device using a standard
5% resistor for Rg. In the typical
case where Vee = +15V, Igge is
63uA nominal, and the D.C.
output of each buffer should be
set for +6.9V nominai.

Absolute Maximum Ratings

Voltage Between V¢ and Veg Pins

Voltage Between Vg and Ground Pins
Voltage Between Vgg and Ground Pins
Voltage Between Cell Input and Ground Pins

+22V,-0.5V
+18V,-0.5V
-4V +0.5V
+0.5V,-6V

Voltage Between Frequency Control and

Ground Pins

6V,

Voltage Between Resonance Control and

Ground Pins
Current Through Any Pin
Storage Temperature Range

Operating Temperature Range

+2V,-18V
+40mA
-55°C to +150°C
-25°C to +75°C

The output impedance of the
variable gain cell, although high,
has a finite value. This imped-
ance is reflected back to the
input as an A.C. resistance of
nominally 1 megohm in parallel
with the feedback resistor, Rg,
regardless of control voltage
value. The pole frequency of
each filter section is determined
by the total equivalent feedback
resistance, Rgq, and the pole
capacitor in the expression:

A -
. 10 o Ve/vr
21 ReqCp
where:
R - 1MQ*
Req = o————,
Rg +1MQ

*-50%, +100%

Signal Coupling into a

Filter Section

For the filter section to provide
the low pass function, the input
signal is coupled via a scaling
resistor, Rg, into the input. if
the signal is the external input to
the entire filter, it will in general
have a D.C. quiescent voitage
level of zero, and all of Iy equal
to Iges for the first stage will be
provided by its feedback resistor.

If the signal is from the output
of a previous filter section, it
will have a quiescent level of
.46V (6.9 volts for a +15 volt
supply). Therefore, part of ||y
will be supplied by this voltage
through R¢ while the remainder
will be sourced through Rg.

The voltage gain in the pass-
band is given by Rgq/Rg. In
general, this gain should be set
1o unity for stages two, three
and four. The input resistor to
stage one can be scaled for any
size of the external input signal.
The resistance value should be
selected so that the maximum
external input signal produces
the maximum passband output
signal before clipping.

BUFFER
O
OUTPUT (L0 2)
° UIN = IREF

TO OTHE. CELLS T

FIGURE 1: ONE OF FOUR STAGES
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To generate the hi-pass func-
tion, the input signal is coupled
into the variabie gain element
output via the pole capacitor,
Cp. Therefore, any D.C. voltage
level is blocked by the capacitor
and |y equal to iggg for each
input is supplied only through
the feedback resistors. The
voltage gain in the pass band is
simply unity, regardless of the
value of Rg. For best results, the
output impedance of whatever
is generating the external input
signal to stage one should be low
compared to Rg /4.

Sample Filter Circuits

The Block Diagram shows the
external components connec-
tions for a four-pole, low-pass
filter designed to operate off
+15 volt supplies. The values
for Rg, Rc, and Rg were chosen
so that a) when the 1 megohm
reflected resistance is in parallel
with Rg, the gain of stages two,
three and four is unity, and b}
with the buffer outputs at the
proper quiescent level of 6.9
volts, the total current into each
input is the required 63uA:. For
stage 1, all of this quiescent
current is sourced by the feed-
back resistor. For stages two,
three, and four, 63uA is sourced
by the feedback resistor, while
70uA is sourced by the coupling
resistor for a total sourced cur-
rent of 133uA. Thus, to end up
with a net quiescent input
current of 63uA, 70uA is sunk
out of the input by bias resistor,
Rg.

If connecting the filter input
to an external signal causes the
D.C. level of the filter output to
change more than several volts,
it is recommended that an input
coupling capacitor be used such
as shown in Figure 4.

