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At TASCAM, we’re obsessed with your music. We’re 
driven to providing the technology that will give 
you back everything you put into your sound. With 

advanced recorder/reproducers that focus on your 
specific needs, delivering the ultimate in signal quality, 
dependability and multi-track versatility.

We built our 8-track 38 for the professional who 
demands uncompromising quality at a very economical 
price. You get full 8-track flexibility, plus the exacting 
precision of TASCAM-built heads, with sync response 
equal to repro response.

If your next step in audio is video, our SMPTE- 
compatible 8-track 48 can move your music right into 
the picture. Balanced/unbalanced, the hard-working 48 
features full microprocessor 3-motor servo control for 
fast recording and editing.

At Tascam, 
¥)ur Music 
Drives Us to 
Extremes.

For rugged sophistication, our SMPTE-compatible 
58 is built for rapid, high-torque tape shuttling. The 58 
is the industry’s first %” 8-track with the engineering 
depth of a 1” machine. Its unique Omega Drive provides 
the ultimate in tape to head contact, assures superb tape 
path stability and eliminates tape stretch and bounce.

Each TASCAM 8-track is part of its own series, 
allowing you to easily build a complete system with 
outstanding half-tracks and four-tracks engineered to 
the same stringent TASCAM standards. For even 
broader needs, our 85-16B moves you into full 
16 track production.

We’ve carried our technology to extremes, so that 
wherever you want to go with your music, we’ve got a 
system to take you there. See your TASCAM dealer 
today, or write TASCAM, TEAC Professional Division,
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WIND PLAYERS 
VOCALISTS

You con use your own 
instrument or voice to 

control any standard synthesizer, 
with more expressiveness than 

a keyboard.

gentle electric 
P.O. Box )32,°De/to, CO 81416

303-874-8054 / 303-874-7171

SAVE BY BUILDING 
OUR RACK MOUNT 

STUDIO 
EQUIPMENT

OUA£RAFUZZ — four separate fre­
quency bands of distortion are mixed 
for the smoothest fuzz you’ve.ever 
heard, no. 6720............. $39.88

HYPERFLANGE/C HORUS — the 
cleanest, widest range, most versatile 
flanger anywhere at any price. • 
no. 6750...................................$149.95

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.......................................$59.95

ADD $3 SHIPPING
FOR EACH KIT ORDERED

Innovative, cost effective designs by 
Craig Anderton in easy to assemble 
kits from:

miA Electronics, Inc.
Direct mailorders and inquiries to: Dept.HY 
1020 W. Wilshire , Oklahoma City, OK 731 IS - (405)843-9626 

Ask for your free catalog.
CHARGE TO VISA OR MC TOLL-FREE 
1-800~654~8657 9amio5pmcst mon -fri

C-64 MICRO-DRUMS!

I was just reading the August 
’84 issue of Polyphony (excellent, 
as usual) and thought I’d cast my 
vote in favor or a C-64 implemen­
tation of Micro-Drums (I’m sure 
many other Polyphony readers are 
Commodore owners).

Mike Dolan
Bristol, TN

000H...AHHH!

I have read and thoroughly 
enjoyed "Electronic Projects for 
Musicians" and "Home Recording for 
Musicians". I have also built 
several of the Craig Anderton PAIA 
projects, to my complete satisfac­
tion. Now I have an interesting 
idea for a project. Would it be 
possible to connect a keyboard 
with oscillators and chorusing 
circuit to a speech synthesis chip 
to produce a keyboard that could 
sing oooh, ahhh, la, da, etc.? 
Such a unique keyboard would be 
very useful for my home studio. 
Even better, could such a circuit 
be added to a Stringz 'N Things? 
Any thoughts or opinions would be 
greatly appreciated.

