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About this Book

The items in this collection have been reprinted more or less as they originally appeared.
Every now and then there will be a reference to a price, a kit or an address. This might occur in
the article proper, or possibly in some incidental material appearing elsewhere on a page. Please
be aware that with the passage of years since the articles first appeared, most of these references
are no longer accurate! Prices might have changed, companies may have moved or gone out of
business, and so on. I’ve left these references in simply for historical interest.

Now remember, these reprints span nearly two decades and represent a bit of a pilgrim’s pro-
gress. Some of my earlier designs, though still interesting, do show a relative lack of experience;
I'would probably do them differently today. But what can I'say? I was a young pup then!

As far as I can remember, there is only one typo to report. This occurred in the schematic of
“Superseque: A Full Featured Analog Sequencer.” It’s easy to fix; simply exchange the plus and
minus signs which designate the inverting and non-inverting inputs of op-amp Al. Notice that
the pin numbers (13 and 14) are correct as shown.

The Table of Contents arranges the articles in chronological order by magazine, which are
themselves arranged alphabetically. If you’re looking for a complete citation, be sure to examine
the Bibliography on page 158. This lists all of the articles, again in chronological order, and
gives the full publishing details.

If you’re new to the electronic music world, I'm willing to bet that some of the magazines
mentioned here will really whet your appetite to build up a collection. Device Newsletter and
Common Mode are no longer with us and copies of these periodicals are quite rare now. But oc-
casionally you will run across a person trying to sell off some duplicates. The Internet is a good
place to initiate a search for these. To get started, you might want to check out the WWW site of
Midwest Analog Products which contains a wealth of helpful information:

Midwest Analog Products http://prairie.lakes.com/~map

As of this writing, PAiA Electronics, Inc., still has some back issues of Polyphony and Elec-
tronic Musician available. Write for a catalog, or explore their WWW site to see what’s in stock:

PAiA Electronics, Inc. http://www.paia.com
3200 Teakwood Lane
Edmond, OK 73013

Back issues of Electronotes are still available. To obtain a list, send a stamped, self-
addressed envelope directly to its publisher at:

Electronotes
1 Pheasant Lane
Ithaca, NY 14850

Sadly, some of the integrated circuits and other parts mentioned in the articles are no longer
commonly available. Nonetheless, you’ll still be able to get some great ideas from the circuits
that call for them. In many instances, new parts may be substituted with only slight changes to
the designs. Finally, it’s not unheard of to bump into someone on the Internet who is clearing out
a small stash of hard-to-find parts. For example, I’ve seen some great deals on Curtis and SSM
synthesizer chips pop up from time to time, so keep your eyes open.

If this collection proves popular, then a second volume might be possible. There’s plenty
more material to choose from, so it all depends on the public (that’s you!) response.

Happy reading...
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by Thomas Henry

The PGS Lowpass Voltage Controlled
Filter is configured around the SSM2040
integrated circuit. Use of this IC greatly
simplifies construction and leads to a
very reliable operation. Among the
many features of the VCF circuit are the
following:

* Wide sweep range, typically 10
octaves.

* Voltage controlled resonance.

* All input impedences are greater
than 50K.

* Qutput impedence is 1K.

* 10v pp signal levels.

* Fully temperature compensated.

* Four pole response.

* Able to oscillate in a pure sine wave.

* Standard power supply voltages of
plus and minus 15v.

UNDERSTANDING THE VCF

The heart of this whole circuit is, of
course, the SSM 2040 integrated circuit.
Essentially, this IC contains four voltage
controlled amplifiers, all sharing a
common control stage. The response is
already exponential; all we have to do is
provide some RC tuning elements and
the circuit is ready to go!

Refer to the schematic in figure one.
C3 through C6 are the tuning capacitors.
These capacitors should be polystyrene
for maximum temperature stability.
Resistors R10 through R18 round out the
RC network. These capacitors and
resistors then, are the components
which set the basic tuning of the circuit.
With these values, the circuit is perfect
for audio synthesizer work. Resistors R1
through R4 have nothing to do with the
tuning. It is their duty to attenuate the
incoming signal to meet the operating
requirements of the SSM2040. With the
value as shown (200 ohms), distortion is
minimized.

The audio input is applied to J3. This
jack is fed to an attenuator, R39, and
this allows the user to reduce the

amplitude of any incoming signals. A
feature such as this is often needed
when applying a mixer output to the
VCF. A mixed signal, composed of
several signals could easily exceed the
filter’s nominal 10v pp input. Amplifier
Al and its associated circuitry attenuate
the input by a factor of ten. This must be
done since the SSM2040 likes to see
signal swings of 1v pp.

Since the signal has been attenuated,

the output must be boosted to
compensate. Amplifier A3 and its
associated components see to this

function. Note also capacitors C1 and C2.
These are selected to roll off the high
end response (up around 100 KHz) to
avoid any undesired radio frequency
interference and, more importantly,
spurious oscillation.

Part of the output is fed back to the
input via 1C4, a 3080 transconductance
op-amp. This provides the voltage
controlled resonance function. The 3080
is set up as a standard voltage controlled
gain stage. R34 and R6 chop the input
signal down to allow the amp to work in
its linear range. Trimmer R42 is
adjusted to minimize any “‘thumps”
caused by a DC offset being fed through
the OTA.

A4 is configured as a current to
voltage converter. This is needed since
the OTA is a current output type device.
Trimmer R20 is adjusted so that a
maximum voltage generated by R41 just
sets the filter oscillating. By setting this
trimmer so that the filter justs:begins to
oscillate, clipping can be avoided and the
net result is a very pure sine wave
output.

Amplifier A5 forms the control
voltage input stage. A5 and Q1 actually
perform a voltage to current conversion.
Since pin 5 of IC 4 expects to see a
control current, this conversion is
necessary. D1 is in the circuit simply to
protect Q1 from reverse voltage
conditions. This insures that the circuit
is “goof-proof”. The actual voltage
control input is at J4, and the voltage

thus applied méy be attenuated by R40.
R41'allows a manual adjustment of the
resonance.

Amplifier A2 is set up as a summing
amplifier and provides the frequency
control for the circuit. J1is the 1 volt per
octive input. This input would normally
be used for a tracking keyboard control.
The 1 volt per octave response can be
tweeked for extreme accuaracy by R22.

R36 and R37 are the coarse and fine
tuning controls. The coarse tuning
control covers a range of about twelve
octaves, while the fine tuning control
covers a range of less than one octave.
These controls are especially handy
when using the filter in the oscillation
mode.

I have had two copies of this
circuit in my system for over two
years now and | still marvel at
the quality of sound possible
with it."”’

J2 is the envelope input jack. Since
envelope signals are usually 5v or less,
this input has been given a gain of
three. Thus, a positive 5v input can cause
the filter to sweep across its entire
range. C7 is put into the feedback loop of
A2, and in this configuration helps
minimize “pops” caused by modulating
the filter’s cutoff frequency rapidly.

To provide total temperature
compensation, R8, which is actually a
thermistor, is included in the circuit.
This component will automatically
compensate for any temperature drift.
The result is a filter which will stay in
tune, no matter what the playing
environment may be like. Since this
filter may be used like a VCO, (by
setting it oscillating), temperature
compensation is definitely a must.

Rounding out the circuit, power is
provided by a bipolar (plus and minus) 15
volt supply. The supply is decoupled by
R46-R47 and C8-C9.

continued.....
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BUILDING THE LOWPASS VCF

Building the PGS Lowpass VCF is not
difficult at all, as long as you follow the
instructions carefully. But remember,
the SSM2040 is an expensive chip, so
utilize extreme care at all points of the
assembly.

Start by reading this text over several
times. After reading once to get the
general idea, read it again, this time for
details. (Ed note: Also study and learn
the schematic as you read. This will not
only help in the building of the circuit,
but will also be quite helpful should you
experience any difficulties and find that
vou must do some troubleshooting.) You
are now ready to build.

(If you are making your own board
you will of course have to do this first. A
full size pattern is shown in Fig. 2. While
the pattern may not be good enough to
use the “lift off” method for pulling it
off of the page you can make a good
positive by laying a clear sheet of
acetate over the pattern and using
drafting donuts and tapes to make your
own “positive”. Once your board is
etched and drilled you are ready to go
on. -Ed.)

Before loading the circuit board you
will want to fabricate a front panel, box,
or chassis for the unit. Do this first. Drill

any mouhting holes needed in the
circuit board, but be careful not to
damage the board in any way.

At this point you can begin loading
the board. Scrub the copper side of the
printed circuit board with a fine
scouring pad (not soaped) or if you are
careful, with a piece of 000 steel wool. Be
careful not to remove any excess copper.

() Start by installing the four IC
sockets. A piece of masking tape can be
used to hold a socket in place while
soldering. Tape the socket down to the
parts side, then flip the board over and
proceed to solder. Watch for excessive
heat which could lift pads, and beware of
solder bridges. Next, install the resistors
sequentially. Save the excess clippings
for use as jumpers. Do not install the
thermistor, R8, just yet.

() Install the three trim pots.

() Now install the capacitors. Observe
the polarity of the electrolytics
carefully.

() At this point you may install the
diode and transistor. Be sure to watch
the orientation of both of these. A black
band generally marks the cathode on
diodes. For the transistor, with the flat
side facing you, pins sticking
downward, the orientation is usually

3

from left to right: emitter, base,
collector. (These two components are
especially sensitive to heat. Be careful
not to overheat them while soldering.
-Ed.)

() Using the excess resistor clippings,
form and install the jumpers. Jumpers
are indicated on the parts placement
guide by straight lines with the letter
“J” in the center.

() Now is the time to mount RS8, the
thermistor. First slip IC1 into its socket.
Now look at the circuit board. There is a
hole right below IC1 and another one
right above R14. These are the two holes
which will be used. Now refer to Figure
3. Note how the thermistor is mounted
lengthwise along the top of IC1. You
may also notice some silicon heatsink
grease in the drawing, between the IC
and the thermistor. This is optional, but

continued.....

Coming in a near issue:

We try out a new product to make
circuit boards. They say '‘paint it on,
expose it, rinse under running water,
and you're ready to etch.” We say:
What? No more develping
chemicals?...... Tune in to see if this stuff
really works and what we have to say

about it.
LOWPASS VCF THOMAS HENRY
(€)1982
Figure 2
Circuit
Pattern
PAGE 12 COMMCN MODE!




For your convenience, a parts kit is available
for this project. For more information see the
‘‘parts list'' box on page 14.

its use greatly increases the thermal
bond between the two parts. At this
point pick up R8 and bend the leads to
fit squarely in the two holes described
above. Apply heatsink grease if desired,
and then solder it in its proper location.
(Be sure that when you solder the
thermistor in place it is held securely
against the IC in some mannor (But not
with your finger! It will get hot.) so that
good contact is made.)

() Now set the circuit board aside and
return to the front panel. Install the
pots and jacks. You may string the
common ground lines up at this point if
you wish. Next, connect the circuit board
to the front panel using small angles,
standoff, etc. Wire the circuit board to
the panel using the schematic as a guide.
The circled letters key the schematic to
the circuit board. Letters G, I, J, M and
the remaining alphabet are not used

() Double check your work now.
Examine the circuit board carefully.
Remember, the SSM2040 is NOT short
circuit proof and the chip could be
destroyed very easily by a random solder
bridge. So please look everything over.
Are there any inferior solder joints,
solder bridges or shorted connection

Heatsink Grease

T~

SSM2040

Thermister

|IC Socket

Thermister orientation.

Figure 3

wires? Check the wiring to the panel; is
everything right?

() If your answer is “yes” to the above,
then install the rest of the IC’s in their
respective sockets. Be very careful to
note the proper orientation on the parts
placement nide. Also be careful not to
break or ben. .he IC pins.

() Now install the power supply lines.
Do this by soldering a length of wire to
the points on the board marked + 15,
GND, and -15. Now run each wire to the
appropriate termianl on your bi-polar
power supply or, if installing the unit in
an existing system, to the power supply

bus. Do not mix up ground, + 15v, or -15v
lines!

() You are now ready to tweak up the
trim pots.

ADJUSTING THE TRIM POTS

First we will adjust R42, the DC
balance  trimmer. Follow  these
instructions carefully.

Witk a DC voltmeter, measure the
voltage on the wiper of R41 and adjust
R41 for Ov. Now turn down the audio
input control, R39. Apply a 10v pp, 2 or 3
Hz signal to J4 (voltage controlled

© continued.....
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resonance input) and turn up R40
(voltage controlled resonance
attenuator) all of the way. You may use a
function generator, VCO, or an LFO for
this function. The frequency is not
critical. We merely want to create some
sort of alternating signal at the input to
the voltage controlled resonance stage.

Monitor the DC voltage at pin 4 of
IC2. Adjust R42, the DC balance
trimmer, for the least deflection of the
meter.

Now we will adjust R20, the oscillation
trim. This control affects at what point
the filter will break into oscillation.
First, turn down R39, the audio input
attenuator. Also turn down R40, the
voltage controlled resonance input.
Turn R41, the manual resonance control,
up full (positive).

Now connect the output of the filter to
an audio amp, and set it to a comfortable
listening level. Adjust trimmer R20
until oscillation JUST begins to occur. It
may be necessary to turn the coarse tune
pot, R36, up or down a bit to get the
filter oscillating in the human ear’s
range. If R20 is advanced too far, the
unit will still oscillate, however the wave

form will not be a “pure” sine wave and
will start to lose symmetry. So be sure to
adjust R20 to the point of oscillation and
no further.

Now we are going to “tune” the filter.
Essentially we will start the filter
oscillating and then tune it like any
VCO. First, turn down the audio input
attenuator, R39, and turn up R41, the
initial resonance pot. Thiswill start the
filter oscillating. Now connect a
keyboard to the 1 volt per octive input at
1.

“You will find that the filter is
exceptionally easy to use.”

Adjust the coarse and fine tuning
controls to put the oscillation in a
mid-range (500 Hz to 1000 Hz). Now
while alternately playing a C and an
octive above that C, adjust R22 (the 1
volt per octive trim) until a one octave
span is heard. Keep slternating
between the two C’s and listen for the
octive interval.

There are other ways to adjust R22
using test equipment, but the method

Parts List
RESISTORS SEMICONDUCTORS
R1-R6 200 ohm IC1 SSM2040 VCF
R7 1K IC2 4136 quad op-amp
R8 1K thermistor IC3 741 op-amp
R9-R19 10K IC4 3080 OTA
R20 10K trimmer D1 TN4i48 or 1N914
R21 18K Q1 2N3806 pnp trans.
R22 25K trimmer
R23-R24 33K MISCELLANEOUS
R25 27K ) )
R26 39K jacks, wire, solder, stc.
R27 47K
R28 56K
R29 91K PARTS KIT
R30-R35 100K Project kits are available from PGS
Electronics. Kit No. SYN-5640 includes all
R36-R41 100K pot resistors (including  the  thermister,
R42 100K trimmer trimmers, and pots), the capacitors,
semiconductors, and the input/output
R43 150K jacks. Kit No. SYN-5641 includes all of the
R44 220K above plus a drilled, legended, and soider
masked circuit board.
R45 2.2M A legended and punched rack panel for this
R46,R47 10 ohm kit will be available socn! Info will come with
the kit (or write for availability.
CAPACITORS SYN-5640 (parts only)
SYN-5641 (parts and board)...
c1 1 OpF Add $2.00 shipping/handling on each kit.
62 47pF N Board d I
ote: Boards are not ready yet so allow six
C3-Cé .001 po‘YStyrene weeks delivery on SYN-5641.
c7 .05 Order from PGS Electronics, Route 25 - Box
c8-C9 100 mfd electrolytic 304, Terre Haute, IN. 47802

above is more than accurate enough for
any reasonable musical application.
However, for the purists in the crowd,
refer to a method detailed by Bernie
Hutchins in ELECTRONOTES No. 75,

page 5.
IN CASE OF DIFFICULTY

Experience has shown that
malfunctioning circuits are almost
never due to IC problems. Human error
is more often than not the culprit. If you
are having trouble, follow these steps.

1. Get a handle on the problem. Write
down all’of the symptoms. You can’t fix
something unless you REALLY know
what’s wrong.

2. Apply logic. Starting from the
symptoms, narrow down the problem to
the logical function. Do not start looking
for details right away; look for the
general area. Examples: no oscillation at
any setting - problem must be in the
resonance stage.

3. Now start looking for the dubious
component. First check all solder joints.
If necessary, remelt the sclder znd try
again. Now look for any suspicious
physical damage to components. Finally,
check wires going to and from the panel.

4. In a circuit of this nature (lots of
pots) be sure something’s really wrong
before tearing into it. Remember, some
combinations of controls may yield odd
effects.

5. The circuit is fairly simple, so the
only test instruments you really need
are your eyes, your ears, an insulated
probe (such as a pencil) and possibly a
multimeter.

6. Above all, remember that there is no
such thing as magic in electronics. Any
problem must follow logically from a
cause. This is an immutable rule!

USING THE VOLTAGE
CONTROLLED FILTER

You will find that the filter is
exceptionally easy to use. Since there are
quite a few controls and jacks available
to the user, many different patches are
possible. To get you started, here is how
to do a standard “wah-wah” synthesizer
patch.

First, consider the audio path. Patch
the output of a VCO to the input of the
VCF (J3) and then take the output of the
VCF (J5) and connect this to the input of
your VCA. If your VCO signal is 10v pp
or less, you may open the audio input
attenuator, R39, all the way.

Now connect the keyboard gate and
trigger to an ADSR ans patch the
output of the ADSR to the VCA and to

continued.....

PAGE 14 ror s e e e i e A S e e P e e T sl COMMON MODE!

5



Watch for these Thomas Henry
articles in future issues!

BUILD A VCA WITH NINE PARTS

This design uses the SSM2010 VCA chip so don't let the fact that this circuit
only has nine parts fool you! Thomas says *'Give this circuit a try; I'm sure you'll
be pleased. Out of all of the OTA's and VCA's that | have played with, this one
was the easiest to get up and running and results in a very clean and quiet
operation.

THE PGS FIVE OCTAVE TONE
GENERATOR BOARD

A high quality music circuit capable of producing five complete octaves of
equally tempered scale. Nine bit binary division is employed, leading to a
minimum deviation from true scale. Thus the circuit is suitable for serious music
uses. The board has been designed such that multiple units may be stacked
and outputs summed thus yieiding a very full flanged sound when each board
is triggered by a separate clock. This board can be used for string and brass
synthesizers, pop organs, pedal boards, etc. Don’t miss it!

THE POT-POURRI MODULE

This uniique and inexpensive synthesizer module adds six new functions all at
once. They are: A lag processor, a buffer, a control voltage inverter, an audio
inverter, a two-in one-out mixer, and a comparator. Uses are too varied to list
here, but this module is a real workhorse!

VOLTAGE CONTROLLED FILTER (con't...)

J2, the envelope input of the VCF. If
your ADSR has an output of + 5v or less,
you may open up attenuator R38
(envelope input) all the way. The
keyboard control voltage output should
go to both the VCO and also to J1, the 1
volt per octave input.

Now set the resonance to a minimum
via R41. Since this pot is strung between
the positive asnd negative supplies , the
minimum position is actually at about
mid-rotation.

Now play some music! If you have
accomplished the patch correctly, you
should be hearing a traditional
synthesizer sound. Now increase the
resonance control, R41, and you will hear
the * wah-wah” sound become more
intense. Play around with the coarse and
fine tuning controls and also attenuator
R38 to alter the effect.

IN CONCLUSION

I hope you enjoy the PGS Lowpass
Voltage Controlled Filter. I have had
two copies of this circuit in my system
for over two years now and I still marvel
at the quality of sound possible with it.
Be sure to experiment with the filter ;
there are lots of options, and use of the
unit is relatively “goof-proof”. Good
Luck! —end—

GUITARISTS!

WE NEED YOUR YOUR
HELP! WE WANT TO GIVE
YOU EQUAL TIME BUT WE

* % CONTEST * vr%
WIN §$50.00 CASH!

DESPARATLY NEED
FEATURE ARTICLES,
SHORT ARTICLES, NOTES,
TIPS, MODIFICATIONS,
EFFECTS CIRCUITS, ETC.
ALL DEALING WITH
GUITAR ELECTRONICS.

WE NEED REGULAR
COLUMNISTS WRITING
ON GUITARS, AMPS,
EFFECTS DEVICES, ETC.
iIF YOU CAN HELP,
CONTACT US
IMMEDIATELY!

HERE'S ALL YOU DO TO ENTER: Simply examine the drawings on the cover
and the back page (page 24) and come up with suitable captions for both. Then
write them down and send them to us here at COMMON MODE!

You must submit a caption for both drawings to be eligible, however, each one

will be judged separately. So with each entry you have two chances to win!

We will pick two grand prize winners (one from each drawing) and two

runners-up. The two first prizes are $50.00 each and the runners-up prizes are

$20.00 each. Each entry will be judged on uniqueness, originality, and pure
e.

entertainment valu Fowe_

Entry deadline isﬁéﬁéo. Winners will be selected#ey 2 and will contacted that
week. The winning entries (plus others) will appear in future issues. The
decision of the judges is final. Good Luck.

Heres a couple of samples to get you started: For the cover: ‘‘How the West
was Won"' or “So where's all these new-wave western clubs you were talking
about?”. And for the back cover: “No, No. Not more Slim Whitman
commercials, Please!"" or “'| new that wire should have gone to point D"

Send entries to: COMMON MODE! CONTEST, Route 25 - Box 304,
' Terre Haute, IN. 47802

CONTEST ENDS MIDNIGHT M 30!




case histories thomes Henry

(Editon's note: many readens wrote 4in
to say they enfoyed Garny Kirkpatrick's an-
| ticle in DEVICE 1:2 on Troubleshooting.
Shontly thereagtern, Thomas Henrny submitted
the following anticle, which seemed Like a
very good follow-up. Thomas 4s working on
an M.A. in mathematics, and As putting him-
self through grad school by playing guitar
with the "East Side Pharoahs" 1950's Rock
and RofL Show. He hates noise with a pas-
sion. )

Here are some case histories of various
devices I've worked on. There is no better
way to learn troubleshooting than to see
how someone else successfully solved a
problem, so learn from my mistakes. Inci-
dentally, I'm self-taught in this sort of
thing. If I can do it, so can you!

CASE #1. I was out on a gig, playing
guitar through an Electro-Harmonix Deluxe
Electric Mistress Flanger. A1l of a sudden
disaster struck, resulting in a weird os-
cillating and wh1st11ng I broke down and
cried, for this is not a cheap device, and
further, it was my favorite. I was the on-
1y person in town with one...what would
this do to my reputation? I finished the
night without it, and brought it home Tater.
I first opened the back and Tooked.
the number one secret of trouble-shooting:

4:79 p.13

This is

look before you Teap. Well, I Tooked for _
quite a while and couldn't see anything awry.
So then I applied my 2nd secret of trouble-
shooting: Think. So I thought, "what could
possibly cause eerie whistling and oscillat-
ing?" The guitar sound did get through, but
the oscillation was much louder. Did the
device have some sort of internal oscillator
which could be leaking through into the au-
dio? I didn't think so, but I couldn't be
sure. Could it be caused by some interac-
tion between input and output? I Tooked at
the connecting wires and all looked rosy.
Then all of a sudden it hit me...what would
60 cycle hum sound 1like if it were flanged?
Ordinary hum is obvious; but what about
flanged hum? I listened to the output of
the flanger and confirmed something was be-
ing flanged. I then grabbed my test capa-
citor (a 1000 uF, 450V cap on alligator
clips; it's indispensable - make one and
see) and hooked it across the DC output from
the power supply. Good-bye weird noise! I
had it! By analyzing the problem, I knew
what part to look for. I looked very care-
at the big power supply capacitor and found
the printed circuit board pad had 1ifted up
and fallen to pieces. I reconstructed this
with a small piece of wire and solder, and

(cont. on page 74)
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within minutes, had the flanger back on the
§ road. A simple story, but one with an im-
portant moral: never believe anything any-
one tells you, especially a flanger. Even
Towly 60 cycle hum can put on glad rags and
somehow become something new.

(Editon's note: Verny true. 1 suspect
the "whistling" you noted was high frequen-
cy harmonics of the 60 Hz hum beating a-
gainst the relatively Low clock frequency
drniving the delay Lines. This problem L4
b called "allasing", and can also happen Lf
you feed a signal with Lots of harmonics An-
to any analog delay Line device that does
not have elaborate input fiLtering -- CA.)

CASE #2. My brand new 10 Band Equalizer
by Electro-Harmonix was on the blitz, which
g could only be called itching problems of

the worst sort. If you didn't touch it, it
worked just fine; but the minute I touched
i one of the slider pots, it grew allergic to
me and crackled in the loudest manner. Re-
medy: I opened the EQ up and Tooked.
Everything looked ducky. I then put my 3rd
trouble-shooting secret into action: Tap
and lTisten. I hooked the EQ up to my amp,
and with the back panel off, proceeded to
§ tap with an eraser end of a pencil (any-
§ thing insulated will work). I didn't just
tap anywhere, rather, I thought functional-
f 1y and tapped the areas which either were

¢ potential Toosen-ups, or had something to
§ do with the pots. Now, tapping in an im-
§ precise process, in that you can't narrow

i the problem to individual pads; but in

i this case, it was enough to tell me (by

§ the Toud pops in the amp) that the solder
connections were poor. Upon looking clos-
er with a lens (indispensable for micro-
§ work) I discerned a thick layer of rosin
between the pads and the lugs of the pots.
A touch-up with a soldering iron, feeding
#in a 1ittle bit of new solder, cured all.
§ Once again, there's a moral: Believe some
of the things that some of the people TeTl
you. Why? I remember once that someone
told me that rosin can foul things up. 1
{1 ignored this advice and thought, "must be a
§ rare occurance". Not so! This is a common
§ problem. When soldering, the joint must be
§ heated Tong enough so that the rosin turns

Please note our new address:

DEVICE 12304 ScriBe DRIVE,
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nection.

CASE #3: I had just built the Craig An-
derton Ring Modulator, made a beautiful case
for it, and had it all tuned up. I called
a couple of friends over to witness the
wondrous sounds which it produced; they
were dying to hear what a real 1live one
sounded Tike. They hastened their way to
the house, I hooked it up and wailed, and
nothing came out! Well, that's not quite
true. I was able to hear the internal os-
cillator doing its thing. What a Tet down.
My friends hobbled out of the house all bro-
ken hearted, so I had to think and this is
how I started. I thought, hmmmm...no gui-
tar, but plenty of oscillator. Not in the
output; probably a problem in the input.

So, I Tooked. Sure enough - there was a pad
on the board that had broken or 1ifted up,
and it was right on the input capacitor, so
my diagnosis was correct. Moral: always
think functionally, and the details will
follow. ATlso, don't tellyour friends to
come over on the same day that you build
something.

Well, so much for my first installment of
case histories. What I learned the hard way
you have now learned the easy way... to sum

up:

1. Always think first.

2. When you do think, think in terms of
functions or building blocks to help isolate
the problem. When you've narrowed things
down to a particular function, it's much
easier to find individual components.

3. After thinking, Took. 90% of my best
trouble-shooting was resolved by looking on-
Ty.

4. Always be prepared for the unexpected.
Remember that you may think you know what
hum sounds like, but do you really?

5. Make a test capacitor. Power supplies
can be a problem.

6. Tap with something insulated to find
intermittent problems.

7. Rosin is an insulator (gee, I wish I
had known that...)

§ to liquid and gets out of the way of the con-

™X 78758
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MISTRESS
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I 1d
li‘:’(oeu to start by HENRY :

this article out by
saying that I am not
connected with
Electro-Harmonix in any
way, nor do they
necessarily condemn or
condone the modifications
I am about to suggest. I
am an experimenter an
musician, and found these
"secrets" out by
serendipity! Perhaps

they will help you to get
more out of your flanger. :

I feel the Electro-Hammonix Electric
Mistress Deluxe Flanger is one of the best
inexpensive devices of it's sort to ever
come out. (Most music stores have it for
about $90.) I consider it to be one of the
two most important devices in my repretoir
of sounds (echo being the other) Despite
the low price, one can get sounds from the
subtle to the dramatic with a few twists of
the knobs.

However, I feel that Electro- Harmonix
in particular and the whole industry in
general has always been secretive about
schematics and reluctant to give spec's and
suggestions for alterations, so it's to us
to come up with valid modifications. The
Electric Mistress lends itself well to some
minor (but significant) changes that add
considerable degree of versatility to the
gizmo, but note that the following comments
apply only to the EH Electric Mistress
Deluxe Flanger, AC powered model.

THE MODS

Here are the modifications we'll be
adding:

1. a front panel control for delay

time ,

2. a front panel control for mixing
(cont. p.2)

IN THIS ISSUE:

MODS TO ELECTRIC MISTRESS.:¢eeveeeccaacss 2
REVIEW: The Yamaha E1010....cccc0v0eveenn

-------------------------------------

BASICS: Budget Pots
DECLASSIFIEDS.......

---------------------
---------------------

---------------------

THE AMS 100, PARTS 5, 65 & Teeeeneeneenn.
OPINION POLL: Guitar/Synthesizers.......

by PAUL RIVERA

For years, musicians have been using echo in
some form or another, ard fram the beginning they

have been putting up with the problems associated

with achieving it. And,
although studio echo
units are highly
sophisticated, they are
less than suited to the
Irigourous environment of
the road. It has been
hoped that new analog
and/or digital technology
could proviode a quiet
and dependable electronic
delay to replace outdated
mechanical delays.

Currently, the echo unit used most by
musicians is the Maestro Echoplex. Among
other things, the Echoplex is mechanical,
noisy, employs poor-quality heads, is prone
to wow and flutter, and requires frequent
maintenance as well as tape replacement to
ensure acceptable sound. Although any one of
these problems can be cured, the cost of
modifying the unit to get it perfect is
prohibitive, and requires the replacement of
nearly everything but the chassis. Clearly,
there must be a better way.

The first analog delay units, however,
were just as noisy as the old Echoplex, and
were usually more expensive. Digital units,
the much-hearalded wave of the future, were
no better. For although digital delays are
quieter in traditional noise areas, the
distortion they do generate is all "wrong."
Our ears are used to certain types of
distortion, which we recognise and accept for
what it is, when necessary. Digital noise,
however, is much different. It comes mostly
from quantizing errors, and is inherent in
the design of current digital equipment.

Time marches on, though, and right now,
time is working for electronic delays and
against mechanical delays. Mechanical delay

units have reached (cont. on page 10)
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straight
and flanged signals

3. increase regeneration for deeper

effects.

4, an on-off switch with a power

status LED.

We'll also discuss internal

adjustments that can be made if our unit
gets out of adjustment.

area covered area covered

by sketch 3 by sketch 2
\u
-— componenf side of
component board
L |

See sketch #1. This is a view of the
circuit board from the component side, with
the pots oriented to the left side of the
Note that all the Trim pots are
labeled, and we want to concentrate on
these. First though, let's see how to get
the board out of the chassis without
ruining everything. Remember, the Electric
Mistress uses a Reticon 1024 BBD, Which is
not a cheap IC., so be dainty in your
handling of everything. Here are the steps
for removing the board.

1. remove the back plate (6 screws)
2. remove the pot nuts (3)

3. remove the jack nuts (3)

4. remove the filter matrix switch
screws (2)

5. carefully pull the board out,
and fold over. There should be
enough slack wire to allow the
board to sit comfortably out of the
box for test purposes.

Now, for our first modification locate
the delay trim pot. We would like this to
be a front panel control. This works out
quite nicely, for there is more than enough
room in the chassis for several more pots.
Simply desolder the trim pots, and run
extension wires to a front panel pot. Use a
100K pot for this. This delay control
interacts with the range control somewhat,
so one must carefully set the two controls
in relation with each other: But in return,
we gain the ability to use our flanger for
a short delay unit. The maximum delay is

rate | ! )
\
~_/
TN lock
‘ b 13 cloc
range | @bms (?) @nuﬂ

color \

than a slap-back or "garage" effect;
however, the sound is nice for special
effects. I have found that by easing the
delay time up somewhat, and setting the
front panel color control to a minimum, I
can get a nice doubling effect. On the bass
strings the sound is close to that of a 12 §
string in some ways. All in all, I feel the
delay trim pot makes a great front panel
control.

The only trouble you may encounter is
that at extremely long delay times, the
clock signal feeds through to the audio
somewhat. If this happens, back off the
control untill the clock is less apparent,
or add external lowpass filtering.

Another control we would like on the
front panel is a mix control. Once again is
internal to the unit, but let's put it up
front for greater control over the

pots
w

g Sketch #1 100k
\ @de]ay

-~

@regenerat’ion
A
7 \

. @mix
10k

Note 5

Component side of PC board.
white trimpots.

TTHne cord

om0 | ]
.\ % O O O filt matr
ﬂan%ed digect input
add LED add out ou
switch

Sketch #2 :

Front panel view of Deluxe Electric Mistress.

intensity of the flanging effect. Again
referring to sketch #1, locate the mix
trim. Desolder it, and bring extension
wires up front to a 10K pot. Be sure to
maintain the wiper and side lug
orientation. Voila! We can now control the
mix.

One draw back of the Electric Mistress
is that it has no on-off switch, however,
there is more than enough room to install

fixed in this unit, so don't expect more 9 one. (See sketch #2 for the placement.) Use

DEVICE



a slide switch and two screws to hold it in
place. Drill two holes, then form a
rectangular hole for the switch with a
small flat file. Be sure to use good
soldering techniques, and carefully wrap
everything with heat shrink tubing.
Remember, you're dealing with 110 volt's!
As long as you're at it, drill a hole
off to one side (see sketch #2) for a LED.
Either use a grommet or a clip-tite LED
holder to affix the LED in place. Solder a
4700 ohm limiting resistor in series with
the LED, and once again wrap with heat
shrink tubing. Locate the plus line and
the ground line on the back side of the
board and bring out extension wires to the

SKETCH 2 #3 - change to
“““““ 220k
gain
16 ° t9\"tr1m
° 22
#4 - delete

cap, replace

o 3

with jumper °

#2 - replace B

with IM mini

. 24
trimpot on
foil side

25
#5 - trigger
indicator - add o7
h r
assown\ J6 F

LED
®:
~a
3.3k
VW

LED. These lines are quite easy to find:
Look for the rectifiers and take it away
from there. You now have a switch and
power status LED. It looks so nice, why
wasn't it there in the first place?
Finally, there is an internal control
for regeneration that interacts with the

front panel control called "color" whose

purpose is to keep the unit from3 and tells us what

11

SKETCH #3
100 uF
100 uF 5
O ——t o #7 - delete
capacitor

o= 6.[;]77
W #6 - add l:]

heat sink

oscillating. Vibration can upset this
control however, and I found I was able to
increase the intensity of my unit by
carefully adjusting it. On sketch #1,
locate the regeneration trim pot. With the
unit hooked up to an instrument and amp,
and with color control set to a max, trim
until you get oscillation and then back off
just a fraction. This will then give youfl
the maximum amount of regeneration effect, §
which can be toned down by the color
control on the front. Supposedly §
Electro-Harmonix does this adjustment in
the factory, but shipping and gigging have
a way of vibrating the control slighly out
of synch. You should hear my unit now!
Talk about the "jet-plane" effect!
Finally, there is a trim pot for
clock-null. You probably won't ever need
to use it, but it's nice to know it's
there. Should you ever hear a high pitched
squeal, adjust the clock-niull until it is
at a minimum. For short delay times it is

SKETCH #4 5554

""""" "//}C

- w,  board
insulator

aluminum

bracket

possible to get rid of all the squeal. For
longer times you may have to compromise and
let a little through.

There is one other trim on the board,
but to tell you the truth I don't know what
it does. I suspect it has something to do
with how the two delay lines are strapped

together. But unitl someone comes along
(cont. p.8)

DEVICE



12

MISTRESS cont, to do, let's leave it
alone. [It probably adjusts the bias on
the 1024. Trim for minimum distortion with
the loud signals if this is in fact the
case...Craig.]

I hope this article will be a help to
those electronic music nuts who want
maximum vesrsatility, even from a
store-bought unit. My attitude has always
been to get those controls up front where
we can play with them! Just because a unit
is store-bought doesn't mean we can't put
our electronics savey to work. Let's
modify, and not just that, let's tell
everyone what were doing! [And write it up
for DEVICE...Ed.] We have got to break
down this mystique which companies seem to
be perpetuating that the guts of a gizmo
have no consumer adjustable parts.

Bullshit! It's there for the taking.
I should mention however, that

tampering with your unit will void the

warrantee. However, in my opinion, the

warrantee is so weak and worthless that

you're not experiencing any real loss.

But, you must decide that for your self.
Have fun!



The ELECTRO-HARMONIX DELUXE BIG MUFF PI,
AC powered unit is a terrific device, contain-
ing not only the renowned BIG MUFF PI distor-
tion unit, but also the SOUL PREACHER compres-
sor sustainer, all in one case. Front panel
controls include a treshold and volume control
for the compressor. There is an output jack
for the compressor alone, and a jack for a
mixed fuzz/compressed output. In addition,
there is a slide switch which converts the
mixed output to fuzz alone.

Sounds perfect, doesn't it? Wrong. When
I first got the unit, the question which was
foremost in my mind was: in what configuration
are the effects wired, parallel or series? The
next question was, which is better? I found
out the hard way and pass my results on to you.
I wired the unit so at a flip of a switch I
can run the compressor in series with the fuzz

EIGIVMDEEINIDEIUXE

— Oy Bhomas haney

Note that there is an infinite loop effect in
the compressor, when the switch is on series
mode. That is, the output of the compressor
is being fed not only to the fuzz, but also tc
the input of the compressor itself. But the
fact remains, the modification works! Why?
Well, for one thing there are resistor inputs
to the compressor and fuzz, and as I will show
later, we will put this to good use in avoid-
ing unwanted feedback. Secondly, I must con-
fess that when the compressor volume is way dowr
a slight oscillation can be heard. However,
that is at no compressor volume, and I assume
that everyone will have at least a little com
pressor brought up.So under playing conditions
no problems will occur. (By the way, the rea-
son for this compromise, is that to completely

compressed out

S2
IN
0 fuzz mixer para‘l]e]
mixed
I s output
|| compressor o-:]—- fi?!f?-l

S1 is the stock
"Blend" switch

S2 is the push in/
push out switch

or, in the alternate position, I can have it
in a parallel with the fuzz (the configuratiom
of the stock unit). As it turned out, the
series position is the better of the two (for
my style of playing, which is distinctly heavy-
metal, with lots of sustain). Best of all,
there are no holes to be cut for the switch,
as we will use the hole provided for the slide
switch mentioned above. In the end, we lose
the ability to split the compressor and fuzz
to separate amps, but gain a whole lot more
versatility in altering the sound of the unit
(I only use one amp, anyway, so this was no
disadvantage). Let's dig in.

The stock unit is wired as shown in Fig.l.

We're going to change it the configuration
shown in Fig.2.

Now, before anyone goes bananas let me
explain something. Your first impression of
this set-up is probably that it won't work.

disconnect the compressor input one would need
a triple pole, double throw switch. For those
purists who demand the best, and can find said
switch, install the third poles at the circled
"X" on the drawing, so that the compress tie-
in with the fuzz is broken on series mode. For
what it's worth, I didn't find that necessary,
and have had perfectly good luck with the DPDT

Well, that's the theory, on to the work.
Carefully remove the back of your unit, remove
the nuts on the jacks, pull the knobs off of
the pots, remove the pot nuts, remove the nut
on the main in/out push switch, and finally
unscrew the "Blend" switch screws.

Carefully pull the board out of the case
and fold over; there should be enough slack in
the wires to allow for this. Locate the fol-
lowing points on the printed circuit board,
following these directions: with the fuzz
pots oriented on the right side of the board,

DEVICE ek
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(norma11y connected wire; see text
IN §2
® b ® fuzz
mixer MIXED
Cl .22 ouT
]
|
S1A
compressor
S1 is now a DPDT slide I '
switch. UP position on the Figure 2
schematic is series, $18
DOWN position is parallel.  compressed out o
enc ——

BIG MUFF (cont. from pg. 5°

as you face it, look along the middle of the

foil side of the board, from right to left.

You should see a line of IC's. Starting from

the right, there is an 8-pin, and 8-pin and an

8-pin, ( all 4558's by the way. ) Then
there is a gap of two inches until you find
another IC, which is a 14-pin, (you should be
right next to the power transformer now).

About an inch above the 1l4-pin is another 8-

pin (another 4558, which incidently is the

output mixer chip). That's your sight-seeing
tour of the BIG MUFF PI, presented to you in
the hopes of helping you get around in there!

Now, back track, and start from the right
again. Count over two chips (i.e., the middle
4558 in the group of three). You should see
IC pads similar to Fig.3 on the PC board.

The point marked "P" is the point we want. Mem-

orize its position, better yet, mark it for

future reference. It is the fuzz input. *

* (Note: Point P is the closest input to the
fuzz, and avoids the input resistor, men-
tioned earlier; hence we can minimize feed-
back.)

Fortunately the rest of the connections
that we want are marked on the circuit board,
by the fine people at ELECTRO-HARMONIX. Locate
the pad labelled "F" in the upper left quad-
rant of the board. (We're still oriented as
before, pots on the right). This is the point
where the compressor enters the mixer. Found
it? Then locate pad"E" down on the middle pad
of the compress volume pot. This is the com-

P is the P>
top of Tl
the

"T-bar"

Figure 3 jx

e

1:7:79

ressor output.
Unsolder the slide switch and replace it

with the DPDT mentioned earlier. Follow the
wiring scheme shown in Fig.4.
E F
.22 uf l ]
p—-—-”—-——. ¢ b
DPDT
switch, ® ® ]
bottom
view
Figure 4

Note that we add a .22 capacitor (I used
a mylar) between the compressor and the fuzz.
This is a must, since the DC would run bonkers
otherwise. There is more than enough room to
solder this capacitor directly to pad "P"
Cover the leads with heat shrink tubing, lay
the cap down on the board, and run the remain-
ing lead to the switch terminal. The leads
are stiff enough to keep the capacitor from
rattling around.

You can take your ground connection for
the DPDT switch from one of the jacks located
next to the switch. Next, mount the switch in
the old "Blend" switch hole.

Reassemble your unit, making sure that
you watch the dressing of the wires. Keep
everything clear of the power supply, and keep
any input wires far away from the output wires.
Before firing the unit up, double check for any
errors. When you are satisfied, replace the
back and check the unit.

With the switch in parallel mode, the
unit is wired exactly as before. Bring up the
compress volume for pure compression. Turn

.
ic
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pack down, and bring up the fuzz for distort-
ion. Bring up both fuzz and compression for
a paralleled sound. Now, put the slide switch
in series mode. Ease up slowly on the com-=-
press volume, and then the fuzz volume. The
units are now in series (compress first, fuzz
second) and so both volume controls must be
brought up for sound to get out. .

Wow! Talk about sustain! Fiddle with
the controls a bit and I think you will agree
this modification makes the BIG MUFF PI DELUXE
into a super-charged device. I am able to
get the longest sustain times I have ever
heard in my life (or should I say "felt").

The gain is horrendous in this mode, so keep
your amp volume down at first or you might
wipe out your hearing. Also, with my Les Paul
Standard and Music Man 210 if I get a little
too close to the amp I experience some acous-
tic feedback...so watch out for that too.

For the purest compression possible, with
no distortion, switch back to paralled mode and
plug your amp into the compress output jack.
This gives cleaner compression than taking the
output from the mixed output jack, since the
signal now bypasses the mixer circuit altogeth-
er (that's one fewer 4558 the sound has to go
through.) : -

In conclusion, I wish to make it clear
that I don't think the perfect fuzz box or the
perfect compressor have been made.  So, I am
not trying to hard sell anyone on this unit.

I do think that Electro-Harmonix has come up
with a good inexpensive box (I paid $60.), ard
this modification has made me like it even
more. But I don't think it is the sort of
effect that you would want to use all the time
(I'm a heavy metalist, myself, but even I grow
sick of distortion and sustain all the time).
Furthermore, purists might object to the rel-
atively noisy 4558's used inside. But within
those limitations I feel the device is useful.
Have fun!

P.S. I changed the graphics on the front case
to read - "Series/Parallel" instead of "Blend"
by doing the following:

Carefully roughen up the word "Blend"
with the end of an ink eraser. Do not scrub
the words, just roughen lightly. Then rub
some acetone on the word with a cotton ball.
Careful! Acetone is highly inflammable, so
don't smoke while doing this. Better yet,
don't smoke at all and do yourself a favor.
Anyway, the acetone will disolve the letters.
Clean up the spot with rubbing alcohol, then
let dry. when dry, apply dry transfer letters
to read "Parallel/Series". Finally coat the
new letters with clear spray paint. Buff with
0000 steel wool to bring back the original
lustre. Voila! ®&
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Henry’s Pages

MODIFI

I

[CATION TIPS

This time I thought I would pass on some modification
tidbits — short and easy things you can do to upgrade your
devices. Part of the trouble of modifing devices js that manu-
facturers are very secretive concerning schematics. My idea is
that we form an ‘“‘underground” army of musician-techni-
cians, and every time we discover something, we spread it
around. That’s just one of the reasons I'm excited about
DEVICE. Through it’s pages we can inprove our knowlege
of devices and spread the good word. So, let’s start off divulg-
ing some adjustment secrets.

If you open up the EH Zipper Envelope Follower you
will find a trimpot staring at you. It is soldered to the foil
side of the PC board, so you can’t miss it. Will Electro-Har-
monix tell you what it is? Nope. Do the instructions that
come with it tell you what it is? Nope. Will I tell you what
it is? Yep! That trimpot adjusts the tuning of the filter.
would you like to tune the filter down into the bass region?
Easy, While playing turn the trim down and listen to the
change. Turn the other direction to tune the filter up into
the very treble region. Now I realize that this isn’t very start-
ling knowlege but if you’re like me, you like to know what
adjustments are there for the taking.

Speaking of adjustments — has your roadworn EXUMA
Phaser been sounding dead lately? Then possibly the phase -
center trimpot has vibrated free. Open up the unit and you
will see a trimpot sitting on some floppy wires. Carefully ad-
just the trim while playing and should be able to find the
“center notch”, a position that gives the most phasing sound.
If you like, when you have found your favorite position on the
trim, seal with fingernail polish to keep the trim from vibrating
free again.

While we’re talking of phasers, have you built the CFR
Associates Audio Phase Shifter Basikit[CFR Associates, New-
ton, NH, 03858] and don’t like the sound? Try these changes
and see what you think. I replaced the 741’s in the phase shif-
ter circuit with a 4136 quad.op amp and noticed a definite
improvement in noise level and distortion. Furthermore, I
replaced the two 741’s in the buffer and mixer circuit with a
4739 dual op amp with the same good results mentioned
above. I think another must is the inclusion of regeneration
in the circuit; just tap the output of the last phase shift stage
and bring it back to the inverting input of the second stage
through a 220k resistor, a 1mfd electrolytic and a 25k pot.
The resistor limits the regeneration to a point just below
oscillation, the capacitor blocks the DC and the pot gives
you a variable control. I think the device is positively stupen-
dous now, which is funny, because when I originally built the
circuit without these modifications , I thought it was junk.
My roommate will attest to the screaming fits [ went into
when I built it. But now, I love the circuit.

Do you travel with a lot of gizmos? Well, I do and one
thing I've always appreciated are those switching jacks on the
inputs of devices. Obviously, when your traveling you don’t
have any plugs plugged into the box, so the battery doesn’t
get worn down. But then again, if you practice or record
a lot, and you have an arrangement and cords that you like,
it’s a hassle to unplug everything at the end of the day, and
then plug-in again at the start of practice. Do what I did. I
put SPST switches on all my devices in series with the switch-
ing jacks. That way at the end of a session I can leave every-
thing plugged in, and just hit the switches to axe the power.
And on the road I still get the security of knowing the worlds!

Most gizmos are using power status LED’s now, but some
don’t. I usually put them in all my boxes, since 1 like to

(continued on next page)

NEW LAMPS FOR OLD

This month’s modification really should be called a
refurbishing, for we will-take that cruddy old wah-wah pedal
and convert it into a high class volume pedal.

Several months ago one of my musical friends was moving
from town to seek his fortune in Florida. But before he went,
he called me over to his house (in fact, minutes before he left)
and said he had some old odds and ends he thought I might
be interested in. He had a box with old cables, broken micro-
phones, and among all this trash was an old wah-wah, circa
1965. He said he didn’t want to carry the junk with him, so
would I please do whatever I wanted with it. I obliged him,
not really realizing the bargain I had gotten.

|

Note the pushbutton switch under the toe.

The pedal sat for a month or so, and then one day it
ocurred to me that the pedal itself was sound; it was the
circuitry that was junk. In fact the pedal was made of cast
iron, and was one of those nice heavy types. In addition it
had an adjustable tension on the throw, which really was
quite nice.

Finally, [ decided the time had come for a volume-over-
drive pedal to be added to my repetoire of gizmos. Here’s
what I did.

I started with the preamp circuit from Electronic Projects
For Musicians by Craig Anderton, (availble for several sources;
published by Music Sales Corporation) on page 56. I built up
the circuit, using a photo-reproduced circuit board, and
stopped there, before doing anything about the feedback
loop on the op-amp.

Next, I stripped out the guts of the pedal, and discarded
the wah-wah circuit board. I saved the foot switch (under the
toe of the pedal), and replaced the two jacks with stereo
phone jacks. Next, I removed the pot from its rack and pinion
casing and replaced it with a 1 Meg pot. I found that I had to
epoxy the new pot in place, as the previous was substandard
size. Finally, I re-installed the rack and pinion device, allowing
the pedal to control the new pot now.

I mentioned that there was a DPDT push-push switch
under the toe. The way this works, is when you throw the
pedal all the way to the front and press hard, the switch
triggers. I decided to use this switch as a range switch (see
figure 1).

Note how the switch in one position allows the pot to
be in the feedback loop unaltered, for huge amounts of over
drive. Then, in the other position of 56K resistor is shunted
across the pot bringing the gain clear down into a non-dis-
tortion range. So in one position the pedal goes from zero to
about 2 in volume, and in the other position the pedal goes
from zero to overdrive. You will note that [ have deleted the
18K resistor which is in series with the pot in the book setup.

(continued on next page)
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NEW LAMPS FOR OLD (continued from page 3)

This allows the pedal to drop clear down to zero gain (silence);
we want this to get bowed effects and to stop the signal be-
tween songs.

in Qe F « AVAVAV,
56k

Preamp
module M
pedal

ont /c

wTi Al W |
toe switch

FIGURE 1 (note that points P and Q are the feed-
back conections for the preamp’s op amp)

Construction is exactly the same as given in the book
otherwise. Use the stereo jacks as switching jacks on the
two batteries. Obey good wiring practice since there is a lot of
gain in circuit. Keep the input away from the output to avoid
oscillations, and use shielded wire for the input connection.

Now, naturally if you have an old junk pedal, it may
differ from the one I have just described, and so your con-
struction will be different.- However, just think about what
you have to do, and do it carefully, and you too can have
anew pedal from old.

ek

The heart of the matter

AFTERTHOUGHT: As [ finished writing this article,
it dawned on me that another, perhaps better way to wire
the pedal would be to use a double section pot and a switching
arrangement as shown in Figure 2. The pot should have a 1
Meg section and a 50K section.

toe V 1M
switch
in O—— P_/
Preamp
module 50k
Q
out Qi
FIGURE 2 (each pot section is part of a dual ganged
pot. Moving the pedal changes both pots simultan-
eously, but only one is selected at a time via the toe
switch)

17
ADDENDUM TO THE VOLUME PEDAL
e e e

Note well: The audio is passing through the
pot, so choose not just a good pot, but an excellent
one to avoid noise problems. Allen-Bradley sealed
pots are perhaps the best, and in this application
are worth the extra buck or two.

KKK AR K R K KK KK K KKK K K K K K F KK

Here’s Tom Henry

RAODIFICATION TH  (continued from page 3)

be able to tell at a glance what’s on and off. Here’s how
I do it. First, estimate the power consumption of the circuit.
If it seems fairly low, then you are safe. Simply wire the LED
in series with the switching jack and the battery. I use clip-
tite LED panel mounts for a professional aPpearance|avail-
able at Chaney Electronics, P.O.Box 27038, Denver, Colorado
80227, and from others]. I have put LED’s in the EH Octave
Multiplexer, the Craig Anderton Pre-Amp and many other
circuits from Craig’s book. I use red LED’s as they are the
easiest to see on a darkened stage.

Well, that’s all for this time. If you have ideas for mod-
ifications, be sure to pass them on. We can’t remain silent
on such an important subject. By all banding together and
pooling our knowlege we can save countless dollars and
prove that we can handle the workings of our machines!

(Editor’s note: you might run into some problems with the
LED indicator, for a couple of reasons. First, the LED will
cause a voltage drop which may or may not be a problem.
Next, for best results, I'd suggest wiring the LED in series
with the positive battery connection — the one that goes to
the effect circuit board in most cases — so that the anode
goes to the battery + and the cathode goes to positive power
terminal on the board. This at least prevents a voltage drop
through the ground lead. For besr results, use this technique
with effects that draw aboutr 10mA or less, and be prepared
for the fact that it won't work with all effects -- but it will
work more often than not, —-Craig)

&
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By Thomas Henry
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Active filters are the types of building blocks that show
up all the time in electronic music circuits, and indeed are
handy little things to know something about. For example,
several months ago, a friend and I were working on a pitch
to voltage converter, and found the need to include both
lowpass and highpass filters in the prototype. Filters show
up in flangers (see DEVICE 1:9), analog delays, equalizers,
even in the “lowly” wa-wa pedal. It therefore behooves
the electronic musician to know a little about active filters,
and even to be able to brew up a simple circuit at a moment’s
notice. This little article will concentrate on how to cook up
a special type of active filter known as a second order Butter-
worth response filter. Our approach will be strictly practical.

First, what is a second order Butterworth filter? Well,
behind all that jargon is something simple: we have a filter
with a very flat passband (that’s the Butterworth part) and
rolls off the response at about 12 dB per octave (that’s the
second order part). The flat passband part is quite desirable
and in practice, the circuit that you design and build will
indeed have a nice, flat response in the passband. If you have
a signal generator, a scope, and some semi-log graph paper,
it is really instructive to design a filter (say, a lowpass) and
then check its response with the instruments and finally
graph the results. I did, several months ago, and was amazed
at the results!

PART 4 — 2nd Order Butterworth Filters

D8 Gate On
AAY

citors, and away you go! Let’s look at the design equations.
The frequency at which this lowpass filter starts to roll off
(the -3 dB point) is given by the equation (see note 1):

1

fc =
2p1 V(RL) (C1) (R2) (C2)

Figure 2 shows the calculations for a specific example; in
this case, the -3 dB point is 2250 Hz.

Before formulating a design procedure, let’s take a closer
look at the response of the filter. If you were to graph the re-
sults of the circuit above, it might look like Figure 3. Re-
ferring to the graph, we see that from f1 to f2 the circuit rolls
off the high frequency response at a rate of -6 dB per octave,
and then at f2 the response rolls off faster, at a rate of -12
dB per octave (see note 2). This is theoretical, though; in
actual practice you will probably only achieve a rolloff of
-10 dB per octave due to the interaction between R1, C2
and R2, C1. Further, the critical frequency (fc) may be
slightly off, due to tolerance problems in the above com-
ponents. One can minimize this latter problem by using
high quality capacitors and precision resistors, but generally
this level of accuracy is not needed. For example, several

2nd ORDER BUTTERWORTH LOWPASS

Cl
input
Rl R2
gt
-1 C2
Figure 1 i

output

1
2pi V(R1) (C1) (R2) (C2)

Fo =

SECOND ORDER LOWPASS FILTER. This is simply
a filter which passes all frequencies up to a certain critical
frequency, fc, then attenuates all frequencies thereafter.
The building block circuit in Figure 1 will work for all cases;
you just pick the right values for the resistors and the capa-

months ago I whipped up a lowpass filter with a theoretical
cutoff of 84} Hz and ended up with 81 Hz in reality...and
that was just with ordinary components. Not bad!

A good design procedure would then be:

1) Arbitrarily pick a value for C2. (continued on page 12)
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CIRCUIT DESIGN
fcontinued from page 11

T

in

10k 10k

Figure 2

out
op amp

.005

1L

Fe

2250 Hz

2) Let C1 = 2 times C2 (see note 3).

3) Let Rl = R2 (see note 3). Since we know fc, Cl,
and C2, we can solve for R1 = R2 from the cutoff formu-
la:

2

fc(2pi) Y(c1) (C2)

EXAMPLE: Design a second order Butterworth lowpass
filter with a cutoff of 650 Hz.