Figures 2, 3, 4, and 5 show
high-pass, band-pass, all-pass,
and state variable realizations, all
with the voitage controlled
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resonance feature. Note that due
to the configuration of the
resonance feedback, the reso-
nance frequency of the high-pass
will be approximately 2.4 times
higher than that of the low-pass,
while the resonance frequency
of the band-pass and all-pass

will be 1/2.4 = .42 times lower
than that of the low-pass, for the
same component values. For the
state variable, resistor Rg adds
positive feedback to increase

the maximum Q, which is other-
wise limited by the reflected
1MS2 impedance across the
integrators.

Pole Frequency Control
Scale

The current gains of each of the
four sections (and consequently
their pole frequencies) are
controlled simultaneously with
a voltage applied to pin 12.
Since the scale is exponential
with the standard 18mV/octave
(60mV/decade), an input atten-
uator network will in most cases
be required. An increasing posi-
tive control voltage lowers the
pole frequencies of the filter.
For best results over a thousand-
to-one control range, the voltage
on pin 12 should be maintained
between -25mV and +155mV.
Unlike the typical variable
transconductance cell used in
most V.C. filters, the four stages
in the CEM 3320 are fully tem-
perature compensated. The only
remaining first order temperature
effect is that of control scale
sensitivity (1/VT). This effect
may be compensated in the
usual manner with a +3300ppm
tempco resistor {Tel Labs Q81).

Resonance Control

The variable gain cell used to
control the amount of resonance
is the traditional transconduc-
tance type of amplifier. It has a
separate signal voltage input

Cp 181716 151413 12 N 10
300pF CEM 3320 SIGNAL
1.2 34 5 6 78 9 DUTPUT

3 iIi“
Rg = |cpTe
M RE o P B
g 100K m’T H

i
€

CNTL. INPUT
SIGNAL INPUT

FIGURE 2: HI PASS FILTER WITH V.C. RESONANCE

{pin 8), a separate control cur-
rent input with a modified linear
scale {pin 9), and a current
output internally connected to
the input of stage one. With an
impedance of 3.6K £900¢2, the
input is referenced to ground;
thus, connection to the filter
output will require a coupling
capacitor.

FREQ

-15Y, = CNTL.

K cv. unI eyt
X REJ.

TR 100K

796 1

CEM 2320
SIGNAL
U B ouTeuy
-1sv A
3 Re< . |of%
100k S 100k ©° g
]
| CNTL. INPUT
SIGNAL INPUT

FIGURE 3: BAND PASS FILTER WITH V.C. RESONANCE




Control of the transconduc-
tance is accomplished with a
current input. As the control in-
put is a low impedance summing
node at a potential near ground,
the control current may be
derived from the resonance con-
trol voltage with an input re-
sistor, RRe, terminated at pin 9.
This resistor should be selected
so that the maximum available
resonance control voltage pro-
duces the maximum desired
control current.

Figure 6 shows a graph of
the transconductance versus
control current. As can be seen,
the slope of thé curve becomes
more gradual as the control
current increases. This feature
allows the resonance to be con-
trolled with finer resolution as
the critical point of oscillation
is approached.

The maximum control
current is therefore selected in
accordance with the amount of
control sensitivity which is
desired at the top of the control
range. The value of the input
resistor, RR), is then selected
depending on where in the con-
trol scale oscillation is desired
to begin {when the control
voltage is 90% of the maximum
value, for instance}. The follow-
ing formula may be used:

Gm Req -1
Re = 3.6K" ( osc Rea

Aosc
*+25%

where Gmggc is the transcon-
ductance corresponding to the
control current at which oscilla-
tion is desired to begin; and
where Agsc is the overall gain
from the resonance signal input
resistor, Rg), to the filter output
required to sustain oscillation.
If the gain of stages 2, 3 and 4
are unity, then Aggc = 12dB or
4 in the case of the low pass
filter,

While operating the filter in
the resonant mode, care should
be taken not to overload the
input to the filter. If the signal
output of stage one is allowed to
become clipped, then not only
will the apparent resonance
of the signal at the filter output
appear to be reduced, but the
D.C. level of the output signal
will shift,

When the resonance control
is advanced until sustained
oscillations are produced, ad-
vancing the resonance control
further will merely increase the
amplitude of the oscillation. A
lesser effect is the shift of the
oscillation frequency. For
minimum shift (typicady less
than 0.5%}, the oscillation
amplitude should be kept below
the clipping level of the first
stage output. Allowing the
oscillation to be clipped will
produce frequency shifts in
excess of 5%.