Jon Hand
Pulaski, TN

Jon — Actually, there are 
several ways to do what you want 
to do. A speech synthesizer chip 
would probably not be satisfac­
tory, as these have a kind of "Mr. 
Roboto" timbre which tends to 
grate after a while — certainly 
not the dulcet tones of a choir. 
I have had very good results using 
vocoders with Stringz ’N Thingz to 
produce vocal/choir effects; in 
fact, PAIA has just come out with 
an under $100 vocoder which would 
probably give the exact effects 
which you seek. If you want to 
invest some big bucks, the Emula­
tor II can do fantastic vocal 
simulations via sampling; Ensoniq 
has also just released an under- 
$2000 sampling keyboard, although 
I have not yet had a chance to 
check it out. Overall, I think 

the vocoder/Stringz combination 
would be your most cost-effective 
option.

MORE GUITAR!

I am an electric guitarist 
and a very interested reader of 
Polyphony. Although I realize 
that the electric guitar has lit­
tle to do with synthesizers (un­
less you have a guitar synthe­
sizer), I am annoyed by the fact 
that most of your projects are 
written with only the keyboard 
synthesist in mind. Is it assumed 
that there are too few guitar 
playing readers out there to con­
sider?

A super envelope follower 
project would be nice. It would 
enable an electric guitar, bass, 
or microphone to use and control 
many of your past projects: VCFs, 
VCLFOs, etc. that are voltage 
controlled. Also, in future arti­
cles where a guitar might be ap­
plicable, a mention of some sort 
as to how the guitar can be ap­
plied would be appreciated.

I enjoy Polyphony and plan to 
continue receiving it. I have 
learned many things I would not 
have learned elsewhere.

Tom Carter
San Carlos, CA

Tom — We are always looking 
for guitar-oriented articles, but 
don’t receive too many from read­
ers. I would write them myself, 
except that I already covered the 
subject of guitar interfacing 
fairly thoroughly in DEVICE (see 
Polymart). DEVICE contained an 
ongoing series on the AMS-100, a 
trigger-oriented audio modifica­
tion system for guitar and other 
electric signal sources (I still 
use the AMS-100 all the time in my 
own studio). The AMS-100 inter­
faces guitar to many existing 
modules, as well as custom 
modules. Older issues of Poly­
phony also contain some AMS-100 
add-ons. Until more readers get

(continued on page 33 )
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Robert Carlberg’s |re-view
Laurie Anderson United Stares 
(Warner Bros. 25192-1). A 5-LP 
set of the complete United 
States" performance piece, taped 
live during the Feb '83 debut of 
the whole thing. This is meant to 
be a companion to the book of the 
visuals form the show (reviewed 
October). It's a fabulous job of 
live recording, with just the 
right amount of audience response 
and hall acoustics — if you’re 
not already Lauried out.

Tangerine Dream Poland (Jive- 
Electro HIP 22). Live albums have 
been good for the Dream because 
they don't just repeat their hits. 
The extended side-long improvisa­
tion, which they practically in­
vented, still works due to their 
intelligent synthesizing and un­
ceasing diversity. Nobody does it 
better.

IsEMNe OKMH POLAWB

Penguin Cafe Orchestra Broad­
casting fron Hone (Editions EG 
38). Simon Jeffes' utterly ori­
ginal music is sorta classical, 
sorta Terry Riley, sorta acoustic 
Laurie Anderson. It can't be 
categorized, anticipated or ig­
nored .

David Snow The Passion and Trans­
figuration of a Post-Apocalyptic 
Eunuch (Opus One 59). Only from 
a university electronic music stu­
dio (in this case Yale) could you 
get a concept album about eunuchs 
and cockroaches after a nuclear 
war. Fragments of jazz, rock, and 
Zappaesque humor are combined with 
an unrestrained students' verse.

Data Bank A The Citadel (K02). 
Rhythm box rock. Last October I 
described it as similar to Peter 
Baumann. This time Andy Szava- 
Kovats' songs are meatier, and his 
monotone vocals recall Iggy Pop as 
much as Baumann. $6 from 262 
Mammoth Road, Lowell, MA 01854.

Various Synthesis Ltd. (ARM 
8487). A project of the Elec­
tronic Music Club of Saddleback 
College, although this is not some 
dry academic noodling. No, here 
are twelve pop-oriented pro­
fessional-quality tunes, well re­
corded and coherent despite the 
numerous contributors. Saddle­
back's "best-kept secret" indeed! 
$5 from the club, 28000 Marguerite 
Parkway, Mission Viejo, CA 92692.