1) Pick C2 = .01 uF (that’s a pretty common value).

2) Then C1 =2 (.01 uF)=.02 uF

3) Compute R1 and R2. Since we know fc; Cl1, and C2,
we can solve for R1 = R2 from the resistor formula:

Rl =R2 =

Rl1=R2=

1

(650) (6.28) V(.01 x 10-6) (.02 x 10-6
17.3k

One could then pick a precision resistor, or if accuracy
isn’t crucial, a close 5% value will do. In this particular case,

18K might be a good choice.

2pi 4/ (10x 103)(.005x 10-6) (10 x 103) (.01 x 10-6)

For the values of R1 = 18K, R2 = 18K, C1 =.02 uF, and
C2 = .01 uF, the actual cutoff would be 625 Hz, so you can
see the effect that rounding off R has. As they say, close
enough for government work.

SECOND ORDER HIGHPASS FILTER. We can really
buzz through the design of highpass filters, since they are
the “dual” of lowpass filters, both electrically and mathe-
matically. All of the same equations hold, and the design
procedure is the same.

A graph of the response of a highpass filter might look
something like Figure 4. The frequencies fc, f1, and f2 obey
the same equations given above. Once again we see a rolloff

- of 6 dB from f2 to fl, and then it picks up quickly to achieve

a 12 dB rolloff from f1 on down.
We said above that the highpass filter is the “dual” of

the lowpass. Here’s why. Compare the circuit in Figure §
for the highpass filter with that of the lowpass. Note that
wherever a capacitor occurs in the one, a resistor occurs in
the other and vice-versa. That’s pretty neat! And you’ll find
this idea of duality occurring all over the place in the design
of active filters.

EXAMPLE: Design a highpass filter with a corner frequen-
cy of 60 Hz.

1) Pick C2 = .1 uF

2) Then Cl =2 (.1 uF)= .2 uF

3) Solve for R from the following equation:

output

0 dB
-3 dB

26 dB/octave slope

-12 dB/octave
slope

Fig. 3 - Lowpass response fl
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R1=R2 =
1

(60) (2pi)4/ (.1 x 10-6) (.2 x 10-6)
= 18.8k

CONCLUSION:  Of course this isn’t everything that
there is to second order filters, but unfortunately to really
get at the theory of active filters one needs a fair amount of
mathematical preparation. However, the above practical
methods work quite well, and even if you don’t understand
the total theory behind them, the fact remains that you now
know enough to build them. Try out a few designs of your
own (say, with a solderless breadboard), and then compare
the theoretical with the practical. If you do just a few prac-
tice designs, I'm sure you will see just how easy and con-
venient the second order Butterworth filters (both the lowpass
and the highpass) are to design and build. Here are a few prac-
tical notes to help you along:

1) For best results in audio circuits use low noise op
amps, say a 4739 or 4136. FET input op amps are also well
suited to active filter circuits.

2) It is possible to cascade two lowpass filters or two
highpass filters for a steeper rolloff, however you will lose
the Butterworth part (flatness of response in passband).
For this reason, it is better to go with a fourth order de-
sign - see the sources listed below.

3) Cascading a lowpass and a highpass is legal, and by
doing so you are really designing a wide bandpass filter.
One advantage of doing it this way is that you can indepen-
dently select the two corner frequencies.

4) Be aware of weird values. If your final design ends
up with R1 equal to something like 123 Ohms, you had
better select another value for C1 and C2 since such a low
value resistor could cause loading problems. Extremely high
value resistors could cause hum problems and increased
noise. Good values for R1 and R2 would lie between 10K
and 100K.

5) Both filters shown in this article have a gain of unity,
and are non-inverting with respect to phase. They were pur-

output

-6 dB/octave slope

0 dB
-3 dB

-12 dB//,
octave
slope

e +frequency
- |
i1 fe £2

Fig. 4 - Highpass response

posely designed this way, partly to simplify the arithmetic
and also because the Butterworth filter has a tendency to
oscillate at high frequencies when used in a gain configura-
tion. If you need gain, add a gain stage before or after the
filter (but do avoid clipping).

6) If at all possible procure a scientific notation cal-
culator (the TI-30 at $17 is my choice). This makes the
arithmetic a snap.

7) Be prepared to use a lot of paper and pencils. Your
first design may end up with weird values. Play around with
different values for the capacitors until you get something
nice. Sometimes it takes me five or six attempts until I find
a design I like.

NOTES:

(1) A calculator is almost a must here. If yours doesn’t have

a key for pi, use the approximation 3.1416 or simply 3.14.

Note the resistance must be in Ohms and the capacitance in

Farads; however, you can also use megOhms and microFarads

if you wish to simplify things. Better yet, use scientific no-

tation and save yourself a hassle. 4

(2) If you are curious, you can predict where f1 and f2

fall from the equations:
f1=1/6.28 (R1) (C1) f2=1/6.28 (R2) (C2)

(3) The conditions C1 = 2 (C2) and R1 = R2 guarantee that

the resulting filter will have a Butterworth response.

2nd ORDER HIGHPASS FILTER (use same equations)

R1 output

input

Ccl c2

R2 Figure 5

—_—

SUGGESTED READING:

Hilburn, John L. and Johnson, David E. Manual of Active
Filter Design. New York; McGraw-Hill Book Company,
1973, ]

Hutchins, Bernie. Musical Engineer’s Handbook.
New York; Electronotes, 1975.

Lancaster, Don. Active Filter Cookbook. Indianapolis, In-
diana; Howard Sams and Co., 1976.

Lancaster, Don. “Understanding Active Filters”,
Electronics, December, 1976, pages 69-76.

NOTES FROM NAPA (feentinued from pege 2)

top everything off some letters that needed replys have yet
to be found (oh no, looks like Mister Sluggo’s been on the
job again). If you feel that you have been slighted or left in
the dark, PLEASE drop us a note. I won’t let this happen
again!

I have already xecemed some subscription renewals and
while this is great to see, it is also a little premature. All sub-
scribers will receive 12 (count ‘em) issues for their $15. You
{continued on page 16)

Ithaca,

Popular
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DEVIC

BY THOMAS HENRY PART ONE

STALKING
the SAD-1024

In which Tom takes us through the paces and
traces of the popular Reticon BBD chip

SAD-1024 analog delay chip. In it, | won’t concentrate

on the theory of the chip, but rather on the practical
aspects of getting the chip working in most circuit config-
urations. There has been a fair amount of literature published
on the chip, and in some cases there have been contradictory
statements made about the chip’s wants and needs. | hope,
then, to clear up some of the confusion and also to review
some things that you possibly already know.

At the end of the article | have listed my sources. The
material has been numbered, and noted in the article by those
numbers. For more information on a particular topic refer to
the numbered reference. In most cases the original article will
give you the theory and design notes and other ideas that can
give you further depth on this subject.

| should say a few things about the sources. You can
probably find the Radio-Electronics and Popular Electronics in
your local library. However, the other sources aren’t quite so
easy to locate. | have given some addresses to help you along
though. Polyphony, Electronotes and Technotes are, to my
knowledge, all available on a back issue basis. Write to the
respective publishers for pricing information. The Reticon
information is available to “qualified” persons only. Qualified,
in this case, means you must be in a business, school, or so on,
and write for the literature on “official” stationery.

Finally, I've listed Marvin Jones’ String Synthesizer article
because it illustrates how the SAD-1024 can be incorporated
as an integral unit of and instrument, and further demonstrates
the concept of chorusing.

T his article is a compendium of tips and hints on using the

INPUT CONSIDERATIONS

1. The input signal to the SAD-1024 must be approp-
riately conditioned to avoid distortion. First, the input fevel
must be below 2V peak-to-peak. If the signal is lower still, say
below 1.4V p-p, the manufacturer claims less than 1% dis-
tortion. However, there is some chip-to-chip variation, an a
particular chip may be able to handle 1V p-p max. Play it safe
then, and limit the input level to 500mV p-p. Between the
500mV and 1V p-p level the peak (not average) signal to noise

ratio (S/N) is greater than 70dB. (See note 8.)
(continued on page 7)
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review

STRIKE """
BACK' The PAIA DRUM kit is put
|

through a shake-down cruise

ynthesizers have grown; many people still think of syn-
Sthesizers as keyboard instruments although now some
operate under digital control with programmable presets
and/or polyphonic voicings. However, the synthesizer’s growth
has gone far beyond just voicing sophistication, since new inter-

facing electronics allow non-keyboard musicians synthesizer
expression. While pitch to voltage converters have garnered a
lot of attention since they allow guitarists and other acoustic
musicians full synthesizer control, there are a growing number
of special purpose interfaces. With this review we will explore
some of the capabilities of the percussion/synthesizer interface
by examining PAIA Electronics’ new kit The Drum.

Intended to be a modular block, each Drum kit ($59.95
postage paid) has one complete drum voice. A four channel
system with case and power supply sells for $269.75 and
assembled units are available.

Many DEVICE readers are familiar with PAIA as it is one
of the larger musical electronics firms in the U.S. geared
specifically to kit builders. For anyone just starting in elect-

ronics, it’s difficult for me to think of a better place to start
(continued on page 2)




22 2. 1In order for the bucket brigade
stages to pass information, the input
must be biased up to approximately
40% of V{4d. In case of a +15 supply,
this is +6V. The circuit in Figure 1
should be used to accomplish the
biasing.

In the end, you will want to adjust
the trim while observing the output on
a scope. Adjust for no (or lowest) dis-
tortion with a full scale input.

3. Limit the input frequency to
the SAD-1024 to less than 1/3fg,
where f; is the clock frequency
applied to @1 and $2. By doing so you
will minimize “foldover” distortion in
the output. An active filter stage could
easily be cooked up to lowpass every-
thing up to 1/3 f;, and at the same
time increase or reduce the input level
of the necessary 500mV p-p, (see
above). This bandwidth limiting is not
a trivial matter, and is vital to getting
the output to sound clean.

OUTPUT CONSIDERATIONS

4. The outputs of one section of
the SAD-1024 can be terminated in
either of the following two ways
shown in figure 2.

This brings up an important point.
There must be an output load. Of the
above, the transistor output gives
better results. The 1K trim is adjusted
until the outputs (viewed on a scope)
“come together”, and have the same
amplitude. This minimizes clocking
glitches also.

5. The gain of the stage depends
directly upon the load resistance, and
in general you can expect it to be
greater than unity. (a 10K resistance,
not a practical load by the way, gives
a gain of 1.2). Since there is a gain in
general, if you are planning upon serial
operation (tying two stages together in
series), you must attenuate the output
of the first stage somewhat, to attain
the input requirements, (mentioned
above), for the next stage. Figure 5
(located on page 16) fills the bill.

10uF
. \ l 2(5)
input 11 input
% SAD-1024
ol 47K
10K

Figure 1

By the way, this is a good time
to remark that all unused outputs
should be tied to V3q. For more on
this read on.

6. The output should also be low-
pass filtered, with a cutoff of at least
1/2fc, with 1/3f; being preferred. This
filter serves two purposes. The first is
to remove the residual clock glitches,
and the second is to smooth the stair-
step output into a close approximation
of the input. This smoothing is directly
related to the cutoff slope. In the spec
sheet, Reticon recommends a cutoff
slope of 36dB/octave, but I think in
general that a four-pole (24dB/oct.) is
adequate. We might note in passing
that pre-emphasis and de-emphasis
isn’t a viable way to reduce noise in
view of the aforementioned remarks
concerning foldover distortion. The
very process of pre-emphasis violates
the input filtering requirement. What
we need is less high-end response at
the input of the SAD-1024, not more.

POWER SUPPLY
CONSIDERATIONS

7. The SAD-1024 can function
over a wide supply range, with best

1

2
SAD-1024

6(11)

V2
SAD-1024

Figure 2

(a)
10uF

+
'__O out

2N3906

3.3K

-V

2K

out

results when it lies between +9 and
+17V. +15V is the preferred supply
voltage as all parameters maximize
here. Another reason for preferring the
+15V supply is that at other voltages
the clock amplitude and input biasing
must be adjusted considerably.This can
be a real hassle, so stick with a standard
supply. [There is also something to be
said for running the SAD-1024 at a
lower voltage than the clock voltage —
see the Flangerin DEVICE 1:9 — CA]

To keep clock noise from getting
into the supply lines, bypass the chip
in the following way: ‘

+15V 10 Vdd. Pin 7

10uF

Figure 3 =

8. Vpp (which supplies a voltage
to the bias line) is required for some
versions of the SAD-1024 and can be
provided by the +15V V44 voltage,
however the spec sheet claims that
best effeciency is obtained when Vy,
is one volt lower than Vg4gq. The
following voltage divider does the
trick:

Vdd
1.5K
Vbb
15K
—  Figure 4

9. V4d, Vbp, and ground pins,
(7,9, and 1 respectively) are common
" to both stages of the SAD-1024.

(continued on back page)

1:12:79 Page 7
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+V ) (continued from page 7)

10. As mentioned above, all
Iy unused outputs should be tied to Vgq.
However, all other unused pins, in-
1 . 1 - ’ ’
%2 SAD-1024 +1 [ 10uF % SAD-1024 cluding those marked NC, should be
A 5 ” M 15,IN B tied to ground. These requirements
| \ are easy to forget, so make a special
note of them now.

o

47K [This concludes Part One of Tom’s
article on the SAD-1024. Part Two
e will be in your mailbox NEXT MONTH!
5K Stay Tuned!!]

g Figure 5
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A Barancep MopuLaTor AppLIcATION OF VCA CHIPS:  -by Thomas Henry
Elect. Music Studio
MB 2055

Univ. of Iowa
Towa City, IA 52242

(© 1981 Thomas Henry

Bernie Hutchins' article, "A (Gulp!) Simple Balanced Four Quadrant
Multiplier With an OTA", ELECTRONOTES #107, pp 13-15, represents
something of a breakthrough in the design of balanced modulators.

First the -idea is sc ingenuous. As he implies in the article, this
method has been around for some time, and yet it comes to light
relatively late (to the musical engineering crowd). Secondly,

though there are several four quadrant multiplier chips available,
they are often expensive. There are many times when one wants a "ring
modulator sound", and the use of an expensive chip isn't justified,
especially 1f a satisfactory alternative such as the above exists.

So the situation is this. Use a good quality dedicated multiplier
chip when cost is no object, and use the CA3080 route when cost is
important and one can get by with relaxed standards.

However, thereis a middle of the road approach with a cost some-
where between the two methods mentioned above, and that is to apply
Bernie Hutchins' method to a better quality VCA. There are several
such IC's available now, for example SSM's 2000, 2010, or 2020, or
possibly Signetics' 570 or 571 compandor chips. In this article the
Curtis CEM3330 Dual VCA chip is pressed into service. Since only one
h=21f of the chip is used, further savings can be realized if the other
half is needed somewhere else.

Before looking at the calculations the reader should note that
he can expect more convenient results with this chip as compared to the
CA3080. Both inputs may be AC or DC coupled, the impedences of the
driving sources need not be as low as those desired in the original
article, and the output is non-inverted. In addition, the noise
figure of the CEM3230 is superior to that of the CA3080. Finally, the
chip is well suited for music applications and the supply voltages
and various impedences fit in with the "standard".

Pin numbers 1 through 9 are used herein, but the reader is
reminded that this is a dual unit, and hence the use of pins 10
through 18 is also possible. The two units contained in the chip are
identical.

Before getting down to the calculations, some preliminary obser-
vations should be made. Perhaps the reader should keep the spec
sheet for the CEM3330 handy for these comments. A reference current,
Irofs, to pin 2 should be established, and selection of this current
determines the distortion performance of the chip. A value between
50pA and 200mA is recomended, and 100uA was finally selected for this
design. With a % 15V supply, a 150K resistor from the positive supply
to pin 2 does the trick.

Pin 3 which is a second harmonic distortion adjust input is
grounded, since it was deemed unnecessary in this application. Pin 6,
the exponential input is also grounded. Only the linear gain control
is used for balanced modulation.

A resistor from pin 5 to pin 8 sets the operating mode of the
amplifier. A 6.8K resistor was chosen, and this sets the amplifier
up for class A performance.

EN#119 (3)



Pin 7 isthe linear control input, and actually several things 25
happen here. A current through this pin, I ;, has its logarithm
taken, and the logarithm is applied to the gain cell, which has an
exponential response. The result then is a linear response, (since
elog I = 1). This pin is at virtual ground, as is the signal input,
pin 4. This feature simplifies design considerably later on. Now, on
to the mathematics.

The gain equation of the CEM3330 is:

Io = "Iin (To1/Treg) exp =V /Vy) (1)
where:
_IO = output current (pin 1)
I., = signal input current (pin 4)
I = linear control current (pin 7)
I, of = reference current (pin 2)
Vs = exponential control voltage (pin 6)
Vo, = kT (a constant)
T q

As mentioned above, only the linear control pin is used, and the
exponential control pin is grounded. Hence V. = OV and equation (1)
becomes:

I, = “IintTc1/Tres) (2)
Let Iin = (Ein/Rin) where:
i the resistor to pin 4
in = the voltage applied to this resistor (since pin 4 is at

virtual ground)

Then equation (2) becomes:
_ =1 .
IO = P (EinIcl) (3)
in"ref

See figure one.

Fig. 1

+15Vv

internal
connection

The signal input will be restricted to the range: —SVSE.ns+SV.
In addition for lowest distortion I;_ must be less than several
hundred microamperes, while for best noise figure, I;, must be as
large as possible. As a compromise, let I, = 50pAa maximum. Then
from Ohm's law:
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R - in max _ 5V
in Iin max SERR

- 100K

I £ has already been selected to be 100uA (see above), so substituting
e , : ;
thE€se values for Iref and R;  into equation (3) gives:

Ly = (-1/10) EinICl (4)

which is the transconductance equation for the CEM3330 in this

configuration. Note that Rin and Iref are constant for any particular
design.

Now consider the schematic in figure two. From Kirchhoff's
current law we must have the following equation for node 1:

”12 +‘1l + IO = (VX/RX) + (vout/Rf) + IO =0

+15V

300k

internal

out

or:
(V_ o /Rg) = =Ig = (V/R)) (5)

Substitute (4) into (5) noting that E;, = Vgt

out

= (Vy/Rcl) + 50pA (7)
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To see that equation (7) is valid, remember that pin 7 is at 27

virtual ground. Substitution of (7) into (6), and simplification
gives:

vOut = VXVy (Rf/lORcl) + Vg (Rf) (5pa) - v, (Rf/Rx) (8)
Let:

(Rf)(SpA)= (Rf/RX) (9)
Then RX = 200K, and substituting (9) into (8) gives:

Vout = vay (Rg/10R ) (10)

The scaling factor of the output should be 1/5, hence set:
(Rf/lORcl) = 1/5 (11)

To keep I within practical limits, (below several hundred

microamperes) , Ilet Rc = 100K. Then equation (11) implies that
Rf = 200K, and hence %rom equation (10):

vOut = (vxvy)/s

as required.

The reader will notice that the output of the gain cell is con-
verted to a voltage though an inverting stage. The CEM3330 has a
limited output compliance, and likes to see a virtual ground (the
inverting input of the op-amp). This has the nice side effect of
making Voue non-inverted contrary to the case of the CA3080 in the
original article.

Figure three shows the final circuit, when all of the fine poin:c
have been taken care of. Note the improvements over the original
design using the CA3080. The Y input has an input impedence of 100K,
while the X input has an impedence of 66K, which while not standard,
is nonetheless better than the original mentioned above. A further
improvement is that either input may be AC coupled.

The trim procedure is fast and easy. Apply a signal to the X
input, ground the Y input, and adjust the X trim for minimum leakage.
Then apply a signal to the Y input, ground the X input, and adjust
the Y trim for best rejection. Repeat the procedure as a final check.

The results were fairly good, and the unit really checked out,
both for DC and AC multiplication. However, rejection of the Y
signal (measured at 40 dB) still presents something of a problem. The
X signal rejection is better at 55 dB. The author is certain that this
problem could be improved upon, and would like to correspond with any-
one concerning this, or related questions about the circuit.

Note that the CEM3330 doesn't respond to negative currents
through pin 7. It simply shuts the gain cell off in this case. In
terms of this circuit this means that the voltage to the Y input
should never drop below -5V to avoid clipping.

Acknowledgement: The author is grateful to Mr. Stephen qulstrom,
Recording Studios, University of Iowa, for his clear explanations of
the internal workings of the CEM3330.
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MakinGg Rack PANELS: ‘ -by Thomas Henry
(© 1981 Thomas Henry

Fabricating attractive front panels for a syntheszer can be a real challenge at
times, and so I want to describe a system I have evolved over the last coupie of
years. You will note that I call this a "system", for it is only by some systematic
approach that consistent results can be expected. I have built some thirty modules
using this scheme, and so have had quite a bit of time to learn from my mistakes.

I hope then, that this article will save you from some of the pitfalls I have
encountered.

I set fairly high standards for attractiveness when it comes to front panel
design. Now, I know there are probably some readers out there who don't feel this
strongly about the esthetics of front panels, but nonetheless this article may have
a few tips for you too.

What I am going to reveal then, is a method for taking ordinary blank rack
panels and turning them into front panels for synthesizer modules. The end result
will be quite attractive, and could easily be mistaken for a "professional” job.

Perhaps the first question to consider is where tc obtain materials. Well, we
will need a blank rack panel, and they are fairly common. Places such as Burstein-
Applebee and Allied Electronics are good places to find these. I think the prices
might alarm you though! For example, a blank, double width panel goes for around
five to eight doTlars! (A1l rack panels are 19" wide; the height comes 1in multiples
of 1 3/4". A single width is 1 3/4", a double width is 3 1/2", a triple width is
51/4", and so on.) Well, I don't know about you, but to me that seems kind of a
rip-off; I mean, who ever heard of eight dollars for a 1ittle, skinny piece of
3Tuminum?

I decided to check the alternatives, since I didn't want to play my home-brew
synthesizer in the poor-house. I discovered the following interesting fact. Local
sheet metal houses will cut you the vight sized panels for anywhere from one-fifth
to one-tenth the prices mentioned above. The place where I go will cut me single
width panels for 65¢, doubie width for $1.30, and so on. Quite a savings!

Of course you will have to cut your own mounting holes, but for that kind of
price break it's worth it. (It takes me about ten minutes to cut the four notched
mounting holes.) When vou go to the sheet metal firm, be sure to tell them that
you want 1/8" aluminum stock, 19" wide by whatever panel height you have in mind.
And you will probably make the man happier if you order more than one panel at a
time, since he can then cut a big strip 19" wide, and then sever it down from there
to the individual panels.

You may get a choice of quality of stock, in which case go for the least
expensive (i.e., the worse looking), since in a later step we will be removing all
the surface blemishes anyway.

Now a word about making mounting slots. Figures one and two give the basic
ideas. In Figure one, four holes have been drilled or punched in the corners. Their
diameter should be 1/4". An easy way tc locate their positions is to use a standard
store bought panel as a template. Or you can take the measurements off the rack case,
or use some of the standard positions indicated in Figure three. (Figure four shows
the standard spacing of holes for a rack case. The spacing is such that any two
panels of any size may be positioned together.) Now, with a hack saw slots are cut
into the holes as shown in Figure two. After this, a fiat file and a rat-tailed file
are used to smooth up the edges of the cuts.

After following the above steps, you will have a standard rack panel for a
fraction of the normal cost. "The only trouble now", you say, "is that it looks
-ugly, all those nicks and scrapes!" Well, I told you not to worry. Simply load an
electric sander with some fine sandpaper and go to it. Don't be concerned about the
sandpaper "design" being etched into the panel, since they will be covered later by
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Fig. 1 Panel drilled with 1/4" holes. Fig. 2 Slots are rough sawed ocut.
~Spacing of holes is always 1/4" from Cut slightly inside and smoothen
edge or 1.5" from edge (See Fig. 3) cut edges with flat file.

some paint primer. But go at those nicks and scrapes, and after several minutes
sanding you will have a smooth panel

The next step is to buff the panel with some 00 gauge steel wool. This wili
do wonders to the surface and will give it a smooth and silky feel. After buffing,
wash the whole panel with soap and water to remove any grit and steel wool
particles. Wipe dry with a 1int free cloth.

Now we are going to put a temporary "cover" on the panel as an aid to the
layout process. Using strips of masking tape, cover the entire panel front
surface (decide which side you want to use for the front first). This step is
easier if you use two inch wide masking tape. The general idea is to cover the
front surface with a protective layer which will accept pencil markings.

Working from a life-sized mock up, prepared earlier (more about this later),
mark the various spots on the panel (on the tape) where you will need to drill
holes. Then with a metal punch and hammer, indent these various centers which you
have just marked.

At this point you can drill or punch the holes in the front panel. If you
use a drill be sure to make some pilct holes first, and in general be very careful
since that metal can really cut if the drill hit should snag and start the whole
panel spinning around. I always clamp the panel to my workbench on top of a piece
of scrap lumber and this holds the panel firmly in place.

After the holes have been made you can remove the tape. We are almost ready
to paint the panel, but first you should clean the surface with a cotton ball and
some alcohol. The alcohol serves to clean off any soap film from an earlier
step, and will also clean off any adhesive left from the masking tape.

We can now paint the paneﬁ with some primer grey. Don't neglect the primer,
since it has the property of smoothing out or filling in any small abrasions.
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The end result will be very

smooth and silky to the feel.

When the primer is dry, paint the
panel with any color spray paint
that you like. Epoxy spray paints
give an extra hard surface and are
well worth the extra cost. I use
a pale yellow color since the dry
transfer letters I use show up
very nicely on it. Black is also
a good color if you happen to have
access to white transfer letters.

At this point, you can Tlabel
the panel. Dry transfer letters
give a very nice touch and are
really quite easy to use. If you

make a mistake, simply lay a piece

of masking tape on the error and
1ift it up, and the Tetters will
1ift up on it. In the case of

VCO's, vou may want to do what I
do and actually draw the cutput
waveforms below their respective

jacks. I use a special pen for
this. The pen is an alcohol base
affair, with a narrow tip, and it

is available at Radio Shack. The
intended use for the pen is resist
ink work {for printed circuit
boards). In addition to the pen
I use a standard schematic
template to generate the various
shapes. Let me tell you, the use
of the template and that special
pen has really classed up my
modules, and it's really
impossible to tell that the
various symbols were created by
hand. There are all sorts of
tricks you can pull to create
graphics and you will discover
more as you go along. When you
are done laying out the panel

to your satisfaction, spray paint
the surface with clear plastic or
lacquer. Allow this to dry and
spray again. And one more time,
spray again. The purpose, of
course, is to create a very hard
protective surface on top of those
relatively fragile dry transfers.
Dispite this protection,
the other controls.
mess up your hard work.

‘Fig. 4 7

A portion .
of the :
left side

of the panel
mounting
case showing 4
a31/2" 142"
panel
mounted with A
a larger ‘
panel below.
Note how

the sequence

of holes ’
spaced at ¥
alternating
1 1/4" and
1/2" spac-
ings allows
for any
sequence of panel
sizes. The mounting
case edge might be
wood for a homemade
case. Commercial
racks are metal,

and the holes shown
are tapped with a
10-32 standard
thread. If the
case is wood, large
flat head wood

or sheet metal
screws can be used
to mount the panels.
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At this point you are done with the panel and the results will be durable and

attractive.
heritage;
piece of ordinary aluminum.
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I mentioned above that you should lay out the panel from a mock-up. It is
essential to prepare for this by doing a full-scale drawing of how you want ihe panel
to appear. By doing it full scale, you can play around with the actual pots, jacks,
and switches themselves to see how they fit together.- It has been my experience that
this mock-up is the most important part of the whole thing.

There you have it, then, my guaranteed method for making panels. It may seem
like a lot of work, but you will find that if you have a clear idea of what's
involved, you can actually go through many of the steps without thinking! The night
before I ever build anything, as I lay down to sleep, I visualize in my mind just
what I will be doing the next morning. I find that this mental preparation makes the
actual work go very fast, since I am essentialiy going through the motions. After ail,
I've already built the thing (in my mind) so what's so hard about buiiding it again?
Who'd have ever thought "Psycho-Cybernetics" would ever come to electronic music?

The point then, is to develop a method. I hope this article will help you to
develop your own method, and I hope your front panels will please you as much as mine
have pleased me. Happy building!

* * * * * * * * * * * * * * * *
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A FuncTion GENERATOR WITH “QUADRATURE” TRIANGLE WAVE QuTPUTS:

-by Thomas Henry (©) 1981 Thomas Henry

Most musical engineers are aware by now that it is fairly easy to fashion a
quadrature oscillator out of a voltage-controlled filter simply by setting the
resonance of the filter high enough to cause oscillation, and then tapping the
required sine and cosine outputs off the proper points 1, 2, 3]. The chief
advantage of this method, (besides its simplicity), is that the resulting waveforms
are very pure. However stability can be a problem if very wide sweep ranges
are attempted. By stability, it is meant that both amplitude and frequency are
fairly sensitive,and in fact, in most quadrature osciilators outputs tend to be a
function of frequency. In many applications such small deviations in amplitude
may not matter, but for precision applications a function generator approach may be
more suitable.

While it is fairly difficult to derive both sine and cosine outputs from a
function generator, it is easy to generate two triangle waves 90 degrees out of
phase with one another. This is because triangle waves may be represented as a
collection of line segments properly connected. The method used in this article
then, is to take a triangle wave, disassemble it into its component 1ine segments,
then reassemble those segments into a derived triangle wave 90 degrees out of phase
with the original.

Before looking at the circuit, an analysis of the method employed is presented.
A triangle wave is shown in Fig. 1. Note that it has an amplitude of 10V peak to
peak, and that it is drawn on a time scale divided into multiples of five. This
will simplify the arithmetic Tater and in no way leads to a loss of generality.

+5 — £(x) /\

-5 —

The triangle wave of Fig. 1 may be represented as the function:

X -5, 0<x<5

x -5, 5<x <10
ta) = x +15, 10 <x <15

-x + 15, 15 <x < 20

Thus it is seen that the triangle may be represented as a collection of line
segments connected at the proper points. That the above expression really represents

the triangle wave in question may be proven by some easy arguments from analytic
geometry.

‘ Parenthetically it should be remarked that musical engineers usually think of
triangle waves in terms of Fourier series. However, since this circuit to be
described is non-reactive it makes sense to treat the triangle wave as a collection
of line segments and not as a series of sines of different frequency.
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Using the same argument as above, the phase shifted triangle of Fig. 2 may be
represented by the function:

X 5 0<x<5
Bz} = -x + 10, 5<x <10
I-x + 10, 10 < x < 15
L x-20, 15<x<20

where d(x) stands for "derived triangle,”

Clearly what is wanted, then, is a "black box" that will take t(x) and transform
it into d(x). The black box in fact turns out to be another function and the process
used is known in mathematics as "composition of functions." That is, if the transfor-
metion function is §(t), then it is desired that s[t(x)] = d(x). The proper function
is given by:

[(t+5,  0<x<5
s(t) = J-t*tE 5<x<10
t-5, 10<x<]15
-t -5, 15<x <20

The reader should confirm that s[t(x)] = d(x) on all four intervals of the functions.
Also, remember that while §(t) is a function of t, it is also a function of x, since
t is a function of x. It is convenient then to express &(t) in terms of x; i.e.,

0 <x<5,5<x <10, etc. Also implicit in the method of this article is the fact
that it is necessary only to consider the various functions over the four intervals
listed above; the results can obviously be extended to all other intervals by noting

that a triangle wave is periodic.

Examining the function &(t) it is seen that a function is needed that combines
sign changing, adding an offset, and subtracting an offset in various combinations
and on the proper intervals. For example, on the interval 0 < x < 5, t(x), the
original triangle wave is left unchanged except for adding a 5 volt offset to it.
In the next interval, 5 < x < 10, the original triangle wave is inverted and then
a 5 volt offset is added. In the next interval the sign of t(x) is left the same
but a 5 volt offset is subtracted. And finally in the last interval the triangle
wave is inverted once again and then a 5 volt offset is subtracted.

Obviously the only hard part about this is making sure that the inversions and
cffsets occur at the proper times and in the proper intervals. So now a few words
about the timing functions is in order.

Fig. 3 shows the timing diagram for the method. Fig. 3a shows the original
triangle, while 3b is the negative of the derivative of this triangle. Fig. 3c
shows the square wave resulting when the original triangle is fed to a comparator.
Fig. 3d is a pulse wave that is derived by feeding the derivative and the
comparator, mentioned above, to an Exclusive-OR gate. Note that this pulse is
exactly twice the frequency of either the derivative or the comparator waves.

EN#122 (14)
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[original triangle]

[- derivative of
triangle in 3al

(controls offset)

[comparator on 3a]

|

| 3¢ [Exclusive OR or

| 3b and 3c
Double Freq,

i S Waveform = DFW]

l (controls inversion)

|

l

|

[derived triangle
that is desired]

3e shows the desired triangle wave. It turns out that the derivative waveform and
the double frequency waveform are the only ones needed to time the inversion and
offset functions to create &(t).

As an example, look back at the expressions for &(t). During the first interval
the sign of t(x) is left unchanged. This corresponds to the double frequency waveform
(DFW) being high. At the same time an offset of 5 volts is added on, and this
corresponds to the derivative being Tow.

In the next interval (5 < x < 10), t(x) must be inverted and this corresponds
to the DFW being Tow. Once again a 5 voit offset is added, and as before this
corresponds to the derivative being Tow.

In the interval 10 < x < 15, t is non-inverting again, and as in the first
interval this corresponds to the DFW being high. In this interval however a 5 volt
offset is subtracted, and the derivative switching high indicates this. The rcader
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should confirm that the timing wavefcrms lead to the proper results in the fourth 37
interval.

It can be seen that to create a "black box" capable of generating the function
s(t), all that is needed is a sign changer, an offset adder or subtractor, and

some means of generating the proper timing waves (derivative, comparator, and
DFW). The circuit presented in this article incorporates all of the above.

Before putting it all together and examining the final circuit, it will pay
to analyze the sign changer since as op-amp circuits go it is fairly unusual.
The circuit is based upon an idea for a manually operated sign changer [4]. In
the schematic of Fig. 5, the sign changer is comprised of A5, 01, and related
components. Note that Q1 is set up as a switch and either shorts the (+) input
to ground or else presents a large impedance to ground. Fig. 4 illustrates these
two possible cases.

| o
Vin Y I A A

D AL e B | AN
‘LR R —O o ’ R W O
+ : Vout V. ““’V\/V——-—‘+ Vout
j A " Vin " R2 = Voo
- = Fig. 4a Fig. 4b 4b

Tr Fig. 4a, the (+) input is grounded and so it is seen that the amplifier is
nothing more than a simple inverting amplifier with a gain of -1, and an input
impedance of R/2. When the FET, Q1 of Fig. 5 is off, the eguivalent circuit of

Fig. 4b results. To analyze this circuit start by observing that:

Vin = V5 ' (1)
and since negative feedback is present and working:

vy, =V, (2)
Now a current I is flowing* so:

I = (V] - Vip)/R (3)
The current can also be expresseq:.

I = (V4 - Vip)/2R (4)
Combining (3) and (4) and solving for Vg ,; gives: _

Vout = &7 - Vi \ (5)
and than substituting from (1) and (2) it is seen that:

vout B Vin (6)

It is seen then that the sign changer really works; it has a gain of either 1 or
-1 depending on whether the FET switch is on or off. With this subcircuit out
of the way it is possible to examine the complete circuit for a function
generator with "quadrature" triangle outputs.

Fig. 5 shows the complete schematic. The heart of the circuit is the
Integrator-Schmidt trigger triangle wave generator comprising Al, A2, and
associated components. Little will be said about this since this sort of
function generator has been treated extensively elsewhere [5, 6]. However several

*note in fact that this current is zero, which suggests an interpretation
based on physical considerations.
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special points should be noted. First the output of A2 is a square wave swinging 39
between-~15 and +15 volts. This isn't just any square wave, but is in fact the
negative derivative of the triangle waveform appearing at the output of Al. As
mentioned above, the derivative provides important timing information to the "black
box" transformation device. It was also seen that a comparator output was needed

as well for timing considerations (see above) and that is the purpose of A4,

The derivative and comparator outputs are suitably restricted for CMOS by
some diodes, R9, and R10, and then are sent to an Exclusive-NOR gate formed of the
simpler gates in the CMOS 4001.* Note that the 4001 runs off of a power supply of
+15 volts and ground, whereas everything else in the circuit needs a bipolar supply.
The Exclusive-NOR gate output is high if the two inputs are the same, otherwise it
is low. Thus it can be seen that this gate is nothing more than a Togical
equivalenca tester. The output of the gate is a double frequency waveform, and is
illustrated in Fig. 3d. The output is sent %o comparator A3 which restores the
bipolar swing needed later on.

It should be noted at this point that all the required waveforms as indicated
in the mathematical analysis above are now present: the original triangle, the
negative derivative, the comparator, and the double frequency waveform. One other
subtle point is that A6, whose job it is to sum the various segments and offsets
together, is an inverting stage. Therefore the offsets are summed in the reverse
to the sense mentioned above, and the sign changer is also "backward." After the
inversion, everything else is back in order. So as the reader analyzes the circuit
with respect to the mathematical analysis given earlier, he is urged to remember
that A6 inverts the final waveform, at the very last step, and thus puts everything
back in order. :

The sign changer composed of A5 and Q1 was treated earlier. The only other
thing to note is that the double frequency waveform goes to the FET switch by way
of the diode. When the diode is forward biased, the FET is off and the sign
changer becomes an amplifier with gain 1. When the FET is on the sign changer
bacomes an amplifier with gain -1.

The output of the sign changer is sent to summing amplifier A6.‘ Also summed
into A6 is the plus and minus 5 volt offset. This offset is sent via R17 and R18,
Note that this offset comes from the derivative waveform as required.

The derived waveform, a triangle wave 90 degrees oyt of phase with the original
is then available at the output of A6. However there is one mihor problem left to
resolve. Obviously if the circuit were built with ideal comparators and op-amps
it would work perfectly right away. However, due to the finite rise and fall times
of the comparators, small glitches do occur in the derived triangle. Fig. 6 shows
where these may occur. This illustration has been greatly exaggerated to display
the glitches, and in the author's prototype the glitches were very small, on the
order of several microseconds wide. There are several things that may be.done to
minimize these glitches.

*3 standard Exclusive-OR (e.g. 4070) could be used here if the inputs to A3
are reversed,

EN#122 (18)
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First, good op-amps with very high slew rates should be used for A2, A3, A4,
and A5. In the author's prototype LF351's were used and these have a slew rate of
13V/microsecond. Next a very slow op-amp should be used for A6. The author used
a 741 type with a typical slew rate of 0.5V/microsecond. Thus the relatively poor
slew rate of the 741 is put to good use and this does quite a bit to minimize the
glitches. In fact, an interesting experiment worth performing is to substitute a
LF351 for A6 and then compare the results with a 741. The 741 really smoothes out
the glitches.

It was felt that the above two remedies weren't enough and some more cleaning
up of the glitches should be attempted. A second order Butterworth lowpass filter
was appended and this then cleaned up the glitches completely. The filter is
comprised of A7 and its associated components. The filter has been chosen to have a
cutoff of about 1600 Hz. Since the function generator as drawn has an upper iimit
of oscillation of 20 Hz, this means that the cutcff frequency of the filter is up
around the 80th harmonic of the triangle wave. The output of the filter is still a
very good triangle wave then, and since the glitches are only microseconds long, they
are for all intents and purposes completely removed.

As just mentioned, the range of this function generator was made fairly low in
frequency. With the values shown in the schematic, the author's prototype oscillated
from 0.1 Hz to 20 Hz. Thus the oscillator would primarily be used for control
purposes. Different ranges are of course possible with C1 being the chief frequency
determining component. However, one must watch the high range, since a frequency whose
inverse comes too.close to the glitch period will be increasingly more difficuit to
filter properly without distorting the triangle wave. Of course if a frequency change
is made, the filter cutoff should be moved accordingly.

Lest the reader think that the glitch problem invalidates this approach, it should
be said that the application the author had in mind for the circuit was creating
Lissajous figures on an oscilloscope screen. This application requires much more
stringent purity of waveform than some cthers, and the circuit here works quite well.
Obviously then, the circuit will work extremely well for audio applications where
such stringent specifications are not needed. It turns out that the eye can see the
glitches even when they are very small in a Lissajous figure, but the ear cannot hear
them at all if they are reasonably well filtered.

One small point to be mentioned is that the original triangle wave has amplitude
4+5 whereas the derived triangle has amplitude +8, since the Butterworth filter has a
gain of 1.6. Resistor divider R25 and R26 chops the triangle down to a %5V level
and also provide an output impedance of about 1k.

Adjusting the trim pots, R7 and R17, is quite easy, although it is difficult to
describe in words. First replace C1 temporarily with a 0.05 mfd capacitor. This is
to get the frequency up to a range where it is reasonable to watch on an oscilloscope.
Next monitor the derived triangle at the output of A6. While watching the waveform,
go back and forth between trimmers R7 and R17 until the various line segments connect
to form a triangle wave. R7 governs "skew" of the triangle while R17 governs how well
the segments connect. Though this may read pooirly, the reader will see immediately
how to perform the trims while watching the scope.

How well does the circuit work? The only answer is "very well." The practical
obeys the mathematical quite well, and the glitches turned out to be very easy to
control. The next step from here, naturally, is to come up with a voltage-controlied
version. And perhaps for extremely detailed applications more work could be done on
controlling the glitches over a wider range. The author would be glad to communicate
with anyone who is interested in these aims or with anyone with questions about the

circuit in general, and I can be reached at the Electronic Music Studio, MB2055, Univ.
of Towa, Iowa City, IA 52242.

REFERENCES :

[1] J. Patchell, "Build a Voltage-Controlled Quadrature Oscillator," Polyphony,
Nov./Dec. 1980, pp. 26-27 22 YPRONY

EN#122 (19)



(2]
(3]
[4]
(5]
(6]

*

41

B. Hutchins, "A Four-Pole Voltage-Controlled Network," Electronotes #41, pp 1-7
July 10, 1974 _

I. Fritz, "Voltage-Controlled Quadrature Oscillator," Electronotes #82, pp 20-21,
October 1977, [corrections Electronotes #86, pg 4, Feb. 1978]

W.G. Jung, "Sign Changer," The IC Op-Amp Cookbook, (Indianapolis, H.W. Sams Co)
1974, pp 208-209

B. Hutchins, "Simple Triangle-Square Osc111ator," Electronotes Application
Note No. AN-67, Dec. 1977

B. Hutchins, "Reader's Question," Electronotes #83,‘pg 4

* * % * * * * * * * * * * * * *




42

TrR1-CoLoreD LED InDIcATES VoLTAGE PEAKS: -by Thomas Henry
(:) 1981 Thomas Henry

Some modules commonly used in synthesizer systems have sensitive 1nput structures
that can be damaged by excessively high input vo]tages A common example is the analog
delay Tine, which uses relatively fragile and expensive bucket brigade devices. The
input vo]tages are normally attenuated to a safe level, but there may be times when
several inputs are summed together and the voltage peaks may add up to form a dangerously
high input. What is needed is some sort of peak level indicator to warn the user of
such conditions.

The following circuit presses a tri-colored LED into service as a voltage peak
indicator. Under certain conditions this LED can shine green, red, or a yellow- -orange
hue. Such an LED actually contains two separate LED's inside the same package; one is
red and one is green with the respert1ve anodes and cathodes facing in reverse directions
For example, when the green LED is 1it, the red one is reverse biased, and hence emits
no light. And when the red one is 1it, the green one remains dark. Apply an anternating
current pulse wave to the tri-colored LED and both LED's are on alternately. If the
duty cycle of the pulse is varied from 0% to 100%, the color emitted will vary frem
green to yellow-orange (at 50%) to a solid red. At 50% duty cycle the LED's are
actually flashing back and forth from green to red, but if the alternation is of a
sufficiently high frequency, "persistence of v1s1on“ will blend the two colors into a
"solid" yellow-orange.

What is needed then is a circuit that linearly transforms voltage peaks into a
variation of duty cycle. Figure 1 gives a block diagram of the circuit needed to
accomplish this. -

First the audio signal is sent to a peak detector. The output of the peak
detector is a DC voltage representing the highest peal seen so far. Since most
synthesizers use a 10V p-p audio signal level, it is clear that the output of the peak
detector can be a DC voltage anywhere from OV to 5V peaks. This vo1tage is sent to a
comparator where it is constantly compared with a triangle wave, hence giving a vary1ng
pulse output (pulse width modulation).

Fig. 2 gives the schematic. The peak detector is formed of R], Ro, A1, D7, and
C2. R2 protects the diode at start-up and shut-down from dangerously high currents
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(caused by C2 charging and discharging rapidly), and Ry balances the other input of A
with the same valued resistor. The peak charge is held on C2, (D] prevents discharge;,
and obviously some path must be provided for "resetting" Cz for another peak reading.

R3 provides this function by damping. A Value of 1M was chosen empirically, to strike
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a balance between fast response and a steady readout. You may feel free to experiment
with this resistor however, to suit your own esthetic requirements. ' :

The triangle wave is generated by the Schmidt-trigger-integrator function generator
composed of A3 and A4 and associated components. Rs5 and Rg set the bottom of the wave
form at OV, while R7 and Rg set the amplitude at 5V maximum. Rg and C] set the
frequency at about 2 kHz. These values may all be adjusted to suit your needs.

The output of comparator A2 swings between -15V and +15V, and so current limiting
must be provided to LED 1. R4 serves this purpose.

With the component values given, while the input is 5V p-p or less, the LED will
glow green. From 5V p-p to 10V p-p the LED will start turning yellow-orange, until at
10V p-p and above the LED will turn bright red, warning of an overload condition.

The use of the tri-colored LED is especially timely now, since it had recently
appeared on the surplus market. Bullet Electronics (PO Box 401244-F, Garland, TX
75040) stocks it for 60¢. In addition, Radio Shack stocks the part as well, making it

-readily available, but for considerably more at $1.39.

While the tri-colored LED is not as accurate a way to measure voltage levels as
an LED bar graph, say, still the eye can readily detect color changes quite easily.
For simple overload indications, such a scheme is sufficient. And you will note that
the circuit is composed only of a quad op-amp and a handful of parts, making the
economics of the circuit quite desirable, and worthy of inclusion in the design of any
sensitive circuit.

* * * * % * * * * * * * * * * *
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Some time ago in the pages of Polyphony, I discussed the SN76477 comnlex noise
generator [1-3]. 1In those three articies I demonstrated how to use the chip in a

variety of non-standard ways. As it turned out, the chip was found to be excellent
for quite a few serious synthesizer projects. lell, the news is out; the SN76477
has a baby brother and he's a real powerhcuse too! This baby brother, the SN94281,

is also a complex noise chip, but unlike the big gquy is available in a 16 pin DIP
package and hence is considerably easier to use. Since such good Tuck was obtained
with the SN76477, it behooves us to look more carefully at this new chip.

Khat's the SN94281 and how does it differ from the SN76477?  For starters, the
chip contains a VCO, LFO, noise source, digital mixer, VCA and regu?ator all in ore
package. Tnis is a pretty fair complement of circuits by anyone's standards and
what's more the 16 pin package makes it very easy to use. It differs from the big

noise chip in that it lacks pulse width modulation, an envelope generator and variable

noise clock control. And oh yes, one big difference is that it contains a complete
audio power amplifier capable of driving a small loudspeaker!

It should be clear then that the big chip is perhaps best for microprocessor
controlled systems, pinball machines, Super Controllers and anywhere a large number
of sounds is needed. The SN94281, on the other hand, is at i1ts best in dedicated
sound circuits where small size and a built-in amplifier are important. As it turns
out, for most of our purpcoses we will ignore the amp11f1er since most synthesizer

use requires a 10V pp line level signal. Let's dig in and get familiar with the chip.

Fig. 1* presents a comp]ete "application note" for the SN94281. This application
note is very special though, for several reasons. First, it contains only the
information you need to get the chip running in a synthesizer system. I haven't

ENgB (1)
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tried to show every nuance of the chip; anyone who's going to build a pinball machine
should go elsewhere! Secondly, unlike many application notes, this one is based
upon real measurements, done with real instruments in a real home brew workshop. The
various voltages were actually measured, waveforms viewed on an oscilloscope etc.
There is almost no theoretical information presented here. Instead I have concentrated
on giving you the real dope on using this chip.

Let's get started then. As mentioned above, the chip contains a complete audio
power amplifier. Since amplifiers have a way of consuming great quantities of current
and since we don't need it anyway, let's figure out a way to defeat it. Refer to
Fig. 1 to see how this is done. Normally a speaker is capacitively coupled to pin 7
and that's the end of the matter. What we'll do is leave off the speaker, but put a
10k resistor to ground here. The chip, of course, is used to seeing an indictive load
of about 8 ohms, but a resistive load of 10k will do just fine. The output is tapped
off of this resistor, and varies in amplitude from OV to about 2V pp, depending on
what the internal VCA is up to.

For some applications this 2V pp-output will be all that is needed. However,
for most synthesizer uses it is best to buffer the signal and also to amplify by a
factor of five. This will give a lTow impedance source of 10V pp. Simply follow the
output with a standard op-amp configuration having a gain of 5 and you're in business

Let's think about a power supply for the SN94281? This chip, like its big
brother, has an internal Zener type regulator available. Thus a fairly wide range
of power supply voltages may be used without much hassle. The spec sheet claims that
the supply voltage can be anywhere from +7.5 to +10.5V and is applied to pin 6. Well
this is a nice range of voltage. Unfortunately, the range doesn't include our
standard +15V value, so some diddling must be done.

I took some measurements and found that the chip draws about 10 mA without any
speaker/amplifier combination in use. After a Tittle Ohm's law, it's clear that a
dropping resistor of 560 ohms is just right. Take a look at this resistor. About
6V is dropped across it, hence 9V is present at pin 6. S0 with the addition of one
inexpensive part, we have adapted the chip to +15V operation.

One very important point should be made here. This trick with the dropping
resistor only works if you are defeating the internal audio power amplifier, as we
have done above. With a speaker in operation, the current varies from 10 mA to over
20 mA and it's simply impossible to choose a resistor which will drop the right
voltage for such a broad range. Or to put it another way, if you pick a resistor
that works for a 10 mA drain, then it won't work for 20 mA drain and vice versa.
And nothing in between works either! So, once again, do not use the dropping trick for
speaker/amplifier type circuits. Instead use a 9V supply.

A 100 mfd. capacitor is used for decoupling and stabilization at pin 6. The
need for decoupling should be obvious; who wants white noise running rampant? But
the stabilization problem should be mentioned. I notice that the circuit was prone to
spurious oscillations and noise problems without the inclusion of this capacitor.
This is especially obvious when the VCA (to be discussed later) was very close to
being turned off completely. After adding the 100 mfd. capacitor, the problem went
away and I've never seen it since. Don't cheat on this; a circuit can't be said to
work unless it works right!

By the way, if you need 2 regulated 5V supply voltage for other parts of the
circuit, you can grab it off pin 4. This pin is the regulator output and is good for
about 5 mA. That's not very much, so be sure to think in terms of CMOS for support
Circuitry.

Having taken care of the output conditioning and power supply reauirements, we
can now consider how to make sounds with the thing. Let's start with the noise source.
The noise source is a digital, pseudo-random counter, and is very similar to the
generator used in the SN76477. One big difference is that the clock rate is fixed.
Therefore there are only two pins associated with the noise source: pins 1 and 2.

EN#R (2) continues: pg. 12
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Meet the SN94281 (cont. from pg. 3)

The noise characteristic is fixed, but by changing the resistor and capacitors on
these two pins, different degrees of filtering may be obtained.

Don't expect wonders with this internal filter; it's very ordinary and offers a
mere 6 dB/octave lowpass response. If you use a fixed capacitor at pin 1 and a
potentiometer at pin 2, then consider the pot a tone control. In my experiments I
didn't think that the filter had as good a range as the one in the SN76477, and it
seemed 1ike the response was somewhat warped. Be that as it may, for your initial
experiments, try a 470 pF capaciter at pin 1 and a 500k pot at pin 2.

One excellent feature of this chip is that all of the inputs have been current
Timited. If you cast your mind back to the SN76477, you'll recall that we had to
add 10k resistors in series with all the pot inputs. This isn't the case with the
SN94281; just hook up one side of the pot to the chip and the wiper to ground and
you're all set!

Normally you will want to use the main output at pin 7 (see above), but there
are times when you may wish to extract the noise independently of the VCO and LFO.
To accomplish this task, you may tap the noise off of pin 1. The signal swing here
is OV to +5V and if you want to interface this as a digital source to CMOS circuitry
you can leave off the noise filter capacitor. The output will be a series of digital
pulses of "random" width. If you're interfacing to audio circuitry, then you will
have to buffer the output at pin 1. Use a Bifet op-amp in a standard voltage follower
configuration for this purpose.

EN4B (12) (continues on pg. 32)

Meet the SN94281 (Cont. from pg. 12)

Consider the VCO next. The basic frequency is set by the VCO capacitor and
resistor at pins 9 and 10, respectively. One obvious trick is to make the capacitor
switch selectable, thus allowing a number of ranges. SimiTarly, the resistor could
be made into a potentiometer, wired as a rheostat, for variable control of the
frequency.

The VCO can be controlled in three distinct ways. First, if pin 13 (the VCO
select pin) is high, then a fixed +1V control voltage is applied to the VCO. This
happens automatically; you don't have to do anything. Thus a steady tone will be
produced. I haven't thought of any good uses for this yet, but it's an interesting
feature nonetheless.

If the VCO select pin is brought low, then the +1V reference is disconnected
from the VCO. You are free to apply your own control voltage now, and you do this at
pin 12. The control voltage versus frequency response isn't especially linear and
is temperature dependent as well, so don't even dream of trying accurate keyboard
control with it!  Another quirk is that the response is inverted. A higher voltage
means a lower frequency and vice versa. The control voltage should fall between
OV and +2.3V.

The third way to control the VCO is by letting the LFO frequency modulate it.
This is accomplished by pulling the VCO select pin low, but instead of pumping in a
control voltaae, we let the LFO do the work. Simply hook up an LFO resistor and
capacitor at pins 11 and 12, respectively. Note that pin 12 is quite an active pin.

EN#B (32)
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It may be used as a control voltage input Tor the VCO (see above), a capacitor pin
for the LFO, or an an output for the LFO. This doesn't mean that you can do all
three things at the same time however!

As mentioned, you can tap the LFO triangle wave at pin 12. This will swing
from about +0.4V to +2.3V and should be buffered with a Bifet op-amp. And, ch yes,
you can also get at the VCO output via pin 9. The triangle wave here swings from
+0.4V to +1.6V. It too should be buffered.

We've seen how to get the noise source, VCO and LFO signals independently, but
it is also pessible to make use of their "digital mix". The mixer, then, is not a
true audio mixer, but is instead a three input AND gate. What goes into the mixer
is determined by the mixer select inputs, pins 14, 15, and 16. Figure 1 shows a table
which specifies what combination of logic input signals to use for the various
combinations,

The mixer output is fed to the VCA. The VCA is controlled by a voltage on pin 3.
A signal of QV shuts the VCA off, while increasing this voltage gradually opens it up.
+3.5V is the maximum control voltage and any increase beyond this yields no change in
volume.

After the VCA, the signal is sent to an internal op-amp, and thence to the audio
power amplifier. Pin 5 is the inverting input of the op-amp, and so external audio
signals may be summed into the audio amplifier quite easily. Simply sum the signal
through a resistor tied to pin 5. Start with a value of 220k for this resistor, and
increase it if the signal is too loud. Otherwise refer to the manufacturer's spec
sheet for the details on how to select this resistor.

Tt's an interesting concept, allowing the user to sum in external audio signals,
but it's just too bad that the designers of the SN94281 didn't do the summing before
the VCA stage. That way, all of the audic signals would have been amplitude modulated.
As it stands now, the external audio input will always remain at a fixed amplitude.

I nope that you have enjoyed this "application note" on the SN94281. As
mentioned above, this information is enough to get you started experimenting with the
chip and is based on my own measurements. Due to the pcssibility of chip-to-chip
variations, you should probably take some of the voltage measurements presented with
a grain of salt. However, in general, variations of more than several tenth of a
volt are unlikely.

Just recently Radio Shack started to carry the SN34281, so it should be within
the reach of just about everyone. In fact, in my town, the Radio Shack had a half-
price sale on the chip. Needless to say I bought a dozen of them! So keep your
eyes open for deals like this.