Other Uses of the
Resonance Control Cell

Other than controlling the
resonance, the variable trans-
conductance amplifier may be
used as an independent VCA
controlling the amplitude of the
input signal to the filter. Or the
cell may be set up as a sym-
metrical limiter/clipper for
either preventing large dynamic
input signals from overloading
the filter or for providing addi-
tional coloration to the input
signal.

Pole Frequency Control
Voltage Rejection

The D.C. voltage shift at the
filter output due to the fre-
quency control voltage may be
minimized by adjusting the
current into the minus supply
pin, pin 13. This is accomplished
by replacing the negative supply
current limiting resistor, Rgg,

o) Q
17 16 1514 13 12 11 10

CEM 3320
3 4.5 67 88

2
o

0k SIGNAL
\—H“———< INPUT

FIGURE 4: ALL PASS FILTER WITH V.C. RESONANCE

with a series resistor and trim
pot. The fixed resistor, Rg, and
series trim pot, R, should be
selected so that the current
into pin 13 may be adjusted
from 5mA to 12mA. Or:

Vee - 3.2V

R
" T 12mA

Y NOTCH ouTPUT PASS OUTPUT
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FIGURE 5: STATE VARIABLE FILTER WITH V.C. Q"
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and
Vge - 2.4V
T= SEEST R :
5mA
These components are

shown in the filter circuits of
Figures 2-5. To obtain mirimum
control voltage feedthrough, the
best technique for adjusting this
trim is to switch back and forth
between the maximum anc
minimum control voltages while
adjusting the pot so that the
D.C. output voltage at these two
extreme conditions is the same.

Resonance Control
Voltage Rejection

For most applications, no “rim-
ming should be necessary.
However, if required, the reso-
nance control voltage feed
through may be minimizec by
applying a small D.C. voltage on
the resonance signal input pin,
pin 8. A typical set-up is shown
in Figure 7. The value of Ryt
should be selected so the trim
pot is able to adjust the voltage
on pin B by £ 30mV.

Stage Buffers

Each buffer can source up to
10mA and sink a nominal
500uA. However, any D.C load
greater than +200uA to £300uA

may begin to degrade the per-
formance of the filter, especially
if the loads on each buffer

differ by more than this amount.
The maximum recommended
D.C. loads are TmA source,
250uA sink, and a 150uA load
difference between buffers.

The maximum recommended
A.C. loads are £250uA.

Since the D.C. level at the
filter output is at some non-
zero voltage (6.9 volts for
Ve = +15V), a coupling
capacitor will be required
somewhere in the signal chain,
either at the filter output or
the following device inputs.
Note that if the resonance
feature is being used, the filter
output is already D.C. blocked
by the resonance input
coupling capacitor, thus pro-
viding a convenient output
point. If D.C. coupling to
ground referenced inputs and
outputs is required, the schemes
shown in Figure 8 may be used.
Note that the output circuit
has the benefits of 1} allowing
for gain after the filter, and
2) providing an output with
greater drive capability. The
buffer outputs are not short
circuit protected; therefore
care should be exercised to
not short the outputs to ground
or either supply.

CURTIS eLECTROMUSIC SPECIALTIES
2900 Mauricia Ave.