SYNTHESIS LTV.

I*otyi>hotty

(continued on page 20 )

from POLYMART
The digital delay handbook 

by Craig Anderton is the most 
detailed book in print on a 
subject of importance to all 
modern musicians and recording 
engineers. Contains sixty-nine 
different applications, 
suitable for a variety of 
instruments, which help you 
unlock the hidden potential in 
virtually any delay line.

Special sections deal with 
using the rear panel jacks, 
long delay techniques and 
multiple delay line 
applications. Also covers 
short delay applications, 
automatic flanging, phase 
shifter simulation, doubling, 
“bathtub" reverb, echo, and 
much more.

Whether live or in the 
studio, this handbook helps you 
create signal processing magic 
with one of the most popular 
and commonly available effects. 
Easy to follow text with many 
clear diagrams make this a book 
which must be part of your 
1i brary.

Order on the polymart order 
form just mail a check or money 
order for $9.95 plus .50 
postage 8x handling to Polymart 
and tel 1 us you want the 
DIGITAL DELAY HANDBOOK.

SHIP TO: 
Name ___________________________________________
Address: _________________________________________
City State_____Zip______

Card fl____________________________________________
MasterCharge Bank fl Expiration Date______
Signature________________________________________ _

MAIL TO:
POLYMART
P O BOX 20305
OKLAHOMA CITY, OK 73156



'MIDI:--------------
RECORDING MEDIUM 
OF THE FUTURE

BY: DAVID ALBIN

MIDI has settled down and is 
starting to make a real impact in 
the music world. Some of its 
impact is for live playing situa­
tions, where performers can work 
with a simplified keyboard setup 
on-stage and control off-stage 
synthesizers. Many bands now have 
"keyboard technicians" who load 
disks, change channel assignments, 
and so on for these remote key­
boards. But MIDI is of great use 
in the studio, too. In fact, we 
are starting to see the develop­
ment of "MIDI studios" which are 
in about the same state of sophis­
tication as analog home recording 
was in the late 70s. The birth of 
the MIDI studio doesn't mean it's 
time to trade in your TASCAM or 
Fostex gear yet, because there are 
many things that MIDI cannot do. 
Those who are interested in re­
cording, though, cannot afford to 
ignore MIDI's implications. This 
article will desdribe the concept 
behind a MIDI studio and the com­
ponents that make up such a stu-

The MIDI studio concept. 
With a conventional analog studio, 
sound waves (or electrical im­
pulses, if you're going direct) 
are recorded on tape. The varia­
tions in magnetic flux on the tape 
are analogous to the sound waves 
or impulses. Therefore, the ana­
log tape stores the actual sound, 
and playing back the tape plays 
back a replica of the original 
sound.

MIDI recording uses semicon­
ductor memory instead of tape to 
store sounds. However, to sample 
sounds and record the actual 
sounds into memory would use up a 
prohibitive amount of memory. As 
a point of comparison, the Emula­
tor II has about a half-megabyte 
of RAM and stores a little over 17 
seconds of sound. If you think of 
this as one track of a recording, 
then you would need 4 Megabytes to 

store 17 seconds of eight tracks 
of sound. A typical length for a 
short song would be about 170 
seconds (just under three min­
utes). Therefore, to record eight 
tracks of even a short song would 
take about 40 Megabytes of RAM. 
Although it might be possible to 
use data compression and the like 
to save memory, we're still talk­
ing about a very expensive system.

The way to solve this problem 
is to store musical information^in 
"shorthand." Instead of having to 
use up Megabytes of RAM to store 
the actual sound, we record data 
indicating when the note started, 
what pitch it is, if any pitch 
changes (modulation) occur during 
the duration of the note, and when 
the note stops. This obviously 
would take up a lot less memory. 
Again using the Emulator II as a 
means of comparison, that same 
half Megabyte which stores 17 
seconds of sound can store the 
information for 90,000 notes!