REFERENCES:
[1] T. Henry, "Tricks with the SN76477, Part One," Polyphony, May/June 1981, pp 10-12
[2] T. Henry, "Tricks with the SN76477, Part Two," Polvphony, July/Aug. 1981, pp 16-17

[3] T. Henry, "More on the SN76477 - The Super-Controller," Polyphony, Sept./Oct. 1981,
pp 28-32 :
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BuiLp A PrecIs1oN CoNTROLLER CLOCK: (© 1984 Thomas Henry
-by Thomas Henry, 249 Norton St., Mankato, MN 56001

Described herein is a circuit for a precision controller clock suitable for the
most demanding low frequency applications. For realtime use, the controller clock
is handy for firing sequencers, sample-and-holds and automatic drum units and in
the recording studio it is equally useful for creating precise, repeatable sync
tracks. In short, the controller clock may be used whenever a source of precisely
timed triggers is needed. The features of this circuit are summarized:

[J 1 volt per octave response

[1 variety of period control options

[1 periods from 2 minutes to 1 millisecond; seventeen octaves
[] precision gating for start and stop of output

[1 manual or trigger gating modes

[] standard gate, trigger and ramp outputs

[1 extremely precise 50% duty cycle

[1 simple design employing the CEM3340 VCO chip

| The value of most of these features should be obvious, but several deserve a

| Tittle more description. Precision gating implies that the clock should begin

1 and end oscillation at well defined states only. For example, a start trigger

| should start the clock oscillating, with the very first cycle going high and

| maintaining standard pulse width. A stop trigger should gate the clock off, but

| only when the output has first gone low (end of cycle). A "memory" remembers
that a stop is desired, and the next time the output goes low, the clock is gated
off. So, precision gating means that the clock starts by instantaneouslv
initiating a normal cycle and stops only when the output next goes low.

The start and stop signals may be delivered to the unit manually or by means
of a trigger. Thus, clock operation can be controlled by either depressing
pushbuttons or having a standard synthesizer keyboard send electrical triggers
which initiate the gating action.

EN#E (171)



Before examining the circuit, a few words should be said concerning the accuracy >
and reliability of the unit. Rather than simply taking the pulse output of the CEM3340
VCO chip (which forms the heart of the controller clock), the signal is first sent to’

a seven stage binary divider, with switch selectable taps. By dividing the signal down,
fouy major benefits are reaped. First, most VCO's have the best accuracy when they are
operating in the middle of their oscillation range. Exponential conversion errors,
offsets and leakage currents can be a problem when the VCO is operated toward its

Tower 1imit; be forcing the oscillator to operate at a higher frequency and then dividing
downward, these problems are avoided. Secondly, it has been shown that binary division
acts as a "vibrato killer". [1] Thus, any undesired FM deviations and irregularities
in the original VCO signal are averaged out before hitting the final clock output. Next,
binary dividers have edge sensitive clock inputs. This implies that the output signal
will have a precise 50% duty cycle regardless of any fluctuations of the input duty
cycle. Finally, by making the divisor of the binary divider switch selectable, an

even greater frequency range can be obtained. In summary, then, by using the simple
notion of binary division, a very precise output in both frequency stability and duty
cycle is obtained over a broad range of frequencies.

Fig. 1 shows the complete schematic for the precision controller clock: refer to it
now. IC1 is the CEM3340 VCO chip which forms the heart of the unit. Pin 15 of this chip
is a summing node and may accept a variety of control voltages. A 1V/octave control
from a keyboard, say, may be applied via jack J1. In the context of period generation:
(as opposed to frequency generation), an increase of one volt at this input causes a
decrease of period by a factor of two. A control voltage also may be applied to the’
controller clock via jack J2, and in this case, the signal can be atteunated by R38 as
desired. Typically, envelope of LFO control signals would be applied to this input and
R38 allows these to be "tamed". Finally, R36 and R37 form the fine and course rate
controls. These two controls are strung across the entire bipolar supply and this
facilitates compensating for offsets in control signals applied to either J1 or J2.

J4 is the start signal input. A logical signal of about five volts or more .
(in either gate or trigger form) applied to this input will start the controller clock
oscillating. Oscillation begins immediately with a first cycle of normal pulse width.
C3 and R32 differentiate the input signal while A2, R23 and R13 shape it up into a
rectangular pulse about 1 millisecond wide. D6 blocks negative excursions of comparaicr
A2, thus making the pulse polarity compatible with the remaining CMOS circuitry.

S2 is the manual start pushbutton; since its output is applied to an R-S flip-flop
(see below), no switch debounce is necessary. The output of S2 is normally held low
by R26. Depressing the switch developes a voltage of +15 volts across this resistor,
and D7 conducts the result to later circuitry. Note that in this context, D6 and D7
(which apply voltage across R27) form a simple OR gate. This is an instance of
"Mickey Mouse" logic, which despite the disparaging name is a valid logic technique. [2]

The start signal (from either J4 or S2), resets both of the R-S flip-flops via
pins 4 and 10. In the former case, the Q output (Q-bar) at pin 2 goes high and in the
latter case, the Q output at pin 13 goes low. When the Q output goes low, IC1 is
enabled via R20 and Zener diode D3 (more about this shortly). Simultaneously, pin 2
of IC2 is brought low, thus enabling the seven stage counter. The VCO starts oscillat-
ing and the counter starts counting. Notice that the pulse output of the CEM3340 is
taken off pin 4. Voltage divider R16 and R30 set the pulse width of the CEM3340 to
about 50% and C4 prevents bounce and chatter of the pulse wave at low frequencies. [3]
The output of the counter (which is the complement of the desired waveform) is tapped
via switch S3 and sent to gate N3 where it is NORed with the Q output of IC3. Recall
that this signal is currently in the low state so that N3 inverts the counter output,
thus restoring the desired polarity.

The stop circuitry (Al and associated components) is identical to the start
circuitry. Again, two diodes, D4 and D5, OR the signals, and the result is sent to
the SET input of the R-S flip-flop at pin 6. A stop signal causes pin 2, the O output,
to go low. This condition is echoed to NOR gate N2, whose output controls the second

R-S flip-flop. Notice that the output of N2 will go high only when the counter output
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has gone low. The net effect is that the clock will not be gated off until the output.

attains its next low state. This is part of the precision gating requirement mentioned
above. It is interesting to note that IC3 is really acting like a "memory" here; it
ackncwledges that a stop signal has been sent, remembering it until the time is right
to shut off the oscillator.

Y When N2 is high, the flip-flop is set thus sending the Q output at pin 13 high.
This does two things. First, IC2 is gated off via pin 2. Likewise, IC1 is shut off
via R20 and Zener diode D3. This scheme for gating the CEM3340 first appeared in the
now defunct (and greatly missed) house journal for Curtis Electromusic Specialties,
Synthisource. [4] The reader is referred to this reference for further information
on this important topic.

The Q output is NORed with the output of the seven stage counter, IC2. This
insures that the final clock output is held in a low state when the oscillator is off
and likewise guarantees that the output starts by going high immediately upon detection
of a start signal. D10 monitors the output. When the clock is off, so is the LED:
when the clock is on, the LED flashes at the selected rate.

A3 buffers the CMOS signal for real world interfacing. The output is chopped
down to standard OV to +5 volt size by voltage divider R9 and R4, which also provides
a standard 1K output impedance. This forms the gate output, which will have a 50%
duty cycle.

C5 couples the signal to A4 and associated circuitry which creates a nominal
1 millisecond output trigger. D8 dumps the negative swing of differentiator C5,
while R39 provides the damping. A4 forms a Schmidt trigger, which gives a sharp
output signal. D9 restricts the polarity of the output, while voltage divider
resistors R10 and R5 bring the signal down to a standard 0V to +5V swing.

J5 provides a "frequency test” output which is actually nothing more that a
10V pp ramp wave.  This output, which runs at the VCO's normal frequency, is
provided for several purposes. First, it's a convenient output to monitor when
tweaking the scale trimmer for a precise 1V/octave response. Secondly, when using the
excellent method of frequency-to-period conversion for playing complex rhythmic
.patterns by sequencer, the "frequency test" output may be used to set the desired
interval. [5] This greatly speeds up the adjustment of sequencers and makes the
technique that much more automated. Lastly, the controller clock may be used just
like any VCO, and in this context, the ramp output with its even order harmonics
is a pleasant sound source.

Finally, trimmer R11 can be used to adjust the scale for a precise 1V/octave
response.  Trimmer R18 allows for compensating the high frequency response droop
(caused by exponential conversion errors and to a lesser extent, to reset lag time).

Building the controller clock is straightforward, but some attention must be
paid to circuit layout. This is especially true around pins 15, 13 and 11 of the
CEM3340 (which are the exponential input, the reference current and the timing
capacitor pins, respectively). Neatness really counts here! The best way to go is
with a printed circuit board which eliminates many of the problems of "rat's nest"
wiring. To simplify the task of generating a circuit board for this project, Fig. 2
shows the lifesize artwork for a tested design. This copyrighted circuit may be
fabricated by individuals for their own use, but commercial users should contact the
author at the above address for licensing details.

Fig. 3 shows a parts placement guide for the circuit baord. When loading the
board, be sure to observe the polarity of all diodes and electrolytic capacitors,
and be certain to orient the IC's correctly. A number of jumpers are needed and
these are denoted on the parts placement guide by the letter "J". You may use
resistor clippings or bare bus wire for these. Notice that the circled letters in
the schematic of Fig. 1 call out the various input and output pads to the circuit
board. Thus the schematic may be used as the main wiring guide for the circuit.
Fig. 4 shows a detail of switch S3 and makes it clear how to proprely wire up this
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Fig. 2 Printed Circuit Board Layout
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Fig. 3 Part Placement Guide

five position rotary switch.
+15, G, and -15.
panel controls (1ike the tuning pots, the pushbuttons and the LED)
G, of course, are the ground connections.
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Ic1
CEM3340
+8 +16 +32 +64 +128
9] 6] 5 2 3
®
®
®
@
©
s3
Fig. 4 ®

Detail for switch hook-up.

(circle) keys schematic to printed circuit board.

Rectifiers D1 and D2 and capacitors C10 and C11 provide a measure of decoupling
for the controller clock from other circuits running off the same power supply.
However, in the original prototype it was found that D1 and D2 raised the impedance
of the power supply, as seen by the circuit, sufficiently to inject some undesired
FM effects. It was found that the LED flashing caused enough of a differential
current flow to actually impose a vibrato on the VCO (probably through the tuning
controls or R40). This vibrato effect was very slight, on the order of 10 cents or
less at the ramp wave output, and had no perceptible effect on the gate or trigger
outputs (for reasons mentioned earlier concerning the benefits of binary division).
Nonetheless, its effect on the ramp wave was annoying enough to suggest replacing
diodes D1 and D2 with jumper wires. This, in fact, cured the problem in the prototype,
so if frequency deviation problems occur, try repldcing the rectifiers with Jjumpers.
As mentioned above, D1 and D2 were originally added to aid in the decoupling of this
circuit (they act like low valued resistors and form an RC network with C10 and Cil).
In retrospect however, it should have been clear that the disadvantages of raising the
effective output impedance of the power supply far outweigh the benefits of improved
decoupling. In general, VCO's need tightly regulated power supplies and nothing
should come between the supply and the VCO!

Fig. 5 gives the complete parts list for the circuit. After finishing construc-
tion, using Figures 1 and 5 as a guide, apply power to the unit. Confirm that the
start and stop functions work correctly and then test the various outputs for proper
waveshape and amplitudes. If everything checks out, the controller clock may be
tweaked. First, turn trimmer R18 to the ground position, thus injecting no
correction voltage into the circuit. Now, while monitoring the ramp wave output,
adjust R11 for a 1V/octave response in the range of 500 Hz. A standard synthesizer
keyboard may be used to supply the control voltages for this step. Next adjust the
high frequency trimmer, R18, for the same response in the region of about 5 KHz.
This completes the alignment of the controller clock but after a burn-in time of
several hours, the trimmers should be realigned for maximum accuracy.

As mentioned at the start of this article, the uses for a controller clock are
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56 Fig. 5 CONTROLLER CLOCK: PARTS LIST '

RESISTORS CAPACITORS
R1, R2 470 ohms C1 -001 mfd poly
R3 820 ohms c2 - C7 .01 mfd mylar
R4-R6 1.5K c8 .1 disk
R7 1.8K c? 4.7 mfd electrolytic
R8 2.2K C10 - Ci1 100 mfd electrolytic
R? - R10 3K
R11 SK trimmer ’ SEMICONDUCTORS
R1Z2 — R14 S.6K _
R15 — R17 10K Di, D2 1N4OO1 ()
R18 10K trimmer D3 12V Zener
R19 22K ‘ D4 - D9 1N4148
R20, R21 27K . D10 LED
R22 - R29 3K IC1 ‘CEM3340 VCO chip
R3O0 SiK i1cz 4024 ripple counter
R31 — R3S 100K - IC3 4013 dual flip—flop
R36 — R38 100K linear pot IC4 4136 quad op—amp
R3% 270K ICS 4001 quad NOR gate
RrR40 I60K :
R41 iM
R42 1.5M (¥) see text
R43 2.2M
R44 3.9M

MISCELLANEQOUS
Ji - J7 . 174" phone jacks
81, 82 SPDT pushbutton switch
83 SPST rotary swithc

LED holder, wire, solder, knobs,
front panel, hardware, etc.

myriad.  But its value is really apparent when the clock is used to fire sequencers.
For example, a two bank sequencer may devote the second bank for setting the duration
of each of the notes, using the method described elsewhere by Duesenberry. [5] The
period-to-frequency conversion method is applicable here since the controller clock
has a standard 1V/octave response. And, or course, the gating feature will be handy
for percussion and sync effects in the recording studio. All and all, while the
controller clock may not be the most glamorous of synthesizer modules, there is no
doubt that it makes possible a number of effects which would be difficult or even
impossible to accomplish any other way.

REFERENCES:

[1] Bernie Hutchins, "The Digital Divider as a 'Vibrato Killer'" Electronotes,
Vol. 12, No. 119, Nov. 1980, pg 2

[2] Don Lancaster, CMOS Cookbook, (indianapolis: Howard W. Sams and Co. 1977)
pp 186-189 :

[3] Doug Curtis, "Comments on 'Two Hints on Using the CEM3340 VCO IC"',ETectronotés,
Vol. 13, No. 122, Feb 1981, pg 2

[4] Anonymous (suggested by an idea of John McColm), "Reader's Circuit Corner",
Synthisource, Vol. 1, No. 2, Spring/Summer 1981, pp 13-15

[5] John Duesenberry, "Rhythmic Control of Analog éequencers”, Polyphony, Sept/Oct.
1978, pp 26-29

EN#E (17)



58

<

PRINTED IN U.S

an LFO (low

Here is
oscillator) with complementary

frequency

triangle
square wave outputs.
and easy to

and complementary
The module is inexpensive
build and, in addition, lends itself
well to modification for those special
LFO applications you have in mind. This
LFO has a very wide range, and the fact
that it 1is especially weighted toward
the lower end (two cycles per minute)
makes it perfect for long sweeping
voltage controlled filter and phaser
effects. Finally, there are LED monitors
for you blinky light fans.

Specifications

+9 volts

ImA (=), 12mA (+)
.03 Hz to 25 Hz

0 - 5 volts

Supply Voltage:
Current Required:
Frequency Range:
Output Voltage:

Blowy It \Worlks

Three sections of a 4049 hex
inverter form the basic oscillator
block. This means of generating a
triangle and a square wave from CMOS

type digital circuits has been presented
in several sources, and is currently
being used in some music applications
(notes 1, 2, 3). R2 is the rate or
frequency control, and offers continuous
variation from .03 Hz to 25 Hz. There
are three outputs from the basic oscil-
lator, a pair of complementary square
waves and a triangle. These outputs are

36

not suitable for synthesizer work as
they stand and so must be processed. The
two square waves have an output that is
typically a few millivolts below full
supply. These are chopped down to the
standard 0 - 5 volts by means of voltage
dividers R5/R6 and R7/R8. The triangle
wave, on the other hand, 1is low in
amplitude (typically 2.5 volts peak-to-
peak) and furthermore is not ground
referenced. ICl corrects these
deficiencies. The triangle enters the
op-amp via R9 and is amplified by a
factor of RI12/R9. Furthermore, a
negative voltage 1is summed into the
stage through RI10 and R1l, which pulls
the wave down to a ground reference.

This is an inverting amplifier config-
uration, hence we sum in a negative
voltage which, when inverted, yields a

positive output. R1l is a trimmer which
allows precise adjustment of the ground
reference. The output of the amp goes to
Dl, an LED, for visual display of the
frequency, and to trimmer R15 which cuts
it down to a precise 5 volt maximum.

The triangle wave output next feeds
to IC2 which serves a similar purpose as
ICl in that the signal is mixed with a
negative voltage, and the resultant is
inverted, yielding a positive signal 180
degrees out of phase with the input. The
output once again is fed to an LED. We
now have two complementary triangle
waves to go with the two complementary
square waves, all 0 - 5 volts.

Note that the two op-amps also
allow us a considerably greater fan-out,
or ability to drive more modules, than
the 4049 would allow by itself.

POLIPHONY

)}

Comstruction

Construction is non-critical with
the exception of taking the usual care
in the handling of the 4049, which is
CMOS and must be protected from static
electricity. A socket is the best way to
go. The op-amps may be single units, or
you could use a dual such as a 1458. Be
sure to tie the inputs of the unused
inverters to pin 1 of the 4049, the
positive supply. In the circuit as shown
here, these pins would be 9, 11, and l4.
Finally, if you go the printed circuit
route, be sure to mount trimpots R11,
R15, and R16 where they are easily
accessable. The whole circuit with front
panel  facilities consisting of four
jacks, two LEDs, and one rate control
will fit comfortably behind a panel as
small as 2" X 4",

Power Supply

The output of the basic oscillator
block is a function of the supply
voltage, so to expect results similar to
mine, you must use a similar power
supply. The system was designed around a
+9 wvolt supply, so if yours is much
different than this (say, by a volt or
two) you should install two 9.1 volt
zeners and two limiting resistors to
bring the supply down. Current drain 18
1 mA on the negative side and 12 mA on
the positive supply.

Sept./Oct. 1979
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Callibration

Hook wup the LFO to the power
supply. Set the rate coutrol to a low
frequency and monitor the square wave at
jl. Verify that it gives about 0 - 5
yolts of output. Repeat for the other
gquare wave at J2, and also check to see
that the outputs at J1 and J2 are 180
degrees out of phase with each other.
Next, monitor J3 with a VIV or an
oscilloscope. Adjust trimmer RI5 until
you read 0 - 5 volts peak to peak. Next,
ground reference this wave by adjusting
trimmer RI1l. Now monitor J4 and adjust
trimmer R16 for a ground referenced
The output amplitude should still
Verify that

wave.
be 0 - 5 volts peak to peak.
the LEDs flash.

These measurements all have a
certain amount of error to be taken into
consideration, due to the tolerances of
the resistors and supply line differ-
ences. If you cannot get the triangle
waves referenced to ground, reduce the
values of RI10 and R17 to 270K and 220K
respectively and this should take care
of the problem.

Coiing Purther

It is almost as easy to build this
unit in a dual configuration (since each
LFO only requires three inverters and a

IM324 or a 4136. Applications include
suming together two waves of differing
frequencies for an irregular control
voltage pattern.

Conclusion

The LFO can be wused for all the
standard applications, and the multitude
of outputs allows great versatility.
Square waves are nice for generating
"trills" on a VCO, and triangle waves
are useful for sweeping filters or
phasers. Complementary outputs allow you
to sweep two paralleled filters in
opposite directions for a thicker sound.
Give this circuit a try and I think
you'll agree it offers a lot of optioms
at an extremely low cost.

Notes

1) Theory of the wuse of digital
circuits for oscillator applications 1is
covered concisely in  Linear  Appli-
cations, Handbook 2, National Semicon-
ductor, Application Note AN-88.

2) Some practical considerations of
the basic circuit are taken up in

Popular Electronics, August 1974, page
61, "A Guide To CMOS Operation', Walter
G. Jung.

3) Craig Anderton made use of this
basic oscillator block in a tremelo
circuit in Contemporary Keyboard, August

4049 has six), wusing just two chips-- 1979, page 69, "Electromic Projects,
the 4049 and a quad op-amp such as an Tremelo Part 1"./
Inverters: 1/6 4049  Power Supply: 9 V.
Op Amps: 741, etc. Besides powering the

sclhematic

R2 is the frequency

op—amps, also supply
+9 to pin 1 of the

control; all other 4049, and -9 to all
variables are trim circles marked "-".
pots.

R3

POLIPHENY
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PARAMETRIC
EQUALIZER

—+20 to —x db equalization
in 3 overlapping ranges
—Low and high level inputs

and outputs

—Widest bandwidth variation
in the industry

—Mono (Model PQ-3), and
stereo (Model PQ-6)
versions

—Quality construction,
dependable, easily
serviceable

—The prices are right!

FURMAN SOUND,INC.
616 Canal St. @ (4415) 456-6766
San Rafael, California 94904

e DRUM™

PERCUSSION SYNTHESIZER

* Modular design provides flexibility to
realize as large or small a system as you
need.-
,Contmuousty variable coﬁtrols rather than
7 switches allow true synthesi
* Numerous rear panel
control options permit m
%* Variety of sensor

im . sOm Send the 5700P The Drum !
package kit $269.75 enclosed i
Send the 5700P-A The Drum assembled i
©$399.95 enclosed

Send Assembly & Using Manual for The
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Hello and welcome! In
"Practical Circuitry" we will
discuss many things, but in one
way or another they will all
relate back to synthesizer design
and construction. We'll start off
with a detailed look at rhythm
generation. One of my reasons for
coming up with the unit was that I
didn’t like to play alone! By
integrating the unit into my
synthesizer system, 1’11 always
have a nice pattern to play
seainst. I think that you’ll find
this can be a great aid to
composition as well. Often, just
hearing a beat starts the creative
juices flowing.

I think that every one has,
at one time or another, played
with automatic rhythm boxes - you
know, those neat toys that when
you push a button labelled "Rock
1" kicks out a repetitive "book-
chik-a-boom" over and over. Such
boxes are great to practice with
in lieu of a metronome, but for
performing are next to worthless
due to the constant repetitive
nature of the sound. Well, guess
what? We're going to build one
anyway! But by applying
synthesizer techniques and
generalizing the unit, we’ll get a
broad range of sound and rhythms
that would be unheard of with a
simple rhythm box...we’ll even get
into tape synching and other neat
topics.

THE CIRCUIT. The basic
rhythm generator is configured
around a special ROM, the AMI S-
2566 (see fig. 1). This chip
contains eight tandard drum
patterns, and was originally
designed to be used in drum boxes.
As we’ll see shortly, there are
ways to make it do much more.
This chip must be wused 1in
conjunction with a clock circuit,
and the clock’s main job is simply
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to walk out the various patterns.

Switches S1 through S8
address the various rhythms, and
in most drum boxes, a single
pole/eight throw switch is used
for selection. However, by using
individual switches, one may
combine patterns by throwing any
number of switches. The results
are quite interesting, and the new
patterns quite complex (it is rare
when I use one of the "standard"
patterns for composition). If you
are into combinatorial analysis,
the total possibilities for switch
combinations is new 2 to the 8th
power, or 256. I haven't really
tried all the possibilities, but I

some combinations may be
duplicates of others. And then of
course '"no switches on'" is

mathematically possible, but
musically not very useful, since
no sound is generated.

There are five outputs, which
the manufacturer labels bass drum,
snare, brush, congo, and bongo.
Now on my unit, I -labelled the
outputs 1, 2, 3, 4, and 5 and the
pattern selectors A through H
since I didn’t want to be
constrained to think about the
unit in its normal sense. More
about this later.

Let’s look at a typical
output, as shown on the schematic.

suspect that the real number is The outputs give a simple 'voltage
somewhat less than this, since on" or 'voltage off", and must
O #18
R12 10 Ohms R13 10 Ohms
L
-15Vv
C10 10 uF 1
]/ Sl " 4 "
71 T ] @—9 "swing
14 = R14 S2 |, o
@&——¢ 'march
5 8
2 R15 53 Likpesy
6 7 nova"
IC1 sa
R16 ®—¢ rhumba”
28 1C3 9 68 aMmI S-2566
4024 R17 S5 4ok
11 5
_R18 / S6 L g ampa
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R19 S7 & 'waltz"
7111
58 | "dixie”
R14 - R21 = 33k
18 S1 - S8 = rhythm
outputs — select switches

I R22-R26
I 100k

R28 -

+5V bus to
other out-
put stages

. Repeat circuitry in
! box for outputs
1 2 -5 as well

R32

(

clock
output
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therefore be differentiated by R22
and C3 to give a synthesizer
compatible trigger pulse. Ql
performs the level conversion
necessary to generate a 5V
trigger. LED 1 gives a visual
indication of what’s going on.
The five LEDs are most imporrant,
since not every rhythm uses all of
the outputs, and with the LED you
can see which output to use for
what purpose (as well as get a
multi-media feel for the
patterns). The outputs terminate
in standard 1/4" phone jacks.

Now let’s look at the clock
circuitry. The basic clock is a
5355 timer, but note the unusual
configuration. With S9 in the
INTERNAL mode, the 555 acts as an
astable oscillator. With S9 in
the EXTERNAL mode, it becmes a
monostable (one shot) and must be
fired from an external clock.
1’11l say more about that in a
moment; for now, let’s leave S9 on
INTERNAL. C9, and R7 are the

basic frequency determining
components, and establish the
tempo of the selected pattern.

Rl11l and C8 determine the pulse
width of the clock output pulse,
and remain fixed. This 1is the
reason for the wunusual
configuration of the 555;
regardless of whether one is using
the INTERNAL or EXTERNAL mode, the
4Uch will always receive the Saue
width clock pulse - even in the
EXTERNAL mode, Rll and C8 szill
determine the pulse width. This
standardization of clock pulses is
important for multi-track
recording, when we want to pick up
clock pulses off of a click track.

S10 disables the 555. This
switch 1is important, since it
allows you to start a pattern
right on the beat.

The external clock input
accepts a possibly nonstandard
clock pulse and conditionms it via
the 741 and differentiator Rl, R2,
and Cl. R2 adds a bit of
hysteresis, giving the input clock
pulse a little more snap. This
sub—circuit is really nothing more
than a simple comparator, and R5
sets the threshold at which the
comparator trips. The threshold
control is useful when recovering
pulses from a click track (you
generally want to record the click
track at a low level to avoid
bleed-through on to adjacent
tracks, and use a sensitive
comparator for recovery).

Another 741 buffers the clock
output, and presents it to a 1/4"
phone jack, through R9 and R33.
This resistor network does two
things; first, it divides the
output voltage to a standard F5V
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Figure 2. Rack panel: 19" X 3.5".

A11 dimensions in inches.

range, and second, adjusts the
output impedance to a standard lk.
This is the output one would use
for synching other rhythm units to
one clock, driving a sequencer,
and the like. In addition, one
would use this output to record
sync pulses.

The clock also feeds pin 1 of
the 4024, whose outputs drive the
§-2566. S11 allows for resetting
the 4024, and the musical effect
of this is to cause the pattern to
return to the start of the
measure. When it comes time to do
some synching effects with the
unit, you will appreciate this
control.

A few words about the power
supply...the 74ls and S5-2566
require +15V DC, the 555 and 4024
need +15VDC, and transistors Ql
throeuagh 235 require e 3V cupply
(this can be dropped from the
positive bipolar supply with a 5V
regulator).

CONSTRUCTION. I used a
standard 3.5" X 19" rack panel for
packaging, with the layout shown
in figure 2. All jacks are
standard 1/4" phone jacks; I used
clip-lites for mounting the LEDs,
and the results were nice looking.

FINDING THE AMI S-2566. The
AMI S-2566 is currently available
on the surplus market from
Diamondback Electronics (PO Box
12095, Sarasota, FL 33578) for
under $2 with data (quite a
contrast to what these parts cost
when they first came out). While
you're at it, you might want to
order a couple, since I have plans
to do some series/parallel
applications in the future.

HOW TO USE IT. Before you
can really play with the unit you
must have some drum voices that
accept 5V triggers. In my system,
I usc two of the Percussive Noise
Sources described by John Blacet
in Polyphony Nov/Dec ‘79, pages 12
and 13 {corrections in Jan/Feb 80
issue, page 5), and two typical
twin-tee sinusoidal '"bongo"
generators set for bass drum and
tom-tom frequencies. Circuits for

this type of circuit abound; see
Polyphony 3/76, pp 37-42. I use
my synthesizer proper for the
fifth voice. Typically, this
voice employs a noise source, VCA,
and VCF.

I did make a small change in
both Percussive Noise Sources to
make them more useful with my
system. The resistor from pin 24
to ground, given in the original
schematic as 150k, sets the
sustain time of the audio output.
Internally this means that the
resistor sets the ON time of the
one-shot generator, and so has a
direct bearing on the sustain time
of the envelope imposed on the
audio signal. This initial ON
time was far too long, in fact, a
series of triggers coming to the
Noise Source simply held it on.
So, I changed the resistor from
150k to 47k...this allows me to
now generate such interesting
sounds as a dog scratching for
fleas, rhythmically! And, all
kidding aside, other short-noise-
burst type sounds.

By the way, I have found that
using all white noise type drum

using all bongo type circuits is
very boring. It is a combination
of the two types that really
produce a pleasing sound.

Well, let’s suppose you've
hooked up some drum voices (see
figure 3). If all has gone
according to plan, flip S1l to
RUN, S10 to RUN, S9 to INTERNAL,
select some pattern via S1 - S8,
and you should hear a madcap
electronic drummer wailing away!

R6 adjusts the tempo of the
pattern.

MULTI-TRACKING EXPERIMENTS.
As much fun as real time

percussion is, it is in the area
of multi-tracking that this unit
shines. For a basic multi-
tracking experiment, record the
clock out on to track 1, and the
mixed drum output to track 3 (see
figure 4). Kecurd a minute or so
of material; now rewind the tape
to a point a few feet before the

start of the recording. Switch
the patch cords around, so that
the output of track 1 goes

directly from the tape machine to
the external clock input, then.
remove the patch cord from track 3

sounds is very distracting and and patch into the input of track
RHYTHM GENERATOR
+15V
POWER
SUPPLY +2V RUN  RUN  INT
6N LN B
HOLD RESET EXT
-15V

]
—

DRUM 1 DRUM 2

DRUM 3

DRUM 4 DRUM 5

1

Figure 3.

>
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Try  to visualize six of these
chips wired so that one chip was

the master chip, and each output
would drive the clock inputs of
the remaining five chipe (see

figure 6). The master clock would
have to run much faster now, since
there would be quite a few
divisions taking place. Anyway,
the result would be 25 drum
outputs (five from each chip),
resulting in a very complex
pattern. Practical? I don’t

know. Like I said, this came to
be during a bout of insomnia...
Here’s another wild and crazy

TAPE RECORDER
DRUMS inputs
RHYTHM
GENERATOR 1 34
EXT > —Te® @
\ 3 MIX
INT
4 1 2
; e °
CLOCK IN
Figure 4.

idea. Notice how the 4024°s
divide by 2, 4, 8, 16, and 32 pins
are used for clocking the $-2566;

continued ON PAZE vevvrvavrnnnnoones 32

4, This time we are going to
record on track 4, so be sure to TAPE RECORDER
leave track 3 alone (see figure )
5). Flip $9 to EXTERNAL mode, put RHVTOM DRUMS inputs outputs
S10 in the HOLD mode, and toggle GENERATOR 3 4 3 4
S11 from RUN to RESET back to RUN ‘
again. EXT ¢ e ®

Start the tape machine
rolling, then f£lip pSIO to RUN. INT
The reason for starting the tape
machine first is that engaging the 1 2 1 2
tape machine in the record mode ® ® e
may enter a mechanical or —
electrical c¢lick through the
system, thus causing the 555 to
trigger once and offsetting the
tempo from the original. Now, if
all has gone well, the rhythm unit
will pick up the clock pulses from Figure 5.
track 1 and convert them into the
drum pattern being recorded on
track 4. Rewind the tape and play back tracks 3 and
4; they should sound the same. While this isn’t too \‘
musically useful, it does demonstrate that one set =0
of synch pulses has perfectly synchronized the two clock ] —Q
drum parts. The fun starts when you record two 9% 1 —CQ
different patterns synched to the same pulses, on to —O
different tracks. The resulting sounds are S-2566
wonderfully complex.

I should probably say a few things about the —O
use of sel-sync, simul-sync, or whatever your tape ——O g
machine calls this function. When recording on clock g in —O U
track 4, monitor tracks 1l and 3 through the record —Q M
heads, using the above mentioned sync function. 5-2566 —O
Failure to do this would mean that during the 0 1
recording process tracks 3 and 4 would sound U ) —O 8
synched, but during playback, the two tracks would T Tock —O T
be horribly mixed up due to the distance between the —in E 3-—-————C—Q-C——.in —O P
record and playback heads. If you're not sure what T 4 —O U
I'm talking about, refer to Craig Anderton’s book, S 5-2566 ——O I
Home Recording for Musicians, pp 24-25 for more $-2566 5 >
information. —tg

RANDOM COMMENTS. You’'ll note that we didn’t in —0
use track 2 in the previous example; this sevves as clock —0
a guard track between the click track and the other 5-2566 f—O
audio tracks. These clicks represent a fair amount Figure 6.
of energy, and you don’t want to have any leakage —0
getting over to the other tracks. Of course, after O
recording all the drums you don’t need the clicks lﬂ—.in '®)
anymore, at which point they can be erased, leaving O
room for additional overdubs. $-2566

Here’s one idea I came up with on a sleepless
night. Recall that the S-2566 has five outputs. —
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by Andy Bassford

(This is the start of what we hope will become a
semi-regular feature. We encourage readers from
other countries to contribute similar articles that
describe the musical electronics scene in their
country. Tell us about do-it-yourself activity, how
well musical electronics is accepted, and the
like...just as Andy has done below.)

I moved from Hartford, Connecticut to Kingston
Jamaica about eight months ago. I am a guitarist
with WE THE PEOPLE band, one of the island’s most
popular groups, and do many sessions as well.

The electronic music scene in Jamaica, like
everything else in Jamaica, is dramatically affected
by the problem of foreign exchange. Without going
into a dissertation on international finance, the
Jamaican dollar is largely valueless in the outside
world, and this, coupled with the fact that there
are extensive government restrictions on buying
foreign currency and importing in general, means
that a 741 op amp costing maybe a dollar at Radio
Shack sells for $10.50 Jamaican, if you can find one
to buy. A Fender Vibro Champ amp sells for $750
Jamaican - you get the picture.

Because of this problem, there are no do-it-
yourselfers among the Jamaican musicians I know.
However, they have a tremendous interest in effects,
and guitarists especially own at least one or two
commercially produced devices (usually bought while
on tour out of the country). If you're a musician
in Kingston you play reggae, especially if you do
sessions. And, as anyone who has heard a "dub'"
album (remixed rhythm tracks with psychedelic
effects) can tell you, echo and reverb effects are
vital components of reggae. Phase shifters and
Mutron-type devices are common on sessions, but the
real electronic star in the Jamaican firmament is
the Syndrum sound. It is common to have two or
three tracks of Syndrum dubbed on to a record in
addition to regular drums and percussion. Keyboard
synthesizers are also popular, and Robbie
Shakespeare (one of reggae’s top bass players - Ed.)
has a Gizmo. I am the only musician that I know of
with a pedalboard. Session fees are $50 a song, and
reggae musicians work very quickly. One day I was
on a session where we laid down 14 rhythm tracks in
six and a half hours!

Unlike the states, live performances of music
in Jamaica are relatively rare, due to the
difficulty of obtaining instruments. A few clubs
have resident bands, and the large hotels have
lounge-style groups, but most dances and parties are
serviced by portable discos rather than bands.
Stage shows, when they do occur, last for anywhere
from three to five hours straight as a variety of
singers, vocal groups, and Di-rappers come on one
after another, do their four or five songs, and
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leave. After my experiences in the backup band at
these shows, 1’11 never complain about four sets a
night again! Effects use in these situations is
generally confined to the PA system, although our
keyboard player often plays Syndrum parts on his
synthesizer, and the musicians simulate echo effects
manually on their instruments in order to
approximate the '"dub" style.

In conclusion, I would say that despite the
many obstacles facing them, Jamaican musicians have
developed an original and sophisticated style of
using effects to enhance their music which other
musicians can learn from - a style in which effects
are used more as an organic part of the music rather
than as a gimmick, and are integrated into the
rhythm track rather than being piled on top of it.
Anyone seriously interested in electronic music owes
it to him or herself to check out reggae.3

————— REYTHM GENERATION: IT’S ABOUT TIME.. o
continued from page .............. -e25

how about scrambling these in some
other order? Or what about using
the divide by 64 or 128 pins in
some combination with the others?
Crazy!

As you can imagine, there are
infinite variations on the basic
rhythm generator circuit. I would
be interested to hear your ideas
on the subject, no matter how
strange or wild they may be; I'm
sure that what we've done here is
to just scratch the surface.X

i Pretty impressive when heard through a decent sound

E-H MINI SYNTH REVIEW

continued from Page «.eeeveeeeennn..

there’s no VCA and that the filter pops when you
remove your finger from the key, this is not
something that most synthesists would use on stage;
however, the M/S does make some truly grandiose bass
sounds. If I played bass regularly and could only
spend $200 to improve my setup, the M/S would be my
first choice. The keyboard is easy to play, and you
can get a wealth of great alternative bass sounds.
Drop the octave, turn on the "phaser", and wail -
the results are most impressive. I've even used the
M/S for some recorded bass parts because frankly, no
other synthesizer gets quite the same sound. If you
want to get trumpets and strings, you had better
move on to something more costly. But for bass
lines and an occasional screaming solo, the M/S is

system.

However, evaluating the M/S solely from a
technical standpoint overlooks some of its most
attractive features - namely, the social
implications of playing something like the M/S (see
"Editor’s Note'). Non-synthesists seem far more
fascinated by the M/S than the M-10 simply
because...well, it's a synthesizer, and the M-10 is
still basically an organ (of course, if you add the
M-10 mods we’ve covered in Polyphony, then you've
got one heck of an organ). But, in the world of
portable music both units fulfill a unique place.
Give the rhythm player an M-10, and the lead player
an M/S; that should make for a pretty good jam!ZX

MarchiApril 1981



I think that anyone who has ever played with
the SN76477, Texas Instruments' complex sound gen-
erator, has gone through two phases. The first
phase is "Wow, does this thing ever do a lot!" And
it does. The chip certainly represents a triumph of
large scale integration, incorporating many dif-
ferent sound functions in one 28 pin package.

Well, that euphoria probably gave way to dejec-—
tion. Yes, in this second phase you probably dis-
covered that the VCO didn't have a very large sweep
range, and was temperature dependent. And the noise
source was rather static and didn't really have a
great variation of possible sounds. Most impor-
tantly, you probably found out that despite contain-
ing all these neat functions, the chip was basically

organized in a fixed manner. That is, it contains

lots of sub-circuits, but they are all intercon-
nected, internally, in a certain fashion, and re-
arrangement of them seems impossible. You probably
drew the same conclusion I did: The chip was suit-
able for pinball machines and kiddie games, but
wasn't really adapted for serious synthesizer work.

2 -
LF351
3 + output
15
SN76477 = s5v
21 20 2
0.64
C = Yo O%
— R f= ¢ He
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Now it's time for phase three, wherein we dis-—
cover how to separate the functions, get a broader
range of sounds from the noise source, and do all
sorts of other neat things. Most importantly, our
applications will be suitable for much more than
kiddie toys...like serious synthesis. In this in-
stallment we will discuss how to isolate output
structures; next time we'll examine the noise source
in detail, and then we'll close out this particular
series by integrating all these ideas into a "Super
Controller Module" suitable for use with the best
synthesizers. I'm really fired up on this, and I
think you'll be pleased as well!

I'm going to assume in this article that you're
already familiar with the basic layout cf this chip
(if not, refer to Craig Anderton's article on the
SN76477 in Synapse magazine's Summer 79 issue, or
check out the data sheet Radio Shack provides with
their SN76477s). This will save referring to the
spec sheet throughout the article.

Fig. 1 Power supply connections to
op amps assumed (+15V)

T e e T T T

R6 100k
] +15V O—AAWN\—C) -15V |
offset
I adjust l
10M R2 390k
. 2 |
I (:} NN\
R1 100k l
| B l
m
| I
| l
Liptional output _J

May/June 1981



66

Tapping the LFO Triangle Wave. Ordinarily, the
only LFO waveform accessible at the chip output is a
square wave; however, figure 1 shows how we can
obtain a triangle wave from the LFO. We simply tap
the waveform off of the timing capacitor, making
sure that we buffer it sufficiently to prevent load-
ing down the cap. The LF351 is an ideal buffer,
since in the configuration of a voltage follower
(unity gain buffer), it has an input impedance of
thousands of megohms! Other bi-fet family op amps
(LF356, TLO71, etc.) are equally suitable.

Note that the output goes from about 0.4V to
about 2.8V, for a total swing of 2.4V (these figures
will vary somewhat from chip to chip). The optional
circuit shown beefs up the signal to a standard 10V
peak-to-peak, referenced to ground, with an output
impedance of lk. R4 sets the approximate ground
reference, while trimmer R6 allows for precise ad-
justment, This trimmer may not be necessary in less
precise applications.

Since we have not interfered in any way with
the internal mixer or output stages, a square wave
version of the same frequency is available at the
output proper of the chip (pin 13). So we get two
waveforms for the price of omel

Tapping the VCO Triangle Wave. Figure 2a shows
how to pull this same trick on the VCO. This time
the buffered output goes from about 0.4V to about
3.0V, which is slightly greater in amplitude than
the LFO output. The signal may be amplified and
level shifted with the same optional circuit from
figure 1, for approximately the same results. You
may wish tc slightly reduce feedback resistor R2 to
compensate for this small difference in amplitude.

Oue problem with the VCO circuit is that the
amplitude decreases as the control voltage to pin 16
decreases, meaning that amplitude decreases for
increasing frequency. The internal square wave is
unaffected. This being the case, if you plan on
using the VCO triangle output it is probably best to
apply a fixed control voltage to pin 16 and leave it
at that value, thus making the VCO into a manually
controlled oscillator. Control the frequency by
using a pot at pin 18. Figure 2b shows a voltage

F o 0 o e ey
out
+5V (F oV
15 ? output
SN76477 2
6

w

fC=_§E—HZ

Fig. 3

Power supply connections to op amps assumed

(+15V)

noise

2 4 5 6'
47k R =t 1
lowpass filter cutoff
e 1.28

2 -
LF351
3 4
+5V
12k
SN76477 (see text)
17 18 2
- R 10k
Fig. 2
Power supply to op amps |
assumed (4+15V) —

divider applying a fixed voltage of 2.3V to pin 16.
Experimentation has shown this to be the best value.

Tapping the Noise Source., Why stop now?
Figure 3 shows how to tap the noise output., The
buffered output goes from 0 to about 5V (with the
noise filter wide open), which may be suitable for
many applications. However, to make the noise
source compatible with standard gear, the optional
circuit shown is recommended. With the added stage,
the signal is now ground referenced with an ampli-
tude of 10V p-p. Note that the output impedance is
a standard lk. The 600k resistor specified is ideal
case: 560k works almost as well,
continued On NEXL PAGE..veeesssssnssssoasssssssssons

~ ~ eoox T~ T T T 7]

see text 200k
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Tapping the One-Shot. Not so obvious is how we
can tap the one-shot output (see figure 4). A
negative going edge at pin 9 initiates the one-shot,
while a resistor at pin 24 and & capacitor at pin 23
set the time constant, Note that we can tap the
capacitor's charge cycle at pin 23 and get a trian-
gle going from OV to about 2.5V, or we can take a 5V
pulse out at pin 8. Strictly speaking pin 8 is
really the envelope generator output, but since we
have no capacitor connected to it to charge and

—) output

@ +5V

.
K Moo

out

c —

e

Pulse width 10k {10k

(0.8) (RC) (seconds)

Figure 4 Power supply connections to

op amps assumed (+15V)

discharge, the envelope generator opens and closes
quickly, In other words, the envelope happens to be
a pulse! The 10k resistors at pins 7 and 10 provide
paths for what would normally be the charge and
discharge currents of the envelope generator.

Summing Up. So far we've managed to isclate
four different functions of the chip: Two oscilla-
tors, & noilse source, and a one-shot. Now that
these various outputs have been tapped, we are free
to mix and combine them in any way we want. In
other words, we have finelly broken free of the
internal signal routing. This versatility is ex-
ploited in the "Super Controller Module" coming up
shortly.

We're running out of space, but not ideas.
This article has just scratched the surface, and I'm
sure there are countless more ideas just waiting to
be found. Do you have any? If so, drop me a line
c/o Polyphony. Next issue, we'll move on t~ the
noise source...and if you thought all white noise
sounded the same, you're in for quite a surprise!

© copyright 1981 Thomas Henry
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Last time we talked about how to find new
outputs on the SN76477. 1In this installment, let's
switch gears and talk a little about how to get more
sounds from the noise source.

SK76477 noise source background. The white
noise source in this chip is not the back-biased
transistor you might be familiar with, but a binary
pseudo-random noise generator. 1 don't want to get
too heavily into the theory of this (see Don Lancas-
ter's TTL Cookbook, Howard W. Sams, 1974, pp 277-283
for a_ggod treatment), but all we really need to
know is that the noise source is basically a shift
register, with various bits moving down the register
at a rate determined by a master clock. This clock
can be either internal or external to the chip.

Let's consider an internal clock circuit first.
Normally the resistor connected from pin 4 to ground
sets the clock rate, and that's that: However, we
could just as easily replace the resistor with a

transistor (see figure 5). In this configuration
the transistor acts like a throttle, and determines
the current flow through pin 4, hence varying the
clock rate.

Before getting too heavily entrenched in de-
tails, T suppose that I should say something about
why we want to change the clock rate. The best
answer I can give is "try it, you'll like it!". The
sound 1is an incredible swooshing noise, and is very
similar to phasing or flanging. The noise takes on
a new tonality, and sweeping the clock changes the
spectra in an eerie and dramatic manner.

White noise percussive voice. The circuit in
figure 5 is specially adapted for a percussive
voice, with the noise amplitude being controlled by
the envelope generator and VCA. 1In addition, the
envelope is tapped off of pin 8 and applied to the
base of the tramnsistor. The result is a voice which
sweeps as the envelope dies away.

manual :[
trigger

o h 10k
® Figure S =it 5V
+5
25 1 15 !
1 uF ov
_% "— 23 9
+ SN76477 VS Erdppas
24
— "\ —
4 5 7 8 11 2
L7k 6 10 1 13 ==
10k ! 10k 100k
4. 7k — 10k
.001 10 uF
- At +l
2N3904 M 220k output
M 4.7
uF 3.9k
filter deca —
& & & 100k
10M = =

AAAY;
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You will also note that the
envelope is tapped via a 10 Meg
resistor. The reason for such a
large value is to avoid loading
down the envelope generator capa—
citor. We could have buffered
this voltage first using something
like an op amp, but the loading
caused by the 10M resistor is
negligible, and is certainly cost-
effective in this situation.
Since the Beta (or DC current
gain) of transistors varies from
one unit to another, it may be
that 10M is too large to allow the
particular tramsistor you pick to
turn on sufficiently. Feel free
to experiment with other values;
any value from 1M to 10M is per-
missible, but don't drop below IM
or excessive collector current may
flow through pin &4 of the SN76477.

Before leaving figure 5, you
should be aware that this would
make a nice modification to the
Percussive Noise Voice (John Bla-

Power supply connec- gy
tions to op amps
assumed at +15V

+15 connects to pin 7

its sweep range; when you need
lots of sweep, try the circuit in
figure 6.

Here we avoid the internal
noise clock completely, and use an
external clock instead. Actually,
the "external" clock is really
internal to the chip, being the
VCO. This is a good way to save
parts, space, and wiring hassles.
However, if you were planning on
using the VCO for something else,

you could always clock the noise-

with virtually any other type of
square wave oscillator.

Let's analyze the circuit;
consider the VCO first. R9 and a
capacitor selected by S1 (C2, C3,
or C4) set the basic VCO frequen-
cy. A control voltage applied to
J1 is summed through IC2 and ap-
plied to the control voltage input
of the VCO, which sweeps the VCO
frequency. Since IC2 is an in-
verting stage, an increasing volt-
age at Jl yields an increasing
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which programs the chip to accept
an external clock.

The rest of the circuit is
the same as that described in the
last installment, with the noise
taken off of timing capacitor Cl.
We have to take cut the noise this
way since the chip's normal out-
put, pin 13, is already committed
to the VCO.

Calibration. To adjust trim-
mer R6, turn down R1 and R3, and
advance R6 until the noise just
begins to be audible. This sets
the lowest noise frequency.

Once the circuit 1is cali-
brated, start experimenting. You
could apply an ADSR to Jl, or an
envelope follower, LFO, sequencer,
etc., - you get the picture; we're
talking about a staggering amount
of sounds, and they're all ex-
tremely useful. If you thought
white noise had to be a static,
one-dimensional effect, this cir-
cuit will definitely turn your

offset trim

-15 R6 100k +15

o
1

-15 connects to pin 4 L R7 33k
R8 ‘ X
33k

, 4 15 17
163
1
SN76477 f Dro1s
18
2 3 13 12 11 5
R13
100k R10
R12 10k
R9 220k
10k
R1l4 g
10k R11 .001
: il kog Figure ¢
cet, POLYPHONY, Nov/Dec 19779, pp frequency. R3 offsets the VCO if

12-13, corrections in the Jan/Feb
1980 issue, p S).

Zxpanded noise sweep. Sweep-—
ing noise effects really appeal to
me, and ever since discovering how
to do them, I have been constantly,
at work developing new ways to
employ this technique. One of the
limitations of the circuit in
figure 5 is that the internal
noise clock is slightly limited in
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desired, or can be used as a manu-
al sweep control. Trimmer R6 sets
the zero point of the VCO so that
0V applied to J1 gives the minimum
VCO frequency. Diode DIl prevents
any inadvertent negative voltages
from creeping into the VCO. The
VCO's square wave output is taken
off of pin 13 and sent to the
external noise clock input at pin
3, Pin 4 is tied to the +5V line,

S

e
+
RS 100k
—>¢ R3
33k Initial
| R4 100k Noise

——I'requency

CV in
J1
R1
g
100k cv =
—i— Level

audio
output

I

head around.

Next month, we'll tie to-
gether what we've covered so far,
plus more, with a complete pro-
ject, the "Super Controller Mod-
ule', I think vou're going to
like this onel

Acknowledgement. My thanks
go to Craig Anderton for turning
me on to the use of a transistor
to control the internal noise
clock. © 1981 Thomas Henry
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If the VCO, VCF, and VCA form
the heart of a synthesizer, this
module is surely the brain! It
gives you most standard controller
options (LFO, noise source, and
sample and hold), but also in-
cludes some extras that have no
real precedent on commercially
available synthesizers.

The Super-Controller Module
(SCM) incorporates many of the
SN76477 tricks discussed previous-
ly in this column. Since this is
a BIG circuit, I can't waste much
time or space in introductions, so
let's get right into the design
analysis. (see figure 1)

Power supply requirements.
The SCM requires a regulated and
well-filtered source of +15, -15,
and +5V DC. Carefully note which
points on the schematic connect to
which power supplies; incorrect
connections will keep the SCM from
working correctly.

Roise source. This is basic-
ally set up in the same way as
described in the last installments
of "Practical Circuitry". Aa e.-
ternal control voltage, attenuated
by K2, controls the noise clock
frequency. The noise output is
buffered via FET Q7; R60 helps
cancel some of the offset inherent
in the FET source follower config-
uration. The noise out is a stan-
dard, 10V p-p voltage centered
about ground, with an output impe-
dance of lk.

LFO0. The LFO has lots of
options, so let's examine them one
by one. To simplify matters,
we'll ignore Ql and its related
circuitry for the moment.

As discussed in a previous
installment, the triangle output
of the SN76477 is tapped off at
pin 21 and buffered by bifet op
amp A2. The signal then branches
off in two directions: the path
through R33 is amplified by a
factor of about 3.9, and level
shifted by R35, which presents a
10V p-p (centered about ground)
triangle wave at the output. R35
sets the approximate offset of the
output; trimmer R37 centers the
output exactly about ground. An
LED at the output of A4 monitors
the LFO rate.

This same triangle wave feeds
comparator A6 and its related
components., R4l adds 0.1% of
hysteresis, which gives the re-

R
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Figure l: Schematic for the Super Controller
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NOTES :
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O

C) connects to +5V (point C)

All resistors in Ohms, all resistors in uF;

power supply connections to op amps assumed;
A2, A8, A9 must be bi-fet type op amps,

all others are 741 type op amps; all signal
diodes are 1N914 or equivalent; all transis

tors are 2N5129 except as noted.
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sulting square wave a nice clean
edge. R42 and R43 attenuate this
signal, giving a standard 10V p-p,
centered about ground, square wave
output with a 1k output impedance.

Since there are many times in
synthesis when a bipolar 5V signal
is inappropriate, a gate signal
going from 0 to +5V is also de-
rived from this square wave and is
available at Q5's collector (the
transistor is powered off the +5V
supply, hence the 5V swing)., This
gate would typically be used for
driving ADSRs or the like in sync
with the LFO.

Now let's shift our attention
to the circuitry associated with
Ql. This is set up as a switch
that can discharge whichever LFO
timing capacitor is selected by
S§2. Not only can Ql discharge the
timing cap, it can also hold the
LFO waveform output at OV.

If S4 is on, then the junc-
tion of R13 and R14 is pulled to
ground. This does two things.
First, 1t shuts off Ql, meaning
that the capacitor selected by S2
is free to charge and discharge
normally, which lets the LFO run
as usual, In addition, a current
flows through R13 to ground, turn-
irg the status LED on. Whenever
this LED is on, you know that the
LFO is running.

With S4 in the footswiteh
position, and an ordinary SPST
push-on/push-off footswitch
plugged into the footswitch jack,
closing the footswitch ties the
junction of RI13 and Rl4 to ground;
thus, the LFO runs normally, and
the status LED is lit. However,
opening the footswitch releases
R13/14 from ground, which ini-
tiates two events. First, the LED
is extinguished; second, Ql is
turned on, and this shorts the
LFO's timing capacitor to ground,
In other words, the LFO 1is in a
"hold" state and the extinguished
LED indicates this. Footswitch
control of the LFO, while simple
to implement, can really add a lot
of versatility to your sound.

Now consider another patch.
First, set S4 to the delay posi-
tion; then, take a 5V trigger out
from your keyboard to the DELAY
trigger input at Cll. Patch the
LFO of the SCM to an FM input of a
VCO. ©Now let's follow the chain
of events. Push a key down on the
keyboard - a trigger enters Cll,
thus turning the 555 timer on for
a time determined by C8, R15, and
R16. This is a one-shot circuit,
and so pin 3 goes high. Note that
pin 3 is connected via S&4 to the
R13/R14 junction mentioned above.
Since this junction is high, Ql
turns on and therefore turns the
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LFO off for the delay time set by
the one-shot. After the one-shot
turns off, the R13/R14 junction is
brought to ground and the LFO
turns on again. The result is a
pleasing delayed vibrato effect,
which I have found to be extremely
well suited to creating string
effects.

Note that C8, the timing
capacitor for the one-shot, 1is
bridged by Q2, in the same way
that the LFO capacitor is bridged
by Ql. This guarantees that each
trigger coming in to the delay
circuitry shorts out C8 momentari-
ly, so the charging of C8 always
starts from OV. In more technical
terms, the one-shot is retrig-
gerable. Thus, as long as your

keyboard is putting out triggers,

the LFO is off (remember, each new
trigger discharges C8 and starts
the one-shot all over again). But
as soon as the triggers stop, and
as soon as the one-shot turns off,
the LFO turns on again. And of
course, the status LED monitors
the whole thing. R15 adjusts the
delay time.

Now it's time to consider the
gating function of the LFO. To
give you an idea of where we're
going with this, we're going to
set the LFO so that when we push a
key down on the keyboard, the LFO
puts ocu* a cseries of triggers,
suitable for driving an envelope
generator, The result is repeat-
ing envelopes under keyboard con-
trol (pluck-a-pluck~a-pluck ban-
joes, anyone?).

Put S4 in the gate position
and connect the gate output of
your synth to the GATE INPUT jack
near Q3. Suppose that no key is
depressed. With no gate present,
Q3 is off, and its collector is at
+5V. The collector is coupled to
the junction of R13/R14 via S4,
hence Ql is on, and the LFO is in
a HOLD state. Now, depress a key.
This sets up a chain reaction;
current flows through R21 into the
base of Q3, thus turning it on.
This pulls the collector (and the
R13/R14 junction) down to ground,
which shuts off Ql, and allows the
LFO to run. Hence the various LFO
outputs are off and running.