Santa Clara, CA 95051
{408)247-8046

Covered by U.S. Patent #4,004,141. Curtis Electromusic Specialties (CES)
assumes no responsibility for use of any circuitry described. No circuit licenses
are implied. CES reserves the right, at any time without notice, to change said
circuitry. Printed U.S.A. ©® 1980 6
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INDEX

A

Active filter, 115
Additive synthesis, 13-17
Adjustable-voltage IC regulators,
36-40
Advanced modular system, 208-218
analog multipliers, 218
controllers, 210
external signal processors, 211-212
filter modules, 212-218
Ito’s, 210
noise sources, 210
sequencers, 210
Aliasing, 190
All-pass
filter definition, 112
voltage controlled filters, 132—138
Analog
delay lines, 189-191
multipliers, 153-188, 218
advanced modular system, 218
four-quadrant multipliers, 181—
186
multiplier IC designs, 185-186
using a single ota, 182—-184
using two ota’s, 181-182
references, 186-188
two-quadrant multiplier vea’s,
154-181
B + B Audio 1538, 166
CA3080, 157-159
CA3280, 159-164
CEM3330, 174-181
CEM3335, 181
CEM3360, 174
discrete vea’s, 155-156
LM 13600, 164-166
ota, 156-157
SSM2010, 172
SSM2020, 168-169
SSM2022, 169-172
synthesizer system design, 21-27
control voltages, 23
input structure, 26
linear and exponential voltage re-
lationships, 21-23

Analog—cont
output structure, 26
signal levels, 26-27
timing signals, 23-26
Applied Synergy kit, 223
Aries kit, 222
Attack, 11

B + B Audio 1538, 166
Balanced modulator, 153—-154
Bandpass filter, definition, 112
Basic modular system, 205-208
Basics of filters, 111-116
Bbd’s. See Bucket brigade delay lines
Bucket brigade delay lines,
discussed, 189-191
common effects using, 191-198
Building a synthesizer, 225-230
making your own pc boards, 225-
230
test equipment required, 225

Cc

CA3080, 157-159
CA3280, 159-164
CCD. See Change-coupled device
CEM3310, 61-64, 266-269
CEM3320, 291-296
CEM3330, 174-181
CEM3330/3335, 277-284
CEM3335, 181
CEM3340/3345, 103, 106, 285—-290
CEM3350, 144
CEM3360, 174
CFR Associates kit, 223
Charge-coupled device, 193-194
Chorus, 192
Common effects using bbd’s, 191-198
Compander, 191
Compressor, 191
Construction
aids, synthesizer, 219-233
building a synthesizer, 225-230
module construction, 230-233
parts, 224-225
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Construction —cont
aids, synthesizer
suggested reference material,
219-220
synthesizer kits, 222224
module, 230-233
cabinet, 233
testing the module, 232-233
Contemporary Keyboard Magazine,
221
Controllers
advanced modular system, 210
control voltage, 43-52
control voltage ranging and scal-
ing, 50
duophonic interface, 48-50
keyboards, 43-45
joystick, 51
monophonic keyboard approach,
45-47
pressure-sensitive, 51
ribbon, 52
Control voltage
analog synthesizer design, 23
controllers, 43-52
control voltage ranging and scal-
ing, 50
duophonic interface, 48-50
keyboards, 43-45
joystick, 51
monophonic keyboard approach,
45-47
pressure-sensitive, 51
ribbon, 52
generators, 52—70
envelope generators, 52—-64
low-frequency oscillators, 69-70
noise sources, 66-69
sequencers, 64-66
processors, 70-82
envelope followers, 80-82
sample and hold circuits, 70-74
slew limiters, 74-75
trigger and gate extractors, 75-80
ranging and scaling, 50
references, 82
Converter
exponential, vco, 83-87
triangle to sine wave, 96-97
Current controlled oscillator, 87-90
Custom vco circuits, 97-108
Cutoff frequency, filter, 113