MIDI, of course, is perfectly 
suited to be the language that 
defines notes since it has pro­
visions to communicate note on, 
note off, pitch, and modulation 
parameters. This MIDI data is 
recorded into RAM as data. On 
playback, this data is played back 
into any device with a MIDI port. 
In many ways, what we have done is 
created a modern player piano — 
but one with far greater flexi­
bility, ease of use, and timbral 
possibilities. It should be noted 
that the concept of recording data 
instead of sound existed before 
MIDI, with the Oberheim "System," 
the Fairlight CMI and the Syn- 
clavier being perhaps the best 
examples of this type of approach. 
However, MIDI certainly stream­
lines matters since it allows for 
a great degree of compatibility 
between different makes of equip-

What makes MIDI so useful for 
recording is that different data 
can be assigned to different chan­
nel numbers. This is just like 
assigning sounds to different 
tracks on a multi-track recorder. 
These channels can retain indepen­
dent information, and play back 
through independent instruments. 
For example, the data in MIDI 
channel 1 can play a bass line 
through a MIDI instrument set to 
receive on channel 1, the data in 
MIDI channel 2 could play a brass 
line through something like a DX-7 
set to receive on channel 2, and 
so on. One other important point 
that people sometimes overlook is 
that each channel can contain 
polyphonic information, so chords 
can be recorded in a channel just 
as easily as single notes.

Before describing what makes 
up a MIDI recording system, let's 
talk about some of the advantages. 
By recording in RAM you need not 
concern yourself with tape prob­
lems such as alignment, head 
cleaning, azimuth adjustments, and 
so on. Also, long rewind and fast 
forward times are no longer a 
problem, which saves a tremendous 
amount of work time. Finally, 
there is no signal degradation. 
Recording a sound on tape adds 
hiss, distortion, and other prob­
lems. With MIDI recording, you 
are not recording sound but data 
— and when the data plays back 
into an instrument, the instrument 
will produce its sound in real 
time. Well, almost real time. 
MIDI does have some delays, but 
these are of little consequence 
unless you are trying to simul­
taneously play many notes on many 
instruments.

However, before we write off 
tape completely, remember that 
acoustic instruments, the human 
voice, and many other instruments 
do not lend themselves to MIDI 
recording. In practice, although 
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MIDI recording can stand on its 
own for some applications it is 
more commonly used in conjunction 
with a conventional analog multi­
track recorder. The combination 
of the two is extremely powerful, 
as we will see later on.

MIDI studio components. The 
most important element is the'MIDI 
sequencer, which is the equivalent 
of the multi-track recorder. The 
least expensive way to get started 
with MIDI sequencing is to hook a 
MIDI interface to a personal com­
puter like the Commodore 64 or 
Apple, and record data in the 
computer's memory. Data can be 
saved on diskette or cassette, 
providing the computer has pro­
visions for this. Passport 
Designs, Sequential Circuits, 
MusicData, and many others offer 
this kind of package.

The next step up is a dedi­
cated MIDI sequencer. Probably 
the unit getting the most atten­
tion these days is the Yamaha QX1, 
which lists for $2,795. It fea­
tures a built-in 5-1/4" disk 
drive, eight tracks, and an 80,000 
note capacity. The QX1 makes no 
sound of its own (just like a tape 
recorder) and is strictly a con­
troller. Of course, Yamaha would 
like you to control their MIDI 
devices, but you are not limited 
to using their products.

Several musical instruments 
also include built-in MIDI sequen­
cers. The Linn 9000, in itself a 
great drum machine, features a 
very complete MIDI sequencer. The 
Emulator" II includes an 8 track 
MIDI sequencer that stores veloci­
ty and modulation settings. The 
Oberheim DSX/0B-8 combination can 
be retrofitted for MIDI, with DSX 
data appearing over the OB-8's 
MIDI port. If you have one of the 
these instruments, you are already 
well on your way to having a MIDI 
studio.