Now consider the trigger out-
put. Suppose the gate input is
off (no keys down); this holds the
LFO triangle wave at pin 21 at OV.
This is buffered by A2, and this
OV output is applied to the in-
verting input of A3. A3's non-
inverting input is held at 0.7V by
virtue of the voltage drop across
the diode in series with the cur-
rent limiting resistor, R26.
Since the non-inverting input
voltage exceeds that of the in-

verting input, A3's output is
high. This "output high" condi-
tion is chopped down to a +5V
level by Q4 (which is configured
in a non-inverting manner) and the
output of Q4 is coupled to an AND
gate composed of the four sections
of the 4001. The AND gate output
is differentiated by Cl12 and
squared up to a nice 1 msec pulse
by A5, which is then clipped and
attenuated by D3/R31/R32, present-
ing a 5V output trigger.

However, remember that we
said the GATE input is off. As a
result, the other input of the AND
gate 1s low (pins 5 and 6 of the
4001), so no triggers appear at
the output yet. But - push a key
dowa (GATE on), and the AND output
goes high, which allows triggers
to pass to the output.

This may seem like an elabor-
ate scheme for generating triggers
under keyboard control, but it is
necessary. Without this logic
scheme, there would be a percepti-
ble delay time between pushing a
key down and the appearance of the
first trigger. Trust me, other
ways of attempting this fail mi-
serably (I should know; it took me
a half year to get all the bugs
out of this project!).

The triggers at AS5's output
also clock the S/H. A7 is an
input buffer for the S/H, and its
output is applied to FET Q6 which
acts like a switch. With no trig-
ger applied, R46 keeps the FET
pinched off, hence no current
flows through the FET channel.
But when a negative going trigger
hits the FET's gate, it turns on,
allowing whatever voltage is at
the output of A7 to pass to the
hold capacitor, Ci3. Then the FET
turns off again and the charge is
safely "sealed in" by the FET on
one side and A8 on the other. A8
must be a bifet type op amp. The
output of A8 reflects the charge
on Cl3, and that charge passes
across R48 into Cl4. R48 is a
portamento control that can
"glide" or "slur" the sampled
voltages together. The output is
buffered by bifet opampA9, and is
then presented to the S/H output.

Construction. I built my
version on a printed circuit
board, and since this is such a
large project perhaps that is the
best way to go. However, there is
absolutely nothing critical about
the circuit so there is really no
reason why you couldn't build your
version with perf board and flea
clips. When I made my circuit
board, I used photographic tech-
niques since I had a notion that I
might want more than one in my
synthesizer system. That hunch
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paid off! I think you'll find that with two Super-
Controllers you can do both incredibly complex and
amazingly subtle sounds.

I built my prototypes behind standard 3.5" by
19" rack panels. Figure 2 shows the layout I used.
The circuit board is supported on angles behind the
front panel and the whole construction has a nice
solid feel to it.

Tuning the SCM. Tweaking the Super-Controller
is quite easy. First let's set R37, which is the DC
offset trim for the triangle wave output. The fast-
est way to set this is to simply monitor the trian-
gle wave on an oscilloscope and set the control so
that the triangle wave is symmetrically oriented
about ground. If you don't have a scope, monitor
the triangle wave with a center-zero Voltmeter (most
inexpensive VOMs have such a function). Then, set
the trimmer so that the needle on the meter swings
an equal amount on either side of zero Volts. Or if
you're not fussy about zeroed out triangle waves,
simply set the trimmer to mid-position and leave it.
This will give sufficiently close results,

To adjust the clock offset trimmer, R7, monitor
the noise source with an amplifier. Turn Rl and R2
completely down, then spin R7 around a few times to
get familiar with its effect. At one extreme you
won't hear anything through the monitor amp; at the
other extreme you will hear a very shrill white
noise sound. Starting from a no-noise position,
ease the trimmer up until the noise just starts.
This is the optimum position. By setting the trim-
mer in such a way, the initial set pot, R1l, will
have a full range effect.

Well, that's it...all built and all tweaked up;
we're ready to make some music!

Using the SCM. There are zillions of possible
uses for the Super-Controller, and hardly a week
goes by that I don't see some new, off-the-beaten-
path way of using this machine. But I've had over a
year now to play with the thing, and experience is
what really counts. To help you get started on
collecting your own experiences, I'm going to detail
four very simple patches. But let me reiterate,
these simple patches are for example only. Once
you're familiar with these, I'm sure that you'll
find many more.

Delayed vibrato. Figure 3 shows the first
patch, a delayed vibrato effect. Follow this patch
chart carefully, with your own system and the SCM.
Note that triggers come from the keyboard to the
delay trigger input. To make this more fun, you
might want to set up the VCO, VCF, and VCA to ap-
proximate the sound of a violinm.

Now push a key down and hold it. At first the

@ - 74" PHONE JaCK @ PR gr AQTNE

O -LED @] -SLIDE SWITCH

Figure 2: Panel graphics of the Controller

note yill appear without any vibrato, and after a
certain amount of time the vibrato will enter. Ex-
periment with various settings of the delay time
pot, R15. You will note that since the delay time
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Figure 3: Delayed vibrato

is retriggerable, a series of triggers will keep
firing and refiring the timer for as long as you
keep playing. The upshot is that as long as you
keep your fingers moving on the keyboard no vibrato
will occur, but as soon as you stop and hold a key
down, the vibrato will appear after the delay time
has elapsed. This can be very useful when you want
no vibrato until the last note of a passage.

Gated repeating ADSR effect (see figure4). In
this patch the gate from the keyboard determines
when the LFO is on, and gate and trigger signals
from the LFO fire the ADSR. Push a key down and you
get a series of repeating sounds; let up on the key
and they stop. As mentioned earlier, you can do
some great plucking banjo sounds with this patch if
that's your bag.
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Figure 4: Gated repeating ADSR
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Basic noise source patch (see figure 5). The
ADSR (besides modulating the VCA) also sweeps the
noise source. You'll note that there isn't any
filter in this patch, and yet push a key down and
what do you hear? A sound very much like a low pass
filter being swept! Adding a filter to this patch
really intensifies the sound. This basic patch can
form the basis of some really far-out percussion
effects.

Sample and hold (see figure 6). The noise
source is sampled by the Sample and Hold unit, and
the output is then sent to the VCO. The result is a
series of random pitches, with the SCM's own LFO
controlling the rate of these pitches. Add some
portamento by turning up R48 and these random
pitches become slurred., If you're into movies,
you'll find that you can do a great "R2D2" from
"Star Wars'" with this patch, especially if you add
some portamento.
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Conclusion. Well, sad to say I'm out of time
and out of space again. This is such a fun module
that I could go on and on telling you about some of
the neat patches that I've come up with...but since
I can't, you'll have to find them yourself (which is
at least half the fun of this kind of project any-
way). The best way to really discover new patches
with this thing is to understand the circuit
thoroughly. Once you know how it works, you'll be
well prepared for applying the module intelligently
and creatively,

Be sure to stop back next issue, when I'll
present another exciting new synthesizer module.
Until then, happy Super—ControllingUf

The following are available from Polymart (use order
form page 25):
Etched and drilled circuit board with parts placement

graphics...#8190PC.cuenernrnnrnnnnn. o 505w H22 « 50
Punched, painted, and screen printed Rack mount Front
Panel...#8190fp.......... : e ....$19.95.

Please add $4.00 postage and handling to your order.

LIVE PLUS TAPE - NEW TECHNIQUE

Continued from page.............20 ~fying performers
(who would hopefully be in some form of contact with
the source performers to pick up their cues) could
build dense and complicated textures with their
loops.

Complications? Particularly with the last two
techniques, it may seem that I wandered quite a bit
from my original goal of making live performance
easier and in particular less expensive. However,
consider that a pair of four-track decks would work
fine to handle the oft-illustrated four loops.
Since live performance does not always demand studio
quality, a pair of 7.5 IPS decks (such as two TEAC
| A2340s) would not only do the job, they could be
bought used for less than $1000 total - cheaper than
many synthesizers. 1In those techniques requiring a
synthesizer, something as simple as a minimoog or
Korg MS-20 would be satisfactory. With techniques
requiring modifiers, certain selected modules could
be easily configured in a case. All of this is
considerably cheaper than buying a couple of pro-
grammable poly machines or even some digital behe-
moth. These techniques also tend to be less demand-
ing of a performer's skills, which would not only
give less-experienced performers a chance to play
but also make the music a more intuitive and inter-
active piece that matches the mood of the occasion.

I am sure that there are many other live per-
formance techniques other than the ones that I have
mentioned, and that we're dealing with an open-ended
field. 1In the even that you feel demented enough to
try any of these ideas, let us know the results and
what you've learned. Let's keep those information
channels open!
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And now for a page from The Scrapbook...

=

Building electronic music equipment requires many different
skills. As this junior high graduation picture demonstrates, I fully
mastered advanced tool techniques in 8th grade boy’s wood shop.
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rPRACTICAL CIRCUITRY

NOTES

Al - A4 = % 4136, IC2
Ql, Q2 = 2N&124
D1, D2 = 1N&4148

All capacitors in uF, except

where noted.

For dual unit,

repeat all parts

except for R31, R29, Cl0, C7,
and IC3. IC3 is a dual flip-
flop, and the other half may be
used independently.

Power to IC2:

HARD SYNC IN

Vi

pin 11
V- pin 7

mwn

COARSE
TUNE

\V[==

EXPONENTIAL 1V/OCTAVE LINEAR
FM INPUT INPUT FM INPUT R47 100k
N

J1 J2

IClpin3 IClpiné6

Cé4
01

R55
680k

J98 ™~ A S1
1: Rising edge
2: Both edges
== 3: Falling edge
+15¢@ < to points
+ 11 marked +

33/16V
100/16\1’]\ - )
- ~ to points
-15e C)marked -

/I\ 100/16V Cc7

IC1 CEM3340

1 2 3 4 5 6 1 g

R32 R18
27k 5.6k

V/0ct

trim Sgo
R17 =
5k &

R27 10k

14 2 5 3 Ré
IC3 4013 1
4 6 7 8 10 JRI10 PULSE/
L. 5k SUB-
OCTAVE MIX
R19 8.2k

POLIPHONS

November/ December 1981
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It's time to start building
again! This issue we're going to
work on a VCO with lots of fea-
tures; in fact, I call it "VCO
Deluxe', Since this is a fairly
big project I won't be able to
dwell on any point in great de-
tail. However, since the circuit
is based on the CEM3340 VCO chip,
and since that chip is supplied
with an excellent data sheet, I
don't think you'll have any trou-
TRIANGLE OUT 7 204 10k SINE OUT ble filling in the details

There are a number of fea-
tures in this circuit that pop up
again and again, so to save space,
Table I summarizes these common
features in the form of a "spec
sheet'. These specs will make
many facets of the design easier
to understand.

We can breeze through the
2 oy circuit description now, especial-
= 2., ly since the CEM3340 does most of
the hard work for us. Refer to
the schematic in figure 1. J1 and
J2 are the two exponential control
voltage inputs. The voltage ap-

30 plied to J1l can be attenuated by
L 8k R46, while the voltage at J2 is
251 100k left alone and is simply the 1
Volt per octave input.

J3 and its associated at-
teauator R47 form the input for
linear frequency modulation. This
would commonly be used for vibrato
(FM by an LFO), or for creating
gong sounds (FM by another VCO).
This 1input is AC coupled which
makes it very easy to use, since
you don't have to worry about any
DC offsets shifting the fundamen-
tal pitch.

PWM INPUT OUTPUTS: Sine, triangle, ramp, pulse R44 and R45 are the coarse
end sub-gctave pulse and fine tuning controls. R&4
All output impedence lk. : )
Pulse and sub-octave covers a very wide range; in the
continuously mixable to farthest counterclockwise posi-
a single output. tion, oscillation is well below
All outputs DC coupled. 0.5 Hz. At the other extreme of
INPUTS: All input impedences, rotation, the oscillation 1is
?WEPC’deS“iEOEK around 35 kHz. The fine tuning
Z;;i'sgijgr are control has a much more restricted
range and covers a musical inter-
CONTROL 1V/octave. val of about a fifth.
VOLTAGE Exponential FM.

INPUTS: Linear FM (AC coupled). s
Coarse and fine tuning. frequency control input structure

comprising two tuning controls,
the exponential FM input, the

R39 100k

RAMP OUT
Jé

TABLE I: Specs for the VCO Deluxe

We've now overed the entire
PULSE/SUB OUT

SYNC Soft sync (set for 10%7).
clo INPUTS: Hard sync (switch : -
et selectable for reset on 1V/octave input, and the linear FM

VR o 12k
A R29
33/16V S8 . G . !
= o rising edges, falling input. ©Now let's take a look at

- Sgesy 4= BELh) the sync inputs,
PWM Manual or voltage The soft sync signal is in-
INPUT:  controlled. jected at J10 and should be some
sort of rectangular pulse. This

o THOMAS HENRYaes
POLYPHEONY November December 198 29
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sync input responds only to nega-
tive going triggers. Resistor R33
is installed to limit the amount
of synching to about 10%. This
seems about right to my ear, be-
cause more synching causes greater
distortion and starts to sound
like hard sync, while less sync
gives inferior phase locking.
However, feel free to experiment
with R33.

The hard sync signal is in-
jected at J9. Now to understand
S1 and its associated circuitry,
we must be aware that the CEM3340
hard sync input responds to either
positive or negative going pulses.
This being the case, it is easy to
see that if the switch is in posi-
tion 1, only positive sync pulses
are transferred to the sync input
at pin 6. Negative pulses are
blocked by Dl. Likewise, when the
switch is in positiom 3, only
negative pulses are transmitted to
pin 6. When the switch is in
position 2, both positive and
negative pulses are coupled to the
sync input of the chip. The up-
shot is that we have three types
of sync sounds. For more details
on this syne-switch structure, see
my recent article in Electro-
notes2,

The pulse width modulation
input is at J7. 1In the absence of
any plug being inserted in J7, pot
R48 manually controls the pulse
width via a fixed voltage supplied
by voltage divider R31 and R29.
However, inserting a plug into J7
removes the fixed bias voltage and
allows for voltage controlled
pulse width modulation.

Well, we've covered all the
input considerations; now it's
time to talk about the outputs.
Remember, our '"standard" is to
have 10V p-p outputs, centered
about ground, with a lk output
impedance. With that in mind,
let's look at the triangle wave
output first.

The triangle is available at
pin 10 of the CEM3340, however it
is a non-standard voltage. A2
level shifts and amplifies this
signal by a factor of 2, making it
standard.

The triangle wave also feeds
the sine converter formed by Ql
and Q2. If you're used to the old
3080 type sine converters, this
one will give you quite a sur-
prise. Distortion is incredibly
low, even with garden variety
transistors.. What makes this con-
verter superior to the 3080 type
is the inclusion of feedback via
R3, which practically nulls out
the "pip" on the extreme end
points of the sine.wave3, Trimmer
R43 minimizes the odd harmonic
distortion, while trimmer R34 ad-

justs the even order harmonic
distortion,

The ramp wave makes its exit
via J6. It should be obvious how
Al level shifts the ramp output at
pin 8 of the CEM3340.

The pulse wave is available
at pin 4 of the CEM3340. R25 is a
pull-down resistor for the emitter
of the internal transistor. The
pul_.e developed across this resis-
tor then splits off in two direc—
tions. First it feeds pot RS54,
which is the Pulse/Sub-octave
blend control. Then the pulse
goes to the clock input of a CMOS
4013, configured as a binary divi-
der. The output of the binary
divider goes to a voltage divider
comprising R10 and RI19. This
resistor string chops the sub-
octave wave down to about a 13V
level, which is the level of the
original pulse. This means that
both sides of R54, the blend con-—
trol, see signals of the same
amplitude, allowing smooth blend
transitions. The wiper of R54 is
buffered, amplified, and level
shifted by A4, which is configured
in a rather unusual way. If you
imagine that R49 goes to ground,
it is easy to see that A4 becomes
just an ordinary non-inverting
amplifier. However, pulling R49
to the positive supply instead of
ground level shifts the input
signal and at the same time re-
tains tﬁg—hon—inverting amplifier
characteristic4. The result is an
output that is 20V p-p centered
about ground,
chopped down to 10V p-p by divider
R12 and R13. This combination of
2.2k resistors gives approximately
a lk output impedance at the same
time.

So, by utilizing this some-
what strange configuration, we can
see that rotating R54 in one di-
rection gives full pulse wave,
with no sub-octave. Rotating it
in the other direction adds an
increasing amount of sub-octave
wave, until the pot has been ro-
tated all the way, at which point
the output is full sub-octave.
And we've kept a 10V p-p signal
the whole way around the rotation!

Calibrationm. Tweaking the
module isn't all that hard, but it
does take patience. The spec
sheet gives the details on how to
tune up trimmers R17 (the V/octave
trim) and R28 (the high frequency
error trim), so I won't say any-
thing about theml. The sine trim-
mers, R43 and R34, are best ad-
justed with an oscilloscope, with
your ear serving as the final
arbiter. While watching the wave-
form, tweak R43 until a nicely
rounded sinusoid is formed. Then
adjust R34 for a symmetric wave-

POLEPHONY

which 1is then

form. While performing both of
these trims, listen to the sine
wave on an amplifier and speaker
(at around 500 Hz), and note the
relationship between waveshape and
timbre. Believe it or not, your
ear will allow you to tweak up the
sine wave for very low distortion.
However, if you have a distortion
analyzer...

Well, 1it's too bad that
there's not enough space to dis-
cuss every point of this VCO, for
I think it's a really good one.
However, if you take the time to
study the CEM3340 data sheet, I'm
certain that this will clear up
many of the fine points. 1In the
meantime, enjoy the VCO Deluxe and
we'll discuss something new in
this space next issue.

References

1. The CEM3340 and spec sheet are
both available from PAIA Elec-
tronics.

2. T. Henry, "Two Hints on Using
the CEM3340 vCO IC', ELECTRONOTES,
Volume 13, Number 121, January
1981, pp. 13-16.

3. For more information on dis-
crete triangle to sine converters,
refer to W. Jung, "Triangle to
Sine Wave Converter'", IC Op Amp
Cookbook, Howard W. Sams and Co.,
Indianapolis, 1979, pp. 386- 388.
4. This method presupposes that
you are using a well regulated
power supply.

EKx Series

EXPONENTIAL
MODULE CARDS *~

EKx 10 ADSR
envelope generator with exponential control
of Attack, Decay and Release times over a
quaranteed .002 to 20 second range. No control
voltage feed-through..$24.95 plus $2 postage

EKx 20 VCF
with exponential control of pole frequency
over a 10 octave range. Jumper programmable
for 24 dB/Oct. LP, HP, BP or All Pass response.
Voltage controlled resonance. Low noise, 86 dB
below max. output. $26.95 $2.00]

EKx 30 DUAL VCA
low noise, low distortion, wide bandwidth, low
control voltage feedthrough. Both exponential
and 1inear control voltage inputs simultaneously
available...... $24.95 ($2.00] ‘

EKx 40 FULL FEATURE VCO
Full feature VCO with ramp, triangle and
voltage controlled pulse. Exponential control
of frequency over accurate and stable
100,000:1 range. Linear FM input and hard and
soft sync. .... $29.95 [$2.00!

Each kit features the Curt}§ Electromusic
I.C.'s to implement a full function
Voltage Controlled Card. A1l connections are
brought to the card edge in a configuration
compatible with Molex or 22 pin .156 center
edge connectors.

BASA Electronics, Inc.

1020 W. Wilshire , Oklahoma City, OK 73116 - (405)843-9626
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And now for a page from The Scrapbook...

I first became interested in designing electronic music equipment back in 1974 when I joined the
band Spiff Cool and the Keen-O-Jets. In the back row, from left to right, are Riff Andrews, Spiff
Cool and Howie Buttz. Crouching in front you’ll find me on the left and Angelo Spimoni on the

right.
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rPRACTICAL CIRCUITRY

We're starting to accumulate
a pretty good collection of syn-
thesizer circuits here in "Practi-
cal Circuitry". In fact, I hope
to present enough plans over the
next year to allow you to build a
complete synthesizer, So far,
we've covered the noise source,
LFO, and sample-and-hold (all part
of the SuperController module),
and a fairly elaborate dual VCO
module. Now it's time to start
thinking about amplitude modula-
tion, hence this month's dual VCA
(and a companion dual ADSR, which
we'll cover next month). The dual
VCA and dual ADSR fit conveniently
behind a 19" by 3.5" rack panel;
if you wish to use the same con-
struction technique, you may want
to wait until next issue before
you start building. I think
you'll find that a dual VCA/dual
ADSR module makes for a pretty
sharp combination. :

Now, about that title. The
name of the game is "think sim-
ple", since VCAs can get pretty
wild in a hurry. For example, the
VC4s used in a dbx unit, or for
automated mixdown, can get very
complicated. This is because such
applications demand very wide
range, low noise, and accurate
tracking. However, for electronic
music it isn't necessary to go
that far. You know the old saw
about the human ear being rela-
tively insensitive to amplitude
variations as opposed to frequency
changes? Well, it's true. So we
can cast out accurate tracking as
being of rather minor importance
to us. However, we would like a
fairly wide dynamic range, and
this also implies that we would
like low noise as well. Finally,
we want something that won't cost
us an arm and a leg (remember,
we're going to- build dual units).

I think there's a good solu-
tion to the above requirements:
the CEM-3330. If you're not fami-
liar with this chip, let me tell
you about it. The CEM-3330 is a
dual VCA designed specifically for
electronic music, It has "stan-
dard" input and output structures,
is easy to apply, offers linear or
exponential response and a choice
of class A, B, or AB operation,
and best of all, it's relatively
inexpensive - about $8. If all
this sounds good to you, be sure
to check out the spec sheet to get

a real idea of the power of this
chip.

"All right, I'm sold", you
say - "Let's get cooking!". I'm
with you - but wait a second while
I justify still further the title
of this article. As I said, this
chip has a lot of features; but
that doesn't mean we have to use
them all. So in this design, I'm
going to strip down, streamline,
and sometimes ignore various fea-
tures of the CEM-3330. What's
left is a terrific, low noise, and
simple to build VCA.

The audio signal path.
Figure 1 shows the schematic.
Since this is a dual unit, I'll
only describe one half (the other
half is identical, except that the
power supply connections are
shared by both halves). The audio
input enters through J2; Sl
chooses either AC coupling (for
audio processing) or DC coupling
(for processing control voltages).
If the audio signal were not cen-
tered about ground (i.e, if it had
a DC offset), you would hear a
terrific "thump" every time you
opened the VCA quickly, We can
certainly do without that, and
that's the purpose of putting C7
into the circuit. To further
reduce thumping, trimpot R17 al-
lows you to trim out any residual
offset in the chip itself. To set
this trimmer, repeatedly hit some
fast envelopes and adjust R17 for
minimum thumping in the audio
output.

R19 is an attenuator that
pares the signal down to size as
needed. This design follows a
standard that I have been using
for some time now, namely +5V
audio signal levels and OV to +5V
control signals. With R19 wide
open, the VCA accepts +5V audio
signals. -

Now for a few words about DI,
R5, and C5. Ordinarily pin &
should remain at a voltage some-
what below 0.7V. If that voltage
were to rise above this level,
latch-up and possible damage to
the chip would ensue. D1 makes
sure this never happens by clamp-
ing pin 4 to a maximum of 0.7V (a
diode drop). R5 and C5 form a
compensation network. Their job
is to help Cl (the actual compen-
sation capacitor) keep the ampli-
fier from breaking into supersonic
oscillation.

For you "theory" buffs, this
VCA is a current in, current out,
current controlled amplifier. RS

c8 .22
B Audio
Input
J7 S2
AC/DC R24
-
- 100k
R14 56k
B Audio 8
Output 13
J8 \ 9
A Audio R7 56k
Output
AVAVAY,
1RV .
1
=t 5
Cc7, .22 ——
Il —
it
A Audio G}_
Input .
32 »“Sl
AC/DC
R19
= 100k > " g 56k
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vCcAs: THINK SIMPLE

B CV Input
R12 56k o
100k
R13 56k R28 470k R18
AN 100k | RLL 56k = B Full
) ength CV Input
D2 CVreject@ V2 BE
R 1IN4148 trimmer
1k
R16 100k Fl%gk L
C611.01 AN —> =
Initial
Set B
~— c2 100 pF
|
___{ |
__L_ R1 100 Ohms
= +15 V
c9
18] 17| 16 11} 10 33
16V l ¥
Gnd
11 — CEM3330 c10 |+ —L_
33 =
16V :‘:
-15 V
1 2 3 4 5 6 7 gl 9
£ 4 —L_c1 100 pF & Full Strength
e S - = 7] CV Input
C3,,-001 L ' \VA BE
"_‘lrf =
R26 R 6k
R17 100k 150k 95 |
@ CV reject A CV Input
trimmer
o
—— Notes
Pl‘i D1
1N4148 All capacitors in uF except

.01

......... Continued on page 27

Initial Set A

as noted
All resistors in Ohms
Power supply connections to
Ic2: V- = pln 7
V+ =p
ICl: CEM3330 IC2: 4739

THOMAS HENR Yeas
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PRACTICAL CIRCUITRY

.continued from page 17

converts the input 51gnal to a current, while the
output current is converted to a voltage via R7 and
Al. The output is then presented to J1. Once
again, this circuit is set up to give a +5V output
signal under normal conditionms.,

The control signal structure. The exponential
control, at pin 6, is not used in this circuit so we
simply ground it. My reason for going with a linear
mode VCA is simple. Almost all ADSRs (including the
one I'll be presenting next issue) already put out
an exponential control voltage. This being the
case, it makes sense to follow the ADSR with a
linear VCA since the end result will be an exponen-
tial envelope anyway. This is perhaps the most
"natural" envelope. However, suppose that we were
to follow the exponential ADSR with an exponential
responding VCA. The result would be "exponentiating
the exponential’, an unusual envelope. So let's
play it simple and ground pin 6.

Pin 7 is the linear control input, which, un-
like pin 6, is at virtual ground (which in plain
language means that we can sum as many inputs into

Thank
You!

Thanks to your exceptional response, we're almost completely
sold out of the parts listed in our Sept/Oct 1981 ad. So,
please - no more orders! However, we are currently scouring
our warehouse for other bargains that might appeal to the
Polyphony readership. We didn't have time to get an ad
together for this issue, but next issue we'll have some more
goodies for you...including rare high-voltage capacitors
suitable for all you tube amp fans.

Incidentally, these closeout ads are only appearing in
Polyphony. 1It's our way of saying thanks for your support
during our years in the parts business, and frankly, we get
a better response out of you folks than we do from ads in
the other magazines. So, happy experimenting, and thanks
again.

Bill Godbout
Godbout Electronics

@@@@[@@

GODBOUT ELECTRONICS

OAKLAND AIRPORT, CA 94614-0355 (415)562-0636

this node as we want). The full strength CV input
feeds J3 and then R9. The value of this resistor is
such that a OV to 5V input yields full off to unity
gain. This is the anut that you would normally use
with an ADSR. J4 is another control voltage input
with an associated attenuator. You would use this
input most commonly for tremolo or amplitude modula-
tion applications. R21 (linear tape) is an initial
set pot, with wiper centered giving full off, This
pot can be used to manually open up the VCA, or to
offset any possible bias present in a control signal
applied to J4.

C3 is a rather new development. If you have
the spec sheet for the CEM-3330, you won't find C3
mentioned anywhere. But if you are a subscriber to
Synthesource (Curtis Electromusic, 110 Highland
Avenue, Los Gatos, CA 95030), you may remember a
little note that was presented in the Winter 1981
issue, page 11, on how to stabilize the linear
control input. This capacitor helps prevent spuri-
ous oscillations at low control currents.,

Well, that's it: VCAs the simple way! I have
four of these VCAs in my system and love them. I
confess that VCAs are not exactly the most exciting
modules in a synthesizer, but if you have suffered
through differential pairs, FETs, and CA3080s like I
have in the past you will really appreciate the
simplicity and reliable operation of this chip.

Looking ahead. For a dual VCA/dual ADSR cir-
cuit, a good printed circuit board layout is impor-
tant, since stray capacitance can be troublesome.
If you want to see how I implemented this dual
module, stop back next issue when I present the ADSR
and say a few things about construction.

Specifications

Audio Input: AC/DC selectable

+5 signal level

50k input impedance,
with attenuator
Control voltage: Full strength input,
(0 to 5V), 50k impedance
Initial set, from 0 to
greater than unity gain

PARTS LIST
All resistors in Ohms; 1/4W; 5% preferred.

R1l, R2 100 R15, R16 100k

R3 680 R17, R18 100k trimmer
R4, RS 1k R19 - R24 100k pot

R6 10k R25, R26 150k

R7 - R14 56k R27, R28 470k

All capacitors rated 15 VDC or higher.

€L, ©2 100 pF

C3, C4 .001 uF

c5, C6 .01 uF

c7, C8 .22 uF

c9, Cl0 33 uF, electrolytic
Semiconductors

D1, D2 IN4148 or equivalent
ICl CEM-3330

IC2 4739 dual op amp

Mechanical parts

J1 - J8 Open circuit 1/4" phone jack
Sl, 82 SPST slide switch
Misc. Knobs, wire, solder, hardware, etc. #

26 POLUPHONY
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And now for a page from The Scrapbook...

I helped form the East Side Pharaohs, and played with them for nearly 18
years before moving on to browner pastures. This is an early incarnation
of the band, which has grown and changed considerably. That’s Clancy
on the left, me in the middle and Riff on the right. The Pharaohs are still
going strong and are considered to be the Midwest’s zaniest (and most
educational) band.

83



84

— PRACTICAL CIRCUITRY

By: THOMAS HENRY

In last issue's "Practical
Circuitry" we used new integrated
circuits (developed for synthe-
sizers) to make some high quality,
low cost VCAs. This time we're
going to shoot for the same re-
sults, but instead of relying on
the technology of new integrated
circuits we're going to dip back
into our bag of "old standbys'" and
pull out the trusty 555 timer IC.
However, let me hasten to add that
this ADSR uses the 555 in a some-
what nonstandard fashion, and
therefore achieves more sophisti-
cation than you might expect from
such a '"simple" circuit.

The 555. The 555 is an in-
dustry standard chip that's easy
to use; the intended applications
are monostable (one-shot) and
astable (oscillator) circuits.
But instead of thinking of the 555
as a timer or an oscillator, let's
get microcosmic and think of it as
a collection of circuits in an 8
pin DIP packagel.

The 555 contains (among other
things) some comparators, a flip-
flop, a buffer, and an enable pin.
If you're like me, you probably
started using the 555 right off
the bat and never really worried
about the finer points; now it's
time to really see what's in the
thing (you can find a suitable
spec sheet in the IC Timer Cook-
book2), be
find that most of the internal
devices are accessible from the
pins.

Thinking about ADSRs for a
bit, the logic for a true ADSR
with retriggering ability has been
known for some time3; and of
course, for any given logic prob-
lem there are scores of possible
circuit solutions. But note that
the standard ADSR logic scheme
requires a flip-flop, a compara-
tor, and an enable circuit...and
the 555 has all of these!

How it works. Referring to
figure 1, note that since I built
the ADSR as part of a Dual ADSR/-
Dual VCA module (the VCA was
covered last issue), the circuit
designations start up where they
left off last time. The resistors
start at R29, the capacitors at
Cll, and ICs at IC3 and so on.

A true ADSR needs both gate

You might be surprised to

ci4
10
L
R38 R39 /1
100K — 100K
1 8
TRIGGER C11
INPUT o 2 1c3 7
Jo m\/ 5
@ .001 55
3 6l _
a4 5
Ci2 =
01
’—.
GATE
INPUT FIG.1

and trigger input signals. J9 is
the trigger input jack and J10 is
the gate input. The usual stan-
dard for gate and trigger signals
is that OV represents OFF and +5V
represents ON (in addition, the
trigger signal should have a pulse
width of about 1 ms). However,
when running the 555 with a +15V
supply, the trigger would have to
swing at least 2/3 of the supply
voltage, or 10V. We solve this
problem with resistors R38 and
R39, which form a voltage divider
that pulls the quiescent voltage
at pin 2 down to 7.5V, When a +5V
trigger is applied and differen-
tiated via Cll, the combination of
the voltages is enough to fire the
555.

The +5V gate signal must also
be conditioned. Since the logic
of the ADSR requires a NOT-GATE
signal as well as a GATE signal,
it is easy enough to implement the

phase.

signal conditioning and inversion
all at once with transistors. Q1
inverts the gate signal, giving a
NOT-GATE output with a OV to +15V
swing., This output couples to Q2
which inverts it again, yielding a
GATE signal with a 0 to +15V
swing.

Having taken care of the
input signal conditioning, let's
now analyze the rest of the signal
in earnest. To fire the ADSR both
gate and trigger signals must
arrive at their respective input
jacks., The gate signal taken from
the collector of Q2 then enables
the 555 via pin 4. The trigger
signal simultaneously couples into
pin 2, which starts the ADSR on
its attack cycle. When the 555 is
triggered, pin 3 goes high, turn-
ing on analog switch AS-1. This
allows C13 to charge through R40,
thereby generating the attack
Pin 6 of the 555 monitors

22
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ADSR The Easy Way

O [CIRCLE] KEYS THE SCHEMATIC TO
CIRCUIT BOARD. FOR DUAL UNIT, LABEL
M AS M, N AS N°, AND SO ON.

the voltage present on Cl13; when
this voltage reaches +10V, the
flip-flop in the 555 shuts off,
which brings pin 3 low and opens
AS-1. This ends the attack por-
tion of the cycle.

D3, D4, and R35 form an AND
gate. When the voltages on the
cathodes of both diodes go high,
pin 13 of AS-2 goes high; other-
wise, pin 13 is low. At this
point of the ADSR cycle pin 3 of
the 555 is low, so that AS-2
(which is configured as an invert-
er) is on, biasing D3's cathode
high. And since the gate signal
is still present, Q2's collector
is still high, meaning that D4's
cathode is high as well. Since

+v=4

AS-1,AS-2,AS-3,AS-4 = s 4016 (IC5]

FOR DUAL UNIT, REPEAT ALL PARTS

EXCEPT FOR IC4 WHICH IS A DUAL OP-AMP
POWER SUPPLY FOR IC4: —V: PIN7

+
POWER SUPPLY : — 15V

SUSTAIN
DUAL AD
Sy UAL ADSR MODULE
R40 _I
500K . p %%%K
ATTACK 500K”S DECAY RELEASE
@; AS-1 AS-3 AS-4
Q
_L_s 5 13 2
Q Q
2 8 1N4148 2
*— OUTPUT
J11
o
~~C13
4.7
4739 = =
NOTES
ALL CAPACITORS IN mfd.
ALL RESISTORS IN ohms.

+v: PIN14

both conditions have been met, the
AND gate is on, and therefore AS-3
is on. This initiates the decay
cycle.,

Cl3 then discharges at a rate
determined by R41 (the decay con-
trol) to a level set by R34 (the
sustain control). The sustain
control has a range of 0 to +10V,
since R31 drops about 5V. The
output will remain at the sustain
voltage as long as the gate signal
is present at J10.

However, if the gate is re-
moved Q1 will turn off, causing
the collector to go high. This
turns on AS-4, which then allows
Cl3 to discharge to ground at a
rate set by R42, the release con-

trol. This completes the ADSR
cycling of the circuit.

The charge on Cl3 must be
relatively unloaded, so it's buf-
fered by one half of IC4, con-
figured as a standard voltage
follower. Since the voltage on

the capacitor achieves a peak of.

+10V, and since our synthesizer
system would like a +5V level, R29
and R30 chop the signal down by a
factor of two and at the same time
present a lk output impedance
(another of our standards). '

We've examined the entire
ADSR cycle based on the assumption
that the gate and trigger arrived
simultaneously. What happens if a

Continued on page 30
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PRACTICAL CIRCUITRY easy to do. There are times when

Continued from page 23

gate and trigger arrive simultane-
ously, but after the waveform has
died down to its sustain voltage
another trigger arrives? It's
fairly easy to see that the 555
will be triggered again, hence
another attack and decay cycle
will be initiated. But unlike the
first case the attack will start
from the sustain level; the decay
will occur normally.

One final case to consider is
when the gate and trigger arrive
simultaneously, but the gate is
removed before the attack phase
has had a chance to finish. Well,
the attack phase will start as
usual, however, when the gate
signal is removed AS-4 is turned
on and then the waveform goes
immediately into the release por-—
tion.

Applying the ADSR. I hope
the above shows that all even-
tualities are covered, and the
ADSR does work as expected. Fig-
ure 2 shows a timing diagram that
should make this all clear. How-
ever, there is one option that I
wanted to add to the circuit, and
as it turned out this was fairly

TLOBICP ...
TLO62CP ...
TLOBACN

TLO71CP ..
TLO72¢P ...
TLO74CN ...
NESS5P ...
NESTON ...

RETICON

ANALOG DELAY
(TIGHT SPEC IC's)
SAD-1024A..17.50
SAD-4096....37.50

TSR-Q81 ... 3.50
Tel Labs Temp. Sensing Resistor

SN76477 ... 2.65
Complex Sound Generator (with data)

MK50240 ... 5.65
Top Octive Generator (with data)

CLM6000 Opto-lsolator 2.85

NEST2N ...
UA741cp
RC1556N8
MC15566
CA3080E ...
CA32806 ..
RC4136¢P .

A
A
0
A
A
D
A
£

NES7IN ...t .. 2.
£
A
A
R
A
£
0
b

RESISTORS % watt, 5%
All EIA values available.
100 same value
50 same value
25 same value
10 same value
5 same value )
10 ea of 10 values (100) 3.00
10 ea of 20 values (200) 5.75
50 ea of 20 values (1000) 16.00

RC4739¢cp .

Cases: A=8 pin IC

D=14 pin IC, E=16 pin IC

K=28 pin IC,R= 8 pin Can
We also offer data sheets
Call or write for fiyer!

IC Sockets (soldertail)

all you really need is an AD wave-
form, not the full ADSR (such as
percussive waveforms). Normally
AD patterns are initiated by a
trigger signal only, say from a
rhythm generator4. (Editor's
note: the AMS-100 system, and its
synchro-sonic offshoots, are also
good examples of trigger-oriented,
rather than gate-oriented, sys-
tems). No gate is available in
these cases. Since a gate 1is
needed by the above circuit to
start the attack cycle, some pro-
vision must be made to fool the
unit into thinking a gate signal

is present. This is the purpose
of closed circuit jack J10. Since
the switching lug connects to
+15V, when a plug is not inserted
into the gate input an "imitation"

gate signal is still there. This
enables pin 4 of the 555, thus
allowing it to be fired. TFor true

AD patterns, the sustain and re-
lease controls should be turned
down to a minimum,

For an AR type patternm, apply
gate and trigger signals as usual
but turn down the decay to minimum
and turn up the sustain to maxi-
mum.,

Since this circuit is so

GATE

TRIGGER

FIG.2 TIMING DIAGRAM / DUAL ADSR

SANYO - HYBRID
POWER AMP MODULES

STKO050..............$19.40
STKO070..............$24.20

CHORUS/DELAY UNIT

designed by Craig Anderton

Craig's Chorus/Delay design (originally appearing in Guitar
Player Magizine) provides for much more than just chorus
and delay effects. It also delivers flanging, stapback echo,
and automatic double tracking effects.

We offer a complete set of IC’s for the project, as well as
pre-etched circuit boards. We highly recommend that you
send for a reprint of the orginal article as it appeared in
Guitar Player Magizine, and that you study it completely
before you decide to order any parts for the project. The
project is not for beginners.

Reprint of Chorus/Delay Article
IC Set
(2)4136, 4041, 4046, 4096, 570 $41.00
Audio/Delay Circuit Board
Modulation Circuit Board

For our complete line and more information- Send For Our Free Flyer!

SSM

Solid State Micro-Technology

2000 VCA............. 7.50 2040 VCF............. 7.50
2010 VCA............. 7.50 2044 VCF ..

2020 VCA.... 2050 VCTG....

2030 VCO.... 2055 VCTG..........6.
2033 VCO 2056 VCTG........... 5.75

SSM DATA for all devices, 30 pgs. 1.00 (Free with SSM order)
SSM application notes, projects, ideas, etc 54 pages. 2.00

WE ALSO HAVE ASSORTED:
CMOS — LED’s
POLYSTYRENE CAPS
TANTALUM CAPS
ELECTROLYTIC CAPS
POLYESTER FILM (MYLAR)
CAPS — DISC CAPS
SWITCHES — BOOKS
PLUGS — JACKS.
SEND FOR OUR FLYER TO
SEE IF WE HAVE WHAT

10 K pot (linear) .....$1.09

8pin-.15 14pin-.20
16 pin- .22 28 pin - .40

Transistor 2N3906 - .25
Tantalum Caps

TERMS CHECK. MONEY ORDER. MASTERCARD. VISA No minmum on check or money orders. but if less than $10. ADD 75 PROCESSING CHARGE
$10 MINIMUM on charge orders (Mastercard and Visal Give card number and exp dale Indiana residents add stale sales tax

SHIPPING and Handiing $100 plus 5+ of purchase We will credit any amount over our slandard rate (NOTE See Shipping Notice Above for Books)
SATISFACTION GUARANTEED! MONEY BACK IF NOT SATISFIED! Prices and avallability suojec! {o change without notice Not responsible for lypos

10 K pot (log) $1.09
10 K pot w/ switch
(audio taper)

250 ohm trim pot
10 K ohm trim pot

24 Hr Order/Message Phone

812 894-2839

10uf-39 33uf-.41
4.7 uf - 50

P.0. BOX 749-C
PGs EL—EM TERRE HAUTE, IN 47808
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small and inexpensive it is a snap with some neat modifications, be

to build a dual unit. All of the sure to write me c/o Polyphony.
parts in the schematic should be I'd love to hear what you've . S 1
repeated for a dual unit, except  cooked up! ' “EKX erles

£ IC4 (which is a dual op amp).
I?ryou wa‘;tlgo giild Uit thep way T EXPONENT'AL
did, then you should incorporate (1) For a good treatment of this MODULE CARDS

the dual VCA (from the last in- gge 3. Hutchins, "The 555 as a
stallment of Practical Circuitry) (Collection of Devices", Electro- EKx 10 ADSR
on to the same circuit board. The notes, Application Note #32. envelope generator with exponential control

. of Attack, Decay and Release times over a
result 1s a d'ual VCA/dual .ADSR quaranteed .002 to 20 second range. No control
module that fits nicely behind a (2) W. G. Jung, the IC Timer voltage feed-through.. $24.95 plus $2 postage

19" X 3.5" rack panel. The cir- Cookbook, (Indianapolis: Howard EKx 20 VCF
cuit board mounts behind the panel W. Sams), 1978. with exponential control of pole frequency
small angle brackets. over a 10 octave range. Jumper programmable
on sm h y g' | We! . 1 (3) D R . . r 24 dB/Oct. LP, HP, BP or A1l Pass response.
That's 1t! €' ve now 1mple- . o0ssum, "On Transient : 1ed resonance. Low noise, 86 dB
mented VCAs and ADSRs the easy Generators', Electronotes, #22, ut. '$26.95 [$2.00]
wa and while they work great pp. 6-8.
thzy are inex ensi};e enough S(; EKx 30 DUAL VCA
y P i & Tow noise, low distortion, wide bandwidth, low
that we can afford to build sev- (4) For example, see my circuit, control voltage feedthrough. Both exponential
eral of each. I sure hope you "Rhythm Generation: 1It's About and linear control voltage Inputs simultaneously

available. .. $24.95-1$2.00|

circuits as much as I have enjoyed 1981, pp. 22-25, 32. EKx 40 FULL FEA URE VCO
designing them. If you come up # Full feature VCO with ramp, triangle and
voltage controlled pulse. Exponential control
of frequency over accurate and stable
100,000:1 range. Linear FM input and hard and

will enjoy building these two Time", Polyphony, March/April

soft sync. .... $29.95 ($2.00]
Specifications Each kit features the Curtis Electromusic
- 1.C.'s to implement a full function
Voltage Controlled Card. All connections are
Power +15V @ 40 mA, -15V @ 20 mA brought to the card edge in a configuration
(ADSR + VCA) compatible with Molex or 22 pin .156 center

Input Modes Gate and trigger for full ADSR edge connectors.

Trigger only for AD mode ~ <+
Output 0 to +5V Y m |ectr°nlcs, lnc-

1020 W. Wilshire , Oklahoma City, OK 73116 - (405)843-9626

1k output impedance

Attack Time 2 msec to 5 sec
Decay Time 2 msec to 8 sec
Release Time 2 msec to 8 sec The
Sustain Level 0 to +5V ean Little .t
Parts List
R29, R30 2.2k
R31 2.7k
R32, R33 10k
R34 Sk pot
R35 47k
Ran e 100 New compact 24-piece kit of electronic tools
RG0-RA2 500k pot for engineers, scientists, technici:_ans,
R43 M students, executives. Includes 7 sizes
screwdrivers, adjustabli wr]ench, 2ttpa|lr
pliers, wire stripper, knife, alignment tool,
Cl1 0.001 uF stainless rule, hex-key set, scissors, 2 flex-
Cl2 0.01 uF ible files, burnishler,fmilrzjiatured zolde[gng
4 iron, solder aid, coil of solder and desolder-
c13 v=l Ui, deCtrOly.tLC ing braid. Highest quality padded zipper
Cla 10 uF, electrolytic case, 6 x 9 x 1%” inside. Satisfaction
guaranteed. Send check, cﬁmgan);‘purchﬁe
d harge Visa or Mastercharge. We
Ql, Q2 2N4124 (or any other NPN) g;yet(hgrsgippigng charges. g
IC3 555 timer JTK-6 Tool Kit ... .ove i, $90.00
IC4 4739 dual op amp
IC5 4016 CMOS quad switch Free Catalog!
Page after page ofthall'd-
; p . -fi isi ools.
J9, J11 Open circuit 1/4" phone jack ft{)lsftlandco%g%zlogomplete
J10 Closed circuit 1/4" phone jack line of tool kits and tool
cases. Send for your free
copy today!
For dual unit, repeat all parts except for IC4, -
which is a dual op amp. JENSEN TOOLS INC.
1230 S. PRIEST DR. TEMPE, AZ. 85281
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 PRACTICAL CIRCUITRY

By: THOMAS HENRY

What, another filter? Yes,
and there's a good reason for it.
When it came time to design a
filter for my synthesizer, I was
struck by how many exotic designs
already existed - phase filters,
polygonal filters, multimode fil-
ters, and filters which did every-
thing but clean the sink. On the
other end of the scale there were
noisy filters, trashy filters,
worthless filters, and filters
which hardly filtered at all!
What I wanted was a good quality,
middle of the road filter - and
this design is the result.

Now, don't get me wrong; I
like fancy filters too. But I
don't want to play synthesizer in
the poor house. The filter I came
up with is very clean, but won't
cost you an arm and a leg. The
good quality at a low price comes
from using the CEM-3320 integrated
circuit made by Curtis Electro-
music., I think you'll find the
unit is very versatile and yet
easy to understand.

How it works. The name PAL
came about because depending on
how you adjust the controls, you
can have a Phase shifter, All pass
filter, or Low pass filter. 1In
addition to the usual voltage
controlled options, this unit also
features voltage controlled reson-
ance.

Referring to the schematic,
the heart of the filter is the
CEM-3320, which does all the hard
work for us., In fact, all we
really have to do is supply it
with the correct voltages. For
example, look at the resonance
controls going to pin 9..two 100k
resistors is all it takes! R42 is
an initial resonance control, and
J5 is the voltage controlled in-
put. R28 and R29 convert the
input voltages to currents which
are then summed into pin 9 of the
CEM-3320. (For the purists in the
crowd, pin 9 is not quite at vir-
tual ground, but is close enough
to pull the summed current trick.
Since resonance doesn't require
the precision that frequency does,
a two resistor summer works quite
well.)

J3 is the audio input. Al is
set up in such a way that the
audio signal is shifted up to

about half of the itive suppl
pos1 pPPLly

Audio Input

J3l "R3g
100K

voltage, which is done to inter=-
face more easily with the CMOS
circuits we'll encounter later,
Note that the output of Al feeds
both the filter proper and also
R40, the output blend control.
And as long as we're talking about
the blend control, let's note that
the other side of R40 is at a half
supply bias as well. This guaran-

R31

1V/Octave 100K

J1l ® | R14

Envelope In

44136

e—

tees that there won't be any weirg
DC level shifts as you pan the
pot. At the same time, notice
that this lets us preserve pg
coupling from the output of the
filter.

The wiper of the blend con-
trol feeds A2, which is set up to
undo the biasing mentioned above,
R43 shifts the DC back down to ov
and R35, the output offset trim,
lets us trim this precisely. Many
of you are probably wondering why
I went to all this trouble, first
shifting the bias up and then back

down again., Well, besides the
R13
g V/Oct Trim
R30 RS
100K 1.8K

R20
100K 3Roq '44136
100K
R1 = T
10
cs_+
s T
GND>
et |
33, =
—15Vy 16??
P ‘

12 3
A
10] b 13 el E
[2[2as57Tn [3[2as6°]2
= 13 = 5
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CMOS considerations that we'll be
touching on shortly, the net re-
sult of all this is that we get to
keep the filter DC coupled from
input to output. In general, I
like all of my synthesizer cir-
cuits to be DC coupled if at all
possible, since this means I never
have to differentiate between
audio or control signals. Granted
you'll probably use the filter for
audio processing most of the time,
but there may also be times when
you want to put a jagged control
signal into the filter and smooth
it down by setting a relatively

R4 CV Rejection
1K Trim

= REG.

low corner frequency.

A4 and its associated compon-
ents provides voltage control of
the corner frequency. R37 and R38
provide coarse and fine tuning
respectively. J2 is an envelope
input with attenuator, and pro-
vides a gain of about three. The

gain is there so that you can
sweep the filter over its entire
range with a standard 5V output
envelope generator.

J1 is the one

VC Resonance

Volt per octave input, and would
typically be driven by the key-
board.

R13 is the Volts per octave
trimmer. R30 and R5 drop the
voltage to an appropriate level
before applying it to pin 12 of
the CEM-3320. Note that the chip
has been temperature compensated
for all second order effects,
however a first order, or linear,
temperature dependence still
exists., If you feel that this is
going to be a problem, you may
substitute a 1.8k thermistor for
R5, and this will null out all
temperature dependence. It has
been my experience, however, that
filters generally don't need the
precision of something like a VCO.

Continued on page 30

R29
100K R42 Phaser - All Pass - Low Pass Filter
@ }I?Ig; Resonance Notes
AS1-AS4 :',4066:1C3
- AS5-AS8:%4066:1C4
Power Supply Connections Assumed:
IC2:pin7:-V
pin1i= +V

R12
82K

IC3,IC4:pin 7= GND

§=+sv | =15V

pin14:=+V

R35

100K Oulput Offsel Trim

OlCirclel Keys the
schematic to circuit board

Audio Output

iﬂ
HE

AS|3 AS|4

1 — |2 Blor=—n

10 2ASTC[H [o[24as82
- 12 = 6

" PA

FILTER_
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1 REM THESE ARE THE CHANGES / et
? REM NEEDED TO RUN THE F T e RN
3 REM FILTER PROGRAM ON AN / ki
4 REM @APPLE 11 COMPUTER / et
S REM A S e,
178 DIM A$C48) Ta A e A
585 REM A$=468 BLANK CHARACTERS / § \ ; 4
S18 A% = ° 7 /// /////4‘ /
5 F / / / A

528 P1 = ¢1.5 +L) ¥ 13.3 o/ 1/ \
S36 P2 = (1.5 + BY ¥ 13.3 ( A ' ‘
S48 P3 = (1.5 + H) X 13.3 e g : B
556 P4 = (1.5 + N) ¥ 13.3 . 4 P 2
548 PS5 = (1.5 + D ¥ 13.3 ‘1/////// d
5786 A% = LEFT$ (A$,P1 - 1> + *“L*" h g

+ RIGHT$ (A$, LEN (A% - P L s

1) e «—— Low Pass™ I“‘
588 A$ = LEFT$ (A$,PZ - 1) + "g* 7,

+ RIGHTS (A%, LEN (As$> — P

2)
598 A$ = LEFT$ (A%,P3 — 1) + "H*
. + RIGHTS (A%, LEN (A$) — P W 0 i

)
&80 A% = LEFT$ (A%,P4 - 1) + "N®

+ RIGHT$ (A%, LEN (A$) - P

47
418 A$ = LEFTS (A$,P5 - 1) + “]*

4 RIGHT$ (f.‘,$, LEN {(A%) - P 5- SQUARE WAVE, F(C=,9995, @=5, PLOT 1S LP V5. BP,

5)

PRACTICAL CIRC

Continued from page 17

So far, we have examined the
standard features which you might
expect to see with any filter; now
let's look at the single most
unusual feature of this circuit.
AS1-AS8 are analog switches (each
is 1/4 of a CD4066), and have been
set up pairwise to form single
pole, double throw switches. Es-
sentially each one of these SPDT
affairs will switch the tuning
capacitors either between ground
or the input resistors of the gain
cells. With the capacitors hooked
to ground, you have a low pass
filter; when they're swung to the
gain cell input resistors, you get
an all pass filter. I used elec-
tronic switching for several rea-
sons: first, who wants to solder
all those wires! Besides, a cou-
ple of 4066s are less expensive
than a ganged, rotary switch (one
ordinary SPST switch, S1, does the
job now).

A3 is set up as an inverter
so that when one side of the 4066
switch is enabled, the other side
is disabled. Since I used a quad
op amp for this project, and had
one op amp left over anyway, it
was convenient to do things in
this manner.

30 POLYPHONY
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comparing accuracy at different

Calibrating the PAL. Follow octaves.
this procedure exactlys: Applications. First, set Sl
1. Turn &39, R&41, and R&42 to the low pass mode and turn

down completely. Turn R37 and R38
to the center of their rotations.
Monitor the output at J4 with an
oscilloscope or multitester (the
higher the impedance, the better).

2. Turn the blend control,
R40, for full filter output. Ad-
just R34 until the output reads
ov.

3. Turn the blend control,
R40, for full straight signal at
the output. Adjust R35 until the
output reads OV.

4. Repeat steps 2 and 3
until the output reads OV no mat-
ter position R40 is in.

5. Now turn R39 up full and
apply a 1 Hz signal to J2 (use the
LFO from your synthesizer for this
if you want). The signal should
be about 10 V peak-to-peak in
amplitude. Now while monitoring
the output, adjust R4 for minimum
control voltage feedthrough.

6. Finally adjust R13, the
Volts per octave trim. This is
best done with your keyboard
hooked up to J1. Set the filter
into oscillation by turning re-
sonance control R42 full up. Now
tune the filter like any VCO by

blend control R40 to full strength
filter output. The filter is now
acting like a standard low pass
filter.

Next, put Sl in the all pass
mode and keep the blend control on
full strength filter output.
Sweep the coarse frequency con-
trol, R37, and notice the pitch
shift characteristic of all pass
filters.

Now keep S1 in the all pass
mode, but blend in some straight
signal., Sweep the coarse control
and notice the typical "swooshing"
sound of a phase shifter.

As 1 mentioned in the opening
paragraph, there are lots of fil-
ters around and some of them are
hard to use. I think you'll find
this one 1is exceptionally easy to
use, yet has enough novel features
to make its inclusion in any syn-
thesizer system worthwhile., And
by the way, in my original proto-
type I had some front panel space
left over, so I included the ADSR
circuit I presented here several
months ago. Let me tell you, an
ADSR and VCF combination makes for
a great pair! Happy building! =
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And now for a page from The Scrapbook.. .

Here’s a picture of me with the first major synthesizer I built, from
about 1983 or so. I've always found my best musical inspiration
comes from leaning on gear by the side of a house.
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I used to think synthesizing
drum sounds was easy. That was
before I tried it! As it turns
out, percussive sounds are very
difficult to synthesize in a use-
ful way; and when it comes to home
recording, you will find that not
only are realistic sounds hard to
generate, but they are also some-
what touchy to record...things
like background noise, tape sa-
turation, and bleed-through become
critical issues. I won't be able
to answer your recording questions
here, but I can help you generate
some realistic drum sounds.

I call this circuit the
"Snare+" drum voice, because it
does much more than just create
snare drum sounds - it can gene-
rate sounds from tom-toms to space
collisions. I'm not going to
claim that this circuit duplicates
a snare drum, bass drum, or tom-
tom exactly; if you want "real"
drums, you would be well advised
to hire a real drummer with a real
drum set., However, this circuit
certainly suggests drum voicings
more closely than any other per-
cussive voice with which I've
played.