D
Dac. See Digital to analog converter
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Decay, 11
Decibel, unit, 112-113
Delay lines, analog, 189-191
Digisound kit, 223
Digital to analog converter, 13
Discrete
vea’s, two-quadrant multipliers,
155-156
vco circuits, 90-94
Droop rate, 47
Drop-out voltage of regulator, 29
Duophonic
feature, 19
interface, control voltage control-
lers, 48-50
Dynamics, sound, 11

E

Electronotes, 219
E-mu Systems kit, 224
Engineering magazines, 220-221
Ensemble effert, 21
Envelope
followers, control voltage pro-
cessors, 80-82
generators, control voltage, 52—-64
sound, 11
ETI Magazine, 220
Expander, 191
Exponential converter,
function, 22
vco, 83-87
External signal processors, advanced
system, 211-212

F
Ferric chloride, 228
Filter
active, 115

capacitor, regulated power supply,
31-32

frequency poles of, 115

modules, advanced system, 212-
218

order of, 115

passive, 115

Filters, 111-152

basics of, 111-116

fixed filter circuits, 149-152
graphic equalizer, 149
vocoder, 151-152

references, 152

voltage controlled, 116-149



Filters —cont
voltage controlled
all-pass, 132-138
low-pass, 122-132
state-variable, 138-149
570/571, 236
Fixed
filter circuits, 149-152
graphic equalizer, 149
vocoder, 151-152
voltage IC regulators, 35-36
Flanging, 192
Flat of a note, 21
Four-quadrant multipliers, 181-186
IC designs, 185-186
using a single ota, 182-184
using two ota’s, 181-182
Frequency
cutoff, filter, 113
defined, 10
modulation, 16
poles of a filter, 115
Fundamental, defined, 10

G

Gate signal, 25

Generators, control voltage, 52-70
envelope generators, 52-64
low-frequency oscillators, 69-70
noise sources, 66—-69
sequencers, 64—66

Graphic equalizer, 149

H
Harmonics, defined, 10
Heat sinks, IC regulators, 32-33
High-pass filter, definition, 111-112

|
1C
cookbooks, 221
manufacturer’s data books/ applica-
tion notes, 221-222
multiplier designs, 185-186
regulators, power supply, 32-40
adjustable-voltage, 36-40
fixed-voltage, 35-36
heat sinks, 32-33
regulator types, 33-34
stability and protection circuitry,
34
Input
characteristics, regulator, 21
structure, analog synthesizer design,
26

J

Joystick, control voltage controllers,
51

K

Keyboards, control voltage controllers,
43-45

Kilohertz, defined, 10

Kits, synthesizer, 222-224

L

Lfo. See Low-frequency oscillators
Linear and exponential voltage rela-
tionships, analog synthesizer de-
sign, 21-23
LM317 adjustable regulator, 34
LM399 voltage reference, 40
LM13600, 164166
Low
-frequency
oscillators
advanced modular system, 210
control voltage generators,
69-70
random voltages, 67
-note priority, 43
-pass
filter, definition, 111
voltage controlled filters, 122-132

Maplin Electronic Supplies, Ltd., kit,
224
Mixer circuits, 198
MN3004, 237-240
MN3101, 241-248
Modular system, 205-218
advanced system, 208-218
analog multipliers, 218
controllers, 210
external signal processors, 211-
212
filter modules, 212-218
Ifo’s, 210
noise sources, 210
sequencers, 210
basic system, 205-208
polyphonic system, 218
Modulation index, 16
Modulator
balanced, 153-154
ring, 153-154
timbre, 198-201
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Module construction, 230-233
cabinet, 233
testing the module, 232-233
Monophonic
teature, 19
keyboard approach, control voltage
controllers, 45-47
Multipliers, analog, 153-188
four-quadrant, 181-186
IC designs, 185-186
using a single ota, 182-184
using two ota’s, 181-182
references, 186—188
two-quadrant multiplier vea’s,
154-181
B + B Audio 1538, 166
CA3080, 157-159
CA3280, 159-164
CEM3330, 174-181
CEM3335, 181
CEM3360, 174
discrete vea's, 155-156
LM13600, 164-166
ota, 156-157
SSM2010, 172
SSM2020, 168-169
SSM2022, 169-172