All sequencers are not alike, 
however. Generally, sequencers 
are available in 4, 8, and 16 
track versions. You should at 
least be able to punch-in and 
punch-out, and have optional auto­
correction (quantization) to 
smooth out human timing errors (if 
desired). Some sequencers store 
more notes than others, some can 
record modulation settings and 
some can't, and some let you 
bounce data tracks together. Ease 
of editing notes once they have 

X__________ ____________________________ 

been recorded .aries greatly as 
well. The main rule is try before 
you buy. No one sequencer has 
everything, so it is up to you to 
anticipate your needs and choose 
the device that fits your musical 
desires.

You will also need several 
MIDI sound generating devices, and 
this represents a considerable 
expenditure. Any keyboard with a 
MIDI input will do, of course, but 
don't overlook expander modules 
and mini-keyboards with MIDI in­
puts. Casio's CZ-101 lists for 
under $500 but can provide four 
independently addressable MIDI 
single-note lines. The sound 
quality wouldn't be mistaken for a 
Prophet, but it's a quick way to 
add a bass part or whatnot. The 
Sequential Six-Trak is another 
good option; it's not too expen­
sive and provides six independent 
single-note lines which, while not 
always rich sounding, are flexible 
and easy with which to work. Korg 
makes an expander version of the 
Poly-800, and Roland offers rack­
mount MIDI modules. Probably the 
king of the expanders, though, is 
the Oberheim Xpander. Not only 
does it provide up to six individ­
ually addressable MIDI voices of 
superb sound quality, but the MIDI 
implementation is one of the most 
universal and complete in the 
industry. Anyone interested in a 
MIDI recording setup would be 
well-advised to look into the 
Xpander.

Putting the MIDI recording 
studio in context. One of the 
most exciting things about MIDI 
recording is that you can usually 
sync the MIDI sequencer to one 
track of an analog recorder. This 
means that the MIDI instruments 
never have to be recorded on tape. 
During mixdown, you just run the 
analog tracks and the MIDI instru­
ment outputs into the master tape. 
The MIDI tracks are called "vir­
tual tracks" because they never 
exist on tape, but act as if they 
do. If you have a sampling in­
strument like Ensoniq's Mirage or 
an Emulator II, you can even 
sample acoustic instruments and 
sequence them along with the tape 
tracks.

Have you always wanted to go 
24 track but didn't have the 
money? By synching a 16 track 
MIDI sequencer to a Eos tex B-16, 
you'll have 31 tracks (32 minus 
the sync track). That should hold 

you for a while! This assumes 
that you have 16 MIDI instruments 
to sequence, but don't forget that 
buying 16 high-quality MIDI voices 
is considerably cheaper than buy­
ing a 24 track recorder, let alone 
a 32 track (and think of all the 
money you'll save not having to 
buy 2" tape). Plus you won't need 
noise reduction on the MIDI in­
struments. Throw in a SMPL system 
with chase lock, and you can even 
lock your MIDI gear to the tape 
recorder so that you can auto­
locate the MIDI parts as well as 
the tape., The mind boggles, as 
does the bank account. But no 
matter how you look at it, you 
will obtain a quality of sound 
that would have costs hundreds of 
thousands of dollars a couple of 
years ago. By that standard, a 
MIDI/analog recording setup is a 
bargain, and as with everything 
else that's computer-based prices 
will probably decline further in 
the future.

One other thing about a MIDI 
studio: you can play tricks you 
just couldn't pl,ay with a normal 
recording setup. With an analog 
recorder, if you record a violin 
line and think it would send bet­
ter as a cello, you would have to 
re-record the part. With a MIDI 
instrument, the note information 
remains the same and all you would 
have to do is change patches. 
Also, MIDI sequencers can typical­
ly be slowed down and sped up by 
outrageous amounts — much more 
than the variable speed option on 
most recorders, and without timbre 
or frequency shifts! Even the 
slowest players can play parts in 
a MIDI studio.