Putting things into an his-
torical context, early snare
voices usually imposed an ampli-
tude envelope on some white noise.
The kindest thing that can be said
about this type of circuit is that
it indeed sounded more like a
snare drum than, say, a bass drum.
Later on, designers added in a
simultaneous damped sinusoid with
the white noise. This simulated
the shell resonance common to all
drums, and did wonders in improv-
ing the overall effect; it almost
sounded like a drum. However, the
sound was still "splatty"., Cir-
cuits such as this never quite
gave the impression of a2 drum
stick striking a stretched drum
skin., And that brings us to the
first of the Snare+'s two magic
ingredients: the strike tome. In
addition to the two sounds men-
tioned above (the snares and the
shell resonance), one must add in
a strike tone to gain a convincing
drum sound, The first time I saw

- PRACTICAL CIRCUITRY

this in print was in an article by
Roger Powell ("Practical Synthe-
sis: Percussion Sounds", Contem-
porary Keyboard, April 1981, p.
51). After reading the article, I
ran into the other room and tried
out a patch derived from the arti-
cle. I was amazed! For the first
time in my life I could almost
visualize a stick cracking against
a drum head!

How is it done? The answer
will probably surprise you. A
very sharp envelope frequency
modulates a pulse wave. The enve-
lope has such a fast attack and
decay time that you won't hear a
sweeping tone; instead, you'll
hear a "thud" if the VCO is tuned
low or a "crack" if the VCO is
tuned up higher.

As neat as this patch is, the
major drawback is that it consumes
two VCOs, one noise source, two
VCAs, a mixer, two ADSRs and a VCF
just to do one quasi-snare sound.
That doesn't leave much left over
to synthesize the rest of the drum
kit! However, the Snare+ has been
pre-patched to approximate the
arrangement mentioned in Roger
Powell's original article. One
module does the job of many, which
leaves the rest of the synthesizer
free.

The second magic ingredient
is the shell resonance modulation
circuit. When you first strike a
drum, the head stretches tightly,
raising the resonant frequency.
Upon removing the stick, the head
goes back to its relaxed state,
returning to its normal frequency.
The resonance modulation circuit
creates this effect by raising the
shell resonance frequency slightly
when the drum is first triggered,
and decaying over time back its
normal frequency. With short de-
cay times (the best choice for a
"realistic" sound), this frequency
modulation happens too fast to
sound gimmicky, although with
maximum modulation, you can even
get those "dooo~doooo-dooooo"
electronic drum sounds which were
so popular a few years back. In
any event, when the strike tone
and modulation are properly ad-

The Snare + Drum Voice

By: Thomas Henry

justed, the sound is uncannily
like that of an acoustic drum.

How it works. Figure 1 shows
a block diagram of the circuit.
All of the "modules" marked with
asterisks are intermnal to the
SN76477, the main chip used in the
circuit. As you can see, this
chip just about does it all!
First, the noise source creates
the sound of the snares. Since
this is a digital noise source, we
can modulate the clock rate (see
"Tricks With the SN76477, Part 2",
Polyphony, July/August 1981, pp.
16—37, for more information on
this). The sonic effect is very
similar to a VCF closing down, so
in the diagram this function is
labelled "VCF'". The "VCF" 1is
modulated by an envelope produced
by envelope generator #l1. This
creates the illusion of snares
losing energy. The noise output
can be further altered by the
manual filter,

The SN76477's LFO, configured
as a manually adjustable audio
oscillator with optional modula-
tion, creates the shell resonance
sound. The output of this oscil-
lator is a triangle wave, which is
nothing more than a sine wave with
20% total harmonic distortion.

The impact noise is created
by using the SN76477's internal
envelope generator (set for a
fixed, short attack and decay
time) to sweep the VCO, which is
also internal. The initial fre-
quency can be adjusted by the
"Impact Pitch" control.

Envelope generator #1 and VCA
#1 are outboard to the SN76477.
This pair has the job of imposing
a final envelope on the mix of
snares, shell resonance, and im-
pact noise. The master envelope
has a fixed attack time, but the
decay is adjustable.

Looking at the block diagram,
you'll see seven controls. By
manipulating these in various
ways, countless other sounds are
possible. I think you will find
this to be one of the most versa-
tile percussive voices around.
And unlike many such units, this
one, with its impact tone and
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shell resonance modulation, really
gives the illusion of someone
drumming!

Nuts and bolts. Since the
basic setup has been described
above, we can breeze through the
actual circuit operation. Look at
figure 2. The heart of the whole
circuit is-the SN76477, which is
powered by a dropping resistor
from the +15V supply to pin 14,
The SN76477's internal regulator
takes this and produces +5V at pin
15 to power the sound generating
circuitry. The other chips are
powered by a bipolar +15V supply.

Taking a tour of the complex
noise chip, Ql forms a voltage
control input for the noise clock.
As mentioned above, this sounds
like a VCF closing down when modu-
lated. Q2 forms a similar voltage
control input, but this time it is
the impact tone VCO which is being
modulated. Q4 acts in a similar
manner to Ql and Q2 and modulates
the shell resonance frequency.
Pin 8 is the output of the inter-
nal envelope generator, and this
is the voltage which sweeps the
VCO. The impact tone output is
available at pin 13.

The shell resonance sound
taps off C6/C2; a triangle wave
appears at the output of A2,
Since R33 blends the triangle wave
and noise source together, this
pot should have a linear taper to
insure a smooth tramsition between

the two extremes. The noise/-
resonance blend and the impact
tone are then summed by IC3, which
is the master VCA for the system.

To form the master envelope
generator, when the unit is trig-
gered we simply dump some charge
on capacitor C9 via diode D2. RS5
sets the minimum decay time, while
R34 gives a variable decay time.
Q3 buffers the voltage present on
C9; the voltage output of this
buffer taps off the tie point of
R7 and R10, which not only modu-
lates Q4 via R4l and Ql via R40,
but is also converted to a control
current by Q5. This control cur-
rent then modulates IC3, the mas-
ter VCA.

Op amp Al conditions the
input trigger, so that just about
anything may be used to trigger
the unit. C3 and R29 differen-
tiate the trigger, thus narrowing
the pulse width. D1, R6, and R11
chop the signal down to a 0 to +5V
range, suitable for firing the
SN76477.

Like other circuits shown in
this column, the unit features a
trigger level of +5V and an audio
level of 10V p-p. If this is a
bit hefty for your system, add a
voltage divider to the output of
op amp A4,

Construction details. There
is only one critical area in the
project. White noise can be dia-
bolical in the way in which it

infiltrates other parts of a syn-—
thesizer. Be sure to include
sufficient power supply decoupling
to keep that noise from getting
back to other parts of your system
(this is provided by R1/R2 and
C12/C13 in the circuit). In addi-
tion, if you have a long way to go
from the circuit board to the
front panel, be sure to use some
shielded cable on any of the noise
source related controls. Other
than this, construction of the
circuit is non-critical.

Construction can be carried
out via any means you prefer.
However, due to the relative com-
plexity (caused mainly by a 28 pin
chip), printed circuit construc~-
tion is preferred,

All of the non-electrolytic
capacitors should be mylar. For
best results, use 5% tolerance
resistors.

One quirk that you should be
aware of is the unusual action of
the impact pitch control, R21.
Since the VCO intermnal to the
SN76477 increases in frequency
with a decreasing voltage input,
the sense of R21 should be re-
versed; in other words, reverse
the hot wire and the ground wire
on R21 from the normal way of
wiring audio pots. You want it
wired so that turning the pot
counter-clockwise moves the wiper
closer to the hot side.

There are several ways to
mount the Snare+, but a 1.75"
high, 19" wide rack panel is pro-
bably your best option since all
controls and switches fit easily
in the available space (see Poly-
mart for a source of these pan-
els).

Using the Snare+. Of course
there are zillions of sounds this
thing can make, but to get you
started here's how to create a
quasi-snare sound. Patch in an
LFO to the trigger input to fire
the unit continuously (not too
fast) for experimentation pur-
poses, Hook up the output to a
good amplifier and speaker. Now
let's concentrate on the shell
resonance. Start off by closing
S1 and S2, then make sure that R22
and R36 are turned all the way
down and that R33, the
noise/resonance blend control, is
set for resonance sound only.
Next fiddle with R37, the reson-
ance pitch control, until you hear
a tone which approximates a snare
drum with its snares turned off.

Now add some more modulation by
turning up R36. This may raise
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the perceived pitch of the drum,
so might want to readjust R37
downwards a little bit. (Inci-
dentally, note that the modulation
has less effect as you raise the
shell resonance pitch via R37.)
At this point, ease up on R22
to add in some impact sound. Ad-
just R23 to create an impact sound
which sounds good with the chosen
resonance pitch. The low end
gives a dull "thud" while the high
end gives a bright "crack'...some-

where in the middle is probably
about right.

Finally, turn up R33 to add
in some snare sound. Not too
much; it's easy to overdo this
control! Finally, adjust R34 to
create the most realistic decay.
At this point you should be hear-
ing some sort of snare drum sound.
Now go back and fine tune every-
thing until it's "just right'.

It's also important to note
what some equalization can do for

the realism of this sound. The
preferred tool would be a para-
metrlc equalizer (see related sto-
ry in this issue), although other
bandpass-type equalizers (state
variable filters et al) will also
do the job. Generally, boosting
in the 1 kHz region gives a "fat"
sound, while a boost around 2 to 3
kHz gives a real "sharp" sound
which, incidentally, can also
sound like handclaps with a little
delay and short decay time.
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f course, only an acoustic

drum can sound exactly like an
acoustic drum. Nonetheless, with
proper adjustment (some of these
controls work in a fairly subtle
way) at some point, everything
will fall into place and if you
close your eyes, you'll swear
you're hearing a tight, well-tuned
snare drum.

As you experiment, try for a
bass drum sound (similar to the
above, but no noise source and

+I c12

deeper in tone). You can get a
good tom sound by adding a bit
more modulation, and increasing
decay time for lower-tuned drums
and decreasing decay time for
higher-tuned drums. By flicking
Sl to the "hi" position, you can
get a variety of bell/woodblock
sounds. Then try some high hat
sounds (white noise only, and vary
R34 manually), some outer space

DON’T MISS

POLYTEST
Page 23
FOR EDITORIAL

drum sounds and then try
for...the sky's ’the limit! COMMENTS ON
THIS PROJECT
Copyright 1982 by Thomas Henry
PARTS LIST

Snare & Drum Voice

All resistors in Ohms

All capacitors in mfd

Op amp power supply
connections:

c2pin7:Q pint1:®

IC3 pin4 = pin 7=

Olcirclel keys schematic
to circuit board legend
Point @ connects to point@

Q5
2N3906

FIGURE 2

Resistors (1/4 Watt, 10% except as

noted)
R1, R2 10 Ohms
R3, R4 820 Ohms
R5 1k
R6 1.5k (1k5)
R7-R10 2.2k (2k2)
R11l 3.3k (3k3)
R12 5.6k (5k6)
R13 8.2k (8k2)
R15-R21 10k
R22 10k pot
(impact volume)
R23 10k pot
(impact pitch)
R24 12k
R25 27k
R26 39k
R14 82k
R27-R29 100k
R30 120k
R31 180k
R32 220k
R33 500k pot
(noise/shell mix)
R34 500k pot (decay)
R35 500k pot
(noise filter)
R36 500k pot
(shell tone mod)
R37 500k pot
(initial shell res)
R38 M
R39, R40 2.2
R41 10M
R42 330 Ohms

Capacitors (15 WVDC or greater)

C6 .1 uF (100 nF)

c7, c8 .22 uF (220 nF)

C9, Cl10 2.2 uF (2u2)

Cll 10 uF

cl2, C13 100 uF

Note: Cl is polystyrene or mylar,
C2-C8 are mylar, C9-Cl3 are elec-
trolytic.

Semiconductors

ICl SN76477 noise chip
IC2 4136 quad op amp
IC3 3080 amp

Ql-Q4 2N3904 (NPN)

Q5 2N3906 (PNP)

D1-D2 1IN914 or equivalent
Miscellaneous

s1, s2 SPST switches

J1, J2 Input and output jacks
Misc. Panel, knobs, wire,

solder, etc.

PARTS AVAILABILITY

cl .001 uF (1 nF)
C2-C4 .01 uF (10 nF)
C5 .05 uF (50 noF)

A kit of parts for the
"Snare+ Drum Voice" including all
parts listed above (except for
"misc."), and an etched/drilled
circuit board, is available from
PGS Electronics for $29.95; orders
received from Polyphony readers
before 12/15/82 w1ill be shipped
postpaid. Order by phone (VISA,
Mastercard, or COD; COD add
$1.50), or by mail. Please - all
inquiries should be by mail.

PGS Electronics, PO Box 749-
C, Terre Haute, IN 47808 (order
desk tel. 812-894-2839).
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—PRACTICAL CIRCUITRY

PATCH-OVER SCHEME FOR A SMALL SYNTHESIZER SYSTEM

For the past year, this col-
umn has been very microcosmic in
nature. We have talked about many
individual circuits, techniques,
and modules, For the first time
we are going to go macrocosmic and
describe a complete structure or
system. In this installment, we
will cover a master patch-over
hardware system for a small syn-
thesizer,

First off, what is patch-over
hardware and what is it good for?
A patch-over scheme is a means
whereby one can have his or her
synthesizer pre-patched or '"nor-
malized" for some standard ar-
rangement of circuits. For exam-
ple, many synthesizer voices start
with a VCO which is fed to a VCF
and finally goes to a VCA. 1In a
patch-over system, this arrange-
ment would be available automatic-
ally to the user without the use
of any patch cords. What sets
this arrangement apart from a
strictly normalized scheme, how-
ever, is the ability to override
the internal signal routing with
outboard patch cords. A patch-
over arrangement allows you to
have the best of both worlds.
Most of the time you won't have to
use any cords to arrive at your
final patch. But for those times
when you are coming up with an
"unusual" arrangement, you may
override the internal patching and
achieve any result available to a
studio type synthesizer.

Patch-over schemes are most
suited for smaller (non-studio
type) synthesizers. This is es-
pecially true if you play in a
band and expect to take the crit-
ter on the road with you.

I wanted my first synthesizer
to be small and portable. Since
it was a DIY project (naturally),
I was free to choose any arrange-
ment T wanted, I decided to build
it in a standard rack mount enclo-
sure and follow the Electronotes
standards for voltages, 1mpe-
dances, etc. By doing so I ended

By: Thomas Henry

up with a portable system which
was not only very usable on stage,
but was suitable for use in a home
recording studio as well. And it
ended up being compatible with all
sorts of other stuff including an
E-mu synthesizer, a Gentle Elec-
tric Pitch Follower, tape record-
ers, and so on.

To get our bearings, let me
describe the modules in this sys-—
tem. For sound sources I had two
VCOs and one noise source. Then
there was one lowpass VCF, one
VCA, one ADSR, one AD (attack-
decay), one keyboard and inter-
face, one sample-and-hold, one
LFO, and the power supply. The
whole synthesizer (less the key-
board) fit in a rack case 19" wide
by 28" high.

Figure 1 shows the patch-over
scheme I used. Consider the audio
trail first. The basic arrange-
ment is VCO to VCF to VCA. But
notice that this trail can be
broken, if desired, by inserting
plugs into J10 or J8, allowing you
to add additional audio processing
if desired.

Since several of the modules
are controlled by the keyboard,
there are a number of 1V/octave
lines as well., Both VCOs are
controlled by this voltage, as is
the VCF. It is important to have
this sort of input on the VCF to
allow "tracking", thus providing a
consistent waveform from the VCF
output over the VCO's entire
range. Note, however, that J4,
J5, and J11 allow you to override
the 1V/octave inputs. This is
especially handy if you have two
keyboards and want them each to
control a VCO.

The keyboard outputs a gate
and trigger signal as well. These
signals are both needed to gener-
ate an ADSR waveform. But 1if
desired, J1 and J2 can be used to
disable this normal arrangement
and provide for external gating
and triggering of the ADSR. I
commonly use this arrangement to

allow the LFO to trigger the ADSR
for repeating envelope effects,

The AD unit also requires a
trigger signal. As in the case of
the ADSR, this trigger input may
be overridden via J3.

The enveloupes are commonly
used to modulate the VCF and VCA.
Note that a switch is associated
with both of these modules (S2 and
Sl, respectively). These switches
allow you to choose which envelope
generator will control which mod-
ule. 1If you don't want any envel-
ope control, J7 and J6 allow you
to substitute some other signal.

This, then, is the patch-over
scheme I elected to use in my
first system. There are a few
more tricks we can employ, and
we'll discuss that in a moment.
First, however, I should say that
figure 1 only shows the controls
and inputs on the synthesizer
which are affected by the patch-
over scheme. Of course, the syn-
thesizer has many more inputs and
outputs, but they weren't shown on
the diagram to keep things simple.

After giving this arrangement
much thought, I decided that the
other inputs and outputs were less
"standard", and no single patch-
over scheme seemed appropriate for
them. As it turned out, with the
system described in figure 1, I
could do just about any patch I
wanted with under 10 cords!

Perhaps one of the smartest
things I did was to add a patch-
over mixer to one of the VCOs.
Figure 2 shows the arrangement.
The VCO I built was the predeces-
sor to the "VCO Deluxe" described
in this column some months back.
It had many outputs, all the way
from sines to sub-octave square
waves., Having lots of outputs is
great, but the drawback is the
increase of cords needed to accom-
plish a patch. 1 added the mixer
to the VCO module, as shown in
figure 2.

Without any patch cords in-
serted, the mixer allows you to
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combine the VCO outputs to a sin-
gle mixed output, which can then
go on to the VCF. However, sup-
pose you want to use the mixer for
something else (like mixing some
control signals). You can do that
too! Simply insert plugs into the
inputs (J1 and J2 in the figure),
and away you go. Note that the
VCO outputs are still available

from the straight output jacks (J3
and J4 in the figure). My VCO had
five outputs, but I went ahead and
made the mixer a six-in, one-out
arrangement and kept one of the
inputs "uncommitted'.

Figure 2 shows the mixer as
being audio in nature, but actual-
ly I designed the thing to be DC
coupled so that I could mix con-

for a small synthesizer.

trol signals as well. However,
experience has shown that I tend
to use the mixer with the VCOs for
audio mixing more often than not.
Figure 3 shows the finishing
touches for the master patch-over
scheme. This is a very simple
arrangement, so not much need be
said. Essentially, when using the
sample-and-hold, I found that I
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Patch-over mixer for a VCO.
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a way to generate monophonic, non-
"cyclic illusions by always using
all 16 output functions to control
16 corresponding processing ele-
ments. But that's where we're
getting of the track: You don't
have to use all the outputs all
the time, and the results don't
have to be monophonic.

Now, there's no doubt that
eight phase Shepard Functions are
the absolute minimum number of
components which will still pre-
serve the "barberpole" illusion,
but there are other times when
sets of phase synchronized func-
tions are useful. 1Is it obvious
that any pair of triangles 180
degrees apart -- Ft(0) and Ft(4),
for instance -- may be used with a
pair of VCAs to give automatic
stereo panning? Or that four
triangles 90 degrees apart provide
quad panning? With the arrange-
ment shown in figure 11, the ap-
parent "revolution" of the sound
source is clockwise. To reverse
the apparent direction, reverse
either pair of cormer sources.

Various combinations of tri-
angles with unequal phase rela-
tionships may be used to produce
effects which don't just swing
round and round, but rush out of
one of the "corners", swing around
in front of (or behind) you to
disappear into the other corner.
When you start adding effects into

this setup (such as phase shift-
ers) under control of the ramps,
as shown in figure 12, the sound
really begins to move around you
in some strange ways.

A nice thing about this is
that the effects devices don't all
have to be the same to produce
interesting results. In fact,
some of the most interesting re-
sults come from using completely
different effects (such as phaser
and echo) in opposite cormers with
only VCA processing on the other
corners. While you might be hesi-
tant to rush out and buy eight
VCOs just to get a tone, you pro-
bably have enough modules or ef-
fects to get started. Voltage
control is obviously preferable,
but even effects which have only
manual control are useful. Among
other things, be sure to try syn-
chronizing the frequency of the
effects oscillator to the frequen-
cy of the Shepard Function Gen-
erator.

I think you get the idea:
Play. Try different effects and
different functions applied to
different effects. Try control-
ling the VCAs with the ramps and
the effects with the triangles --
try leaving out the VCAs alto-
gether. ©Not all of the results
will be particularly pleasant, but
you will surely also find some
that are unique beyond words.

While many of these effects are
somewhat less spectacular when
done in stereo, they are still
very effective.

This 1is getting long just
when I could go on forever; but it
has to end as soon as I draw your
attention to the hard sync input.
A positive pulse applied to this
input resets the counter chain and
causes all functions to start from
the same known point. This fea-
ture will. be particularly useful
to us as Craig Anderton introduces
us to Synchro-Sonic techniques in

future issues of Polyphony.
No new effects indeed!

The following 1is available
from PAIA ELECTRONICS, INC., P.O.

Box 14359, Oklahoma City, OK
73116, (405) 843-9626:
Experimenter's kit of
circuit board and electronic
components (does not include
hardware or jacks. specify No.
EK-9 Shepard Function Generator

Experimenter's
postpaid. .
Etched, drilled and legended

Kit. $24.95

circuit board alone for the
Shepard anction Generator
Specify No. EK-9pc, $4.95
postpaid. '
Visa & Master Card accepted

($10 minimum charge) or include
check or money order with order.

PRACTICAL CIRCUITRY
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tended to sample the noise source
under LFO control quite frequent-
ly. So the scheme reflects this
fact. Sometimes, however, it is
fun to sample the VCO ramp wave
output, in which case I can simply
patch the VCO into Jl. 1It's as
simple as that!

So there you have it: my
"top secret'" patch-over scheme. I
want to emphasize that my small
synthesizer was completely home-
brew, so I had total freedom to
use any arrangement I wanted. You
have that freedom too. If after
looking these figures over you see
something you want or don't want,
get into the DIY spirit and do it!
One tip, though. It took me

several days of thought, rough
sketches, and the like to arrive
at this scheme. You should do the
same. Mull it over, contemplate,

meditate, or whatever. Some ar-
rangements just don't suggest
themselves in one sitting.

As mentioned in the opening
paragraph, we often get trapped
into thinking microcosmically, and
many times trying to get the "big

picture'" is very difficult, I
hope, then, that this installment
of "Practical Circuitry" has given
you an idea of one possible system
design. If you have some ideas
for a master system, be sure to
write me c/o Polyphony.

Sample and Hold

s/ Y1
Input

<

Noise
Source

Fig.3

Rectanguiar

Sample and hold patch-over scheme.
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Practical Circuitry

My Favorite

Transistor Circuits

By: Thomas Henry
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It used to be that there were
lots of oldtimers who could do the
most marvelous things with vacuum
tubes, but were totally out to sea
when it came to transistors. This
was simply a case of not keeping
up with the advances in technolo-
gy. But how about the reverse?
Lots of people today seem to be
able to design all sorts of neat
things with solid state parts, but
are lost when it comes to vacuum
tubes. And finally, let's carry
this to the extreme. What about
the person who grew up with inte-
grated circuits but can't design
with either tubes or transistors?
I'm that way! I learned electron-
ics by building things with ICs
and somehow seemed to miss all of
the basics of semiconductor
theory.

I suspect that there are lots
of people who are in the same
boat, especially among the younger
Polyphony readers. A couple of
years ago I decided to do some-
thing about this gap in my know-
ledge, so I bought a number of
self-study books on the subject,
At the end of the article I men-
tion some of these books if you
want to do likewise. But for
right now let's look at four of my
favorite transistor circuits that
I have found along the way.

I should probably mention
that in your own design work, most
of the time you will want to use
integrated circuits. They are
usually very easy to use, make
circuit board design simple, and
will save you money. However,
there are times when a transistor
circuit will fill the bill more
closely. Cases of this might be
where you have only a single po-
larity supply (most linear ICs
require a bipolar supply), need a
heftier drive current than the IC
can supply, or need to use some
unusual characteristic of the
transistor (perhaps for exponen-
tial or logarithmic conversion).
With this in mind, let's look at
four circuits where transistors
are ideally suited,

Figure 1 shows about the
simplest circuit you can design
with a transistor: an inverting
switch, It's hard to beat this
for simplicity and versatility.
Figure 2 shows that when the
switch is open the output is at
+15V, and no current flow through
the switch contacts. However,
close the switch and current flows

through the switch to ground. The
output is thus at ground as well.

Looking back at figure 1,
with no voltage at the input of Rl
the transistor is off and no cur-
rent flows. However, apply a
voltage to Rl and current will
flow through the base-emitter
junction. By transistor action
this will cause current to flow
from the power supply through the
collector straight through to the
emitter and ground. The output is
pulled to ground. Thus you can
see that the switch is inverting.

You may wonder how such a
simple circuit can be used., Well,
one of the most important uses is
level conversion. Suppose the
input voltage is TTL level (0 to
+5V) and you want to interface to
another circuit using a +15V power
supply. This circuit will do the
trick, since for a tramsistor with
a fairly high DC current gain (say
of 100 or so), the +5V signal will
be enough to turn the switch on.
Hence, a +5V swing can trigger a
+15V swing.

Another typical use is as a
simple inverter. Suppose in your
design you've used up all of the
logic gates you had available, but
you need one more inverter. You
don't want to open up a new hex
inverter package and waste the
five unused units., This is a
perfect time to use a transistor!
And by the way, you can use just
about any NPN transistor. I like
to keep a big stock of 2N3904s on
hand for this sort of application.

Figure 3 shows a non-invert-
ing switch and figure 4 shows 1its
mechanical equivalent. Consider
figure 4 first. When the switch
is open, no current flows through
the switch and therefore the out-
put is at ground. However, close
the switch and current flows
through the contacts. The output
then swings to full supply. .

By analogy, in figure 3 if no
voltage is applied to R1 then the
transistor is not conducting and
the output is at ground., However,
apply a voltage to Rl and current
flowing through the base circuit
will cause collector current to
flow. A voltage drop will be
developed across R2 and this is
the output. As you can see, this
is a non-inverting switch. A
positive voltage on the input
causes a voltage to appear at the
output.

What's the use of such a
circuit? Once again, level con-
version comes to mind, But per-
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haps more importantly is the fact
that the circuit is really a buf-
fer. The input impedance of the
circuit, as shown, is about 100k
so that this shouldn't load down
the driving circuit appreciably.
However, the output impedance is
about lk which can drive another,
say, 100k source, with only 17
loading. So you can see that the
output drive current 1s quite
good. And this is the purpose of
a buffer!

Figure 5 shows how we can
take two of the inverting switches
described above and cross-connect
them to form an R-S flip-flop or
latch., Can you see how Ql, RI1,
and R2 form one of the switches we
talked about above? And likewise,
Q2, R3, and R4 form another
switch. The output of Ql couples
to the input of Q2 and the output
of Q2 couples to the input of Ql.
(Symmetry like this always gives
me goosebumps!) Let's analyze the
operation.

Suppose that output Q is low.
This implies that transistor Ql is
off and therefore Q bar (Q) is
high. Q bar is in turn coupled to
Q2, turning it on. Therefore Q is
low, confirming our original as-
sumption. Now apply a brief logic
one to the set input. This turns
transistor Ql on and pulls Q bar
to ground. This in turn switches
Q2 off and causes the Q output to
go high. Hence the outputs have

+15V

Fig.5 : R-S Latch

Figure 5 also shows the truth
table for this circuit and you can
see that this 1is the standard
table for an R-S flip-flop. Most
of the time you will want to use
standard cross-coupled NOR gates
for this circuit. But as men-
tioned above, occasionally you
just don't want to crack open a
new set of gates to only use a
couple of them. Or perhaps the
power supply is +24V. CMOS or TTL
won't work here, but it's easy to
find transistors that will work at
this supply voltage. Conclusion:
sometimes it pays to think dis-
crete!

+15V

SET

Let's leave the digital world
and move on to the analog. Figure
6 shows one of my all time favor-
ite tranmsistor circuits: the
triangle-to-sine converter. Read-
ers of Practical Circuitry will
remember this from the VCO Deluxe
circuit presented some months
back. I'm going to get technical
for a moment so you can skip ahead
to the next paragraph if you want;
but if you've had a smattering of
calculus, the theory of operation
is quite simple. Ql and Q2 form a
differential pair. Normally for
approximate linear operation the

+15V  OUTPUT OFFSET TRIM

R12 100K

switched states. Note also that +15V
they will remain in this condition
until a pulse is applied to the
reset input. You can prove this -15v
to yourself by going through an
analysis similar to the one given R7 éRS R5 10K
above for the set input. Q10K ¢ 10K 1 Vv
R2 1K 'SINE OUTPUT
— " VNV—0 Isv
b> |c71
41
Q2 R6
TRIANGLE R13 a 2N3904 2N3904 10K
INPUT
I sy
R4 =
2.2K
R1 390 X ,
L = input to the pair (at the base of
- Ql) is kept quite low, say below
_ 10 mV peak. However, for this
B 10 S application we will deliberately
=) drive the input quite high. For a
SYMMETRY 5V peak input, R13 and R3 attenu-
Triangle to Sine Converter TRIM RO ate the signal to about 100 mV.
Designer: Thomas Henry This is very high for a differen-
All .{ i ohms L tial pair, and will cause distor-
resistors | tion., However, this kind of dis-
Fig.6 -15V tortion 1is Jjust what we want!
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Practical Circuitry.....

Consider the circuit to be a
transformation device. For a
triangle wave input (over a cer-
tain range) it can be demonstrated
that the output will be a modified
hyperbolic tangent (abbreviated
tanh). You study these sorts of
functions in the calculus, but
what's important to us here 1is
that the hyperbolic tangent is a
very close approximation to our
ordinary sine wave (over specific
ranges). This is all more techni-
cal than I want to get here, but
if you want to see the full mathe-
matical derivation of this, refer
to the excellent article by Bernie
Hutchins ("Mathematical Analysis
of Differential Amplifier: Trian-

gle-to-Sine Converters', Electro-

notes, volume 9, number 82, Octo-
ber, 1977, pp. 5-17).

1f you skipped the last para-
graph let me summarize what was
said there in one sentence: the
input to the device is a triangle
wave and the output 1s a curve
which resembles the ordinary sine
wave very closely. Let's look at
some of the circuit details.

The input should be a trian-
gle wave with a 10V p-p amplitude.

R13 adjusts the drive voltage.
R10 soaks up some of the inaccura-
cies caused by mismatching of the
transistors. The output is a dif-
ferential type and so must be
converted back to a single-ended
operation for standard audio work.
The differential output is taken
off of the two collectors and is
sent to op amp ICl. The op amp
converts the signal to a single-
ended output with an amplitude of
10V p-p. R12 adjusts the offset
so that the signal is symmetric
with respect to ground.

You can trim this circuit up
quite easily with an oscilloscope,
but don't neglect your ears! The
human ear is an excellent distor-
tion measuring instrument, so be
sure to listen to the signal while
you tweak the circuit, even if you
are using an oscilloscope. First
adjust R13 while watching the
waveform for smooth transitions at
the peaks. Next trim RI10 for
basic symmetry. You want the
positive excursions to look essen-
tially like the negative excur-

sions. Finally, tweak up R12 for
zero center. That's all there is
to it!

Writing this article was a
lot of fun for me, and I hope you
enjoyed this trip into the realm
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of transistors too. More impor-
tantly, if you're like me and feel
uneasy working with them, I hope
this will inspire you to learn
more. When I decided to correct
my "deficient" background in tran-
sistors I dug up two books and
conducted a self-study course of
my own. These are Electronic
Circuits by D. Casasent (New York:
Quantum Publichers, 1973) and
Electronics: A Self-Teaching Guide

by H. Kybett (New York: John
Wiley and Somns, 1979). I have
never regretted looking into these
books; they're both recommended,
but Kybett is especially good,
since it is written for transistor
tyros who know a little bit about
electronics. And it's self-paced
as well. The other book is an
excellent "one-stop" reference for
anything transistor but is more
technical. Do yourself a favor,
read a good book this month!

NEXT ISSUE:
A one chip ADSR
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Practical Circuitry

By: Tom Henry

The technology of electronic
music 1s growing so quickly that
it is often difficult to keep a-
breast of all the developments.
For example, I thought I was pret-
ty much up to date on most of the
important LSI (large scale inte-
gration) chips available for music
applications, and yet just recent-
ly I discovered the SSM2056 ADSR
chip. I was amazed when I found
out that this IC incorporates all
of the design features that my
system employs. The supply vol-
tages and input and output levels
are 100% compatible with the cir-
cuits discussed thus far in this
column. And best of all, the
complete ADSR circuit can be im-
plemented with one chip! Where
have I been all this time?

Before describing the com-
plete circuit, let's stop to phi-
losophize a bit. We've already
discussed one ADSR in "Practical
Circuitry", so why do we need
another? Well, as you continue to
gain experience in electronic mu-
sic, you will find that no two
modules are exactly alike. Even
two "identical" circuits will have
subtle differences that make one
more suitable for a particular
application than the other. This
is most apparent in the case of
filters (everybody seems to have a
favorite filter), and to a lesser
extent with ADSRs. As I found out
after building it, this ADSR has
quite a different "feel" from my
other units. 1In particular, it
seems to offer quite a bit more
control over short attack and
decay times, thus making it emin-
eatly wuseful for percussion
sounds. In general, this ADSR
gives me a good feeling; it was
easy to build, worked right off
the bat, and gives some new ef-
fects too.

How it works. Refer to the
schematic, The heart of the whole
circuit is, of course, the
SSM2056. This chip was designed
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A One Chip ADSR

to operate from our standard bipo-
lar +15V supply, with pin 14 being
at +15V and pin 8 at -15V. Since
an ADSR has quite a bit of switch-
ing going on inside it, fairly
hefty capacitors (C3 and C4) are
strung across the power pins.
While 100 uF may be more than is
actually needed, it nmever hurts to
be extra careful when it comes to
decoupling (you might also want to
solder some 0.1 uF ceramic caps
across the supply lines in paral-
lel with these electrolytics for
even more effective bypassing of
sharp transients-- Ed.).

J1 sends a trigger signal to
the chip through R13 and Cl. The
input signal should be our stan-
dard +5V, 1 millisecond wide
pulse. = The gate signal couples to
the IC through closed circuit jack
J3. This jack provides a constant
+5V gate signal to the chip if no
plug is inserted into the jack.
(Voltage divider R14 and R12 drop
+5V from the power supply.) With
the addition of this switching
jack, it is possible to fire the
ADSR with a trigger only, thus
giving AD type envelopes. For
most purposes we will want a full
ADSR response, but sometimes an AD
envelope 1s more suited to the
application at hand. This 1is
especially true for percussion or
AMS-100 effects.

If a plug is inserted into
jack J3, the constant gate feature
is disabled. The plug now pre-
sents the normal ON/OFF type key-
board gate to the chip. A little
later, we'll see how to make the
most of the various types of en-
velope patterns available with
this circuit,

The time parameters are set
via potentiometers R7 through R9.
Thus the ATTACK, DECAY, and RE-
LEASE times may be easily set with
the turn of a knob. Since the hot
sides of these pots are hooked up
to the +15V power supply line, the
wiper voltages must be attenuated.

R4 and R1 form a typical voltage
divider. The maximum voltage of
+15V is dropped to about 260 mV, a
level the SSM2056 likes to see.

The SUSTAIN control is han-
dled a little differently. A
fixed 20k resistor (R11) is added
to potentiometer R10 to drop the
+15V supply line to about +5V.
Thus the hottest setting of this
pot is at +5V. This in turn means
that the SUSTAIN voltage is vari-
able from OV to +5V, as we would
expect it to be. By the way, 20k
is a standard 5% value and can be
easily obtained from a number of
dealers (see below), Do not subs-—
titute, say, a 22k resistor for
this critical value. (Note that
potentiometer resistances are not
all that accurate, so you may want
to use a meter to make sure that
the pot you choose is as close to
10k as possible =-- Ed.)

C2 is the timing capacitor
for the whole ADSR. Use a good
quality capacitor here; mylar is
perhaps the best choice, being
both fairly stable and not too
expensive.

The output appears at J2.
I've only shown one jack here, but
in my version of the circuit, I
actually tied four jacks in paral-
lel for the output structure.
You'll probably find, like I have,
that you'll often use one ADSR to
drive several circuits. So, by
making a number of output jatcks
available, you will get around
using up some multiples elsewhere
in your system. Four jacks should
be the limit though, since this is
about the maximum that the
SSM2056's internal buffer can han-
dle.

How to build it. 1In the
past, obtaining single unit quan-
tities of the more exotic inte-
grated circuits was rather diffi-
cult, However, things are easing
up now, and you should have no
trouble at all. PGS Electronics
(PO Box 749C, Terre Haute, IN
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47808) is one source; the price i3
under $6, although there may be a
shipping and handling charge.

The two rather important re-
sistors, R11 and R14 (20k and
200k, respectively) are standard
5% values and can be obtained from
a number of places. My favorite
source for resistors is Jameco
Electronics (1355 Shoreway Road,
Belmont, CA 94002). The price is
around six cents each for resis-
tors, but you'll have to make sure
you meet the minimum order re-
quirements. Write to both PGS and
Jameco for catalogs and ordering
information,

Since this was such a simple
circuit, I built it on an "Experi-
menter Printed Circuit Board"
available from Radio Shack (stock
#276-170; about $3). This is one
of those generalized breadboard
rigs that has a number of rows of
pads and traces suitable for
building up IC type circuits,
Circuit construction is not criti-
cal, since there are no high fre-
quencies present in the circuit.
Along with the circuit board men-
tioned above, I used hookup wire
and flea clips to finish the cons-
truction.

The one chip ADSR mounts
easily behind a standard 1.75" by
19" rack:panel. Use some small
angles and #4 hardware to fasten
the circuit board to the front
panel. Since you'll probably have
some space left over, you can use
this for some one by four multi-
ples; in other words, four phone
jacks wired in parallel. Multi-
ples are always handy to have
around, so when a chance presents
itself like this, seize the moment
and throw one in! By the way, if
you need some help in preparing a
front panel, see my article '"Mak-
ing Rack Panels" (Electronotes,

me 13 _Nymber 122, February
Yaéfmgghg_gge one chip ADSR.
Since ADSRs may be new to some
readers, here are a few settings
that you can play around with.
For a full ADSR response, apply
both a gate and trigger from the
keyboard. Now press a key and
anold it. The instant you hit the
key, the envelope will launch into

its ATTACK portion. When the
signal reaches +5V, the DECAY
portion will start up. The signal

will decay to the level set by the
SUSTAIN control and will hold
there for as long as the key is
held down. Now release the key,
and the RELEASE portion kicks in.

For an AR type response, once
again apply both a gate and trig-
ger. Now turn the DECAY control

down all the way, and the SUSTAIN
control up all the way. When a
key is pressed, you will get an
ATTACK/SUSTAIN/RELEASE pattern,
typical of an AR unit.

For AD effects, you need only
apply a trigger signal. Turn the
SUSTAIN and RELEASE controls down
all the way. Now whenever you
touch a key, the unit will go into
an ATTACK/DECAY cycle automatical-
ly. As mentioned earlier, this is
usually the appropriate waveform
for percussive effects.

Of course, these three ar-
rangements just described are just
the start. There are countless
other settings of the controls,
hence countless other sounds. Let
your ear be the judge of which are
most appealing to you! And remem-
ber, this circuit allows for full
retriggering, so the versatility
is even greater.
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complete one chip ADSR! Alert
readers will note a similarity to
Craig Anderton's "Voltage Con-
trolled Envelope Generator" (Con-
temporary Keyboard, May 1982, pp.
20-23). Craig's circuit used the
SSM2055, an earlier generation of
the SSM2056 presented herein, and
also offers voltage control of the
various parameters. If you're
looking for even greater versati-
lity (at the expense of greater
complexity, though), check out
Craig's circuit. But for most
common applications, I think
you'll find the simple manually
controlled version presented here
will really fill the bill,

If you're just learning how
to build synthesizer gear, you'll
find this ADSR is a great project
with which to start. Pay atten-
tion to the supply voltages, capa-
citor polarities, watch your sol-

There you have it, a very dering techniques, and before you
+15V -15v
+ +
|
1
c3 ca
122 100 100
ATTACK 13 )
- 4 11
10K :1— e
R1 .05
= 180 OUTPUT
o
. s 10 — to +5v
10k <
DECAY Jz
3

AN~
10K R2
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IC1 = SSM2056

13—
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All resistors in ohms.
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know it you'll have a very profes-

sional quality ADSR up and run-
ning.

PARTS LIST

Resistors

R1I-R3 180 Ohms

R4-R6 10k

R7-R10 10k linear pot

R11 20k

R12, R13 100k

R14 ° 200k

Capacitors

Cl 0.01 uF

c2 0.05 uF

C3-C4 100 uF electrolytic

Other Parts

IC1 SSM2056 ADSR chip

J1, J2 Open circuit 1/4"
phone jack

J3 Closed circuit 1/4"
phone jack

Misc., Circuit board,

front panel, knobs,
wire, etec.

continued from page 5

George's second question
concerned modifying the Casio 202,
which was reviewed in your Jan/Feb
'82 issue. I was rather surprised
you hadn't looked into a
modification for this, as I'm sure
quite a few of your readers own
some sort of Casio that is not of
the "mini" type. Casios are quite
often owned by those of us who
make less than $12,000 a year.
All I can say is if Polyphony
can't help, then try J. L. Cooper
Electronics, as they are poly-
synth modification experts. The
dddress is:
J. L. Cooper Electronics
2800 S. Washington Blvd.
Marina Del Rey, CA 90291

In closing, I'd like to say
that it would be of enormous help
to amateurs like myself if you
would write electronic projects
with digital-unfamiliar people in
mind. I can't see this as being
an annoyance with people who are
familiar with electronics...give
it some thought.

Kenneth Amaris

Culver City, CA

Kenneth -- You're not the
only one who has written recently

continued on page 40

BOOR REVIEW

The Complete Synthesizer, a Comprehen—
sive Guide by David Crombie, Omnibus Press, 1982.

By: David Doty

Despite the growing popularity of synthesizers,
instruction books suitable for the beginner are
still rather rare. This is the role I believe The
Complete Synthesizer was intended to fill; but,
although it offers a fair amount of valuable infor-
mation in a reasonably palatable form, this books is
far less than its title claims. Virtually all of
the functions common to the contemporary analog
synthesizer are presented here; and the information
offered is, so far as it goes, correct; but some-
thing important is missing: the idea that synthe-
sizers are, at best, extremely powerful musical
tools whose potential is yet to be fully explored.

The book begins with a chapter devoted to the
basic parameters of musical sound. This is as it
should be, and the text here is simple and
straightforward enough that a reader with no back-
ground in acoustics should be readily able to grasp
these important concepts. The second and by far the
longest chapter is entitled "The Synthesizer Voice
Module", a title which is indicative of the book's
viewpoint. The synthesizer is presented as a nor-
malled, keyboard controlled instrument with the
signal path that has been prevalent since the intro-
duction of the minimoog. The various modules are
described in terms of the roles they play in this
scheme, and alternative possibilities are largely
ignored. As a result of this approach, the type of
synthesis described here is primarily the imitative
sort as practiced in recent rock and pop music.
Techniques which fall outside this genre are treated
with a certain condescension, when they are men-
tioned at all. For instance, regarding the LFO, we
are told that sine and triangle waves are for vibra-
to, square waves are for trills, and that "Sawtooth
frequency modulation is generally limited to special
effects, such as sirens...”. Similarly, the sample
and hold is represented exclusively as a generator
of random control voltages which, we learn, "are
seldom used except for bizarre, spacey effects'.
While these attitudes are typical of a certain style
of synthesis that is prevalent today, their presen-
tation in a book such as this, to the exclusion of
others, is apt to lead the beginner down a path of
well-worn cliches, rather than encouraging creativi-
ty and exploration.

The remaining chapters reflect the same bias.
Under "Types of Synthesizers'" the modular synthe-
sizer receives less space than the "pseudo-polyphon-
ic" top octave divider type instrument, which is not
properly a synthesizer at all. "Using the Synthesi-
zer'", which might properly have been the longest
chapter in a book such as this, receives a mere five
pages, with four of these being devoted to imitative
voicings. A few recipes are given, including the
mandatory string, brass, and organ patches, but
nothing is said about achieving the subtle note-to-
note and register-to-register differences typical of
acoustic instruments. The "Synthesizer Accessories"

-
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And now for a page from The Scrapbook...

Okay, back to the East Side Pharaohs—here I am stifling a
yawn as I perform the song Louie, Louie for the third time
in a row at the Kasota Legion Club. Those wedding dances

are hell!



106

Practical Circuitry

MICRO
DRUMS

PART I

By: Tom Henry

Analog design has always fascinated me, and as
a consequence I've never really gotten into digital
or computer type circuits. However, just recently I
dipped into this field and was amazed at the things
that even a novice (like myself) can get a computer
to do. As my first venture into this area, I came
up with a computer controlled drum unit, called
"Micro-Drums'", which has absolutely revolutionized
the manner in which I approach composition. Not
being a drummer, my music has always been hampered
by a lack of rhythmic expression, but this new
circuit has changed all that.

What is Micro-Drums? Quite simply, it is a
hardware/software combination which causes the PAIA
8700 microcomputer to think that it's a drummer. Up
to eight drums can be polytonically controlled, over
the range of an entire song. Nuances, bridges,
breaks, lead-ins, even mistakes can be programmed
into it so that the unit really drums as if it were
a person. Depending on various factors, three to
ten minute songs can be programmed with a great
amount of depth and variation.

Editing a drum score is quite easy since an
hierarchical approach is taken which closely ap-
proximates the manner in which you would write a
song anyway. Once a score has been worked out, it
can be saved to cassette and re-loaded at a later
date. Thus, it is possible to create a library of
drum scores and this eases the task of creating new
songs later omn.

But here's the real kicker. By using a special
technique with the computer (the IRQ, to be dis~-
cussed later), we can sync the drum unit to click
tracks on tape, other rhythm generators, sequencers
-- or we can go the other way around! That is,
Micro-Drums can be either a master or slave with
equal ease. And best of all, this special technique
drastically reduces both the hardware and software
needed.

As mentioned, this project is based on the PAIA
8700 microcomputer. However, the same methods will
work with just about any other computer using a
member of the 6500 family, including the VIC-20,
Commodore 64, and PET. As long as you can find one

figure 2

DRUM OUTPUTS Ic3
ARE AT ADDRESS 555
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uncommitted address and can get access to the IRQ
pin of the CPU chip, you can make it work. By the
way, if you do configure this around the 8700 you'll
be glad to know that the new hardware in no way
interferes with the rest of the computer. You can
still use it for your other applications.

Like most computer projects, the basic princi-
ple is simple although the explanations get quite
long-winded. To keep things orderly, this install-
ment of "Practical Circuitry'" details the hardware
needed for Micro-Drums, while next time the neces-
sary software and programming instructions are des-
cribed.

Refer to the schematic in figure 1. Essential-
ly, we set up one address in the 8700's operating
system to act as a drum output port., This port is

memory mapped, and each bit in it controls a sepa-
rate drum. Writing a byte into this port triggers
the drums corresponding to the various bits. Ad-
dress $0880 ("$" means that the number is in hexa-
decimal notation) is chosen for the drum output
port, since this leaves the one at $0840 free for
other synthesizer applications.

IC1l and IC2 are quad latches; their duty is to
store the byte which is written to the drum port.
Since a typical "write" operation on the data bus is
only several microseconds long, we need these two
chips to grab the desired byte and hold on to it.

When a "write'" occurs, the STROBE line of the
8700 goes low for a microsecond or two. This line
goes to pin 5 of each of the latches, hence causing
them to latch the bytes currently on the data bus.

3 9
CLOCK RATE
R22¢ R9
R18 oV 500K 10K
100K (o5}
1415 | B2y e R
a3 470K
c3 +SV ) c4
I.m ~ 7N 6 J9 jl ( 5{>é ALpp—
'———{ >°_v SYNC
= . OUTPUT
= N\ 1-08 OuTPUT 2 Zrio
LED 100K
R1-R8 — =
4 B +5V
1 3 J1-48
R10-17 ! 2 DRUM OUTPUT TRIGGER
Q1-Q8 all outputs are
33K 2N3904 _DL 1 milli second wide
}6 == =
ci1
] — 8
= 10 J10
° 9 - - SYNC V—‘{ o
® INPUT 220pf IRQ
B (to J7 of 8700
repeat for a total of 12 1
eight transistor stages 13 - =

NOTES

MICRO-DRUMS Computer Drum Interface

Designer: Thomas Henry
- All resistors in ohms.
All capacitors in mfd. except where noted.
8 All NOR gates = 1/4 4001 (IC4, ICS).
9 B All inverters = 1/6 4049 (1Cé6).
IC POWER CONNECTIONS:
figtlrel 4001 ——— pin 7 = ground
= 11 pin 14 = +5V
13 - 4049 ——— pin 1 = +5V
pin 8 = ground
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Practical Circuitry.......

But the STROBE signal also goes to IC3, which is a
555 timer set up as a one-shot. The output of this
one-shot, upon being fired, goes high for a period
of 1 millisecond. 1In effect, we have stretched out
the STROBE signal (which is several microseconds
long) to a 1 millisecond pulse. You will recognize
this figure as being one of the standards we've
talked about previously -- it's just the right
length of time to fire envelope generators and drum
circuits. 1In point of fact, every output in Micro-
Drums generates a +5V, 1 millisecond wide pulse, and
thus the circuit is compatible with any of the
projects described in "Practical Circuitry".

By the way, notice how everything works out
conveniently for the 555 input at pin 2. Normally,
you have to provide some input conditioning to this
pin, but as it turns out the STROBE signal from the
8700 has the correct polarity and pulse width so
that all you have to do is just hook it up directly
to pin 2. That ought to refute Murphy's Law!

Now backtrack just a bit to the latch outputs.
Each output is buffered by a tramsistor (Ql through
Q8, one for each bit). Note that the transistor
inverts the bit; however, the NOR gate following the
transistor inverts the bit again. The net effect is
that the bit passes to jacks J1 through J8 exactly
as it was written to the drum port. To put it

another way, write the number $FF to the drum port

and all of the drums will be fired; write a number
$00 to the port, and none of them will be fired.

Note that LEDs D1 through D8 turn on according
to the number written to the port. These provide an
excellent indication of what's going on while you're

composing a song.

So, the latched data is sent to the transistors
and then to the NOR gates. Now one input of each
NOR gate is tied to the stretched out STROBE signal
(from IC3 and the inverter). This causes the selec-
ted NOR gate to go high for a period of 1 milli-
second, and as mentioned above, this is just what
envelope generators and drum circuits like to see.

Notice that the stretched out STROBE signal is
also available at J9. This signal may be used as a
SYNC output and can lock sequencers, rhythm genera-
tors, and other computers to the main timing logic.
Its pulse width is also 1 millisecond.

This takes care of the drum output support
hardware. As you can tell, there really isn't very
much to it, and in fact it is quite similar to the
other output port at $0840 on the 8700. The rest of
the circuitry in figure 1 has nothing to do with the
drum output, but instead provides the necessary
housekeeping circuitry to round out the complete
system.

Let's look at the peripheral circuitry. Since
we will be syncing the computer through its IRQ line
(interrupt request), we must condition this input
somewhat. J10 gives us access to this linme. CI,
R20, and the inverter form a half-monostable and as
such take an input pulse of variable length and
transform it into a precise 10 microsecond trlgger.
This trigger couples to the computer via TRQ, found
at J7 on the 8700.

Why should this be a 10 microsecond Egl§e7 The
answer to this lies in the nature of the IRQ line in
general. When the IRQ line of the 6503 CPU is
brought low, the computer will cease whatever it is
doing and jump to the service routine pointed at by

the vector in location $0FFE and $0FFF. Control is
then sent to this service routine, and the imstruc-
tions found there will be executed until an RTI
(return) command is encountered. GControl is then
sent back to the main program.

Now suppose that the TRQ signal which caused
all of this to happen is still low. (In other
words, the execution time of the service routine was
shorter than the pulse width of the IRQ signal.)
What will happen? Just what you would expectj the
routine is called again! The upshot is that one TRQ
signal caused the service routine to be called
twice. We clearly don't need that, so the IRQ pulse
is shaved down to 10 microseconds. With the 8700,
10 microseconds corresponds to about 5 program in-
structions, so as long as the service routine is
more than 5 instructions long, all will work well.
Incidentally, it should be clear that the IRQ pin
responds to "levels'", not "edges'.

As you will see next time, when we discuss the
software aspects of Micro-Drums, this IRQ business
is the key to the entire system. Not only does it
make master/slave relationships possible, but it
also allows use to achieve a remarkable analog to
digital conversion for the price of a patch cord!
And as mentioned before, both the hardware and soft~-
ware can be drastically simplified.

The remaining three inverters of the 4049
package are put to use as a variable clcck. There's
nothing clever here since this circuit has been
around for years. But one interesting aspect is
that C4, R19 and an inverter are set up as another
half-monostable. This time the pulse width is made
to be millisecond wide (our old standard). R23 sets
the clock rate, and with this control the output
frequency can be continuously adjusted. Even though
the frequency can be changed the pulse width will
remain fixed at 1 millisecond.

Just to give you a sneak preview, a patch cord
will be used to connect the CLOCK OUTPUT (J11) to
the SYNC INPUT (J10), and thus interrupts can be
made to occur at an adjustable frequency. This
method will be employed to set the tempo of the
song.

This just about covers the hardware aspects of
Micro-Drums, but perhaps a few words about comstruc-
tion methods should be said. I built this circuit
on a prototype circuit board (from Radio Shack),
using ordinary hookup wire. If you employ this
method, be sure to ponder the layout so that you
won't run out of room at a crucial moment! Watch
your power supply connections, but since the circuit
only uses a +5V supply, this shouldn't provide any
great problem. Also (need I say it?), use sockets,
since this project employs CMOS integrated circuits
which can be damaged by static electricity. Figure
two shows the complete parts list for Micro-Drums.

After counstructing the circuit, give a great
deal of thought on how you will interface it with
the computer. I used ribbon cable and headers to
complete the connections to J1 and J7 on the 8700.
After making the connections I mounted the board to
the back of the 87060 computer itself. If you al-
ready have this computer, then you will know that it
is a double-decked circuit board arrangement. By
adding the Micro-Drums card, you will be left with a
triple-decked affair.

And now is as good a time as any to mention a
modification to the 8700 that you really ought to
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think about. I found that with just the bare-bones
computer (no Micro-Drums added on), the power supply
ran extremely hot. I took some measurements and
discovered that the unit was drawing almost 900 mA!
This is clearly way too much for the 7805 regulator
to handle with such a small heatsink. The culprit,
of course, is the RAM -- each chip consumes almost
70 mA. Multiply that by 8 (the number of 2112s in
the 8700), and you've got quite a load for the
regulator to handle.

In general I like to have at least a 2:1 margin
of safety, so I decided to modify the computer
accordingly. I simply built another +5V power sup-
ply and put the RAM on their own circuit., It's a
crazy scheme, I know, but it does work and both
power supplies now run considerably cooler. What's
more, in the future I will be able to add on extra
circuitry since I have a little more juice to play
with now.

If what I've said doesn't make any sense to
you, then don't perform the modification!!! Your
8700 is a valuable instrument and you won't want to
wreck it. On the other hand, if you understand
about power supplies, decoupling, and computers --
and if you have a steady hand for cutting PC board
traces -— you might want to give this a try. Remem-
ber, the RAMs must be completely on their own cir-
cuit; it's no good just wiring two power supplies in
parallel (unless you get off on rampant destruction
of valuable equipment and enjoy fireworks).

After building the Micro-Drums card and per-
forming the modification (if this applies to you),
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you can then put the thing in a suitable house.
figure 2 shows how I did it. This is a home-
made wooden box with two sheets of steel for a top
and bottom. The 8700 is bolted to the top panel,

and the keyboard shines through a square hole cut in
the metal. I put some foam rubber around the hole
and this keeps dust and moisture out. By the way,
the fuse, switch, and line cord are on their own
small panel mounted on the back surface of the box.

If you are using the PAIA 8700 power supply,
then bring out the 60 Hz signal output to a front
panel jack as well. (This is a logic level signal,
NOT the line voltage!!!) Since this is a reliable
frequency source, it might come in handy for future
use,

As you examine the photo fig.2 you will probab-
ly notice some features not described in the article
(knobs, connectors, etc.). These have nothing to do
with the Micro-Drums interface. For example, there
are two D-25 jacks on the right side; one of these
is a dummy (for future expansion) and the other is
an interface to my keyboard synthesizer. When you
build your unit, you might like to plan for the

future, too, and leave some extra room for more
‘onnectors and whatnot.