N

Noise sources
advanced modular system, 210
control voltage generators, 66—69
Nonlinear synthesis, 16—17

o
Octaves, 21
Operational transconductance am-
plifier
analog four-quadrant multipliers,
181-184
using a single ota, 182-184
using two ota’s, 181-182
description, 89
two-quadrant multiplier vca’s,
156-157
Order of a filter, 115
Oscillators, voltage controlled, 83-110
current controlled oscillator, 87-90
custom vco circuits, 97-108
discrete vco circuits, 90-94
exponential converter, 83-87
references, 108-110
waveshaping circuits, additional,
95-97
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Ota. See Operational transconduc-
tance amplifier

Output structure, analog synthesizer
design. 26

[

PAIA Electronics, Inc., kit, 222
Parameters of sound, 9-12
dynamics, 11
pitch, 10-11
timbre, 11-12
Partials, defined, 10
Parts, synthesizer construction, 224-
225
Passive filter, 115
Pink noise, 67
Pitch, sound, 10-11
Poles, frequency, 115
Polyphonic
feature, 19
systems, 218
Polyphony magazine, 220
Portamento, 43
Power supply circuits, 28-41
IC regulators, 32-40
adjustable-voltage, 36—-40
fixed-voltage, 35-36
heat sinks, 32-33
regulator types, 33-34
stability and protection circuitry,
34
regulated supply, 28-32
filter capacitor, 31-32
rectifier, 30-31
regulator input characteristics, 29
transformer, 29-30
suggestions, 40-41
Powertran kit, 223
Pressure-sensitive
controllers, control voltage, 51
keyboards, 45
Printed circuit boards, making, 225-
230
Processors, control voltage, 70-82
envelope followers, 80-82
sample and hold circuits, 70-74
slew limiters, 74-75
trigger and gate extractors, 75-80
Pseudo-random sequence generator,

67

Real time, 16
Rectifier, regulated power supply,
30-31



Reference material, synthesizer con-
struction, 219-220
Regulated power supply, 28-32
filter capacitor, 31-32
rectifier, 30-31
regulator input characteristics, 29
transformer, 29-30
Regulators, power supply I1C, 32-40
adjustable-voltage, 36—40
fixed-voltage, 35-36
heat sinks, 32-33
regulator types, 33-34
stability and protection circuitry,
34
Regulator types, IC, 33-34
Resonance, added to filter, 114-115
Resonant filter banks, 115
Ribbon controller, control voltage, 52
Ring modulator, 153-154
Rolloff, definition, 112
Root-mean-square voltages, 29
RMS voltages. See Root-mean-square
voltages