Acknowledgment. Much of this 
article was inspired by a seminar 
I attended on MIDI and synchroni­
zation given by Craig Anderton. 
When I suggested he write up his 
talk, he said he didn't have time 
but was willing to help me with an 
article provided that I submitted 
it to Polyphony. For further 
information, I recommend writing 
away to manufacturers for litera­
ture on MIDI sequencers. And 
start experimenting! The only way 
you'll learn how to use MIDI is to 
start using it. Even if you've 
been baffled by how it works, 
everything falls into place once 
you actually sit down with the 
gear.
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Practical Circuitry
Build a Voltage-Controlled 

State Variable Filter

By: Thomas Henry

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! In 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 deciLeis 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

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 turns 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 a 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 by7 
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 is 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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JI. Switch SI lets you choose AC 
or DC coupling. When filtering 
audio signals, you can flip SI 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 
SI 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 outputs to a 
standard value of IK.

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 

offers a number of advantages over 
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
tant ly, 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 Rll at 6.8k, as 
recommended in the spec sheet for 
the CEM333O. 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 

features that both VCAs within the 
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 
VC A, 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 
DI 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 lot, 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 R14 
gives this input a gain of about 
two, while attenuator R23 allows 
you to tame the control voltage as 
desired. This duo 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 cutoff 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 
adjustments 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 RIO, 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 RIO is actually a 
thermistor which has the charac­
teristic of changing resistance in 
a manner opposite, but 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. 
RIO 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 professional 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 

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, one of the 
ti -’ecffs for this simplicity is 
that several of the parts won't be 
commonly found at your local 
dealer. In fact, you will probab­
ly have to put 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 state variable 
filter; use this as your shopping 
list. The CEM3330 is available 
from PAiA Electronics for about $8 
plus shipping and handling. Jame- 
co Electronics stocks the TL074 
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 Ik type, but then you 
will have to halve the values of 
R19, R14, R29, R32 and R28 to 
compensate. The Ik 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 mention 
Polyphony!). 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. All 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

Parts List

(If you do not understand parts 
specifications see Databank, p.@@, 
under Int'l. Parts Specification 
Standard.)

Resistors (all values in Ohms)

R1 47
R2 100 trimmer
R3 390
R4 680
R5 - R9 Ik
R10 2k Q81 thermistor
Rll 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 - 03 lOOp
C4, C5 lOOp polystyrene
C6, C7 lOn (0.01 uF)
C8 470n mylar (0.47 uF)
C9, CIO 33u electrolytic

Semiconductors

DI, D2 1N4148 or equiv. diode
IC1 CEM3330 VGA chip
IC2 TLO74 quad op amp

Hardware

JI - J6 1/4" phone jacks
Misc. Sockets, panel, wire, 

knobs, hardware, solder,

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 RIO just 
yet; this occurs in a later step.
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And by Che way, C8 mounts behind 
the front panel, rather than on 
the circuit 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 JI and 
R27), consideration should next be 
given to RIO, 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 RIO 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 
cons true iton of the voltage- 
controlled state variable filter.

Adjusting and Using the Fil­
ter. To tweak volts per octave 
trimmer R2, simply connect a con­
trol voltage from your keyboard to 
the IV/Octave input at J6, and 
then run a patch cord from the 
lowpass output (at J4) to an audio 
amplifier. Set the amplifier for 
a comfortable listening level. 
Turn down the audio input attenua­
tor, R27, completely. Now turn up 
the Q control, R26, until the 
filter starts oscillating. Adjust 
the coarse and fine tuning con­
trols, R25 and R24, until the 

/^Fig.4

>
oscillation is around 500 Hz or 
so. Now tweak the filter as you 
would any VCO until a perfect 
IV/Octave response is obtained.

Adjusting the offset trim­
mers, R21 and R22, is slightly 
more difficult. 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 its 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 output 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 output 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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Applied Synthesis:
Once Again Upon a Piano

ty: Bill Rhodes

A few issues back, I sug­
gested that if one needed an 
acoustic piano sound, one should 
use a piano instead of a synthe­
sizer. Well, after all the nasty 
mail, I have repented and decided 
to give my reader friends patches 
for an "approximately-realistic 
piano sound" that can be realized 
on commercially available poly­
phonic synthesizers. While the 
ultimate control settings will 
depend on your sound reinforcement 
system, musical application, and 
(of course) taste, these samples 
should be a help,to get you off to 
a good start.