Well, that wraps up the Micro-Drums hardware
and it's a good thing too, since we're out of space.
But come back next time for the concluding episode
and see how to implement the software for a complete
drum computer. Until then, here's a challenge for
you to ponder: how would you create a real time
clock using the SYNC input, the 60 Hz output, a
patch cord, and a bit of software?

@ |
re-view
continued from page 9

front-to-rear as well as left-to-
right. This 3-dimensionality
makes his heavily-produced elec-
tronic pop tunes a listening ex-
perience which goes beyond their
significance as pop tunes. Other

influences might be Zappa and
Godley/Creme.

Berlin Pleasure Victim (Geffen
2036). 1 didn't want to like this
group -- their music is too trendy
and their videos have been a lit-
tle pretentious. But after having
played the record numerous times
looking for a weakness to attack,
I have to admit it grew on me;
Terri Nunn's voice has a cloying
innocence and John Crawford's and
David Diamond's synthi backing is
very professional. It's well de-
fended from sharks like me.

Men at Work Business as Usual
(Columbia FC37978); Cargo (Colum-
bia QC38660). MAW has been called
"the Velveeta of pop'". However,

it's precisely because their
strong, well-crafted tunes appeal
to even a jaded old reviewer that
they're selling so many records.
Despite the cheese.

Deckard/Cardwell/Vosh Sound
(cassette). "Sound" is what it's
all about, as this synthesizer
trio spins long, introspective
pieces full of original synthesi-
zer sounds. Sounds that soothe,
sounds that startle, sounds that
bounce off the wall and refuse to
leave -- always the devotion for
The Sound. $4 postpaid from David
Vosh, 6300 Goldenrod Court, Upper
Marlboro, MD 20772.

Everfriend Key Essentials (cas-
sette). Keyboard artist Bill
Rhodes displays his skills, from
Keith Emerson-like classical rock
to piano fusion jazz to the drama-
tic""Life and Death of a Star"
(reviewed May/June '81 as an EP).
There's a couple vocal numbers too
-- too bad the vocalist he chose
sounds a little tentative. Never
mind; the rest is top drawer,
Contact Bill at 1 Windemere Rd.,
Piscataway, NJ 08854.

continued on page 44
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The new Series V Digital/Analog Keyboard
Controllers from PA!A offer enough stan-
dard features and options tofill every need
from stage to studio. Standard features
include Pitch & Modulation Wheels, Gate
and Re-trigger outputs, Low Note Rule
Priority, Smooth Pratt-Read Action, Light
weight and only 2" high.

You have your choice of:

® 37 or 61 Note Actions

e Exponential Or Linear CV.

e MIDI or Parallel Digital

o Mono or Poly

e Factory Assm. or Low Cost Kits

Best of all, prices start at less than $180
callour toll-free line
1-800-654-8657

9AM to 5PM CST MON-FRI

for price & ordering details
& get your free PNA catalog!

Direct mail orders and inquiries to: Dept. 11y

BASA Electronics, Inc.

B 1020 W Wilshire , Oklahoma City, OK 73116 (4051843 9626
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Practical Circuitry

MICRO
DRUMS

PART I

lBy: Tom Henry

Last time in "Practical Cir-
cuitry" we discussed the hardware
needed to implement Micro-Drums, a
computer controlled drum unit. In
this installment we will consider
the software side of things.
Since a lot needs to be said,
let's jump right in and see how to
punch up the program required to
get Micro-Drums off and drumming!

Entering the program. Figure
1 shows the complete listing for
Micro-Drums software. Since I
used the PAIA 8700 computer, the
code is written in 6502 assembly
language. Those of you who plan
to use Micro-Drums with some com-
puter other than the PAIA unit
will need to change the appropri-
ate equates (at the start of the
program) and may also need to
alter the starting address. The
source code in Figure 1 is heavily
annotated, so you should be able
to figure out how it works quite
easily.

8700 users can ignore the
line numbers, labels, mnemonics
and comments if desired, since all
that is needed to enter the pro-
gram is the start address and the
required code (under the heading
"CODE", in the listing). Refer to
your 8700 Computer/Controller
manual for help in deciphering an
assembler listing if you experi-
ence any difficulty,

Follow these steps to enter
the program:

(1) Turn on the computer and
hit the reset button.

(2) Load location $ED with
the byte $1F. This sets the stack
to a known condition needed by

Micro-Drums.

(3) Get ready to start load-
ing data at $0120, by punching in
this address and hitting the DISP
key.

(4) Using Figure 1 as a
guide, start entering the data.
The first few bytes are $20, $34,
$0F, A5, etc.

(5) Keep entering data until
you hit the last byte in the list-
ing. This is $02 (at location
$028B). Use the PCH and PCL keys
to confirm that you're at the
right place.

(6) You're now ready to save
the program to tape. Follow the
normal 8700 Cassette Interface
protocol for saving a program.
The start address in $1020, the
end address is $028B, and you can
use $01 for an identifier.

If all has gone well, you now
have a working copy of the Micro-
Drums program. After debugging
your work (if needed), make a few
backup copies as well. Now, let's
see how to use the complete Micro-
Drums system.

Using Micro-Drums. To use
Micro-Drums, follow these instruc-
tions:

(1) Reset the 8700 computer,

(2) Load location $ED with
the byte $1F. This sets the stack
to a known condition needed by
Micro-Drums. Do not forget this
step; the program will not load or
run correctly if it is left out!

(3) Using the standard load-
ing procedure, load the Micro-
Drums software. The start address
is $0120, the end address is $028B
and the identifier is $01.

(4) Run the program by typing
$025F and hitting the RUN key. If
everything has gone well, you will
hear a long beep. This long beep
indicates that you are in the main
loop, and the computer is awaiting
your instructions.

When in the main loop (as you
now are), you have a choice of
four commands. They are COARSE
EDIT, FINE EDIT, TAPE and PLAY.
After any of these commands have
been executed, you will always be
ushered back to the main loop.
Even though the 8700 has limited
display capabilities, you can al-
ways tell when you are back in the
main loop by the long beep. Also,
if you hit an invalid key when in
the main loop, a long beep will
occur. By listening for this
beep, you can always tell what's
happening at any moment.

Here follows a description of
the four main commands. Note that
when within the four main com-
mands, there are other minor sub-
commands possible.

FIRE EDIT. The fine edit
command defines measures of pat-
terns which will be used as the
basis for the entire song. You
may define up to eight different
patterns, each one up to 32 beats
long. Or you may partition this
in other ways; for example, four
patterns of 64 beats each.

Each pattern is given a num-
ber-name. The numbers 0 through 7
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are used for this purpose. To
start editing a given pattern,
when in the main loop type the
number-name and then hit the PCL
key. (Mnemonic: think of PCL as
"low", for lowest level of edit-
ing, the pattern.) So to start
editing pattern zero, type $00 and
then hit the PCL key.

You will now be sent from the
main loop to the FINE EDIT rou-
tine. The display will show the
current beat number, and the drum
LEDs will show the drums to be
played during that beat. To turn
a drum on for the beat, touch one
of the keys from 0 to 7. The
corresponding LED will light up,
and all of the currently selected
drums will be played as a test.
You can turn a drum off by touch-
ing the corresponding drum key
again., Thus, the drum keys are
like toggle switches and may be
used to turn drums either on or
off. There is one limitation,
though: you may not have a parti-
cular beat play all eight drums at
once. You can have up to seven
drums playing at once, but not all
of them. (The software uses the
all-eight condition as an end-of-
the-pattern marker.)

When you have achieved the
selection of drums desired, touch
the ENTER key. This will store
the selection, then increment the
beat pointer. The display will
show the next beat number, and you
are all set to enter the next
selection. Also, when the display
increments, the drums currently
selected for the new beat will be
triggered once. Thus you can
single step through a pattern, for
trial purposes, just by touching
rhe ENTER key repeatedly. You can
back step with the BACX key just
as easily. And 1if you want fo
hear the current beat several
times, touch the DISP key. This
will sound the current drum selec-
tion.

As mentioned, keys 0 to 7
stand for drums 0 to 7. Key 8
stands for a rest. This clears
out the drums selected for that
beat. When you are done editing a
pattern, touch the 9 kay and you
will be ushered back to the main
loop. Note that even though the
pattern may be up to 32 beats
long, you are not obligated to use
all of the beats. For example,
with 5/4 time you might want to
only use 10 beats.

COARSE EDIT. After creating
some patterns (see above), you

Q0001
00002
Q0003
00004
00005
00006
00007
00008
00009
00010
00011
00012
Q0013
00014
Q0015
00016
0Q017
00018
00019
00020
00021
Q0022
00023
00024
00025
00026
00027
00028
00029
00030
00031
00032
00033
00034
00036
00037
00038
00037
00040
00041
00042
00043
00044
00045
00046
00047
Q0048
00049
Q0050
00051
00052
Q0053
000534
00055
00056
00057
00058
000579
00060
00061
00062
00063
00064
00065
Q00&6
00067
00068
Q0067
g0070
00071
Q0072
00073
00074
00073
Q0076
00077
00078
00079
00080
00081
00082
00083
00084
00085
00086
00087
00088
00089
00070
00091
00092
00093
00094
00095

0000
0000
0000
0000
0000
0000
0000
0000
0000
0000
[eele ]
6000
0000
0000
Q000
Q000
Q000
0000
[ole ule}
0000
0000
0000
0000
0000
0000
0000
0000
0000
0000
0000
0000
00060
0000
0000
0000
0120
0120
0123
0125
o128
012B
012D
012E
0131
0134
0136

0138

013A
013C
013E
0140
0142
0144
0146
0148
014B
O14E
O14E
O14E
014E
O14E
O14E
0150
0153
0155
0156
0157
015A
015C
015F
0162
0164
0166
0168
016A
016C
016E
0170
0172
0173
0176
0178
017A
017C
O17E
0180
0182
0184
0186
o188
0189
018B
018D
018F

20
AS
8D
4C
A2
i
20
20
c?
90
co
FO
co
FO
ce
FO
ce
Do
4cC
4C

AS
20
AQ
ca
88
8C
B1
8D
20
{347
FO
c9
FO
c?
F0
ce
Do
cs
4C
€9

AT
?1
DO
e
Do
AT
FoO
AR
BS
S1
91
4c

34
Fo
20
31
FF

24
1F
io
EB
i0
OF
14
52
i5
oA
16
E3
37
E3

FO
57
0

20
23
80
4F
12
Fo
11
EB
0A
o8
13
ED

55
09
086
FF
03
AB
o8
04
00
05

0S5
o3
03
35

OF

o8
o1

OF
oF

02
o1

02

08

o8

01

01
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IRGQVEC = $00 s IRG VECTOR.

PATTER = $03 sPATTERN POINTER BASE.
SELECT = $05 $DRUM SELECT BIT PATTERNS.
PARAMS = $0D s TAPE PARAMETERS.

BEAT = $14 s CURRENT BEAT POINTER.
SPOINT = $15 s CURRENT EVENT SELECTED.
REPEAT = $1& s CURRENT REPEAT COUNTER.
BUFFER = $FO s KEYBOARD BUFFER.

SCORE = %0280 s DRUM SCORE AREA.

DISPLA = %0820 s DISPLAY ADDRESS.

DRUMS = %0880 s DRUM OUTPUT ADDRESS.

RELAYS = $0E2S5 s TURM ON TAPE RELAYS.

CAass = $O0EAA s PERFORM CASSETTE OPERATION.
DECODE = $0F00 3 INPUT A BYTE.

GETKEY = $OF1F $GET A BYTE.

BEEP = $0F22 s BEEP THE BEEPER.

LBEEFP = $0F24 sWITH SETUP, GIVES LONG BEEP.
SHIFT = $0F34 $SHIFT BUFFER BY ONE DIGIT.

*xx MAIN LOOP »#®

A v s e ae

* = %0120
*
NUMBER JSR SHIFT $SHIFT IN NEW DIGIT.
LDA BUFFER $FETCH PACKED ENTRY.
8TA DISPLA s THEN UPDATE THE DISPLAY.
JMP O INPUT 360 GET NEXT INPUT.
MAIN LDX #$FF §GET READY FOR LONG BEEP.
cLc
JSR LBEEP 3D0 LONG BEEP.
INPUT JSR GETKEY sWAIT FOR KEYSTROKE.
CMP #%10 $IS IT A NUMBER?
BCC NUMBER $YES, BRANCH BACK AND GET
FIND CHMP #$10 $1S IT ’PLAY"?
BEQ@ PCMD
CHP #%14 IS IT “COARSE’?
BE@ COARSE
CMP #$15 $IS 1T ’FINE”?
BEG FINE
CMP #%16 518 IT *TAPE’?
BNE MAIN sRAN OUT OF COMMANDS.
JMP TAPE

PCHMD JMP PLAY

*x% FINE EDIT COMMAND ##%

“T] wa an wn we s

INE LDA BUFFER 3BET PATTERN NUMBER.

JSR OFFSET sGET PATTERN OFFSET.
LDY #$00 3 ZERC OUT THE BEAT POINTER.

SHOWIT INY

BACKUP DEY
STY DISPLA sDISPLAY IT.
LDA (PATTER),Y 3BET SELECTED BEAT,
STA DRUMS $AND PLAY 1IT.

FEDIT JSR FETCH 3GET EDIT KEYSTROKE.
CMP #%12 $IS IT A ’BACK™?
BEQ BACKUP s YES, BACKSPACE ONCE.
CMP #%11 3IS IT A *DISP*?
BE@ SHOWIT 3 YES, PLAY CURRENT BEAT.
CMP #%0A $IS IT A DRUM NUMBER (0-9)7
BCC DENTER $YES, 60 ENTER DRUM BEAT.
CMP #$13 5IS IT AN TENTER’?
BNE FEDIT $NO, RAN OUT OF COMMANDS.
INY 3 YES, ADVANCE 7O NEXT BEAT.
JMP SHOWIT

DENTER CMP #309 s #$09 MEANS END OF PATTERN.
BNE NEXT1
LDA #$FF SEND OF PATTERN MARKER.
STA (PATTER),Y
BNE MAIN s BRANCH ALWAYS.

NEXT1 CMP #+08 ;#3$08 MEANS “REST’
BNE NEXT2
LDA #$00
BEQ STORE 5 BRANCH ALWAYS.

NEXT2 TAX s INDEX INTO BIT PATTERN.
LDA SELECT, X 3GET PROPER BIT PATTERN.

EOR (PATTER),Y ;ADD IN NEW BEAT.
STORE STA (PATTER),Y 3AND SAVE IT.
JMP SHOWIT $SOUND THE DRUM BEAT.
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VIEW STA DISPLA.

 $BET KEYSTROKE:

LOOP  JSR BETKEY %
CMP #$10 §CHECK FOR NUMBER. =
BCS NONUM $NOT A NUMBER, BRANCH.
JSR SHIFT $SHIFT IN NEW DIGIT..
LDA BUFFER ;FETCH PACKED ENTRY.
JIMP VIEW ;AND UPDATE DISPLAY.
NONUM  CMP #$13 318 IT AN 7ENTER"?Z
BNE NEXT3 ‘,Nn, 60 ON.
LDX SPOINT $RE-GET EVENT NUMBER
LDA BUFFER - $FETCH INPUT NUHBER.
STA SCORE, X
INC SPOINT

 JMP. REVEAL
CMP #$12

i1s IT A ’DISP’?
$1IF 50, SHOW CONTENTS.
3’REL” STANDS FOR ALL DONE.
$RAN OUT OF COMMANDS.
$RE-GET EVENT NUMBER.
$END OF SCORE MARKER.

RETLRN TO MAIN LOOP.

 STA REPEA
LDA #$FF
STA SPOINT .
Cif
CMP #$FF
BEQ TIGHT
JMP MAIN

TIBHT

3

§

IRGRTN JSR DECODE
CMP #8300
BNE PLAMOR

FINISH PLP

SEI

UPDATE SCORE POINTER.

$GET PATTERN NAME DATA.
GET PATTERN ADDRESS OFFSET.

ZERO OUT BEAT POINTER.
Y INDEXES TD PROPER BEAT.
BET OUTPUT DATA.

END OF PATTERN?

N, 50 PLAY THE BEART.

DECREMENT REPEAT TIME.

#x% ’{ 0OAD”

AND

will then string them together in
various arrangements to form the
complete song. This is COARSE
editing. You will create a score
by entering some events; each
event consists of two entries.
The first entry is the number of
times you wish a pattern to re-
peat, and the second entry is the
number-name of the pattern which
is to be repeated. There i1s room
for 64 events This will
allow songs up to fifteen minutes
long to be programmed! To get
into the COARSE EDIT mode from the
main loop, type the number of the
event you wish to start at (usual-
ly a $00) and then the PCH key.
(Mnemonic: think of PCH as "high",
the highest level of editing.)

The display will now show the
contents of the current event. To
enter a new event, type the de-
sired number and hit the ENTER
key. The event will be recorded,
and the score pointer is incre-
mented once. For example, start-
ing at event zero, to get sixteen
repeats of one, type $10, ENTER,
$01, ENTER. Note that all numbers
are in hexadecimal and that each
entry must be followed by an EN-
TER.

You can backspace through a
score with the BACK key. Also, to
see the current event number,
touch the PCH key at any time. To
see the contents of the event,
type DISP. Using the keys just
mentioned, you can step through an
entire score in a matter of min-
utes and change or update it as
needed.

To finish off a score, touch
the REL key. This puts in an end
of score marker and returns you to
the main loop. A long beep will
occur.

~-al
total.

PLAY. Playing a score 1is
easy. First make sure that the
SYNC INPUT jack has some source of
triggers. You may sync the drum
score off of the internal variable
clock, an external clock, keyboard
triggers, sequencer triggers, or
click tracks from a tape deck.
The input pulses should be +5V in
magnitude. Note that Micro-Drums'
internal variable clock meets this
need and is perhaps the easiest to
use. In addition it allows easy
adjustment of the tempo: just
dial in the desired speed. This
may not seem like much, but consi-
der what we've just dome: a poten-
tiometer controls the tempo, con-
tinuously, without the interven-
tion of an analog to digital con-
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. . :
verter. How's that for sav1'ng 00190 0237 - .
money and keeping things simple! 00191 0237 A2 07 TAPE  LDX #$07 :PREPARE TAPE PARAMETERS.
After providing some source gng 0239 BS OC SETFIL LDA PARAMS—1,X 3GET PARAMETERS.
193 023B 95 FO . STA BUFFER, X 3AND STUFF IN PLACE.
of sync pulses, you may start 00194 023D A - DEX ¢ :
playing the score simply by touch- 00195 O23IE DO F9 BNE SETFIL SKEEP STUFFING IF NEEDED.
ing the RUN key. When the song is ggx?a 0240 AS FO LDA BUFFER $GET LOAD/SAVE TOKEN.
L2, . 197 0242 20 25 OE JSR RELAYS 3TURN ON RELAYS.
flnlShf-d, you will be sent back to 00198 0245 20 AA OE ISR CASS 3 PERFORM LOAD OR SAVE.
the main loop and a long beep will 00199 0248 1B ELE
occur. You can also abort a song 00200 0249 20 22 OF ISR BEEP 3 TURN OFF RELAYS AND BEEP.
- ke ] , 00201 024C  4C 2B 01 JMP MAIN 3ALL DONE!
while it is playing by touching 00202  O24F s
the 0 key. Once again, you will 00203 024F ~ 3
. 00204 024F 84 14 FETCH STY BEAT $GET A KEY, BUT SAVE
return to the main loop. 00205 0251 20 iF OF JSR BETKEY s CURRENT Y-REGISTER.
As you can see, ‘the SYNC 00206 0254 A4 14 LDY BEAT
INPUT (alias the IRQ) is the key 00207 0;56 60 RTS
. ~ 00208 0257 ‘ 3
tc? the.a pow?r of Micro-Drums. {\ny 00209 0257 -
circuit which can put out a seriles 00210 0257 0A OFFSET ASL A 3FIND OFFSET BY
of pulses can cause Micro-Drums to 00211 0258 O0A ASL A $MULTIPLYING ACCUMULATOR
5 s @k b e 00212 0259 OA ~ ASL A $BY SIXTEEN.
step through the song, beat after 00213 025 0A . ASL A
beat. You are not constrained to 00214 O025B OA ASL A
1 ndition, and 00215 025C B85 03 STA PATTER 3OFFSET ADDRESS IS HERE.
meet FhlS.OI' th'at condit 5 OOO1E  095E 80 ‘ L
the circuitry is perfectly gen- 00217 O2SF 5
eral. Simply send the computer 00218 025F s - . . ’
- 00219 025F jwex INITIALIZATION ROUTINE #%%
some pulses ar:d the song commen 00220  025F : .
ces! And don't forget the SYNC 00221  025F s
OUTPUT jack either. You can cause 00222 025F 78 . SET
: . . - 00223 0260 A2 00 LDX #$00
some other circuit (like a sequen 00224 0262 BD 78 02  MOVE  LDA DATA,X $GET DATA BYTE.
cer) to follow Micro-Drums just as 00225 0265 95 00 . STA IRQVEC, X 3STUFF IT INTO O-PAGE.
easily, so Micro-Drums can thus 00226 0267 EB - INX \
Tae 1 £ v 51 00227 0268 EO 14 . _EPX #$14 $NUMBER OF BYTES+1.
piay the role oL master Or 8lave 00228 026A DO Fé& BNE MOVE
with equal ease. 00229 026C A0 00 LDY #%00 3CLEAR PATTERN AREA.
00230 O026E A9 00 LDA #$00
00231 0270 91 03 CLEAR STA (PATTER},Y
TAPE. You can save or load Q0232 0272 68 . DEY ( P
scores using this command. To 00233 0273 DO FB BNE CLEAR
save a score, start the recorder gggzg gz;g 4C 2B 01 : JMP MAIN 360 START UP MICRO-DRUMS.
p ; 3 2 H
going in the record mode, type $DD 00236 0278 5 .
and touch the TAPE key. The com- 00237 0278 s##x DATA AND ADDRESS TABLES ##%
. oera ; 00238 0278 s
puter will do the rest; there 1s 00235 0278 3
no need to enter any addresses, 00240 0278 A4C DATA  .BYTE $aC 3OPCODE FOR *JMP* .
etc. 00241 0279 F3 01 ; _WORD IRGRTN $START OF IRQ ROUTINE.
; : : 00242 027B 00 03 _WORD $0300 sPATTERN BASE ADDRESS.
Loading & score 1§ Just as 00243 027D 01 - _BYTE $01, $02 ;DRUM SELECT BIT PATTERNS.
easy. Start the recorder going 1in 00243 O027E 02 -
the play mode, type $11 and hit 002’:: 02;2 gg - . BYIE s04, 308
. 002 02 - ’
the TAPE key. The score will be 00245 0281 10 ' _BYTE $10, $20
loaded. 00245 0282 20
At the end of any tape opera- 00246 0285 40 BYIE $80, #80
. i . L 00246 0284 80
tion you will be sent back to the 00247 0285 00 , .BYTE $00 sFILE PARAMETER.
main loop, and a long beep will 00248 0284 FF 03 ; -WORD $03FF ;TAF’E END ADDRESS.
gy P 00249 0288 80 02 .WORD $0280 s TAPE START ADDRESS.
indicate this Lact.. Noteﬂ that the o025G. oeoa 8o 0s "WORD $0280 s TAPE POINTER.
load and save options affect the 00251 028C .END
entire score and pattern memory, '
i ;
o don't be alarmed l.f the opera ERRORS = 00000
tion takes up to a minute or so.
If you experience any trouble, END OF ASSEMBLY
refer to the 8700 Cassette Inter-
face manual and review how to set ~ '
volume levels and so on.
eight). This is just one example sequencer interfaces with Micro-
The future. Well, that just of one of the musical considera-  Drums. The procedure is actually
about wraps up how to use Micro- tions that must be taken 1nto quite simple due to the "magical"
Drums. Of course, all we have account with Micro-Drums. How- way in which the SYNC INPUT works.
done here is talk about the me- ever, you will find that the more Then consider synchro-sonic re-
chanics of using the unit; it's up you play with Micro-Drums, the cording; how would you do this
to you to think about the musical better you will become at visuali- with Micro-Drums? Once again, the
side of things. For example, if zing what needs to be done. basic principle is quite simple.
you know that a particular pattern Well, we've run out of room Think about these things and per-
is to contain both eighth notes and need to start planning other haps later on in the pages of
and triplets, then you will need projects. But in the meanwhile, "Practical Circuitry" we can com-
to divide the pattern into groups as you play with the unit, think pare notes. ®

of twenty-four (three times about how you would implement

Poiyphony October 1983 2



114

Practical Circuitry

Modifying the
PAIA EKx-40 VCO

By: Tom Henry

The PAIA EKx-40 is a VCO kit
configured around the CEM-3340
integrated circuit. It was not
intended to be a complete VCO
module, but rather a starting
point upon which experimenters can
expand. In this installment of
"Practical Circuitry", we will
modify the EKx-40 to give it stan-
dard output voltages and im-
pedances. We will also beef up
the input controls to include more

options, and jazz up the pulse
width circuitry. .
Fortunately, the EKx-40 cir-

cuit board has some extra "kluge"
room, thus simplifying the process
of adding additional circuitry.
In a few instances you will need
to tack-solder some components to
the board or cut some traces with
a razor knifej but, all in all,
the work is fairly straightfor-
ward.

Before starting this project,
be sure to review the EKx-40
owner's manual and also look over
the CEM-3340 application note and
spec sheet. Once you've got this
all out of the way, let's get
started!

Modifying the control inputs.
We will begin by adding some extra
features to the exponential fre-
quency control inputs (labelled
CV1l, CV2 and CV3 on the circuit
board edge connector). cvl
should go to a front panel jack;
this jack becomes the 1V/octave
input, and is a "wild" input since
it has no attenuator associated
with it., Next, send CV2 to the
wiper of a 100K pot, whose hot
side and ground should go to the
hot terminal and ground, respec-
tively, of a second jack. Mount
both the pot and jack on the front
panel; this pair forms an exponen-
tial FM input with attenuator.

figure 2

The attenuator is needed since it
allows you to dial in the amount
of FM required by the application
at hand.

CV3 should go directly to the
wiper of a 100k pot, where one of
the remaining terminals connects
to +15V and the other terminal
connects to -15V. This pot be-
comes the coarse tuning control
and sweeps the VCO over a range of
about 1 Hz to 35 KHz. However, we
need a fine tuning control as
well. To implement this, solder
one end of a 2.7M resistor to the
summing node terminated by R17,
R18, and R19. (Essentially, you
are just adding another control
input; call it CV4 if you wish.)
The other end of this resistor
goes to the wiper of another 100K
pot, where again, one remaining
terminal connects to +15V and the
other to -15V. Since 2.7M is such
a large value, the pot will have a
much more restricted range, which
is what you would expect from a
fine tuning control.

This takes care of the four
exponential type inputs. Let's
examine the linear input next.
Start by eliminating R11, since we
really only need one linear FM
input (labelled FM1). This input
should then go the the wiper of
vet another 100K potentiometer.
The hot side of this pot goes to a
jack on the front panel, and the
remaining terminal goes to ground.
This jack and pot form the linear
FM input control duo, and allow
you to dial in the required amount
of FM.

What about the sync inputs?
Well, these are quite easy to fix
up as well; consider the hard sync
input first. Modify this input by
adding a 27K resistor in series
with Cl1 (which leads to pin 6 of
the CEM-3340). This resistor re-

stricts the sync input voltage
swing, so that a full 10V p-p
pulse may be used as the sync
signal (10V p-p is our standard
signal level). The 27K resistor
should terminate at the hot ter-
minal of a closed circuit jack;
the switching contact of this jack
should be wired to ground so that
the sync input is grounded until a
plug is inserted into the jack.
This guards the sensitive sync
input from outside interference.
The soft sync input is modi-
fied in almost the same way. Put
a 47K resistor in series with C2
(which leads to pin 9 of the CEM-
3340). Once again, the other end
of this resistor should terminate
in a closed circuit jack which has
been wired so that the input is
grounded if no plug is inserted.
(By the way, remove the jumper
labelled "*" on the EKx-40 circuit
board if it had been installed
prior to making these changes.)

So far, our modifications
have involved nothing more than
adding a resistor here or there,
and slapping in a few pots and
jacks. To jazz up the pulse width
control, we will need to use some
slightly more sophisticated cir-
cuitry. In particular, we will
have to add an op amp and several
more resistors. Luckily, the
"kluge'" area on the circuit board
is more than adequate to accommo-
date our needs.

Refer to figure 1, which
shows a schematic for the remain-
ing modifications to be made to
the EKx-40. One half of a 4739
dual op amp (or equivalent) beefs
up the pulse width circuitry.
There are two controls associated
with this structure. One is the
initial pulse width control, which
can manually adjust the pulse
width from about 07% to 100%. The
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R5
pin4

1.2K

Initial
Pulse
Width

other control is an attenuator for

the PWM input. This lets you
reduce the level of modulating
signals.

Use some insulated wire to
carry the output of this structure
to pin 5 of the CEM-3340. After
adding these modifications, I
think you will find the pulse
width to be much more manageable.
Pulse width modulation yields such
a neat sound that the extra work
needed to give you more control
over this parameter is well worth
the effort!

Modifying the outputs. Now
that we've taken care of the EKx-
40 inputs, we want to fix up the
outputs so that they meet the
standards established in this
column over the past couple of
years (10V p-p signals with output
impedances of 1K).

One standard that we will
have to forego is that of direct
coupling. To add direct coupling
(meaning no capacitors) to the

’ PULSE
ouT

2.2 tant.

4.7K

200K

10

300K ..

outputs would require quite a bit
of extra circuitry, and is hardly
worth the effort. This implies
that the modified EKx-40 will not
be suitable for use as a low fre-
quency control oscillator. How-
ever, this in no way detracts from
its value as a good tone source.
If you really need direct coupled
outputs, then try the 'VCO Deluxe"
previously described in this
column (Polyphony, November/Decem-—
ber 1981, pp. 28-29, 31).

Consider the pulse wave out-
put first. To bring the signal
level in line with our standard,
replace R5 with a 1.2K resistor
and R6 with a 4.7K resistor. Be-
sides adjusting the signal level
down to 10V p-p, this also pro-
vides an output impedance of about
IK. To correct for any DC offset,
add the 2.2 uF tantalum capacitor
shown in figure 1. A good way to
install this cap is to find a
suitable place on the PC board
trace and cut it with a razor
knife. You can then drill holes

124739

pin5

1K RAMP
pin8>—/\/\/\r——+-{ (—0 ouT

2.2 tant.

TRIANGLE
out

2.2tant.

All resistors in ohms.

All capacitors in mfd.

4739: pin 7= -15v
pin14:= +15v

figure 1

for the capacitor, and solder it
in place (or tack-solder it across
the cut trace).

The ramp wave is brought up
to spec by eliminating R9 alto-
gether and replacing R8 with a 1K
resistor. Another 2.2 uF tantalum
capacitor blocks DC. Once again,
the level will be 10V p-p.

Upgrading the triangle wave
output from 5V to 10V requires the
other half of the 4739 dual op
amp, which amplifies the triangle
wave by a factor of two (see fig-
ure 1). You can pick up the input
triangle wave at pin 10 of the
CEM-3340. The output will have a
negative DC blas on it; use a 2.2
uF tantalum capacitor to block
this. Please note that the po-
larity of this capacitor is the
opposite of the other two used
thus far.

Building the modified EKx-40
VCO. Finishing up the project is
quite simple, although with the
addition of all of these new fea-
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figure 3

tures, a standard single width
rack panel is just a bit too
small. So, I suggest using a 3-

1/2" by 19" panel. You can devote
any extra space to a two-by-five
multiple. (You can never have
enough multiples!)

Figure 2 shows the modified
circuit board. Note the jumper
wires, and the use of the "kluge"
area to accommodate the new com-
ponents. Figure 3 shows the back
side of the front panel just prior
to completing the final wiring.
The circuit board is supported by
two small angle brackets and some
#4 hardware. i

While this VCO is very easy
to build, it doesn't have quite
the same versatility as the "VCO
Deluxe" (see above). Nonetheless,
as VCOs go, it is still quite a
bit better than most units -- even
compared to those found in commer-
cial synthesizers. It stays in
tune, tracks accurately over a
very wide range and generally has
a very clean sound. And the price
is right =-- who would have
thought, just five years ago, that
it would be possible to build a
quality VCO with superb features
in your own workshop for under
$30! How times change!
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Practical Circuitry

Build A Quadrature Function Generator

By: Tom Henry

What exactly is a quadrature
function generator? To answer
that, we must first understand the
concept of a quadrature oscilla-
tor. An oscillator is said to
have quadrature outputs if it
produces simultaneous sine, co-
sine, negative sine, and negative
cosine outputs. Such an oscilla-
tor can be created quite easily by
setting a four pole lowpass filter
into oscillation, and tapping the
required outputs from consecutive
stagesl. If trigonometry alarms
you, just consider the outputs to
be four sine waves, each one nine-
ty degrees out of phase with the
previous output.

Despite the interesting
patches possible with a quadrature
oscillator, it does have one main
drawback: Sine wave oscillators
are fairly touchy, and you will
often find that the amplitude will
change as the frequency is swept
over a wide range. In addition,
under some conditions the oscilla-
tor may fail to oscillate; or, at
the other extreme, hard clipping
may bring about some undesirable
distortion.

That's where the quadrature
function generator comes in, since
we will throw out the oscillator
completely and replace it with a
function generator. Oscillators
are reactive; they depend on a
resonating RC network. Function
generators are non-reactive (in
the sense that they don't reso-
nate); their timing depends solely
on the charging and discharging of
a capacitor. With this circuit,
the outputs are very stable in
amplitude and purity over a very
wide range. Finally, one more
distinction between oscillators
and function generators is that
the former generates sinusoidal
outputs, while the latter gen-

erates triangle waves (or some-
times ramp waves).

How it works. To fully un-
derstand the workings of a quadra-
ture function generator, we must
resort to some mathematics.
There's hardly room to do that
here, so if you're interested in
the math behind the circuit,
please refer to another article of
mine which gives the complete
analysis of a quadrature function
generator2, (Actually, the cir-
cult presented here is more com-
pact and uses fewer parts than the
earlier version, but the circuit
action is very similar.) But even
though we can't go through the
mathematics here, we can still get
an intuitive feel for how the
circuit works. Referring to the
schematic, op amps IClA and IC1B
form a Schmitt trigger/integrator
function generator, an old friend
from way back. C3 sets the basic
frequency range, with R21 allowing
for an adjustable rate. It is
important tc note that the output
of IClA is a triangle wave, and
the output of IC2B is a square
wave. The triangle wave goes
directly to the '"Primary Triangle
Output" via R2. 1In addition,
various line segments of the tri-
angle wave are used in conjunction
with Quadrature Function Genera-
tor's other circuitry to construct
a new triangle wave ninety degrees
out of phase with the first -- and
that's where the square wave out-
put from ICIB comes in. This
output tells the circuit when to
grab the various segments needed
in the construction of the new
triangle wave.

IC3 is configured as an EX-
CLUSIVE-OR gate; it seemed more
cost-effective to use the dirt
cheap 4001 quad gate for this,
rather than using one gate out of

a 4070 EX-OR gate. Note the unu-
sual power supply hookup for this
chip. Since this part of the
circuit drives the gate of an N-
channel FET, we need a swing from
negative to ground.

ICID, Ql, and their asso-
ciated circuitry comprise a sign
changer. This circuit will invert
or not invert the input, depending
upon the control voltage at the
gate of Ql. Once again, see (2)
for more details on the function
of this sub-circuit.

Note that, so far, all of the
op amps have each been 1/4 of a
TLO84 quad bi-fet op amp package.
This particular chip must be used
(instead of 741s, for example),
since this circuit requires an ex-
tremely high slew rate -- we want
all of the switching to be as
clean as possible. But now we're
going to reverse this philosophy
and specify as slow an Op amp as
possible for IC2A and IC2B! IC2A
sums together the various line
segments to form a new triangle
wave which is ninety degrees out
of phase with the original. By
specifying a low slew rate for
this amp, any of the discontinui-
ties in the derived triangle will
be masked by the op amp's inabili-
ty to slew fast enough. Pretty
sneaky! In addition, IC2B is set
up as a lowpass filter with a
cutoff frequency of 1.5 kHz, which
also helps smooth out the new
triangle output.

Adjusting the
fairly easy. To simplify the
process, temporarily replace C3
with a (.05 uF capacitor. This
will increase the frequency to a
more easily observable range. Now
monitor the "Derived Triangle Out-
put" on an oscilloscope. While
watching the waveform, go back and

trimpots 1is
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Srew QUADRATURE FUNCTION GENERATOR
All Resistors in Ohms.
All Capacitors in Mfd.
100K g 50K 100K Power Supply Connecticns
Assumed on Op-Amps:
IC1: Pin 4 =415V
Pin 11=—15V
D1 IC2: Pin 4= —15V
¢ Pin 8=+15V
100K 1N4148 Lpg Note Unusual Power Supply
27K Connections to IC3.
_J}\\\\ D2
. IC1C I
Primary R2 » IN4148 Lpg
Triangle O ANAA—4 27K
Output 1K _

R15

R13
100K

forth between trimmers R1l and R12
until the waveform ''comes to-
gether'" and connects to form a
smooth triangle wave. This pro-
cess is quite magical; I think the
sight on the scope will really
amaze you! TIf you have a dual
channel scope, compare the two
waveforms ("Primary'" versus "De-
rived") and confirm that they are
indeed ninety degrees out of phase
with respect to each other.

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

Applications. Well, what
shall we use it for? For a start,
how about automatic quadraphonic
panning: Gang the inputs of four
VCAs together, and control each
one by a different triangle wave.
Send each output of the VCAs to a

Connect Trim

R12
50K ¢ B8

in your quad

different channel
system, and the Tesult is circular

location modulation. What?!? You
don't have a quad system? Then
you can still use the quadrature
function generator for some neat
stereo effects. For a really
bizarre sound, try this patch:
Gang the inputs of VCAs 1 and 3
and apply a dry signal to these
VCAs. VCA 1 should feed the left
channel and VCA 3 the right chan-
nel. Now gang the inputs of VCA 2
and VCA 4, and apply an echoed
signal to these inputs. VCA 2
should mix into the left channel,
while VCA 4 mixes into the right.
Now really crank up the delay time
and feedback and hit some staccato

notes -—- but don't get seasick!
What?! You say you don't

have a stereo rig either? That

makes it harder to think up

patches, but here's a good one to
try. Apply an audio signal to
four different flangers, with each
one set for a slightly different
initial delay time. Then send
each flanger output to a VCA, and
finally sum the VCAs together into
a monaural output. Set the func-

Derived
o Triangle
Output

tion generator going; you should
hear an incredibly dense and lush
sound. This is especially good
for full-bodied instruments, such
as rhythm guitar.

You may think I'm getting
ridiculous, but what do youdo if
you don't have any synthesizer at
all? (I'm serious now!) Well,
you can create some great Lissa-
jous figures on an oscilloscope
screen, or better yet, hook the
unit up to your laser art show for
a far out display. (What?! No
laser? Well...) There's quite a
lot this little black box can do.

I've had a real blast design-
ing and building the quadrature
function generator. The circuit
has a real "that's neat!" aspect
to it, and is lots of fun to play
with., If you come up with some
interesting applications be sure
to jot me a line c/o Polyphony.

(Editor's note: Splitting a
signal into four filters, whose
outputs feed four VCAs controlled
by the Quadrature Function Genera-

continued on page 30wy,
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end first, over the cable. The

wire carrying DB7 should be sol-
dered to the "hot", or tip, lug of
the plug. The remaining wire,
ground, should be soldered to the
remaining, or ground, lug of the
plug. After the connection has
cooled down, bend the tabs at the
end of the plug ground around the
cable, and screw the cover on to
the plug.

The 1interface between the
6770 and the P8782 can now be
tested. Patch the 1/4" phone plug
end of the new cable into FROM
TAPE on the 6770, plug the DB-25
interface connector into the 8700,
and apply power to both units.
Since the encoder clock on the
P8782 is running constantly, it is
not necessary to load a program
for testing. On the 6770, set the
SENSITIVITY control to minimum,
the +5/+10 switch to +5, the INT.-
/EXT. switch to EXT., and RUN/STOP
to RUN. Now, advance the SENSITI-
VITY control and you should notice
that the LEDs will begin to flash,
which indicates the synchronizer
is accepting the 8700's data bit
as a clock signal. If the LEDs do
not flash, the trouble could be in
the patch cord, the encoder cir-
cuit, or the 6770. The encoder
can be checked by loading and
running the 8700's K-test program.
If this program works correctly,
then the encoder is probably func-
tioning properly. If not, unplug
the patch cord to the 6700 and try
again. This will isolate the
trouble to either the encoder or
the cable. If the program runs
with the cable disconnected, the
trouble could be a miswired cable,
or perhaps a problem at the input
of the 6770 such as a miswired
jack, improper solder connection,
etc.

And now the rewards...
Finally, everything can be patched
together and tested as a system.
With all the gear running in time
and synchronized, you can easily
create a multi-layered recording
using only one track. (Inciden-
tally, 1 often record that one
track onto a cheapo portable tape
recorder and save the tape for
future inspiration.) You could
alsq record Patchmod's sounds for
an 1introduction or "fill" in a
song to be recorded at a later
date. But aside from recording,
Patchmod is just plain fun -- and
synchronizing a bunch of units
together in a rhythmic fashion
makes for a more complete sound

when jamming or coming up with new
ideas. [ ]
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continued from page 27

tor, can make for fascinating
timbral changes. Also, for those
of you who are into synchro-sonic
recording techniques, adding a
CMOS switch in parallel with C3,
and feeding the switch control
terminal with an appropriate trig-
ger pulse, will reset the oscilla-
tor at the rate of the trigger
All in all, for those experimen-
ters who don't quite need the
sophistication or versatility of
John Simonton's "Shepard Function
Generator" presented in the Feb-
ruary 1982 issue of Polyphony, the
Quadrature Function Generator pro-
vides a low-cost way to experiment
with voltage controlled panning,
cross-fading, channel-splitting,
and the like.)

NOTES

(1) For example, see J. Patchell,
"Build a Voltage-Controlled Quad-
rature Oscillator", Polyphony,
Nov/Dec 1980, pp. 26-27.

(2) T. Henry, "A Function Genera-
tor With 'Quadrature' Triangle
Wave Outputs", Electronotes #122,
pp. 13-20.
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PARTS LIST, QUADRATURE FURCTION
GENERATOR

Resistors (1/4 Watt, 57 tolerance
preferred)

R1 470

R2,R3 1K

R4 10K

R5 12k

R6,R7 15K

R8,R9 27K

R10 33K

R11,R12 50K trim pot
R13-R20 100K

R21 100K potentiometer
R22 150K

Capacitors (15 or greater working
Volts)

Cl 0.005 uF, mylar pre
ferred

Cc2 0.01 uF, mylar preferred

Cc3 0.33 uF, mylar preferred

Semiconductors

IC1 TLO84 quad bi-fet op amp

IC2 1458 dual op amp

IC3 4001 CMOS quad NOR gate

Q1 MPF-102 N-channel FET

D1,D2 IN4148 or equivalent

switching diode

GARAGE BANDS

Send us your records
and tapes to entitle vou to
be on the GOLDMINE/ROIR
garage band cassette tape!

One of the most exciting
developments in rock 'n" roll in recent
years has been the return of the garage
band. Just like in the 1960s, rockin’

PLEASE READ INSTRUCTIONS
BEFORE MAILING TAPES

Now, we know you're excited

about this, but before you pack up tape.
your records and tapes, you must
follow these inatructions:

cantransfer the material to our

@ Before you send us vour tapes
and records. you must send for an

regional bands are making music that
defies the commercial mainstream yet
packs local clubs and ballrooms across
the nation with enthusiastic fans!

Some of these “garage bands" have
been lucky enough to release their own
independent singles and albums. Others
are still waiting to be heard by the
masses.

GOLDMINE and ROIR
Cassettes will be bringing together
the best of the previously released and
unreleased recordings of contemporary
garage bands on a cassette tape to be
released in the summer of 1984.

1f you have a band (or know of one)
that plays '60s-style
garage/punk/psychedelic/teenage music
and would like to be included on our
compilation tape, we'd like to hear your
music! We're looking for material that
hasn't appeared on a major iabel and
has been recorded within the last five
years.

If your band plays brutal garage
music and you don't mind words like

gb/;/mmmom

© You must be able to give us the  application from GOLDMINE and
legal rights to use your materialon be willing to agree to the terms set
a one-time basis on our cassette forth on the form.
and to use your name in promoting ® Norequests for an application
it. will be accepted after April 1, 1984

®1f we choose your material, you and we must receive all tapes and
must be able to provide s master records for consideration by April
tape or clean disk from which we 15, 1984.

Farfisa, fuzz box, Barbarians, Chocolate ROIR has already released nearly 30
Watch Band, Blues Magoos, Seeds, excellent cassettes featuring such
Standells and the Sonics, then we want  diverae artista as the MC5, Fleshtones,
to hear your music. Dictators, Television, N.Y. Dolls and
, . . many more. GOLDMINE will join the
If you believe "Pushin’ Too Hard", critically-praised ROIR catalog with
“‘Louie Louie" and "96 Tears" are more  this contemporary garage bands tape.
important than the entire output of Yes 3
and Jethro Tull combined, then let's
hear your records and tapes!

Your band will be receiving excellerit
exposure through ROIR's distribution
system as well as GOLDMINE's
GOLDMINE will listen to the best ~ Promotional efforts.
records and tapes submitted to us and The sooner you send in your request
will compile the chosen music — for an application, the better your
representing bands from all over the chances of being chosen for this historic
country — on a cassette to be released project. So get out of the garage for just
on Reachout International a minute and get on down to vour
Records (ROIR). mailbox!

Please read the above instructions before sending us your tapes.
Send your request for an application along with a stamped,
self-addressed envelope to:

Golelrine/ROIR
Garage Bands Tape
P.O.Box 9
Cathedral Station
New York, NY 10025

REMEMBER: Deadline to receive an applicationis April 1,1984.

February, 1984
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Practical Circuitry

by: Thomas Henry

You'll probably think that I
have a one track mind, but we're
going to look at ADSRs again!
Recall that back in the March/-
April 1982 issue and again in the
June 1983 issue of Polyphony we
looked at two distinct approaches
to building ADSRs for your home-
brew synthesizer. By now you
might think that the topic has
been exhausted, but I hope that
after you see this new circuit
you'll agree with me that elec-—
tronic music design 1s nowhere
near being a finished subject.
There are always new circuits out
there just waiting to be discov-
ered!

Since the publication of the
two aforementioned articles, I've
come to discover more and more
uses for ADSRs (especially in the
area of electronic percussion).
Due to this new emphasis in my
music, I spend about equal time
with my keyboard synthesizer and
drum unit, so it's important to me
that an ADSR be useable with both
systems. Thus, this issue's cir-
cuit is called the "Easy Firing
ADSR" since anything from synthe-
sizers to drum boxes to computers
can fire it. Best of all, besides
being a most versatile unit, it is
also extremely easy to build.

Figure 1 shows the complete
schematic for the circuit. Sim-
ple, isn't it? Like many of the
circuits described in "Practical
Circuitry", the simplicity comes
about because we exploit some of
the new integrated circuits devel-
oped especially for electronic
music. The heart of this circuit
is the Curtis CEM3310 ADSR chip
(see below for availability).
This IC contains all of the logic
needed for a complete ADSR and
requires a minimum of external
circuitry. A few pots, a handful
of resistors and capacitors, and a
few hours of construction time
will reward you with a very pro-
fessional envelope generator.

EASY FIRING ADSR

How it works. Scanning the
schematic, note that pins 15, 12
and 13 are the inputs for the
Attack, Decay and Release volt-
ages, respectively. By varying
the voltages at these pins from 0
Volts to about -240 mV, we can
modulate these three parameters
over a 2 millisecond to 20 second
range. Three identical potenti-
ometer and voltage divider sec-
tions provide this control volt-
age. For example, consider the
Attack section consisting of RS,
R5 and R1. R8 is a potentiometer
which allows you to pick off a
voltage between 0 and 15V. Then,
divider R5 and Rl attenuate this
voltage to an absolute maximum of
=240 mV. The sections for Decay
and Release work similarly.

The Sustain control operates
in a slightly different fashion.
Pin 9 expects to see a positive
voltage ranging from OV to +5V;
this voltage is mirrored to the
output and sets the output sustain
level. R12 drops about 10V from
the positive supply, leaving ap-
proximately +5V across potenti-
ometer R1l.

However, one subtle point
that may be of some concern to
purists in the crowd is that if
the Sustain voltage is greater
than the Attack peak voltage, the
output waveform will exhibit a
"pip" (i.e. the waveform rises to
the Attack peak level and then
jumps suddenly to the higher Sus-
tain level). Although this "pip"
can be quite small (100mV or so),
in some applications the resulting
distortion might be unacceptable.
The spec sheet and application
note for the CEM3310* show two
ways to correct this problem, but
for our purposes a simpler solu-
tion is to select R12 so that the
maximum voltage across R1l is less
than the Attack peak level. Ac-
cording to the spec sheet, the
CEM3310 is guaranteed to have an
Attack peak voltage between 4.7V
and 5.3V. By selecting R12 as

22K, R11 creates a voltage drop of
about 4.7V, which is low enough to
meet worst-case conditioms. This
is a quick-and-dirty way to solve
the problem, but works quite well
and only costs the price of a
resistor. Of course this implies
that the envelope will only go
from OV to +4.7V (instead of +5V),
but for most applications this
hardly matters.

Having covered the four input
parameters (Attack, Decay, Sus-
tain, and Release), let's take a
look at the output. Since the
internal buffer of the CEM3310 has
a fairly high output impedance, I
felt it would be necessary to
provide additional buffering
through an extermal op amp. Using
the method suggested in the appli-
cation note, IC2 provides this
extra buffering. Notice the unu-
sual configuration in the schemat-
ic. The timing capacitor, C3,
connects to pin 1 of the CEM3310
and the non-inverting input of
IC2. Also, part of the output is
tapped off via R13 and heads for
pin 10 of ICl. (C3 and R13 are
the two principal time constant
devices for this circuit and may
be experimented with if desired).

Although the main output at
J3 is shown as a single jack, I
wired five jacks in parallel.
Thanks to IC2, we have plenty of
drive current available now and it
makes sense to provide additional
output jacks.

And now 1is a good time to
mention that IC2 must be a FET
type op amp. According to the
spec sheet, whatever op amp is
used here should have a positive
current flowing into the input pin
and op amps like the LF351 or TLO71
meet this condition. Just for the
sake of experiment, I tried a 741
op amp and observed that the ADSR
locked up on long time settings.
So, stick with an LF351 or some-
thing similar if you want reliable
operation for any setting of the
controls.

April 1954
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C2 is not a timing capacitor,
but instead compensates an ampli-
fier internal to the CEM3310.
Likewise, resistor R4 has nothing
to do with the time constant, but
is instead a dropping resistor for
the internal Zener diode. A value
of 750 ohms is recommended for
safe operation with a +15V supply.

TRIGGER

Jz2
R14

100K

How "easy firing" works.
Finally, let's examine the input
structure and see just what makes
this an "easy firing ADSR." Jl
and J2 are the gate and trigger
inputs, respectively. When both
gate and triggers are used, the
circuit performs just like any

other ADSR would: you can adjust
the Attack, Decay, Sustain and
Release independently and also
retrigger the unit (as long as the
gate is high) with another burst
on the trigger input. Nothing
special here!

But suppose that a trigger
only is applied and no jack is
inserted in Jl1. The switching
action of closed-circuit jack J1
applies a voltage through R15 to
the gate input at pin 4. Note
that R14 also ties to pin 4, and
the combination of R14 and R15
applies a constant +5V to the gate
input so that the trigger input is
free to initiate events all by
itself. This "trigger-only" type
of envelope is commonly called an
AD, since the trigger initiates an
Attack and Decay. The Sustain and
Release controls should be turned

down completely.

Now assume that nothing is
plugged into J2, and a gate signal
is patched through to J1. RI15 is
now disconnected from the circuit
and R14 simply acts as a tie-down
resistor; therefore, the
gate signal coupled directly
through to pin 4 exactly as it
comes from the keyboard or drum
box (or whatever!).

Since no jack is inserted,
the gate signal is allowed to pass
through J2, where it is then dif-
ferentiated by Cl before hitting

weeessess.continued on page 18

input.

Potyphony
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quencies. An additional 27k re-
sistor prevents the clock input
from floating when the switch is
changing state. At first I was
hesitant about installing both
octave mods, but I find them both
very useful because they produce
very different results.

Tapped filter outputs.
Another simple yet useful mod is
to tap the filter outputs before
they are mixed to a mono output
(see Figure 5). Sometimes I pre-
fer to take the unfiltered sound
and process it through some of my
other synthesizers using an enve-
lope follower to create new ef-
fects. Therefore, I take the
signal directly after the DACs
before it reaches the filter
block.

The DAC outputs are located
on the main circuit board at test
point 2 (TP2) and test point &
(TP4) which are located lower
center and lower right, respec-
tively on the pc board. The filter
outputs are present at IC 4558-17.
To the immediate right of the 4558
is a 100k resistor; the Consonant
filter output is present at the
end of this resistor closest to
you (the "front" of the resistor)
if the phone jacks are at the top
of the board. The next resistor
to the right is a 47k resistor,
and the "front" of this resistor
is the output of the Vowel Filter
block. By attaching wires here
and mounting extra jacks on the
back panel (there's plenty of
room), you're all set. Right next
to my jacks I installed two addi-
tional single pole switches. One
side is wired to the DAC output,
the other to the filter output so
I can switch between the filter
block output and raw DAC output in
stereo.

08, . cvmm msn
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In his bulletin, Robin also
presents a coupler circuit which
allows you to play two Casios
through one keyboard or have your
computer trigger the notes. Al-
though I have not implemented it,
this would enhance the capabili-
ties of the instrument even more.
I hope you find these ideas use-
ful. Happy synthesizing!

Practical Circuitry

....continued from page 15

the trigger input at pin 5. As a
result, a single gate input sup-
plies both the gate and trigger
signals needed by the CEM3310.
Although it is possible to gemer-
ate a full ADSR response this way,
the ability to retrigger is lost.
For most applicatioms you will
want to turn the Decay control
down all of the way and the Sus-
tain control up full. The result-
ing response is known as an AR
since it is the Attack and Release
which determine the envelope
shape.

Summarizing the input struc-
ture, then, we've seen how to get
a full ADSR response with both a
gate and trigger, an AD response
with just a trigger, and an AR
response with just a gate. With
these three options at your dis-
posal you should be able to inter-
face this envelope generator with
just about anything including syn-
thesizer keyboards, the Super-
Controller, Micro-Drums and many
types of computers.

As a quick review of voltage
levels, let's note that the power
supply is a bipolar 15V, the gate
and trigger inputs should be OV to
+5V level and the output is a
nominal +5V maximum. Thus, the
"Easy Firing ADSR" is compatible
with all of the other circuits
described in "Practical Circuit-
r},'II

Finding parts for this pro-
ject is easy. PATIA electronics
(1020 W. Wilshire, Oklahoma City,
OK 73116) stocks the CEM3310 and
they'll throw in a spec sheet/ap-
plication note when you buy one as
well. The LF351 can be obtained
from DIGI-Key Corporation (P.O.
Box 677, Thief River Falls, MN
56701) as well as from several
other dealers. All of the other
parts listed in the parts list are
common and may be obtained from a
number of sources.

Since this was such a simple
circuit, I built it by hand on a
small piece of copper clad proto-
type board (from Radio Shack)
using pieces of ordinary hook-up
wire and flea clips. You will
want to use a good quality capaci-
tor for C3 since this is the main
timing element in the circuit, but
the other passive components may
be garden variety. Finally, re-
member to use an LF351 for IC2,

and by all means use sockets for
both ICs.

I mounted my ADSR behind a
standard 1-3/4" by 19" rack panel
and used epoxy paint and dry
transfer letters to complete the
project. Since I had a little
extra panel space left over, I
added an uncommitted 100K pot with
an input and output jack. You
might want to add this too, since
a spare attenuator can come in
handy from time to time.

And that's it! While a very
easy project to build, there is no
doubt that this is a finme ADSR.
Due to advances in integrated
circuit technology, small circuits
often yield very professional re-
sults and this circuit is no ex-
ception. Give it a try and see if
you don't agree that the Easy
Firing ADSR is a great add-on to
any system!