S

SAD-512, 258

SAD-512D, 249-252

SAD-1024, 253-258

SAD-4096, 259-265

Sample and hold circuits, control volt-
age processors, 70-74

Sawtooth oscillator, 87-88

Schmitt trigger, 77-78

Sequencers
advanced modular system, 210
control voltage generators, 64-66

Serge Modular Music Systems, kit,
223

723 voltage regulator, 36-37

Sharp of a note, 21

Signal levels, analog synthesizer de-
sign, 26-27

Slew limiters, control voltage pro-
cessors, 74-75

Sound, parameters of, 9-12
dynamics, 11
pitch, 10-11
timbre, 11-12

SSM2010, 172

SSM2020, 168-169

SSM2022, 169-172

SSM2030, 98-103

SSM2033, 106-107, 270-273

SSM2040, 125-126, 135, 136, 141

SSM2044, 126-130
SSM2050, 57-59
SSM2055, 59-61
SSM2056, 274-276
Stability and protection circuitry, 1C
regulators, 34
State-variable voltage controlled
filters, 138-149
String synthesizer, 20
Subtractive synthesis, 17-21
Suggested reference material, syn-
thesizer construction, 219-220
Suggestions on power supply circuits,
40-41
Sustain, 11
Synthesis techniques, 12-21
additive, 13-17
nonlinear, 16-17
subtractive, 17-21
Synthesizer
construction aids, 219-233
building a synthesizer, 225-230
making your own pc boards,
225-230
test equipment required, 225
module construction, 230-233
cabinet, 233
testing the module, 232-233
parts, 224225
suggested reference material,
219-220
Contemporary Keyboard Maga-
zine, 221
Electronotes, 219
engineering magazines, 220-
221
ETI Magazine, 220
1C cookbooks, 221
IC manufacturer’s data books/
application notes, 221-222
Polyphony, 220
synthesizer kits, 222-224
Applied Synergy, 223
Aries, 222
CFR Associates, 223
Digisound, Ltd., 223
E-mu Systems, 224
Maplin Electronic Supplies,
Ltd., 224
PAIA Electronics, Inc., 222
Powertran, 223
Serge Modular Music Systems,
223
system design, 9-27
analog, 21-27
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Synthesizer —cont
system design
control voltages, 23
input structure, 26
linear and exponential voltage
relationships, 21-23

output structure, 26
signal levels, 26-27
timing signals, 23-26

parameters of sound, 9-12
dynamics, 11
pitch, 1011
timbre, 11-12

synthesis techniques, 12-21
additive synthesis, 13-17
nonlinear synthesis, 16-17
subtractive synthesis, 17-21

T
Timbre
modulators, 198-201
sound, 11-12

Time constant formula, 53
Timing signals, analog synthesizer
design, 23-26
Tonal character. See Timbre
Top-octave generator, 20
Transformer, regulated power supply,
29-30
Triangle oscillator, 88-89
Trigger
and gate extractors, control voltage
processors, 75-80
signal, 25
Two-quadrant multiplier veca’s, 154—
181
B + B Audio 1538, 166
CA3080, 157-159
CA3280, 159-164
CEM3330, 174-181
CEM3335, 181
CEM3360, 174
discrete vca’s, 155-156
LM13600, 164-166
ota, 156-157
SSM2010, 172
SSM2020, 168-169
SSM2022, 169-172
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U

Universal active filter. See State-
variable filters

v

Vcf. See Voltage controlled filters
Vco. See Voltage controlled oscillator
Velocity-sensitive keyboards, 44-45
Vocoder, 151-152
Voltage controlled
amplifiers
two-quadrant multiplier, 154181
B+B Audio 1538, 166
CA3080, 157-159
CA3280, 159-164
CEM3330, 174-181
CEM3335, 181
CEM3360, 174
discrete vca’s, 155-156
LM 13600, 164-166
ota, 156-157
SSM2010, 172
SSM2020, 168-169
SSM2022, 169-172
attenuator. See Voltage controlled
amplifiers
filters, 116—149
all-pass, 132-138
lows-pass, 122-132
state-variable, 138-149
oscillators, 83-110
current controlled oscillator,
87-90
custom vco circuits, 97-108
discrete vco circuits, 90-94
exponential converter, 83-87
references, 108-110
waveshaping circuits, additional,

95-97

w
Waveshaping circuits, vco, 95-97
White noise, 66-67

X
XR-2228, 235
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The Blacksburg Group

According to Business Week magazine (Technology July 6, 1976) large scale integrated circuits
or LSI “chips” are creating a second industrial revolution that will quickly involve us all. The
speed of the developments in this area is breathtaking and it becomes more and more difficult to
keep up with the rapid advances that are being made. It is also becoming difficult for newcomers
to “get on board.”

It has been our objective, as The Blucksborg Group, to develop timely and effective educational
materials that will permlt tudents, eng s, scientists, technici and others to quickly learn
how to use new technologies and electronic techniq We continuve to do this through several
means, textbooks, short courses, seminars and through the development of special electronic de-

vices and training aids.

Our group members make their home in