Parts List

Resistors

R1-R3 150

R& 750

R5-R7 10K

R8-R11 10K potentiometer

R12 22K

R13 27K

R14 100K

R15 200K

Capacitors

cl 0.005 uF

c2 0.02 uF

c3 0.033 uF poly or mylar
C4,C5 33 uF 16V electrolytic
Semiconductors

IC1 CEM3310 ADSR IC

IC2 LF351 Bifet op amp

Mechanical parts

J1,J2 Closed circuit 1/4" phone
jack

J3 Open circuit 1/4" phone
jack

Misc. Wire, knobs, sockets, etc.

* See Databank page 23.

8 Polyphony
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And now for a page from The Scrapbook. ..

Back in my college days I was too poor to afford a work-
shop, so I did all of my synth construction on the driveway.
Using the equipment outside was a bit dicey, since this was
before the advent of ground fault outlets, and my neighbors
tended to prefer Tex Ritter music. Note the geek haircut.
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Practical Circuitry

by:Thomas Henry

BUILD A SYNTHESIZER DELAY LINE

A lot of people tend to think
cf flangers and chorus units as
being strictly suited to guitars,
and not of any real value for
synthesizers. After all, a syn-
thesizer has many more control
options available and scores of
VCFs and VCAs to alter the sound;
what more could a flanger possibly
add to a synthesizer's already
large repertoire of tonal colors?
Well, lots! A delay line capable
of flanging and chorusing opens up
a whole new world of sonic capa-
bilities. Considered as a "timbre
modulator", a delay line can
transform traditional VCO wave-
forms into a spectacular spectrum
of harmonics that would be impos-—
sible to achieve with standard
methods. I used to be skeptical
about combining flangers and syn-
thesizers, but changed my mind
when I heard dozens of new sounds
coming forth from this simple
homebrew unit.

A delay line for synthesiz-
ers. This issue's "Practical Cir-
cuitry" describes a delay line
which has been especially designed
to work with synthesizers. While
not offering long enough delays
for echo and reverberation, it is

suitable for a whole range of
flanging, chorusing and vibrato
effects. Best of all, it's easy

to build and align, and uses com-
monly available parts to boot, If
you've been thinking about getting
into analog delay projects, this
might be a good place to start
since the design is straightfor-
ward and relatively goof-proof.

There are basically three
differences between this synthe-
sizer delay line and the typical
guitar flanger. First, a synthe-
sizer delay line must allow for a
variety of generalized control
options (as opposed to the single

riangle wave generator control
found in most guitar-oriented
units). Secondly, the assumed
signal levels are considerably
different (synthesizer oscillators
put cut far stronger signals than
guitar pickups). Finally, noise
considerations (all analog delay
line chips suffer from some noise
problems) may be relaxed somewhat.
This is because with a guitar
unit, the output always connects
to the amplifier. Any noise is
always present, so most circuits
use compansion or noise gating to
reduce noise. With a synthesizer,
however, matters are simpler since
the last module in the signal
chain (before going to the ampli-
fier) is usually a VCA. When no
keys are held down, the VCA is cut
off (closed) and this gates out
the noise. Pressing a key down
opens the VCA, but remember that
the signal going through the VCA
is much greater in amplitude than
the background noise. Therefore,
in either case background noise is
simply not apparent.

Now I'm not going to claim
that this delay line is the quiet-
est unit around, but if (as des-
cribed above) it's inserted into
the signal chain before the final
VCA in a patch, then it will per-
form quite admirably and noise
will not be a problem. There are
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always tradeoffs involved in elec-
tronic design, and the factors I
tried to balance here were noise
and cost. By assuming that the
delay line would be followed by a
VCA, I was able to trim the cost
and complexity of the circuit by a
large factor. The result is a
delay line which is more than
adequate for most synthesis and
doesn't cost an arm and a leg.
One of the goals I had in mind was
making banks of two to four delay
lines economically feasible, and
the present design satisfies this
goal. Using multiple delay lines
opens up many possibilities for
Shepard function aqdzquadrature
function generators.’

Delay line features. Let's
quickly sketch out the salient
features of the synthesizer delay
line. As with previous projects
presented in this column, the
flanger fcllows certain standards.

The audio signal is presumed to be
10V peak-to-peak, and the control
signal OV to +5V. The input im-
pedances are 100k and the output
impedance is lk. One standard
that isn't obeyed is DC coupling;
the extra complexity involved in
maintaining DC response throughout
didn't seem worthwhile since
flanging and chorus effects are
generally applied to audio signals
only.

The synthesizer delay line
incorporates a number of useful
options. For example, a continu-
ously variable blend control tail-
ors the mix between straight and
delayed sounds. I like  this "pan-
pot" type of control much more
than the individual level mixer
controls found on most delay
lines; a fringe benefit is that
you don't need a separate vibrato
mode switch (for vibrato, simply
turn the blend control to the full
delay position). Another option
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is the polarity switch. In the
positive position, the delayed
signal is added to the dry signal;
in the negative position, it's
subtracted. The two sounds are
quite different, with the positive
having a more metallic scrape to
it and the negative generating a
smooth bassy sound. Best of all,
unlike many other designs that
require a DPDT switch, the polari-
ty switching requires only an
ordinary SPST switch. Finally,
two LED indicators keep a tab on
any possible signal conditions
which could overload the.delay
line.

All in all, while this is a
simple delay line circuit, it
nonetheless incorporates the kind
of features that make using it a
breeze. Now let's take a look at
the schematic and see how it
works.

Refer to

How it works.

&0 6t
4.7

7{{ ® VI Aung

R20 cCLIP
10K TRIM

All capacitors in mfd.

SYNTHESIZER DELAY LINE
DESIGNER: Thomas Henry

All resistors in chms except where noted.
except where noted.
Power supply pins for IC1 -~ IC4:

pin 7 = -135V
D3 pin 14 = +15V
LED C) (circle) keys schematic to circuit board.
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Figure 1. The audio input enters
the circuit via J1, then AC-
couples through C9 to attenuator
R35. Al buffers the signal, which
is then attenuated by a factor of
ten by divider R13 - R10. (The
SAD-1024 distortion increases rap-—
idly with signal levels above 1V
peak-to-peak.) The signal next
goes to regeneration mixer A2,
where C3 limits the high end to
about 16 kHz. Restricting the
response in this way keeps high
frequency energy out of the SAD-

1024, thereby minimizing foldover
distortion.
At this point the signal

splits into two paths. One path
goes to the clip detector formed
around comparator A6 and as-
sociated components. Adjust trim-
mer R20 so that the LED comes on
when the SAD-1024's input signal
exceeds 1V peak-to-peak. This not
only lets you monitor potentially
harmful conditions, but also,
gives some indication of the onset
of clipping. While this is a
quick-and-dirty design for the
clip detector, it does work!

The other path couples to the
SAD-1024 via electrolytic capaci-
tor Cl10. Since the delay chip
requires a DC bias to properly
pass a signal, R19, Cll1 and R29
provide an adjustable bias volt-
age. By the way, the delay chip
is wired in the parallel-multiplex
configuration, which tends to give
the cleanest results when only
short delays are needed. R2 and
Cl4 serve to decouple the SAD-1024
from the rest of the circuitry.

After passing through the
delay stages, the signal is ap-
plied differentially to trimmer
R6, which can then be used to null
out any clock glitches. The re-
constructed delayed signal deve-
lops a voltage across R12; Cl2
then couples the signal to a sec-—
ond order Chebyshev low pass fil-
ter with a cutoff of about 14 kHz
(the filter comprises A3 and its
associated components). This type
of filter has a steep initial
rolloff at the expense of a slight
peak in the pass band. In this
application, a fast rolloff 1is
crucial for good fidelity while
any small response peaks really
don't matter -- in fact, this can
add some more complexity to the
timbre. Bernie Hutchins' excel-
lent manual, "Laboratory Problems
and Examples in Active, Voltage-
Controlled And Delay Line Net-
works" made the design of this
filter a snap.

The low pass filter serves to
smooth the delayed signal from a

stairstep to a more linear form,
and at the same time, removes any
residual clock garbage. Since the
filter has a gain of about 2,
resistor divider R8-R1l chops the
signal back down to size, where-
upon it goes to the polarity
switcher (composed of A4 and re-
lated components). With S1 open,
the signal is left unchanged; with
S1 closed, the signal is inverted.
Using this particular signal in-
version circuit makes it possible
to get by with a single SPST
switch and at the same time keep
the audio signal close to the
circuit board. ©Note that the
signal is inverted or not inverted
to both the output blend control
and to the regeneration loop; this
is essential in order to obtain
the full benefits of phase switch-
ing. (Incidentally, you may re-
cognize this polarity changer
since it appeared in the "Quadra-
ture Function Generator" cir-
cuit.2)

The audio signal then heads
off to one side of blend control
R42, which allows you to dial in
the desired amount of delayed
signal. One. extreme of the pot's

_throw gives full dry signal, the

other extreme gives full delayed
signal, and in-between settings
blend the two signals to varying
degrees. This versatile structure
is described in "The Musical Engi-
neer's Handbook."4 Note that the
signal coming from A4 can also be
fed back into the audio pat
(thereby producing a more intense
effect) via regeneration control
R18.

The final mixed signal is
brought up to full synthesizer
level (10V peak-to-peak) by ampli=-
fier A5. Cl stabilizes the output
by rolling off the response above
16 kHz. Finally, R3 and C13 pre-
sent a nominal 1K output impe-
dance.

We've hit all of the major
points concerning the audio path;
now let's switch gears and examine

the control voltage path. R17,
the initial delay control, lets
you dial in a specific fixed

amount of delay. However, you can
also control the delay by inject-
ing a variable control signal from
other synthesizer modules (such as
LFOs and ADSRs) into J3 and R36.
A7 sums the initial delay and the
variable control signal and ap-
plies the result to voltage con-
trolled clock IC6. Note that IC6,
which is a CMOS phase locked loop
chip, operates from the +15V sup-
ply only and can be damaged if
negative voltages are applied to

its control pin. DI shunts any
reverse current to ground, and R9
limits the current flow to a safe
level for DI1.

In addition to safety con-
siderations, it's useful to know
if the control pin "sees" a re-
verse voltage since the control
voltage will have no effect under
these conditions. Comparator A8
turns on the "CV reverse" LED when
this happens; adjust initial delay
control R17, or CV attenuator R36,
to get into a more appropriate
region of the clock's cperating
range.

As mentioned earlier IC6 is a

.phase locked loop, but we are only

using the VCO section of the chip.
Pin 9 is the control voltage in-

put, while pin 4 is the logic
level output. R16 and C2 set the
basic operating range. With res-

pect to driving the SAD-1024 clock
inputs, there are two major re-
quirements: First, the SAD-1024
inputs want complementary wave-
forms so that when one clock pulse
is high, the other is low. Sec-
ond, the clock inputs can absorb
lots of current since they have a
rather stiff input capacitance
(typically 100 pF per input). To
drive this capacitive load, we use
TTL buffer IC7 to provide a bi-
phase clock output with plenty of
"oomph'". If you've never seen
this chip before, you might want
to look it up in the "CMOS Cook-
book'"5 since it is a strange one
-- it looks like CMOS on the input
and TTL on the output! Of course,
a TTL output has plenty of drive,
and so keeps the clock signals
going to IC5 nice and clean.
(However, note that unlike stan-
dard TTL you can parallel the
4041's outputs together for even
more current drive.)

Building the Synthesizer De-—
lay Line. Building the
synthesizer delay line is quite
straightforward, but only if you
employ good construction tech-
niques. Since this circuit has
not only audio but some hefty
radio frequency signals floating
around, it is essential that you
pay close attention to the circuit
board layout. 1In the final analy-
sis, a printed circuit board is
really the only way to go, since
this minimizes the interaction
between the various critical sec-
tions. Figure 2 shows a tested
circuit board layout for the syn-—
thesizer delay line, while Figure
3 gives the parts placement guide.

As anyone who has ever de-
signed an analog delay line will
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FIG.2

FOIL PATTERN ( not actual size )

attest, the layout of the circuit
board is no trivial matter. This
board employs several exotic tech-
niques to minimize hum and clock
noise feedthrough. For example,
each major sub-section of the
circuit must have its own path
back to ground (preferably through
a large trace). Similarly, the
clock outputs from the 4041 must
go through hefty traces to the
delay chip, since this minimizes
the effects of inductance and
resistance. Finally, attention
must be paid to the actual parts
placement and op amp configura-
tion. This design uses dual op-
amps and situates them well away
from any clock circuitry. Because
of these unusual layout considera-
tions, the circuit board may look
a bit strange with its redundant
ground lines and different size
traces, but believe me, they're
all necessary for good operation!
We're all set to stuff the
circuit board now, so refer to the
parts list at the end of this
article. Note the special re-
quirements on capacitors and pots;
if a mylar cap is specified, then
use one! If no special mention is
made, then you may use whatever
you have handy. Load the board,
using Figures 1 and 3 as a guide.
Notice that C9, the input capaci-
tor, doesn't mount on the board,
but is wired between J1 and R35
right on the front panel. Also,
100 uF decoupling capacitors Cl15
and C16 aren't shown in the sche-
matic for clarity, but should

nonetheless be installed on the
circuit board. Be certain to
observe the polarity of these and
other electrolytic capacitors.
Finally, use sockets for all the
ICs, since the SAD-1024 and CMOS
chips can be damaged by static
electricity., Install the ICs in
their sockets only when all sol-
dering is completed and do not
handle them unnecessarily.

After loading the board, pre-
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Figure 4 shows the layout I used
in my prototype. Everything fits
comfortably behind a single width
rack panel (1-3/4" by 19") and
there was enough room left over to
mount two paralleled output jacks.
The circuit board mounts on little
angle brackets behind the front
panel, and #4 hardware secures
everything in place.

At this point you can com-
plete the final wiring to the
panel. Again, using the parts
placement guide in Figure 3, con-
nect the various wires as needed,
Since delay circuits are suscept-—
ible to hum pickup, shielded wire
must be used for the connections
to points A, B, C, D, E, F, H and
N. There is a ground contact for
the braid next to each of these
lettered locations on the board;
here's how to use it. Strip one
end of a shielded cable, exposing
the braid and the hot wire. Tin
both of these, then solder the hot
wire into hole A and the shield
into the ground hole (lettered G)
next to this point. Run this
cable to input pot R35 and connect
the hot wire to the appropriate
lug on the pot. The shield wire
is left floating at the front
panel. Complete all of the other
hookups in the same way. Again,
the eight connections mentioned
above must use shielded cable for
hookup to the front panel. The
braided shield wire connects to
the circuit board only; the panel
side of the shield is left float-

pare a suitable front panel. ing. This prevents any ground
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loops, which can be a nasty source
of hum. One exception here is the
wire coming from point N; the
shield hooks up to one terminal of
the polarity switch while the hot
wire hooks up to the other. Inci-
dentally, Radio Shack makes a good
shielded cable which is perfect
for front panel work since it is
barely larger than normal hookup
wire and very flexible as well.
The wiring to the other con-
rols is non-critical, so use
rdinary stranded hookup wire. As
final step, run a single ground
rire from the circuit board to the
‘ront panel. I ran mine to the
jround lug of the output jack, as
111 of the ground connections to
che other controls and jacks ended
at this point. Thus, the front
panel has a single ground connec-
tion in common with the circuit
board, which minimizes ground loop
and instability problems. To com-
plete the construction, use some
ties to bunch the cables and wires
together into a neat harness.
We're now ready to power up
the circuit. Your supply must be
well-regulated and operating with-
in its power limits (the circuit
draws about -15 mA and +50 mA).
It's also best if the wires run-
ning from the supply to the cir-
cuit board are short and direct.
On my system, this wasn't pos-
sible; the result was hum prob-
lems, which could only be elimi-
nated by sticking a 100 Ohm resis-
tor in series with the +15V line
just as it entered the circuit
board. Short, hefty wires should
prevent any problems, but if you
do experience hum, try the extra
resistor trick just mentioned.

Calibrating the synthesizer
delay line. Tweaking the synthe-
sizer delay line is fairly easy.
Begin by double checking your work
and when you are satisfied, apply
power to the unit. Confirm that
it doesn't belch smoke or flames!
Next, turn gain control R35 up
fully, regeneration control R18
down fully, blend control R42 to
full delay signal and the initial
delay control R17 to about a 1/3
position. Imnject a 10V peak-to-
peak 1 kHz sine wave into J1 and
monitor J2 with an oscilloscope.
Adjust the bias trim, R19, for
minimum sine wave distortion. Ad-
justing R19 takes a little pa-
tience, since if you trim too far,
the waveform will go flat on one
side and not going far enough
flattens it on the other side.
Also, Cll adds a time constant, so
turn the control slowly so that
the waveform "catches up" with the
trim adjustment. If you can't
obtain a clean waveform for any
setting of R19, decrease the input
signal amplitude a bit and try
again. After a few minutes of
tweaking, you should have a fairly
clean replica of the input. Note
that this adjustment requires
somewhat of a compromise as the
SAD-1024's bias requirements
change with clock frequency. If
you wish, trim R19 to give the
best possible waveform for various
settings of R17.

Next clip the scope probe to
the wiper of clock null trim R6,
and set the timebase of the scope
up fairly high (enough to see a
cycle or so of the sine wave). As
you vary R6é from its midpoint, you
will see two waveforms. Adjust R6

so that the two signals converge.

Finally adjust the clip trim
so that the audio clip indicator
comes on as you slightly increase
the 10V peak-to-peak signal to,
say, 12V peak-to-peak. This pro-
vides visual indication that you
are exceeding the nominal 10V
peak-to-peak input requirements
and may be getting into clipping.

If needed, you can also cali-
brate the unit without a scope.
Instead of monitoring the output
with an oscilloscope, patch in an
audio amplifier. Adjust the bias
trim for the least amount of dis-
tortion, as perceived by your
ears. R6 isn't all that critical
and may be just left at mid-rota-
tion. And of course, you can
adjust R20 simply by viewing the
LED. So don't let the lack of an
oscilloscope stop you from build-
ing this circuit!

After calibration, play with
the delay line for a week or so to
allow the components to break
themselves in, then give the unit
one final tweak. This should be
the last adjustment you'll have to
give it for quite a while,

Using the synthesizer delay
line. If all has gone well, you
now have a synthesizer delay line
up and running. Since there are a
lot of controls, be sure to really
get familiar with them before
assuming anything is wrong. For
example, the control voltage input
and the initial delay time give
much more range than you'll be
able to use in most situatioms, so
be sure to tone these down if
you're getting weird results. Al-
so, the initial delay pot has a

34 Polyphony

June 1984



lot of "oomph" in case you're
modulating the clock with a bi-
polar signal and need to offset
the negative portions of the wave-
form. Similarly, the control
voltage input has a certain amount
of gain, so pull back on R36 if
the clock is coming down into the
audio range. Remember, this abil-
ity to handle a wide variety of
control signals means that you can
create some ugly sounds if you're
not careful, so experiment.

Don't forget to play with the
blend, regeneration and polarity
controls as well, With a little
practice you should be able to get
some very nice flanging, chorusing
and vibrato effects. If the audio
clip indicator comes on at some
settings of the regeneration con-
trol, reduce either input attenua-
tor R35 or regeneration control
R18.

Are you interested in exper-
iencing "hypertriangular" flang-
ing? Nothing could be simpler,
providing that you have a wide-
range, voltage-controlled, trian-
gle wave generator. Modulate the
delay line with a low frequency
triangle wave from a VCO (like my
VCO Deluxe circuit previously pub-
lished in Polyphony), taking care
to adjust R36 and R17 so that thg
clock 1is in the proper range.
Now feed some of the triangle wave
back into the attenuated exponen-—
tial control input of the VCO,
which transforms the triangle wave
into a "hypertriangular" wave-
shape. Adjust the exponential
voltage attenuator on the VCO as
needed to bring in the hypertrian-
gular effect.

For other exotic sounds, put
the synthesizer delay line under
control of an envelope generator.
This is especially neat when used
with the "Snare+ Drum Voice".7 Or
how about using the Shepard func-
tion generator with multiple delay
lines for some truly spacey ef-

fects?]l Don't delay using delays
any more!
Acknowledgment: Many thanks

go out to Craig Anderton whose.

several excellent analog delay
line circuits provided ideas which
simplified the design of this onme.
Craig is truly a delay line guru,
so refer to his articles on this
subject for the real dope on get-
ting these sometimes unruly chips
to do remarkable things! (8),
(9), (10), (11)
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PARTS LIST
Resistors

R1 10 Ohms

129

R2 100 Ohms

R3 - R5 1k

R6 1k trimpot

R7 - R9 1.5k

R10 2.2k

R11 3.3k

R12 4.7k

R13 8.2k

R14 - R16 10k

R17, R18 10k audio pot

R19, R20 10k trimpot

R21 18k

R22 27k

R23, R24 39k

R25 82k

R26, R28-R34 100k

R27 150k

R35, R36 100k audio pot
R37 200k

R38 220k

R39, R&40 300k

R41 470k

R42 500k linear pot
Capacitors

Cl 20 pF

Cc2 47 pF polystyrene
c3 100 pF polystyrene
c4 470 pF

c5, C6 0.001 uF mylar

c7, c8 0.1 uF

c9 0.22 uF mylar

Ccl10 - C13 4,7 uF electrolytic
Cl4 - Clé6 100 uF electrolytic
Semiconductors

D1 1N4148 (or equiv.)
D2, D3 LED

IC1 - IC4 4739 dual op amp
ICS5 SAD-1024 delay chip
IC6 ] 4046 CMOS PLL

IC7 4041 TTL buffer

Mechanical parts

J1 - J3 1/4" phone jack
s1 SPST mini-toggle

Misc. Wire,knobs,
sockets, solder,
LED clips, etc.

Note: C9 mounts on ‘the front

panel between the hot side of R35
and J1. Cl15 and Cl16 decouple the
+15V and -15V supply respectively,
where these lines first enter the
board. Although they aren't shown
on the schematic, provision has
been made for them on the circuit
board.
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Practical Circuitry
The HI-HAT & PERCUSSIVE VOICE

by:Thomas Henry

I hope your soldering iron is
hot and you're all set to start
building, because this time in
"Practical Circuitry” we're going
to develop a new circuit which is
sure to appeal to lots of users!
You will recall that here in the
pages of Polyphony we've already
seen how to synthesize fairly nice
snare drum and bass drum sounds
(see my "Snare Plus Drum Voice,"
September/October 1982, pp. 28-31
and Craig Anderton's "Build the
Hip Bass Drum,” October 1983, for
full details). This time we're
going to wrap up the drum kit with
the addition of a hi-hat synthe-
sizing circuit. In fact, this
circuit does quite a bit more than
just hi-hat type sounds, so I have
dubbed it the "Hi-Hat Plus™! If
you're looking for a new drum
sound, check this one out; it
creates a number of sounds urat-
tainable with standard drum
voices.

Now I'm not going to claim
that the Hi-Hat Plus exactly du-
plicates the sound of a standard
hi-hat, but it does suggest the
sound more closely than any other
analog circuit that I've heard.
It does this by making available
an "open” and a "closed” sound,
tunable "clank" and several other
exotic features. It can be trig-
gered by a computer output but is
équally usable with a manual trig-
gering system. A foot pedal can
"open” and "close" the “"cymbals"
- just like a real hi-hat. If I
haven't enticed you sufficiently,
read on and see what else this
unusual drum circuit has to offer.

To fully understand how the
Hi-Hat Plus works, we first need
to get some terminology out of the
way. Not being a drummer, I just
made up the words but they should
be descriptive enough to convey
the ideas. A true hi-hat gener-
ates at least three distinct
sounds. The first is the sound of
the stick hitting the surface of
the cymbal; I call this the "im-
pact” tone. The metallic chime of

the cymbals (as opposed to the
sound of a drum body, for example)
follows immediately. We'll call
this parameter "clank"”. Finally
there is the sound of the two
cymbals beating against each other
and this will be called the "clat-
ter.” Obviously the clatter will
sound different depending on
whether the cymbals are open or
shut tightly against each other.
To distinguish between these two
cases, we'll refer to the clatter
sounds as "open"” and "closed.’
With these notions under control,

set's see what it takes to gener-

ate a hi-hat sound electronically.

Figure 1 shows a block dia-
gram for the Hi-Hat Plus circuit.
In general terms, note that there
are three sound sources; one
creates the impact, another the
clank and the last generates the
clatter sound. The three sounds
feed the master VCA, which is
modulated by one of two possible
envelopes. The envelope select
logic determines whether the enve-
lope should be that of the open
sound or closed sound. It selects
the proper envelope generator by
means of an open trigger, closed
trigger or by detecting what the
foot pedal is doing at present.
If you're playing the circuit in
realtime, for instance, you would
feed a series of triggers to the
open trigger input, and then de-
press the pedal (which is nothing
more than an SPST footswitch) to
select the closed envelope genera-
tor. Alternatively, a computer
could send either open or closed
triggers to the unit and these
would automatically select the
proper envelope.

Let's back up a bit and see
how the three sounds are gener-
ated. The impact tone generator
is identical to the one used in
the "Snare Plus Drum Voice" (see
reference above). Two parameters
are available for twiddling, the
pitch and the volume. By adjust-

ing the impact pitch control it is
possible to go from dull thuds to
bright snaps.

The clatter is synthesized
with white noise generated by a
pseudo-random noise generator.
The pitch control sets the clock
rate and hence the basic center
frequency of the noise, while the
sweep control adjusts the depth of
envelope modulation. The effect
is similar to a lowpass filter
closing down, and in terms of a
real hi-hat, the sound is not
unlike that created by shutting
the two cymbals against one anoth-
er. The clatter generator is fol-
lowed by a manually adjustable
lowpass filter and volume control.

The clank is created by means
of two VCOs, with one frequency
modulating the other (FM). The
sound thus generated is indeed
quite metallic in nature. The
pitch 1 control adjusts the fre-
quency of the triangle wave gener-
ator, and the output of this de-
vice modulates the square wave
generator. The pitch 2 control
sets the center frequency of the
square wave. By experimenting
with the pitch 1 and pitch 2 con-
trols it is possible to create a
variety of clangorous sounds, from
the tinkle of thin shards to the
dull roar of boinging sheets of
metal. As a bonus, Sl lets you
switch the modulation so that the
square wave is controlled by an
envelope generator, thus creating
unearthly upward sweeping sounds.
The sweep control sets the
strength of this effect. Finally,
notice how the clank sound has its
own envelope generator. This al-
lows for the more realistic effect
of the clank dying away before the
clatter (as in a real hi-hat).

If the block diagram makes
sense to you, then it's time to
move on to the actual schematic.
Since this is a big circuit, there
simply isn't space to discuss
every little detail. However, by
referring back to the block dia-
gram for the "big picture,” you
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FIGURE 1 BLOCK DIAGRAM: HI-HAT PLUS
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should be able to keep the details
in their proper place. Also, you
might want to check out "The Snare
Plus Drum Voice" article mentioned
earlier, as this sheds light on a
number of the ideas employed here.

Refer to the schematic in
Figure 2. IC5, which is our old
friend the 3080 transconductance
op-amp, is pressed into service as
the master VCA. Note how three
lines feed into this chip via R41,
R42 and R43; these lines come from
the clank, clatter and impact tone
generators, respectively. Three
pots, R27, R28 and R29, allow for
setting the desired ratios of
these sounds before the mix is
amplitude modulated by the master
VCA.

The VCA is controlled by one
of two envelopes chosen by the
envelope select logic. Let's see
how this works. Jacks Jl and J2
send open and close triggers to
the unit. Op-amps Al and A2 shape
these up into standard 1 milli-
second pulses which are then fed
to the logic circuitry consisting
of the NOR gates and IC3, the 555
timer. Now before you say, "I've
seen this all before,” you might
want to note that IC3 is not being
used as a timer! 1In this con-
figuration, it is set up as high
power R-S flip-flop. Pin 2 is the
set input while pin 6 provides the
reset function. Pin 3 is the
output. Depending on the state of

the output, either D3 or D4 (but
not both) is pulled to ground,
thus providing a discharge path
for Cll through either R50 (the
open decay control) or R51 (the
closed decay control). Pulling
this all together then, an open or
closed trigger either sets or
resets the R-S flip-flop, and its
output selects one of two possible
discharge paths. Hence, we now
have the means to create the open
and closed sounds. By the way, it
should be obvious that the attack
is fixed, and is created by dump-
ing a charge onto the timing cap,
Cll, via diode D5. Notice that D5
passes current when either the
open or closed triggers occur.
This gives an instantaneous at-
tack; it is the decay which is
ad justable by R50 or R5I1.

Pin 4 of the 555 acts as a
master reset control. It will
override whatever the chip is cur-
rently doing and pull the output
to ground, thus closing the hi-
hat. An ordinary SPST footswitch
can be plugged into jack J3 for
pedal control.

By the way, two LEDs give an
indication of which decay control
is currently selected. D9 lights
when the open decay control is in
effect, while D10 indicates that
the closed decay control is in
operation.

I really puzzled over this
envelope select scheme before ar-

coming up with an R-S flip-flop
which could sink a substantial
amount of current. The 555 shines
in this respect and at the same
time provided all of the niceties
like a master reset (pin 4) and an
auxiliary output (pin 7) for the
LED.

As mentioned above, the cur-
rently selected envelope is de-
veloped across Cll, and the emit-
ter follower made up of Q5 and
associated components buffers the
signal. This envelope voltage is
converted to a current by Q7 which
then modulates the master VCA.

Let's now look at the sound
sources. The impact tone is gen-
erated by the VCO and envelope
generator within IC6, the SN76477.
The method in which this is done
is identical to that employed by
"The Snare Plus Drum Voice," so
not much more need be said about
it (see above). R30 provides
control of the impact pitch.

The clatter is created by the
pseudo-random noise source within
IC6. Normally a resistor from pin
4 to ground sets the basic opera-
ting range and hence the "color"
of the sound, but to provide dy-
namic control over this parameter,
Q6 is set up as a variable resis-
tor. Notice that the base of Q6
is modulated by the envelope gen-
erator .via R59. This, then,
creates the sweeping sound charac-
teristic of cymbals dying away.
R55 sets the center pitch of the
noise while R56 lets you dial in
varying amounts of sweep. The
output of the noise generator then.
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goes to a simple one pole filter
within IC6, and R57 sets the cut-
off frequency. The clatter sound
is finally tapped off of Cl, at
pin 6, and buffered by A4 before
being sent to the clatter volume
control, R28.

The clank sound is generated
by IC7, a simpler type of complex
noise chip. This unit has many
characteristics in common with
I1C6, but is available in an easi-
er-to-use 16 pin package. R52
allows for frequency control of
the triangle wave generator within
IC7, while R53 sets the frequency
of the square wave generator
With S1 in the FM position, the
triangle wave frequency modulates
the square wave, thus generating a
very convincing metallic clank.
If S1 is thrown to the sweep posi-
tion, however, the incoming enve-
lope modulates the VCO frequency,
creating an upward sweep. The
depth of the sweep can be set with
R46. Notice that in this position
of S1, R52 has no effect since the
triangle wave generator has been
disabled.

IC7 contains its own VCA, and
a voltage of OV to +3.5V at pin 3
controls the gain. A simple enve-
lope generator comprising D6, R7,
R54 and Cl0 creates the desired
envelope and this is buffered by
Q3. The final signal is chopped
down by R15 and Rl1l to the re-
quired range and this then modu-
lates the VCA within IC6 (and also
creates the clank sweep effect
mentioned above). All in all, a
very simple affair -- but it does
work quite well.

Both IC6 and IC7 require non-
standard supply voltages, but for-
tunately these chips contain their
own internal Zener diodes. R1
drops the supply accordingly to
IC6, while R2 performs a similar
role for IC7. Hence, we have been
able to retain our normal bipolar
power’ supply voltage of +15 Volts.
Since there is a lot of switching
and noise going on in this cir-
cuit, Cl7 through C20 provide a
hefty amount of decoupling.

Well, this pretty much covers
the operation of the Hi-Hat Plus;
I'l11 leave you to ponder the de-
tails. Now, however, we need to
quickly cover how to actually
build the thing. With a circuit
this big, the easiest way to go is
with a printed circuit board. To
simplify the task of whipping a
board up, Figure 3 shows a tested
circuit board design, while Figure
4 presents the parts placement
guide. Figure 5 shows the tran-

FIGURE 2
n
R33 R17 Cié
39K 5. 6K 4.7 Vvt
v+
—_—e +
CLOSED Cor 12113
TRIGGER T =
J1 &
A\ -
* ® | e
e b r—
= ) | ’
L P ———
L 1 5
v+ —[-
OPEN 6 _F__J C?
TRIGGER 5 B e - 01
- —
v » . =
NV | T 5 D2 ‘
- 1N4148 R36 gz
& R4O I —
- 100K @ FEDAL
- = R16
p— 4. 7K ——
R26 D& V4
10K 1N4148 :

. 8
H*_J—O@
_ 9
C10 I*‘ R7

SO0k

RS4 S
. 39K
g UG SO0K R
CLANK S
2N390
DECAY NSRS —
v+ - CLANE LANE = -
FITCH1L PITCH2 ~
RS2 RS3 V+

SO0K

161 15 14113
. 2 167
R4S SN94281 c2o
R11 100K s 100
1.5k J
12 9 7
@ ® CiZ + -
— _ 4.7
p SWEEF & . R41
CLANK “———"OC © 100K
SWEEF ras St 1Q . |
100K C4 - ~
P p— T 1Ok {1} o
— c7 i S0 T ~ CLANKE
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sistor orientation assumed by the
circuit board; be sure to check
that your transistors obey this
configuration.

Here are a few tips to guide
you in the task of building the

Hi-Hat Plus. First, when loading
the circuit board, be sure to note
the polarity of all of those
diodes and likewise, watch the
electrolytic capacitors. Use
sockets for the ICs, being sure to
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o1 RS OFEN D7
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CLOSED RS& 500K -
LED CLATTER 2N3I04
SWEEF
AN IMPACT
R2S 10K VOLUME —_— = R3IZ
B R43 R3S ICS 27K
® 100K 820
C) rR29 10K R42
R14 V+ Q4 100K
S.3K 2N3904 — Ci5
. v+ 4.7
R10 Cgc R1 - Ré
1.5K 03 °~‘O K gutpuT
. R44 + [ CE17 100 5
T 100K ’—{ g
- 12 14 @
4 8 13 2 22
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R31 1 26 1__ L
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15 28
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6
@ 16
5 7 10 n 24 17 23
R24
— 10K R47 R23 RrR49 R48 c9 Cs _L.
- 20K 10K 2 220K & 180K .05 —~ 01—~
IMPACT 320 s
FTRRR @ ! oox 4.7
RS7 ©)
SQ0k HI-HAT PLUS
e CLATTER .
CLATTER All resistors in ohms except where noted. < VOLUME <
FILTER All capacitors in mfd except where noted. 10K
— All NOR gates are 1/4 IC4, 4001.
All op-amps are 1/2 4739. =
O (circle) keys schematic to circuit board.

wiring to the panel and note that
the circled letters on the schema-

note the proper orientation of pin
1 in all cases. The circuit board
requires some jumpers (denoted by
J); use excess resistor clippings

while only Q7 is a PNP.

After loading the circuit
board, prepare a suitable front
panel and secure the board to it

tic key the circuit board for this
operation. Notice that a pad
labeled V+ is available for run-

for these. Finally, be certain | with small angles and #4 hardware. ning to the two LEDs. Also, one

that you have correctly installed Figure 6 shows a suggested paHEl subtle point is that R30, the

the transistors, and have noted layout using a standard 3-1/2" impact pitch control, should be

that Ql through Q6 are all NPNs 19" rack panel. Complete the wired in "reverse"”. This is be-
- P P
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cause the VCO within the SN76477
gives decreasing frequency output
for increasing control voltage
input. Therefore, while looking
“he back of the pot with the
terminals facing downward, the
tettmost terminal is grounded
while the rightmost is hot.
Concerning availability of
SN76477 the SN&4281,
glad to know that both
are available from Radio
K, thus putting them within
cach of just about everyone. All
the other parts are common and
be obtained from a variety of
order houses.
For the final hookup, apply
+15V, -15V and ground to the ap-
propriate pads on the circuit
board (ground is denoted by "G").
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SAVE BY BUILDING
OUR RACK MOUNT
STUDIO
EQUIPMENT

QUADRAFUZZ — four separate fre-
quency bands of distortion are mixed
for the smoothest fuzz you've ever-
heard. no.6720 )

HYPERFLANGE/CHORUS — the
cieanest, widest range, most versatile

flanger anywhere at any price. -
no. 6750 $149.85

VOCODER — unmatched perfor-
mance in a versatile, low cost rack
package. no.6710.......... $99.95

HOT SPRINGS — user’s agree, short
of studio plate systems, you won’t
find a better reverb at any price:
no: 6740 ..o B $59.95
ADD $3 SHIPPING
FOR EACHKIT ORDERED

Innovative, cost effective designs by
Craig Anderton in easy to assemble
kits from:

FERaA Electronics, Inc.

Direct mail orders and inquiries to: Dept. 11Y
1020 W. Wilshire , Oklahoma City, OK 73116 - (405)843-9626

Ask

After checking for wiring errors,
power the circuit up and feed it
some triggers. If all has gone
well, you're on the air!

I'l11 turn you loose to play
with the unit, but before doing
so, let me give you a bit of warn-
ing. This circuit has a large
aumber of parameters (translate:
knocbs), and as a consequence will
take some practice to master.
You'll find that it is very easy
to create some hideous effects by
improperly adjusting the controls
Your goal, then, is to find the
good effects and keep a log of
your results. Like any musical
instrument, practice is the key!
After you have determined the
basic setting which gives a con-
vincing hi-hat sound, let your

©ro84 THOMAS HENRY

J:

mind and ears wander through the
fourteen (count them!) controls
and look for new and exciting per-
cussive effects. This is one of
the biggest drum circuits I've
ever seen, with the most controls,
so be prepared to spend some time
with it. But I think you'll find
well

that your time has been
spent!
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t.s | 1.5 | t.s | 1.5 | 175 | 1.7 | 1.5 | 175 | .5 | .S | 1.75 | 1.5
MASTER IMPACT CLATTER CLANK £y T o
'd —
FIGURE 6 @ ® & @ @ @
TST(E;gER g;i;gvn PITCH | PITCH CUTOFF | PITCH 1 .5
e H Y LY ° I
?LR:?EEER PEDAL OPEN CLOSED VOLUME DECAY VOLUME PITCH 2 VDLUME SWEEP OuUTPUT .
= POTENTIOMETER FRONT PANEL DESIGN: HI-HAT PLUS
Semiconductors
All dimensions in inches.
® - D1-D6 IN4148 or equivalent
D7, D8 1N4001
¢ = SWITCH R32 27k D9, D10 LED
R33-R38 39k Q1l-Q6 2N3904 NPN
® =Leo R39-R45 100k Q7 2N3906 PNP
Farts List R46 100k linear pot ICl, IC2 4739 dual op-amp
IC3 555 timer
4
Resistors (5% tolerance, 1/4 Watt) ga; iggll: 10k 4001 quad NOR gate
R1 330 R49 220k IG5 30304%1\ g o
R2 560 R50-R57 500k linear pot IC6 SN76477 sound chip
R3, R4 820 R58, R59 2.2M IC7 SN94281 sound chip
:
R5-R7 1k
R8-R11 1.5k c . s )
t
E}i’ ;ig ggi: apacitors (15 or more Volts) _Mechanical parts
, 2
R1l6 4.7k (6 0.001 uF mylar _ " .
R17, R18 5.6k c2-C6 0.01 uF mylar J1=J4 1/4" phone jacks
R19 8.2k C7~C9 0.05 uF mylar S1 SPDT switch
R20-R26 10k C10 2.2 uF electrolytic Mise. LED holders, wire,
R27-R30 10k audio pot Cl1-Cl6 4.7 uF electrolytic solder, knobs, front
R31 12k C17-C20 100 uF electrolytic panel, hardware, etc.

(What’s New & Exciting
About a Fuzz Sound?

BY PROFESSIONAL DEMAND

DDC OFFERS FREE ADVICE, PERSONAL SERVICE §
AND ONE-DAY SHIPPING OF THE FINEST MUSIC
AND SOUND EQUIPMENT AVAILABLE ANYWHERE

) Crown Traynor #
KORG PoLyfFusion
KELSEY W«al lielion &

///,vm

o= A NG Ziljisn FyDiMartio

REVIO

MEESES g

prophet LAR RO 8,
e 130

«. INtersound

PLEASE CALL OR WRITE FOR PRICES & ORDERING
INFORMATION — YOU'LL BE GLAD YOU DID!
DICKSTEIN DISTRIBUTING COMPANY

DD' 1120 QUINCY PPY-SCRANTON, PA 18510

PHONE ORDERS WELCOME 17171 344 7469 £y

eIy AR

QUADRAFUZZ

In an easy to assemble kit
from PAIA

The Quadrafuzz, designed by Craig Anderton, is an entirely new
and highly sophisticated type of fuzz. It splits the guitar signal into
four specially equalized channels and fuzzes each one separately
fora smooth, clean, sustaining sound with minimum harshness. In-
cludes separate level and resonance controls for each channel,
two pole tunable low pass filter, loop send and receive jacks, tap-
ped channel audio outputs, line orlow level operation and electron-
ic switching with status indicator. If you've been looking for a new
and exciting fuzz sound... here itis! Requires external supply from
+5 to =20 volts. Featured in the June 1984 issue of Guitar Player
Magazine.

No. 6720 Quadrafuzzkit...................... $39.88 (31bs)

‘CHARGE TO VISAORMC TOLL-FREE
1-800-654-8657 9AMto 5PM CST MON-FRI

Direct Mail orders and inquiries to:
1020 W. Wilshire Blvd., Oklahoma City, OK 7311¢ - (405)843-9626

\..HRiA Electronics, Inc.
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Practical Circuitry
SYNTHESIZER PHASE SHIFTER

It's easy -—- often too easy —- to
stereotype musical devices. For
example, some people (and this
used to include me) tend to think
that flangers and phase shifters
are primarily guitar effects.
Well, even though guitarists may
have been the first musicians to
popularize these exotic devices,
flangers and phase shifters also
make perfect additions to any
synthesizer system. Of course you
already know this if you built the
Synthesizer Delay Line presented
here in the June '84 issue; that
circuit made possible a whole new
family of weird timbre modulation
effects. This time, we'll open up
more possibilities by examining a
high-quality, low-noise phase
shifter you can build for your
synthesizer.

In terms of sound, flangers
and phase shifters have a lot in

common. For example, with high
resonance, both create the so-
called "jet sound.” This being

the case, why would a system need
both circuits? Well, we are en-—
tering a highly subjective area,
but I feel that the flanger im-
parts a mood of tension to music.
There's something almost brittle,
metallic or mechanical about the
timbre changes it renders. The
phase shifter, on the other hand,
always makes me feel like I'm
sitting in front of a warm fire-
place on a winter night. It has a
smooth, even sound about it. My
metaphors may not jibe exactly
with the sensations you'll experi-
ence when you hear both units, but
that's not the point. The impor-
tant thing is that the flanger and
the phase shifter, while creating
similar effects in a vague sort of
way, each have something new to
add to a sound. In short, having
both units available in & system
. makes a lot of sense!

This circuit has been op-
timized for use with a synthesizer

system. As such, it assumes most
of our usual standards. For ex-
ample, input impedances are 100K,
output impedances 1K, signal
levels 10V p-p, and the control
signal response is 1V/octave. If
you're looking for a phase shifter
more suitable for use with a gui-
tar or other low level signal
sources, get out your back issues
of DEVICE and check Craig Ander-
ton's AMS-100 design ("AMS-100,
Part 4: Voltage Controlled Phase
Shifter Module"”, DEVICE, Volume 1,
Number 4-79, pp. 7-10.) You will
notice a lot of similarities be-
tween that design and the circuit
we're going to look at right now,
since both circuits are based upon
Solid State Micro Technology for
Music's application note for the
SSM2040 chip.

We won't get into the theory
of phase shifters here beyond
noting passing a signal through an
allpass filter, then mixing it
with the dry signal, creates the
"swoosh"” sound. An allpass fil-
ter, as the name implies, passes
signals of all frequencies. How-
ever, even though the amplitudes
of these signals are left unmoles-
ted, the phase responses are
greatly modified. In general,
then, an allpass filter changes
phase but not amplitude.

How it works. Refer to Fig.
1, the Synthesizer Phase Shifter
schematic. Now before you go and
assume that I fibbed about the
simplicity of the circuit, notice
that the entire design utilizes
only two chips. The four op amps
labeled Al through A4 are each
one-fourth of the 4136 quad op amp
package, and all of the other amps
(toward the middle of the schemat-
ic) are contained in the SSM2040
chip. The four transconductance
amplifiers in this IC form the
allpass filter network mentioned
above. As an extra benefit, the
SSM2040 also contains all of the

by: Thomas Henry

necessary exponential converter
circuitry. So, while the schemat-
ic is somewhat drawn-out, the
actual circuit is a snap to build.

In general, circuits employ-
ing the SSM2040 need to see a 1V
p—p maximum input signal. Thus,
after the audio input enters jack
J1, R24 and gain control R17 at-
tenuate the signal by a factor of
10. This reduces a 10V p-p audio
signal to 1V p-p, which is then
buffered by amplifier Al and sent
to the rest of the circuitry. You
may wonder why the input is at-
tenuated in this fashion as op-—
posed to, say, using a standard
inverting amplifier with a gain of
less than unity. As it turns out,
the output amplifier (A3) of this
circuit must be a non-inverting
stage to make the blend control
work properly, so to maintain
phase integrity of the dry signal,
the input must be non-inverting as
well.

Let's return to the input
signal. The buffered signal first
goes to the input of the SSM2040
via voltage divider R8/R1. This
pair of resistors reduces the
signal level to the transconduc-
tance op amp in the SSM2040, which
keeps the amp working in its most
linear range. C3 is the timing
capacitor of the allpass network
and RY9 forms the feedback loop.’
The audio signal then passes down
three more stages identical to the
first stage; modulating the effec-
tive resistance of all four trans-
conductance amplifiers phase-
shifts a particular harmonic of
the input signal from 0 to 720
degrees. The sum of the shifted
signal and the dry signal then
create the cancellations which
characterize the "swoosh" sound of
a phase shifter.

Next, the output of the all-
pass network goes to a polarity
changer formed around amplifier A2

14 Polyphony
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and associated components. We
have seen this idea before in
previous columns, (“"Quadrature
Function Generator™ and the "Syn-—
thesizer Delay Line"), so not much
need be said about it. With
switch S1 open, the allpass signal
is left uninverted. However, when
S1 is closed, the signal is inver-
ted before being sent to the final
blend. The sound created by the
two positions of this switch are
quite different, with positive
phasing giving a more biting edge
and negative phasing yielding a
more mellow, bassy response. Note
that by using the sign changer
idea, we get around the need for a
DPDT switch (usually required for
this type of function) and as a
bonus we keep the audio signal
close to the circuit board.

In the design of lowpass and
band pass filtérs, undesired su-
personic oscillations are seldom a
probliem since the amplitudes of
the frequencies involved are natu-
rally attenuated by the filtering
nature of the circuit. Highpass
and allpass filters are altogether
a different matter, though. 1In
particular, allpass filters can
start oscillating very easily at

supersonic frequencies due to the
unpredictable nature of the phase
response. To get around this
problem, Cl rolls off the response
of amplifier A2 at about 35 kHz,
which is low enough to stop un-
wanted supersonic activity without
affecting the general tone color
of the audio input signal.

After the polarity proces-
sing, the signal finally goes to
the output blend control, R33.
Note that one side of this pot
receives the allpass signal while
the other gets the dry signal from
the output of the input buffer,
Al. R33's wiper thus picks off a
blend of the two. This can be
continuously varied from full dry
signal to full allpass, with any
ratio of the two available at in-
between settings of the pot. By
the way, many phase shifter cir-
cuits include a switch which can
be flipped to generate a pleasant
vibrato effect. The Synthesizer
Phase Shifter eliminates the need
for this switch, since the vibrato
effect can be attained simply by
dialing R33 to its full allpass
position.

The output mix, as created by

SYNTHESIZER PHASE SHIFTER

Designer: Thomas Henry

All resistors in ohms except where noted.

All capacitors in mfd except where noted.
(circle) keys schematic to circuit board.

C7 and R24 mount behind the front panel.

R6 and IC1 should be in thermal contact.

R33, 1is buffered and amplified by
A3. Cince the audio signal was
attenuated way back at the input
of this circuit, A3 brings the
level back up to spec by intro-
ducing a gain of 10. Again, the
frequency response is rolled off a
bit by C2 to reduce the possibili-
ty of supersonic nastiness.

To keep annoying "thumps” to
a minimum and also to avoid has-
sling around with output trimpots,
I decided to AC couple the Synthe-
sizer Phase Shifter. C7 accom-—
plishes the input coupling, while
C9 handles the output. Of course,
this conflicts with our standard
specifying DC coupling throughout,
but since it's unlikely you will
want to shift the phase of a DC
signal, the tradeoff seems justi-
fied. By allowing this deviation
in our standard, we are able to
maintain simplicity of execution
without losing versatility.

To increase the effect of
phase shifting by accentuating the
hills and valleys of the response,
C8 and R7 provide a feedback path
back to the second stage of the
allpass filter. R18 is the re-
generation control, and can add a
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real bite to the sound. Select R7
so that the filter will start
oscillating if this control is
increased to its maximum setting.
This bonus allows you to employ
the unit as an auxiliary sine wave
oscillator as well! When using
the circuit in this way, turn the
blend control to the full allpass
position and then raise the regen-
eration control until oscillation
just begins reliably. This will
yield the lowest distortion sine
wave.

Controlling the Synthesizer
Phase Shifter. A4 forms the con-
trol voltage summer. R29 and R31
are the coarse and fine tuning
controls, respectively. Since
these controls are strung across
the bipolar supply, they have
enough "oomph” to compensate for
any offsets in the other control
signals. The coarse control will
sweep the phase shifter over a
range of a dozen octaves or so,
while the fine control sweeps less
than an octave.

Envelopes, which usually
swing from OV to +5V, may be ap-
plied to J3, the envelope input.
Resistor R20, with respect to R22
and R19, sets this input's gain to
about two, thus letting an enve-
lope signal modulate the device
over its entire range. Attenuator
R30 tames the sweep as needed.

J4 is the 1V/octave input.
You may wonder why an input of
this nature is needed in a circuit
like a phase shifter; consider a
situation where your keyboard is
controlling a VCO whose output is
fed to the phase shifter. Now
imagine that you hit upon a pleas-
ant timbre while adjusting the
coarse and fine tuning controls.
By connecting the keyboard's con-
trol voltage output to the phase
shifter's 1V/octave input, the
circuit will track the VCO wher-
ever it goes. Therefore, the
timbre remains constant regardless
of frequency. Of course, there is
some evidence which shows that
acoustic instruments themselves
don't obey this relationship, but
all the same it's probably better
to have this feature and not use
it (you might use it someday) then
not have the feature at all.

After A4 mixes all of the
control signals, the result is
attenuated by divider R21/R6 and
sent to pin 7 of the SSM2040.
Note that R6 is actually a ther-

mistor and performs temperature
compensation for the exponential
converter within the SSM2040. 1In
order for this to work correctly,
R6 must be in close thermal con-
tact with the chip. If this is
done, the Synthesizer Phase Shif-
ter will perform reliably under
any temperature conditions. Of
course, if precise tuning doesn't
matter all that much to you, R6
could be replaced with a regular
1K resistor. This would make the
sine wave oscillator application
unpredictable, among other things,
so stinting on the thermistor
really doesn't seem like such a
good idea. After all, we've come
this far, so why not cinch the
circuit with the addition of a
fairly inexpensive part!

Building the Synthesizer
Phase Shifter. Fig. 2 shows the
complete parts list. Most of the
components are easy to find; the
SSM2040 and the thermistor are the
only unusual parts, but fortunate-
ly PGS Electronics (Route 25, Box
304, Terre Haute, IN 47802), a
regular advertiser in Polyphony,
has these parts available thus
putting them within reach of read-
ers of this column.

FIG.2

SYNTHESIZER PHASE SHIFTER: PARTS LIST

RESISTORS
R1 — R4 200 ohms
RS 1K
R& 1K Q81 thermister
R7 6.8K
R8 - R16 10K
R17, R18 10K potentiometer
R19 25K trimmer
R20 47K
R21 S6K
R22 - R24 1K
R25 - Rz28B 100K
R29 - R31 100K potentiometer
R32 220K
R33 S00K linear
potentiometer

R34 3.9M

CAPACITORS
Ci, C2 47 pF disk
C3 - cé - 005 mfd mylar
c7 -22 mfd mylar
cse 1 mfd electrolytic
ce 4.7 mfd electrolytic
Ci0, C11 100 mfd electrolytic

SEMICONDUCTORS
Di, D2 1N4001
Ic1 85M2040 filter IC
Ic2 41346 quad op-amp

MISCELLANEOUS

J1 - J4 1/4" phone jacks
S1 SPET switch
sockets, wire, solder, knobs,
front panel, heatsink grease,
hardware, etc.

NOTE: C7 and R24 mount behind the

front panel.

To simplify building this
device, Fig. 3 shows the artwork
for a printed circuit board.
Other modes of construction are
possible, but a circuit board
tends to give the best and clean-
est results, while making things
that much easier for the final
front panel hookup. Fig. 4 gives
the circuit board parts placement
guide.

Using Figures 1, 3 and 4,
load the board, saving the ther-
mistor, R6, for the last step.
Fig. 5 shows how this part mounts
right on top of the SSM2040 ship.
Notice that special solder holes
on the board at either end of the
chip have been provided to facili-
tate this operation. Before sol-
dering the thermistor in place,
spread some heat sink grease over
the top of the chip and then press
the thermistor down onto it. This
increases the thermal tracking of
the two parts.

After preparing a suitable
front panel, you may complete the
final wiring. Since this circuit
is sensitive to hum, notice that
shielded wire is used for many of
the connections. To ease the task
of running shielded wire from the
circuit board to the front panel,
note that a number of extra ground
pads (denoted by the letter "G")
are provided on the board. 1In all
cases, the shield is soldered to
the circuit board, but not the
front panel! Let's run through a
sample hookup to point "C" to see
how this works. Note that a
ground pad, labelled "G", is
available next to it. Strip the
insulation from a shielded wire,
exposing both the hot wire and the
shield. Connect the hot wire to
point "C" and the shield to point
"G". Now, at the panel end of
things, strip the wire and cut off
the shield entirely. Connect the
hot wire to the wiper of R17.
Continue this process for all of
the other connections which re-
quire shields (these are "C", "D",
"E", "F", "K", "L", "M" and "N").
In the case of point "F", the
shield hooks up to one side of
switch S1, but in all other cases
the shield is ignored at the panel
end of things.

0f course, the front panel
eventually will need a ground
path, so take one of the uncommit-
ted "G" pads and form an electri-
cal connection between this and
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FIG.3 FIG.5

b © 1984 THOMAS HENRY G

thermister

heatsink [

e
aress IC socket

Detail showing how the ther-
mister is mounted in thermal
contact with the SSM2040.
Note that solder holes are
provided on the circuit
board, at either end of the
socket, for installing the
thermister in this fashion.

‘, The two holes are marked on
the parts placement guide
with asterisks.

S RQ P G G V+ +15 G G
® ¢ o o ® ® 9 ] ® o
PHASE SHIFTER o . o1 Twea;ing the scale trimmer,
+ is fast and easy. Simply
©1984 ®R27 o M D start th i i
. - e device oscillating (as
THOMAS HENRY e R20 ® eR7 ¢ —1° 1 described above) and tune it just
— ® R34 0 A oR2 © RIl ® ; l%ke you would any VCO. You'll
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the panel. What we have done here
with all of this monkey business
is shielded all of the sensitive
wires while maintaining a single
ground path to the front panel.
This reduces the possibility of
hum caused by ground loops.

Fig. 6 shows the prototype of
this circuit. C7 and R24 mount
behind the front panel and if you
look carefully at the picture you
will notice C7 directly behind
potentiometer R24. I used some
five minute epoxy cement to secure
the capacitor to the pot and then
completed the hookup accordingly.
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Computer drums are great, but
there may come a time when you'll
want to arrange for a "hand-
played” percussive part. For ex-
ample, suppose you've written a
song which requires a special
bridge or intro in a strange
meter. Getting the computer to
play something like this might be
a drag, so it might be easier to
switch over to a hand-played pas-—

sage. And if you do stage work
with a band, the value -- both
musical and visual -- of a real-

time drum unit will be appreci-
ated. Well, here's some good
news! Adding an electric drum pad
to your setup is not only easy but
inexpensive as well, due to the
miracle of "conductive foam.” As
a matter of fact, in this install-
ment of Practical Circuitry we'll
see exactly how to build just such
a unit, with quality rivalling
that of commercial drum pads.

An Ipnexpensive Pressure
Transucer. The electric drum pad
consists of two main components:
a pressure sensor and the support-
ing circuitry. Let's handle the
mechanical aspects of this project
first by examining how to con-
struct a pressure sensor, then
we'll cover the supporting cir-
cuitry.

Fig. 1 gives the basic idea.
A piece of conductive foam 1is
sandwiched between two copper clad
circuit boards, each of which has
a wire attached to establish the
electrical connection. This
creates a transducer whose resis-
tance changes with pressure. Com-
press the pad and the resistance
of the unit drops to around
several hundred Ohms; release the
pad and the resistance shoots back

Practical Circuitry
Build An Electric Drum Pad

by: Thomas Henry

up to fifty kilohms or more. As
we'll see in just a bit, the exact
resistance values aren't important
since the supporting circuitry
responds to resistance changes,
not absolute values.

work.,

A pressure transducer, like
that detailed in Fig. 1, can gen-
erate a variety of signals. For
example, see my short design idea
in Electronics, "Conductive Foam

fig.1

conductive foam

INEXPENSIVE PRESSURE TRANSDUCER MADE FROM
COPPER CLAD BOARDS AND CONDUCTIVE FOAM:
EXPLODED DIAGRAM

copper clad board wire
(foil side up)

solder joint T

You may be wondering where
you can find conductive foam which
has this magical property of
changing resistance under pres-
sure. Surprise —-- you see it
every day! The foam employed by
this project is the sort commonly
used to pack CMOS integrated cir-
cuits because of its conductive
properties. You know the type;
it's a rather coarse, jet black
substance. By keeping all of the
IC pins at roughly the same poten-
tial, static electricity (which is
the natural enemy of CMOS) doesn't
have a chance to do its dirty

Forms Reliable Pressure Sensor”,
May 19, 1982, pp. 161, 163, which
shows how to use this pad to gen-
erate simultaneous control volt-
age, gate and trigger signals,
suitable for use with a synthesi-
zer. Since we don't need a1l of
these features for an electric
drum pad, we'll concentrate more
on getting a suitable trigger from
the unit whenever it is struck by
a drum stick. If this sounds like
an exciting project to you, then
let's get cracking and build the
pressure sensor, since it forms
the heart of the electric drum
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pad.

Making an Electric Drum Pad.
Any musical instrument should be
attractive and rugged, so think
carefully about how you will fab-
ricate the sensor. A number of
implementations are possible;
here's how I did it. I decided to
mount all four sensors in a single
unit to make the instrument tight,
sturdy, and easy to carry in case
I decided to use it on stage.
Another "must" was that it should
be easy to connect to the support-
ing circuitry, thus avoiding
myriad plugs and wires hanging all
over the place. As it turns out,
these features were simple to
achieve.

fig.2

Refer to Fig. 2, which shows
the construction of the quad sen-
sor package in progress. Start by
cutting out two pieces of plywood
sufficient in size to house four
pressure sensors in a two-by-two
array. One piece of the plywood
should be left intact, but cut
four holes in the other to accom-
modate the four pressure sensors.
You will note from Fig. 2 that I
used a hexagon shape both for the
plywood pieces and for the indivi-
dual pads. There's no particular
reason for this other than it adds
a bit to the aesthetics of the
project.

After fabricating the two
pieces of plywood route out four
channels, each about 1/4" wide, in
the wood. These channels allow
‘the connecting wires of the pres-
sure sensors to be brought out
conveniently to a single termina-
tion. The wires run through the
wood in much the same way that
electric guitar pickup wires run
to their associated volume and

tone controls. After creating
channels for the wires, string
four twisted pairs through their
respective openings, and terminate
them at the top of the unit.
Examine Fig. 2 carefully; note
that a single cable emanates from
the top of the drum pad. We'll
have more to say about this a
little later.

When all of the wires are in
place, apply a liberal dose of
carpenter's glue to the two pieces
of plywood and secure them to-
gether with small brads or tacks.
At this point, the drum pad pack-
age will be a solid single piece,
with the wires already running
through the wood to the appropri-
ate openings.

The unit can now be painted
or covered in a variety or ways,
but covering the package with
vinyl fabric gives very attractive
results. This sort of material is
available at any fabric or depart-
ment store. To apply vinyl,
spread liberal amounts of carpen-
ter's glue to the back surface of
the fabric, then stretch it over
the wood. Flip the drum pad onto
its face and then secure the fab-
ric to the back side with a staple
gun. (This back surface will be
covered in a later step, so don't
worry about the ugly appearance of
the staples just now.) You will
have to cut and tuck the corners
at various times, but this will be
obvious to you when you start to
tackle the project. After stap-
ling the back flaps in place, turn
the drum pad over so that you're
looking at the front again, then
cut, staple and tuck the access
holes as required, making sure to
avoid the wires you installed
earlier. Again, these staples and
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flaps will be covered later on, so
don't be alarmed at the seedy
appearance.

At this point, we've caught
up with the picture in Fig. 2.
Careful examination of this photo-
graph reveals the vinyl covering,
various flaps and staples, and the
wires emanating from the access
holes in anticipation of loading
the four individual pressure sen-
sors.

On the left hand side of Fig.
2 you will see one of the pressure
sensors in a partially assembled
state. Essentially, the foam has
been sandwiched between the two
pieces of copper clad board and
the connecting wires soldered on
to their respective plates. To
keep the unit from slipping and
sliding around, strap two pieces
of masking tape around the affair.
When strapping the sensor to-
gether, make sure that the plates
are snug against the foam without
compressing it too much.

By the way, Radio Shack is a
good source for conductive foam.
They stock a 5" by 5" piece (#276-
2400) which is the perfect size
for a single pressure sensor. The
price is under a buck, so you can
tell that this is a very eco-
nomical project!

To add to the reliability of
the electric drum pad, scrub the
copper clad boards thoroughly with
some 000 steel wool before assem-
bly. You might even want to con-
sider tinning the copper surfaces
as an extra precaution against
corrosion. I was able to get our
local university to do this for
me, but you'll be glad to know
that a number of mail order houses
now stock a chemical which will
perform this step at home -- just
be sure to follow the directions
and obey all safety warnings.

__— Okay, we have the main holder
board done and the individual
pressure sensors partially assem-
bled. Let's try to tie up the
loose ends now. The sensors need
to be protected somehow and at the
same time given a surface condu-
cive to being struck by a drum
stick. I cut out pieces of vinyl,
with appropriate flips, and ac-
tually wrapped each sensor in its
entirely. If you go this route,
use industrial strength rubber
cement (like Weldwdod) to secure
the vinyl to the pad; this type of
glue adheres to just about any
surface. Again, each drum pad is
covered in vinyl, with all of the
various flaps wrapped under the
sensor as required. Don't worry
about the ugly appearance of the
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side with the flaps; we'll be
sure to glue it into its recepta-
cle with this side down.

After covering the pressure
sensor, solder the two leads to
the pair of wires emanating from
one of the receptacles. Cover any
exposed surfaces of the wires with
electrician's tape. Now, coat the
inside of the receptacle with a
thick layer of silicone bathtub
caulking, and press the pressure
sensor down into it, dressing the
wires underneath. Fill any cracks
between the sensor and the board
with additional caulking. Repeat
this for the other three pads.
Fig. 3 shows the final result.

fig.3

After giving the silicone
sufficient time to dry (several
day, since the lack of air under-
neath increases the drying time
somewhat), outline each pressure
sensor with a strip of rubber
tape. Rubber tape is available at
most department stores. Sometimes
the glue on this is rather in-
ferior, so if you need to, spread
a little more of that industrial
strength rubber cement on the tape
strips. Use a razor knife to trim
up any unsightly seams or edges.

This may sound like a lot of
work, but if you've successfully
completed these steps, then you
will have a unit which is not only
strong but also attractive. You
will notice that all of these
steps have insured that each pres-—
sure sensor is securely fastened
in its receptacle, in such a way
that the pad actually seems to be
part of the surface. Again, refer
to Fig. 3 and examine it careful-
ly, noting that the final product
is very homogeneous in nature. By
the way, I used blue vinyl for the
main surface and yellow for the

pressure sensors. The result is a
decent looking instrument!

One final problem needs to be
rectified. Recall that the back
side of the drum pad is a mass of
flaps and staples. We can't let
that go unattended! Here's how to
fix it up. Check the automotive
section of your local department
store and look for one of those
rubber mats intended to sit on the
floor of a car. Most stores carry
several kinds, and they range from
under a dollar to more that twenty
dollars in price. Get the cheap
one! (The fancy ones have all

sorts of exotic carpet materials
on them; we don't need that.

All

hard part. If you have followed
all of these steps, then you are
now the proud possessor of a com-
plete, four-in-one drum pad. At
this point we need to switch gears
and come up with some sort of
interface circuitry, but as you'll
see, this is a snap.

How the Support Circuitry
Works. Fig. 4 shows the schematic
for the electric drum pad support
circuitry. If you are building a
quad drum pad, then you will need
to repeat this circuit four times.
However, all parts are inexpensive -
and this shouldn't impose too
great a financial burden.

Refer to Fig. 4 now. The
pressure transducer is hooked up
in series with R6 and the entire
voltage divider is strung between
the -15V supply and ground. At
rest, the pressure transducer will
have a resistance many times
greater than R6, so the voltage at
the tie point will be very close
to -15V. When the transducer is
depressed, however, this resis-
tance drops considerably and
forces the tie point towards
ground. Thus, striking the pad
with a drum stick creates a posi-
tive going trigger. Notice that
Cl is wired in parallel with the
transducer; this dumps any
scratchiness and noise to ground,
thus improving the reliability of
the unit considerably.
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we want is a plain piece of rubber
with a slightly pebbled appear-
ance.) Now cut this piece of
rubber matting to size and affix
it firmly to the back surface of
the drum unit, again using some
industrial strength rubber cement.
Besides covering up the unsightly
staple and flap mess, the rubber
provides a nice non-slip surface
for the musical instrument.

Okay, we're done with the

The positive pulse generated
by the transducer is AC coupled to
the rest of the circultry by C2.
This serves to eliminate the nega-
tive bias, among other things.
Diode Dl eliminates negative ex-
cursions of the pulse, while RI11
acts as a load resistor for the
voltage passed by C2.

Comparator Al senses the
pulse generated by the transducer
and swings positive. Since the
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quiescent output of Al is vormally
-15V, diodes D2 and D3 restrict
the travel so that the output
actually swings from OV to +15 V.
Notice that the threshold of Al is
set by potentiometer R8 (along
with R10 and R2). This allows you
to set the sensitivity of the
electric drum pad to accommodate a
variety of playing styles. The
values of R8, R10 and R2 were
selected under the assumption that
the drum pad would be struck with
a drum stick; change these if you
have something else in mind. Al-
though the circuit is quite toler-
ant of different types of foam and
playing styles, you can increase
the circuit sensitivity by lower-
ing R2's value (or lower the cir-
cuit sensitivity by increasing
R2's wvalue). My prototype de-
velops a pulse voltage of about
+2V as measured at the junction of
C2 and R11.

Al's output splits off in two
directions. D2 sends the output
to voltage divider R5 and R4. The
output of this divider has an
amplitude of +5V and an impedance
of 1K. These are our old stan-
dards again. In addition, the
pulse width will be somewhere in
the neighborhood of 1 millisecond,
although this may vary slightly
depending on the setting of R8 and
the force with which the pad is
struck.

D3 couples the output to the
peak detector composed of C3 and
R12. In this situation, the peak
detector serves as a pulse
stretcher so that LED D4 turns on
for a reasonably long period of
time, thus giving positive indica-
tion that the pad has been struck.

Finishing Up the Project.
And that's all there is to it! As
mentioned, if you are building a
quad drum pad (as illustrated in
Figs. 2 and 3), then you will want
to build four interface circuits.
I used a D-9 plug to patch the
pads to the support circuitry;
this is the same type of plug used
with joysticks on many personal
computers. In fact, when my old
VIC-20 joystick bit the dust, I
clipped the plug and accompanying
cable off and saved it just for
this purpose. You can see this
cable if you examine Fig. 3 close-
1ly.

The D-9 plug can accept up to
nine wires (hence the name), but
we need only five here: four hot
wires and one ground. When I
wired up my unit I employed the
same pinout as used by Commodore
for their VIC-20 and C-64 computer

joysticks., This gives the bonus
of being able to plug a joystick
into the circuit as well 25 the
drum pad, thus addiug the capa-
bility of joystick generated trig-
gers to the synthesizer! 1If you
want to go this route, check the
owner's manual for your own compu~
ter and follow the pinout detailed
there.

You will need a female D-9
connector to mount on the front
panel. Fortunately, these are
very easy to find (Radio Shack
part number #276-1538).

After building the support
circuitry, mount the entire unit
behind a front panel. I found
that a standard 1-3/4" by 19" rack
panel was sufficient to com-
fortably house the D-9 connector,
the four jacks, four pots and four
LEDs, while giving a very profes—
sional appearance. Mount the cir-
cuit board behind the panel with
some small angles and #4 hardware,
and then complete the final wir-
ing. After hooking up the power
supply, plug in the drum pad and
confirm that it works. Strike
each of the pads and rotate the
pots while noting the effect on
the sensitivity. You will probab-
ly find, as I did, that each pad
dictates an optimal setting for

143

its associated pot. 1In general,
you will simply set the sensitivi-
ty and leave it for the duration
of a session.

As mentioned above, although
various types of foam will have
different resistances, and a hun-
dred other gremlins might try to
invade the project, the electric
drum pad gives reliable operation
since the support circuitry simply
doesn't care about these parame-
ters. It responds to changes in
resistance and nothing more.
Thus, in spite of the "quick and
dirty” nature of the pressure
transducer, the unit has proved
extremely reliable and very easy
for creating music. Best of all,
it's a do-it-yourself project
costing under $30...so there is an
alternative to all those expensive
drum pads!
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‘Practical Circuitry

Build a Voltage-Controlled
State Variable Filter

By: Thomas Henry

=%

y

Looking for a versatile sound
modifier to add to your synthe-
sizer system? Then consider a
state variable filter, a filter
with a single audio input but
three independent outputs (low-
pass, bandpass or highpass re-
sponse). As you might expect,
these multiple outputs -- which
may be used simultaneously if
desired -- offer quite a few more
waveshaping options than most oth-
er filters! 1In this installment
of "Practical Circuitry” we'll see
how to build one of these mar-
velous devices; and despite the
seemingly exotic nature of the
state variable filter, the simpli-
city of the circuit might surprise
you. Let's look a little closer
at this neat filter.

What Is A State Variable
Filter? This circuit uses a two
pole design, meaning that the
response of the lowpass and high-
pass outputs roll off at a rate of
twelve deciBels per octave. The
bandpass output obeys a six dB per
octave pattern. Although these
figures are low compared to the
results obtainable with four pole
designs, for some applications the
two pole filter's gentler rolloff
can actually be more musically
appropriate. (Editor's note:
Certain top-of-the-line synthe-
sizers, such as the Oberheim OB-8,
allow for a choice between two and
four pole filter response.) Also,
a special Q control allows you to
add a peak to the critical fre-
quency of the circuit, and this
can generate some really wild
"wah-wah" effects. Subtle timbre
changes are possible too, as you
will discover if you build this
fascinating circuit.

To be usable within a synthe-
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sizer, the state variable filter
should be voltage-controlled.
Typically you will want a one volt
per octave control input; this
lets the filter track a VCO so
that the resulting waveshape re-
mains unchanged as you play notes
up and down the entire keyboard.
For dynamic effects, an envelope
input should be available too.
This allows an ADSR, for example,
to modulate the filter, thus gen-
erating a timbre which changes
with time. Finally, coarse and
fine tuning controls are handy to
have since they allow you to pre-
cisely set the initial cutoff
frequency of the filter.

Reliability is always an im-
portant aspect to consider in the
design of synthesizer modules.
This includes, among other as-—
pects, the notion of temperature
stability. To make a state varia-
ble filter as useful as possible,
provision should be made for tem-
perature compensation. This in-
sures that the unit will work
predictably and reliably at any
temperature. As it turmns out,
this feature isn't that hard to
include in the design.

These comments should give
you an idea of what a state varia-
ble filter is all about and what a
good implementation for one should
include. Let's look at the sche-
matic for a2 tested design and
check out some of these features
in greater detail.

A Practical Design. Refer to
Fig. 1. The mathematical deriva-
tion of a state variable filter
isn't too difficult, but in keep-
ing with the title of this column,
we'll skip over it. If you're
interested in seeing exactly how
one of these puppies works, be

sure to refer to Bernie Hutchins'
excellent manual, Laboratory Prob-
lems and Examples in Active, Vol-
tage—-Controlled, and Delay Line
Networks, published in 1978 by
Electronotes (see DataBank, p.37).
This provides a good mathematical
treatment, an explanation of how
to add voltage-control to state
variable filters, and several
practical circuits as well. For
our purposes, however, we'll sim-
ply consider a state variable
filter to be composed of two inte-—
grators and a summer (mixer) and
assume that hooking these three
circuits together correctly does
indeed lead to a state variable
design.

In Fig. 1, the summer is easy
to find; it consists of amplifier
Al and associated components.
Notice that it sums the input
signal, a return path from the Q
control, and the "loop"” path from
the lowpass output. The integra-
tors are composed of op amps,
capacitors, and transconductors.
For example, the first integrator
(reading the schematic from left
to right) is composed of A2 and
C4, with one-half of the CEM3330
VCA chip acting as the transcon-
ductor. (A3, C5 and the other half
of the CEM3330 form the other
integrator.) The transconductor's
purpose 1is to allow a varying
amount of current to flow into the
integrator while under voltage
control. Ultimately, the control
voltage determines the cutoff fre-
quency of the entire filter.

We've been discussing the
circuit in rather broad terms so
far; let's get more specific and
examine some of the actual compon-
ents comprising the state variable
filter. The signal to be filtered
is injected into the circuit at
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or DC coupling. When filtering
audio signals, you can flip Sl to
the AC position and C8 will block
any undesired offsets. On the
other hand, you may have occasion
to process DC control signals
(this can produce some fascinating
control voltage waveshapes); leave
S1 in the DC position for this
application.

R27 lets you attenuate the
input as needed. The state varia-
ble filter is designed to handle a
standard 10V p-p signal with very
low distortion, but if the input
rises above this (perhaps when
filtering a mix of several "hot"
signals), then R27 can tame the
input accordingly.

The lowpass, bandpass, and
highpass outputs are available at
J4, J3, and J2 respectively. R7,
R6, and R5 trim the output impe-
dances of these three oubtputs Lo a
standard value of 1K.

All voltage controlled state
variable filters need some sort of
transconductor, or voltage-con-
trolled resistor. In the past,
FETs, 3080s and some of the newer
transconductance op amps (like the
LM13600 and CA3280) have been used
for this purpose. None of these
methods really appealed to me, so
I scoured the literature for a
better and simpler way to imple-
ment the transconductor. After
much research, I finally arrived
at the CEM3330. This excellent IC
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the methods described above.
First, the chip includes two iden-
tical VCAs in one package (and the
state variable filter needs two
transconductors). Secondly, the
CEM3330 has noise and dynamic
range characteristics which are
clearly superior to FETs or 3080s.
Lastly, and perhaps most impor-
tantly, the chip is already set up
to generate an exponential re-
sponse, thus obviating the need
for matched pair transistors and
other exotic components.

Let's look at the basic power
requirements of the CEM3330. Pin
10 connects directly to the posi-
tive supply. An on-board Zener
regulator simplifies the task of
generating a suitable negative
supply voltage at pin 5; R4 limits
the current going to the Zener
diode. Pin 18 connects to ground.
(Note that balance pins 3 and 17
are also grounded since the
balance feature is not needed in
this application.)

A special feature of this
chip is the way in which the
operating mode for the amplifiers
may be selected. I decided on
Class A operation for this cir-
cuit, and so set Rl1l at 6.8k, as
recommended in the spec sheet for
the CEM3330. This resistor con-
nects pin 8 to pin 5 (which as we
have seen, is the negative supply
pin for the chip).

So far we have looked at

CEM3330 share in common. Let's
now consider some aspects of the
individual VCAs. To this end,
we'll examine the half of the chip
associated with op amp A2 in Fig.
1, keeping in mind that the other
half works in a similar fashion.
R17 is the input resistor for the
VCA, and converts the input vol-
tage to a current in a range with
which the CEM3330 can work effi-
ciently. R8 and C6 (along with
Cl) compensate the gain cell, and
D1 prevents latch-up during un-
usual conditions. R30 in tandem
with R21 allows for nulling out
input offsets, about which more
will be said later.

But what about the voltage
control aspects of the VCA? Well,
refuting Murphy's law, things
really do work out well here.
Although the CEM3330 contains all
sorts of neat logarithmic con-
verters and whatnot, we can bypass
the entire lo&t, thus greatly sim-
plifying the design and adding to
the temperature stability of the
circuit as well. The normal
linear and exponential control
inputs (at pins 7 and 6, respec-
tively) are ignored entirely and
the control voltage is instead
applied directly to pin 2. This
is a really slick approach; note
that pin 2 is even ganged with pin
15, the control input for the
other transconductor. What could
be easier!
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Let's move on and now consi-
der the control-voltage summer for
the circuit. A4 and its asso-
ciated components handle this job.
An exponential, one volt per oc-—
tave control signal (from a key-
board, for example) can be applied
to jack J6, and this is sent to
the summer unimpeded by R19. An
envelope-control signal may be
injected via J5. Note that R1l4
gives this input a gain of about
two, while attenuator R23 allows
you to tame the control voltage as
desired. This duc guarantees that
the envelope input will give the
broadest range of control possi-
ble, allowing anything from small
to monstrous sweeps.

R25 is the coarse tuning
control. This control will sweep
the filter's cubtoff over a range
of up to a dozen octaves or so.
Due to a characteristic of the
CEM3330, the positive end of this
potentiometer is limited by R13,
and this tends to make the control
more useful in its midrange. For
similar reasons, R28 adds in a
fixed negative offset to the sum-
mer network. To make smaller
ad justments possible, R24 and R32
implement a fine tuning control.
This pot covers a musical interval
of about a fifth.

The summer mixes all of these
just-mentioned signals, and at-
tenuates the result to a suitable
range via R10, R2 and R3. R2 may
be adjusted to give the filter a
precise one volt per octave ex-—
ponential response.

The CEM3330 is temperature
compensated for second order ef-
fects, which are the most trouble-
some. To compensate for the re-
maining first order effects, we
must apply a little ingenuity.
Notice that R10 is actually a
thermistor which has the charac-
teristic of changing resistance in
a manner opposite, bubt proportion-
al, to the undesired changes going
on in the exponential circuitry
internal to the CEM3330. Thus,
undesired changes with respect to
temperature are automatically con-
cealed by this simple mechanism.
R10 is a standard Tel Labs Q81
thermistor, with a value of 2k and
a temperature coefficient of +3600
ppm/degree. In order for it to do
its duty, it must be in thermal
contact with the CEM3330.

As you can tell, this circuit
has a number of professicnal fea-
tures, and yet the design isn't
too outlandish. In fact, you may
be surprised to learn that the
entire circuit can be built with
just two chips! Let's dig in now

10 Polyphony
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and see exactly how to construct
and adjust the state variable
filter.

Building the State Variable
Filter. While this design is very
compact and simple,
tr~decffs for this simplicity is
that several of the parts won't be
commonly found at your local
dealer. In fackt, you will probab-
ly have to pubt in orders to
several mail order houses to get
all of the parts together, since
as far as I can determine no one
supplier seems to stock all of the
parts needed. Here are a few tips
on procuring the unusual parts.

Fig. 2 shows the complete
parts list for the sktate variable
filter; use this as your shopping
list. The CEM3330 is available
from PA1A Electronics for about $8
plus shipping and handling. Jame-
co Electronics stocks the TLO74
quad BIFET op amp used in this
design. The 100 pF polystyrene
capacitors used to be fairly hard
to find, but fortunately PGS Elec-
tronics now stocks them for about
a quarter apiece. The 2k Q81
thermistor is made by Tel Labs; if
you can't locate a 2k thermistor,
you can always use the more readi-
ly available lk type, bubt then you
will have to halve the values of
R19, R14, R29, R32 and R28 to
compensate. - The lk Q81 thermistor
is available from PGS Electronics
if you elect to go this route
(See Databank for suppliers' ad-
dresses.) Write to these places
for catalogs and ordering informa-
tion (and make sure you menbtion
The remaining parts
are easy to find at local elec-
tronics stores.

Now here's a word to the
wise. If the parts list specifies
a certain type of capacitor, then
use that type only! On the other
hand, if no type is mentioned,
then use whatever you have handy.
Similarly, IC2 must be a BIFET
type op amp package; don't even
consider using a standard bipolar
op amp in this circuit!

After collecting all of the
components, you are ready to start
building. Whatever mode of con-
struction you choose, be certain
you apply neat and orderly tech-
niques since any exponential cir-
cuit that covers a ten octave
range or better is subject to a
number of stray capacitance prob-
lems. 11 in all, the best route
is to go with a printed circuit
board. To simplify the task of
putting a board together, Fig. 3
shows the artwork for a test de-

— Fig.2 ™)

one of the’

Parts List

(If you do not understand parts
specifications see Databank, p.@@,
under Int'l. Parts Specification
Standard. )

Resistors (all values in Ohms)

Rl 47

R2 100 trimmer
R3 390

R4 680

R5 - R9 1k

R10 2k Q81 thermistor
R11 6k8

R12 27k

R13 33k

R14 47k

R15 - R20 100k

R21, R22 100k trimmer
R23 - R27 100k pot

R28 330k

R29 100k

R30, R31 470k

R32 3M3
Capacitors

Cl - C3 100p

C4, C5 100p polystyrene
cé6, C7 10n (0.01 uF)

c8 470n mylar (0.47 uF)

c9, C10 33u electrolytic
Semiconductors

D1, D2 1N4148 or equiv. diode
IC1 CEM3330 VCA chip

1C2 TLO74 quad op amp
Hardware

Jl - J6 1/4" phone jacks

Misc. Sockets, panel, wire,

knobs, hardware, solder,
etc.

v

sign. (If you still harbor the
feeling that a state variable
filter is "complicated,” notice
how compact and simple the circuit
board is!) Fig. 4 shows the ac-
companying parts placement guide
for the circuit board.

If you're using a circuit
board, simply load the board using
the parts list and the parts
placement diagram as your guides
Don't forget to install the jum-
pers (denoted by the letter "J"),
and be sure to use sockets for the
ICs. Also, don't install R1O just
yet; this occurs in a later step.
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And by the way, C8 mounts behind
the front panel, rather than on
the circuibt board.

You'll want to make an at-
tractive front panel next. I was
able to fit all of the controls
easily behind a standard, single
width rack panel of 1-3/4" by 19".
I used epoxy paint and dry trans-
fer letters to jazz things up, and
then applied a number of layers of
clear plastic spray to protect the
finish. A pair of small angles,
formed of aluminum, hold the cir-
cuit board behind the panel, with
#4 hardware securing everything.

Notice that the circuit board
is keyed to the schematic so that
there is no confusion as to how to
hook up the front panel controls.
To simplify the task of running
power lines to the fine and coarse
tuning control, there are &two
holes for the positive supply, two
for the negative supply and two
for ground. These are denoted
+15V, -15V and G, respectively, on
the parts placement guide. When
comparing the schematic to the
parts placement guide, keep in
mind that V+ is +15V and V- is -
15v.

When you're done wiring up
the front panel to the circuit
board (and don't forget C8 now,
which connects between J1 and
R27), consideration should next be
given to R10, the thermistor.
Refer to Fig. 5; note how the
thermistor mounts directly on top
of the CEM3330, thus insuring good
thermal tracking. Two holes, lo-
cated at either end of the
CEM3330, are provided on the cir-
cuit board to facilitate this
operation. To minimize confusion,
they are marked by asterisks on
the parts placement guide. Before
soldering R10 in place, smear some
silicone heatsink grease on top of
the CEM3330, and then press the
thermistor into it. Solder this
in place, and you've completed
construciton of the voltage-
controlled state variable filter.

Adjusting and Using the Fil-
ter. To bweak volts per octave
trimmer R2, simply connect a con-
trol voltage from your keyboard to
the 1V/Octave input at J6, and
then run a patch cord from the
lowpass outiput (at J4) to an audio
amplifier. Set the amplifier for
a comfortable listening level.
Turn down the audio input attenua-
tor, R27, completely. Now Gurn up
the Q control, R26, until the
filter starts oscillating. Adjust
the coarse and fine tuning con-
trols, R25 and R24, until the

Polyphony
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oscillation is around 500 Hz or
so. Now tweak the filter as you
would any VCO until a perfect
1V/Octave response 1s obtained.

Ad justing the offset &rim-
mers, R21 and R22, is slighaly
more difficuls. I found that
these trimmers simply didn't be-
have the way I thought they would,
and I'm still a little perplexed
by it all. In theory, the filter
is rapidly swept across i&s range
while R21 and R22 are adjusted for
minimum deflections at the lowpass
output. However, for one reason

or another, this method fell flat
for me, with the outiput assuming
all sorts of unusual DC values
depending on the settings of the
tuning controls. I finally ar-
rived at the following intuitive
method which has given me good
results. While monitoring the
lowpass outpuk on an oscilloscope,
turn up the Q control, R26, until
the filter oscillates. Now sweep
the filter across its entire range
while watching the sine wave for

(continued on page 13)
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Jupiter 6 by Roland

(Note: Factory Preset (A-1l) is a
very good piano sound, especially
in the lower registration. The
low end of the piano is duplicated
rather well by the use of two
oscillators in different octaves.
However, the top two octaves, wheén
played alcne without the left
hand, leave a lot to be desired
because the timbre in the upper
end seems tinny and thin. You can

ENV 2: A

o o
W~

to 5

Juno 60 by Roland

No LFO

DCO Waveform: Sawtooth
No HPF

VCF: Resonance = 0

Cutoff Freq = 3 to 3.5
(depending on brightness)

N
Oscillator 2: 8°

Pulse Width = 54

Square and Triangle Wave

Osc. 2 Level = 23
Oscillator 3: 8'

Pulse Width = 50

Square and Triangle Wave

Osc. 3 Level = 64
VCF: Cutoff = 54

Emphasis = 34

Contour Amount = 0
Mcdulation: LFO on Triangle (Rate

= 20)
Destination = PWl, 2, 3

achieve a good sound by MIDIing ENV = 3 VCF Envelope: A =0
two synths together; find one that + Polarity ADSR D = 100
sounds good on the bottom regis-— VCA: +5 S=20
tration and another that is good ENV: A =0 R =6
in the upper octaves. Following D=5 Return to Zero, Keyboard
is an alternate sample sound.) S =2 Follow, Release On
R=5 VCA Envelope: A =7
VCO - 1 Waveform: Sawtooth and Octave Transpose: Down or Normal D = 88
Square 8' No Chorus S =0
VCO - 2 Waveform: Triangle and R = 46
Sawtooth
VCF: Cutoff = 3 to 5 Memory Moog by Moog There's your collection of
Resonance = 0 piano patches...with no strings
KYBD = 5 Oscillator l: 8' attached! Good luck with them.
ENV, LFO: Off Sync On
ENV 1: A =0 Pulse Width = 86
D=5 Square and Triangle Wave R R R REE]
S=20 Osc. 1 Level = 44
R=1
_J
Practical Circuitry. .. with the Q really cranked up. The trolled current sources, Bernie

signs of flattening on either
peak. Move back and forth between
R21 and R22, adjusting either or
both until the sine wave remains
pure across the entire audio spec-
trum and centered about ground.
This seems Gto set the optimum
point for the filter and gives
fine audible results.

If anyone comes up with a
better method for adjusting the DC
feedthrough, or can explain why
the first method gives weird re-
sulbs, please write to me in care
of Polyphony so that I can pass
the information along. And by the
way, the DC feedthrough is very
small anyway. In fact, for most
non-critical applications, R21,
R22, R30 and R31 could probably be
removed altogether with your ears
being none the wiser!

At this point you're all set
to sbtart using your new state
variable filter. If this module
is new to you (as it was to me),
then I predict you'll be quite
surprised by the quality of the
sounds possible wikth it. One of
my favorite effects is generated
by inputting a square wave and
listening to the highpass output,

Potyphony

result is very similar to a vowel
uttered by a human voice. Also,
by using very fast atbtack and
release times on the controlling
ADSR, I have been able to come up
with some extremely convincing
Hammond organ sounds. But don't
stop there -- there are many more
sounds just waiting to be discov-
ered.

Acknowledgments. In addition
to writing some of bhe best arti-
cles on exponential voltage-con-

Hutchins also offered several sug-
gestions which eased the task of
coming up with the control struc-
ture for this state variable fil-
ter. I'm deeply indebted to him
for all of his help over the
years.

Doug Curtiis, the president of
Curtis Electronics Specialties
Inc., helped out with a number of
tips concerning the CEM3330. I
wish to thank him for his patient
response to my many questions.

r— Fig.5

thermister

N\

CEM3330

N

heatsink f

grease IC socket

G

Detail showing how tne thermister is mounted
in thermal contact with the CEM3330.
solder holes are provided on the circuit board,
at either end of the socket, for installing the
thermister in this fashion.
marked on the parts placement guide with asterisks.

Note that

The two holes are

April 1985 ‘ 13



5

PRACTICAL CIRCUITRY

Superseque: A Full Featured
Analog Sequencer

by: Thomas #onry

Thomas Henry is a contributor to
several magazines including Radio-
Electronics, Compute!, Keyboard,
and Run. He played guitar profes-
sionally for ten years in order to put
himself through school; currently he is
an Assistant Professor of Computer
Science at Mankato State University in
Minnesota, and is wrapping up an im-
plementation of the FORTH language
that has extensive editing, graphics,
and error-detection routines. Aside
from computers and electronics,
Thomas has a passion for Victorian
literature, Sherlock Holmes, and the
works of Oscar Wilde.

Sequencers have been with us from
the earliest days of voltage-controlled
synthesizers and have always held an
important position in the studio. Se-
quencers are especially useful nowa-
days since much modern music de-
pends on intricate or rapidly changing
rhythmic events.

With the advent of inexpensive per-
sonal computers, digital sequencers
are now plentiful and cost less than the
old analog types. So why build an ana-
log sequencer? There are several
reasons. First, Superseque is low-cost
and easy to build; you don’t have to
write any software for it ... just
throw together a bunch of common
parts. Second, due to the influx of
MIDI equipment there are a lot of ana-
log synthesizers being “dumped” for
very low prices, and Superseque will
work with any of these devices that
follow a 1V/octave control voltage
standard. Finally, if you currently use
a non-computer controlled synthesizer
and don’t want to adapt it to computer
operation, then an analog sequencer is
the best way to go. (Of course, if your
system already includes some “‘compu-
ter-ready” circuitry such as scanning
keyboards, digital-to-analog conver-
ters, and the like, then you would best

be advised to pursue a computer gener-
ated sequencer that interfaces with
these devices.)

Introducing Superseque. This
project is called Superseque because it
includes just about every generalized
feature you could possibly want in an
analog sequencer. Superseque is a Six-
teen stage, dual channel sequencer
with onboard control voltage sum-
ming. It also provides individual gate
outputs for each stage and a master
precision trigger output. Additional
features include a programmable
length input, manual and trigger reset
inputs, manual and trigger clock in-
puts, and the capability to generate
one-shot, “circulate,” or automatic re-
versing patterns. Just about every fea-
ture is brought out to a jack, control or
switch so that it is possible to com-
pletely reconfigure Superseque simply
by arranging patch cords.

Older sequencer circuits were often
designed around available circuitry,
not the needs of musicians. For exam-

needed. As it turns out, the result isn’t
all that much more complex than a
4017 sequencer, nor is the cost that
much greater. After all, let’s face it—
the biggest share of your money will
be tied up in the pots and knobs, not
the supporting circuitry!

If this sounds appealing to you, then
let’s get cooking and see not only how
Superseque works, but how you can
build it for your own system.

How Superseque works. Since
this is a large circuit, the schematic has
been divided into two sections, the
logic circuitry and the output circuitry.
You will probably want to leave the
logic circuitry alone, since not a whole
lot more can be added to it. On the
other hand, the output circuitry may be
modified and customized as you see fit
to include more or less features. We’ll
talk about this in just a bit, but for now
let’s examine the logic circuitry which
forms the heart of Superseque.

Like all sequencers, something has
to count input pulses and provide
appropriately related output signals; in
Superseque, IC5 (see Fig. 1) does the
counting. This IC is a CMOS 4516,
“divide-by-16 synchronous binary up-
down counter.” Don’t let the words
fool you; this is just a fancy way of
saying that the chip can count up to
sixteen events in either direction.

Notice that there are four output
lines on the chip (pins 2, 14, 11, and
6). These lines output a number from
0000 to 1111 in binary format. Since a
binary number is difficult to use direct-
ly for sequencer control, IC6 takes on
the job of transforming the binary

“. . . the sequencer can step through the
various stages until the last one, where it
stops . . . this is a great way to generate
‘instant arpeggios’ which play at

superhuman speed.!

(22

ple, how many sequencers have you
seen that used the 4017 CMOS decade
counter? While this is certainly an easy
to find chip and is perfect for some
applications, it usually leads to a
dreary sequencer. To create Superse-
que, I wrote down all of the features
that I wanted as a musician and then
designed a circuit to implement these
features, without any preconceptions
as to what components would be

number into something more conven-
ient. 1C6 is a CMOS 4514 one-of-16
decoder; input a four-bit number and
one of the sixteen output lines goes
high while all the others stay low. The
4516 and the 4514 work well in tan-
dem since the one chip needs what the
other has to offer!

Let’s now look at some of the de-
tails. J1 is a clock input. Typically, a
rectangular waveform is fed into this

26 Electronic Musician/June 1985
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/
from IC6 ———g /
outputs 1k5

l Channel A

All resistors in Ohms
- All op amps 2 1458
Power connections assumed

Channel B

100k

Repeat this circuitry for a total of 16 stages. =

100k

Gate Output

- 1k5 1

Stage 16 only: connect to
switch of Length Jack J4.

Fig. 2 Output interface circuitry

jack, perhaps from a VCO or LFO.
The duty cycle of the input signal isn’t
important, since the differentiator
composed of C3 and RI18 trims the
pulse width to about 1 millisecond.
Likewise, RS and R8 set a threshold
for comparator Al, so that any input
signal with an amplitude of two Volts
or greater will fire the circuit. D1 re-
stricts Al’s output swing to positive
excursions only, thus keeping negative
going signals out of the subsequent
CMOS circuitry.

S1 lets you single step through Su-
perseque’s 16 stages. Notice that this
switch shorts out the capacitor in the
RC combination of C9 and R25. This
helps to eliminate the problem of con-
tact bounce in a very simple, yet effec-
tive fashion. When S1 is pressed, the
output of inverter X1 goes low and this
fires the “half-monostable” comprising
C4, R26 and inverter X2. The output
of X2 goes high for about 10 mil-
liseconds. A fairly long time constant
is chosen here, again to minimize the
effects of contact bounce back in S1.

The outputs of both the clock and
single step circuitry are coupled to
NOR gate X3. If either signal goes
high, then the output of X3 will go
low, firing the monostable composed
of IC4 and associated components.
IC4, which is a 555 timer, is set up to
provide a 1.2 millisecond output pulse
at pin 3, and this becomes the main
clock signal for the rest of Superseque.
During the breadboard stage of Super-

seque, trial and error demonstrated

that the 4516 counter chip is very fussy.

about what sort of waveform clocks it.
The purpose of the 555 is to provide a
clean clock signal, whether the origin
was a single step pulse or a clock input
atJl.

As mentioned, pin 3 of the 555 is
the master clock output. It feeds pin 15
of IC5 and thus steps the counter
along. The clock also goes to compa-
rator A2 and associated circuitry. A2
trims the voltage swing of the clock to
a OV to +5V range and this signal is
then presented to J2 as a trigger out-
put. This output can be used to fire
envelope generators, synchronize
drum units, or tie in other sequencers
for tandem operation. ’

So far, all we have seen is the drab
part of the design which any circuit
must have to be called a sequencer.
Let’s skip ahead now to the reset sec-
tion, for this is where the fun begins.
NOR gates Y2 and Y3 are cross-
coupled to form an R-S flip-flop. The
first output stage of the decoder (at pin
11 of the 4514) is sent to the set input
of the flip-flop, pin 13 of Y2. When
stage 1 goes high, at the start of a
sequence, the flip-flop is set and so the
Q output, at pin 10 of Y3, goes high.
Hang on to that notion for a minute,
while we backtrack a bit and see what
happens at the reset input of the flip-
flop.

J4 is Superseque’s “sequence
length” input. Patching a cord from

one of the sequencer outputs to this
input programs the sequence length.
Notice that J4 is a closed circuit type
jack; with no cord plugged in, the cir-
cuit defaults to the maximum length of
sixteen steps. As usual, A4 and associ-
ated circuitry shape the input signal up
into something more usable by the
CMOS chips (compare this to the
clock input circuitry surrounding Al).
The output of comparator A4 is in-
verted by Y4, and then the signal is
capacitively coupled via C2 to the flip-
flop’s reset input. Capacitive coupling
is used here since various timing con-
siderations dictate that the flip-flop re-
spond to an edge, not a level.

Okay, stage one of the sequencer
sets the flip-flop, while the last stage
(determined by the length input, J4)
resets it. Now suppose that S4, the
mode switch, is in the up/down posi-
tion (as it is on the schematic). In this
case, pin 2 of Y1 is at + 15 Volts and
this guarantees that the output, at pin
3, is low. This in turn holds the reset
input of the 4516, pin 9, at ground
throughout. The net effect is that the
reset pin of the 4516 plays no part in
the operation when in the up/down
mode.

But look at the other half of DPDT
switch S4. The output of the flip-flop
is now directly coupled to pin 10 of the
4516. Pin 10 is the up/down selector
for this chip. When this input is high,
the counter counts in an upward direc-
tion; when it is low, the counter counts
downward. We now have all of the
pieces necessary to put the puzzle
together. When the sequencer is turned
on, the counter will count upward and
when the last stage is hit, the flip-flop
is reset. This pulls pin 10 of the 4516
low and the counter now reverses
direction and counts downward. Then
stage one is hit, the flip-flop changes
state again and the counter counts back
up. Thus we have arrived at means for
generating an up/down mode of opera-
tion.

With S4 in the up mode position,
pin 10 of the 4516 is pulled high, and
this guarantees that the counter will
count only in the up direction. Notice
too that the flip-flop is now coupled to
the reset pin of ICS, at pin 9. You
shouldn’t have too much trouble con-
vincing yourself that the counter will
now count up until it hits the highest
stage, then resets to stage one and
starts over again. Incidentally, by us-
ing the flip-flop composed of Y2 and
Y3, and by making the reset input
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edge sensitive, any unusual timing
anomalies are completely avoided.
Every stage is on for an equal amount
of time since the reset signal is recog-
nized only at the time of the next clock
pulse. This is a small, but important,
point and took over half of the design
time to work out. The net effect is that
the sequencer works like you would
expect it to; there are no strange effects
to hamper your musical feelings.

The entire sequencer can be reset by
an external pulse via jack J3. Likewise
a reset can be forced by pressing
switch S2. Notice that diodes D4, D5
and D6, in conjunction with R12, form
an OR gate so that any one of these
three signals can reset the counter,
IC5, at pin 9. This is an instance of
“Mickey-Mouse Logic” as detailed by
Don Lancaster in the CMOS Cookbook
(Indianapolis: Howard W. Sams,
1977). Despite the weird name, Mick-
ey-Mouse Logic works very well in
this situation and keeps the IC package
count down.

S3 is a hold switch; press it and the
counter stops counting, release it and
the count resumes. This comes in
handy when adjusting the sequencer,
since it gives you a way to stop the
action momentarily.

Well, that pretty much covers the
logic circuitry of Superseque.
Although most of the functions should
be clear from the schematic, it prob-
ably isn’t at all obvious how to best
use them in a musical setting. We'll
cover that in just a bit, but let’s first
take a quick look at the output cir-
cuitry.

Interfacing Superseque to the real
world. Since CMOS chips are fairly
sensitive to outside interference, I de-
cided to completely isolate them with
op amps. Besides beefing up the cur-
rent drive, using op amps means that
you won’t have to worry about short-
ing outputs or hooking two outputs
together accidentally. Again, this is
just part of good musical engineering,
ensuring that the performer can con-
centrate on music rather than worrying
about things at a circuit or component
level.

Refer to Fig. 2, which shows the
interface circuitry for one of IC6’s six-
teen outputs. As shown in the schema-
tic, the output is buffered by an op
amp then drives two pots and a gate
jack; but feel free to alter this arrange-
ment as you see fit. Two channels (and
hence two pots per stage) seem about
right, for then you can use one poten-

— AN , ,
® All resistors in Ohms
® All op amps 4 1458
16 ><.150k Power connections assumed
®
. 100k
—MAN— -AAN 100k
ANN
—AMA— 100k
CV Out
__—V

Fig. 3 Control voltage summer circuitry

tiometer to set the pitch of musical
notes, while the second can be used to
set the duration of the notes. The gate
output, of course, can be used to fire
envelope generators or any other type
of time related circuitry. And by the
way, to help you keep track of things,
notice that an LED is hooked up to the
output of each stage as well. The
blinking light patterns are very in-
spiring!

After isolating each stage and hook-
ing up the various LEDs, pots and
jacks, you should have quite an array
of controls. But we’re still not done
yet. Refer to Fig. 3, which illustrates
the control voltage summing network.
The wiper of each pot from Fig. 2 is
sent to this summer via a 150K resis-
tor. If you used two pots for each stage
(as recommended), then you will need
two of these summer circuits, one for
Channel A and another for Channel B.
Once the voltages from each stage are
summed into the summer, the result is
inverted by one additional op amp so
that the output swings in the positive
quadrant (from 0V to +10V). Notice
that by using 150K input resistors and
a feedback resistor of 100K, the signal
swing of each stage is reduced from
+ 15V peak to + 10V peak. This
keeps the controls from feeling too
“touchy,” yet still lets you cover ten
octaves if you're driving standard 1V/
octave systems.

By the way, it might have occurred
to you that an attenuator could be
placed between the two op amps in
Fig. 3, thus allowing you to scale the
output as desired. I didn’t add this fea-
ture since my synthesizer makes provi-
sions for scaling elsewhere, but feel
free to add it in if you think you need
it. Likewise, you might want to add a

pot which feeds in a variable offset
voltage to the second op amp; this
would allow for setting the range of
the output.

Incidentally, like all other circuits
presented in “Practical Circuitry” the
inputs of Superseque have 100K impe-
dances while the outputs have 1K im-
pedances. Gate and trigger voltages
swing from OV to +5V, and the con-
trol voltage output covers a 0OV to
+ 10V range. These are all standard
values for most synthesizers.

Finally, as a small point of interest,
I tried using an inverted power supply
for the logic circuitry (-15V and
ground) so that the extra op amp re-
quired to invert the control voltages
could be eliminated. Things didn’t
work out pleasantly at all! While I did
get the circuit working with an in-
verted supply, other ephemeral prob-
lems popped up which made it not
worth the effort. Anyway, op amps are
cheap so all of the extra work simply
didn’t justify the savings. By the way,
you can use ordinary 1458 dual op
amps for the control voltage circuitry
since you don’t have to worry about
bandwidth, noise, slew rate, or other
critical parameters.

Building Superseque. It sure took
a lot of fast talking to explain how
Superseque works, even though the
basic circuit action is fairly straightfor-
ward. Let’s switch gears now and see
how to build it.

Superseque’s complete parts list is
at the end of this article; note that the
parts are all easy to find and not too
expensive. I picked up the CMOS
chips from JDR Microdevices (1224
S. Bascom Ave., San Jose, CA 95128)
and the pots and jacks from PGS Elec-
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PRACTICAL CIRCUITRY:

Do-It-Yourself Rack Enclosure
by: Thomas #nry

Thomas Henry is a contributor to
several magazines including Radio-
Electronics, Compute!, Keyboard, and
Run. He played guitar professionally
for ten years in order to put himself
through school; currently he is an
Assistant Professor of Computer Sci-
ence at Mankato State University in
Minnesota, and is wrapping up an im-
plementation of the FORTH language
that has extensive editing, graphics,
and error-detection routines. Aside
from computers and electronics,
Thomas has a passion for Victorian
literature, Sherlock Holmes, and the
works of Oscar Wilde.

If you’ve been following my writing
over the last several years, then you
will have noted that I’ve often recom-
mended packaging circuits in rack
panel format (recall that a standard
single rack panel height is 134", a dou-
ble panel 3%4", and so on). I like rack
panels for three reasons. First, the size
is an industry standard and this makes
it easy to swap various modules back
and forth between different enclo-
sures. Second, rack panels are spa-
cious; they provide oodles of room for
jacks, pots and switches. Third (and
perhaps most importantly), they are
quite attractive and yet inexpensive to
implement. Of course, if you buy your
rack panels ready-made from a manu-
facturer you might not think the price
is cheap! To get around this hitch, be
sure to see my article in Electronotes
on making professional looking panels
for under a buck or two (“Making
Rack Panels,” Electronotes, Volume
13, Number 122, February 1981, pp.
5-9).

Okay, if I've sold you on the appli-
cability of rack panels, then the next
problem is where to find a good look-
ing rack enclosure. Well, you can al-
ways buy a commercial unit, but the
price of a new rack enclosure might
surprise you—they typically run from
$50 to over $500 depending on size.
We’ll scratch that! Another good bet is

to look around at electronics surplus
stores where used ones show up for
much less. However, the trouble with
most rack enclosures, whether new or
used, is that they tend to be rather
bulky and heavy.

Now I wouldn’t tell you about these
problems if I didn’t have a solution, so
let’s investigate how to build a profes-
sional looking rack enclosure that
doesn’t cost an arm and a leg. Best of
all, no unusual tools and no advanced
shop techniques are required. (That’s a
good thing; [ still have dismal memor-
ies of junior high shop class!)

4 5 dearee joint

24-5/8" inside €&
pine stock

|a— 15-1/8" inside —|

Fig. 1: Dimensions of a wood frame

Let’s get started. Refer to Fig. 1,
which gives the general idea of where
we’'re headed. Fig. 1 shows a simple
frame consisting of only four pieces of
lumber. We’ll cover it with vinyl,
attach some corners, slap on a handle
and voila . . . instant enclosure. Be-
fore getting too far ahead of ourselves,
though, let’s first consider some prac-
tical aspects of making the frame. To
keep things as simple as possible,
we’ll use ordinary 1" X 10" pine
planks. This is a standard type of lum-
ber and is consequently inexpensive. If
you’ve never purchased lumber be-
fore, then you might like to know that
1” x 10" planks are actually ¥ X
9V4" in size. This is probably one of
the mysteries of carpentry I missed
while sleeping in shop class! Anyway,
when in Rome do as the Romans do,
so we’ll continue to call ita 1" X 10"

plank.

The 10" dimension becomes the
depth of the box, and this is more than
adequate to handle just about any type
of circuit mounted behind a rack
panel. The width of the box, of course,
will be 19” (on the inside), since this is
the size of a standard rack panel. But
what about the height? Well, this is up
to you, but [ suggest a height of 244"
for two reasons. First, 245" is a multi-
ple of 14" and will allow you to mount
the equivalent of fourteen single height
panels. The other reason is more prac-
tical. As it turns out, lumber yards
supply 1” x 10" planks in standard
lengths of eight feet. By sticking with
a box which is 19" x 24" we can
cut all four boards out of a single
plank, thus minimizing the cost and
number of saw cuts needed.

Okay, enough philosophy; let’s get '

down to brass tacks now. Fig. 1 shows
the details for making the basic frame.
Notice that inside dimensions of 194"
and 24%4" are used. Adding on the ex-
tra 5" to each dimension makes allo-
wances for the width of the saw blade,
and leaves a little slack to play with
later on when we cover the box with
vinyl.

Note that the joints of the four
pieces which comprise the frame are
cut with 45 degree angles. This isn’t
strictly necessary, but does make for a
more professional looking box, since
no unsightly seams are visible (to
quote a brassiere ad). Most circular,
skill and radial arm saws allow this
type of angled cut without too much
hassle.

After cutting the four pieces to size,
smear carpenter’s white glue on the
joints and slap the box together. Use
brads or nails at each corner to secure
the box. There’s really no need to go
hardcore with screws here, since the
white glue in combination with the
nails cinches things up amazingly
well. Of course, once you’ve mounted
some panels in the unit and have put a
back on, the enclosure becomes practi-

Electronic Musician/September 1985 39

155



158

Bibliography

(chronological order)

“Case Histories,” Device, Volume 1:4-79, pp. 13, 14.

“Modifying the EH Electric Mistress,” Device, Volume 1:5-79, pp. 1-3, 8.

“Adding Series-Parallel to the EH Big Muff Pi Deluxe,” Device, Volume 1:7-79, pp. 5-7.
“Modification Tips / New Lamps for Old,” Device, Volume 1:8-79, pp. 3, 4.
“Complementary Output LFO,” Polyphony, September/October 1979, pp. 36, 37.

“Electronic Music Circuit Design: 2nd Order Butterworth Filters,” Device, Volume 1:10-79, Pp-
11-13.

“Stalking the SAD-1024,” Device. Volume 1:12-79, pp. 1, 7, 16.

“A Balanced Modulator Application of VCA Chips,” Electronotes, Volume 12, Number 119,
November 1980, p. 3-7.

“Making Rack Panels,” Electronotes, Volume 13, Number 122, February 1981, pp. 5-9.

“A Function Generator with ‘Quadrature’ Triangle Outputs,” Electronotes, Volume 13, Number
122, February 1981, pp. 13-20.

“Rhythm Generation: It’s About Time...,” Polyphony, March/April 1981, pp. 22-25, 32.
“Tricks with the SN76477, part 1,” Polyphony, May/June 1981, pp. 10-12.

“Tricks with the SN76477, part 2,” Polyphony, July/August 1981, pp. 16, 17.

“The Super Controller,” Polyphony, September/October 1981, pp. 28-32.

“VCO Deluxe,” Polyphony, November/December 1981, pp. 28, 29, 31.

“VCA'’s: Think Simple,” Polyphony, January/February 1982, pp. 16, 17, 26.

“Tri-Colored LED Indicates Voltage Peaks,” Electronotes, Volume 14, Number 134, February
1982, pp. 17-19.

“ADSR the Easy Way,” Polyphony, March/April 1982, pp. 22, 23, 30, 31.
“The PAL Filter,” Polyphony, May/August 1982, pp. 16, 17, 30.
“The Snare+ Drum Voice,” Polyphony, September/October 1982, pp. 28-31.

“Build the PGS Lowpass Voltage Controlled Filter,” Common Mode, January 1983, Number 1,
pp. 10-15.



“Patch-Over Scheme for a Small Synthesizer System,” Polyphony, February 1983, pp. 26, 27,
46.

“My Favorite Transistor Circuits,” Polyphony, April 1983, pp. 26-28.

“A One Chip ADSR,” Polyphony, June 1983, pp. 30-32.

“Micro Drums, part 1,” Polyphony, August 1983, pp. 32-35.

“Micro Drums, part 2,” Polyphony, October 1983, pp. 18-21.

“Modifying the EKx-40 VCO,” Polyphony, December 1983, pp. 32-34.

“Build a Quadrature Function Generator,” Polyphony, February 1984, pp. 26, 27, 30.
“Easy Firing ADSR,” Polyphony, April 1984, pp. 14, 15, 18.

“Build a Synthesizer Delay Line,” Polyphony, June 1984, pp. 30-35.

“Meet the SN94281,” Electronotes, Volume 14, Number 147-150, Special Issue B, pp. 1, 2, 12,
32-34.

“Build a Precision Controller Clock,” Electronotes, May/June 1984, Special Issue E, pp. 11-17.
“The Hi-Hat and Percussive Voice,” Polyphony, August 1984, pp. 16-21.

“Synthesizer Phase Shifter,” Polyphony, October 1984, pp. 14-17.

“Build an Electric Drum Pad,” Polyphony, December 1984, pp. 20-23.

“Build a Voltage Controlled State Variable Filter,” Polyphony, April 1985, pp. 8-11, 13.

“Superseque: A Full Featured Analog Sequencer,” Electronic Musician, June 1985, pp. 26-30,
46.

“Do-It-Yourself Rack Enclosure,” Electronic Musician, September 1985, pp. 39-41.

159