The patch information is 
given in terms of parameter func­
tion and value; this information 
should be sufficient for writing 
out patches on factory supplied 
patch sheets if desired.

Poly 61 by Korg

Parameter Section: Value:
11 8'
12 . 3
13 3
21 4 ’
22 2
23 1
24 1
31 7
32 0
33 1
34 3
41 0
42 14
43 0
44 12 - 14 
(Note: The exact value for the 
above depends upon the desired

sustain "pedal" characteristics.) 
51 1
NO MG No Value

Poly 800 by Korg

Parameter Section: Value:
11 3
12 2
13 1
14 1
15 1
16 1
17 Volume
18 1
21 off
22 off
23 off
24 off
25 off
26 off
27 off
31 0
32 0
33 0
41 56 - 66
42 0
43 1
44 2
45 0
46 2
47 0
48 off
51 0
52 19
53 22
54 25
55 0
56 21 - 26
61 0
62 0
63 0
64 0
65 0
66 0

71 0
72 0
73 0
74 0
75 0
76 0
NO MG No Value

Poly-6 by Korg

Waveform: Sawtooth
PWM: Off
Sub Osc: Off
All MG: Off
VCF: Cutoff =5.5 

Resonance = 0 
E.G. = 0
KBD Track = 0 (vary for 
best results)

Envelope: A = 0 
D = 7.5 
S = 0 
R = 6 (vary for best 
results)

No Chorus

JX3P with PG200 (Edit Section) by 
Roland

DCO: 1
Range: 16'
Waveform: Sawtooth 
All modulation: Off 
No HPF
VCF: Cutoff = 3 

Resonance = 0 
Pitch Follow = 100% 
4- ADSR Polarity

VCA Mode: Env.
Envelope: A = 0

D = 3
S = 1 to 2 
R = 4
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I ENV 2: A = 0 Oscillator 2: 8’
Jupiter 6 by Roland D = 4

S = 4
Pulse Width = 54
Square and Triangle Wave

'Note: Factory Preset (A-l) is a 
very good piano sound, especially 
in the lower registration. The

R = 3 to 5 Osc. 2 Level = 23
Oscillator 3: 8’

Pulse Width -- 50
low end of the piano is duplicated 
rather well by the use of two

Juno 60 by Roland Square and Triangle Wave
Osc. 3 Level = 64

oscillators in different octaves. No LFO VCF: Cutoff = 54
However, the top two octaves, when DCO Waveform: Sawtooth Emphasis = 34
played alone without the left No HPF Contour Amount = 0
hand, leave a lot to be desired VCF: Resonance = 0 Modulation: LFO on Triangle (Rate
because the timbre in the upper Cutoff Freq = 3 to 3.5 - 20)
end seems tinny and thin. You can (depending on brightness) Destination -- PW1, 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 = 0
t rat ion 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

R = 5
Follow, Release On 

VCA Envelope: A = 7
VCO - 1 Waveform: Sawtooth and Octave Transpose: Down or Normal D - 88

Square 8’
VCO - 2 Waveform: Triangle and 

Sawtooth

No Chorus S -- 0
R - 46

VCF: Cutoff = 3 to 5
Resonance = 0

Memory Moog by Moog There’s your collection of 
piano patches...with no strings

KYBD = 5 
ENV, LFO: Off 
ENV 1: A = 0

Oscillator 1: 8'
Sync On
Pulse Width = 86

attached! Cood luck with them.

D = 5
S = 0
R -- 1

Square and Triangle Wave
Osc. 1 Level = 44

Practical Circuitry...
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 to 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
sults, 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 start 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 with it. One of 
my favorite effects is generated 
by inputting a square wave and 
listening to the highpass output, 

with the Q really cranked up. The 
result is very similar to a vowel 
uttered by a human voice. Also, 
by using very fast attack 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-

Acknowledgments. In addition 
to writing some of the best arti­
cles on exponential voltage-con­

trolled current sources, Bernie 
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 Curtis, 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.

Polyphony April 1985 13



TWIN T TEST 
OSCILLATOR

Ry: Jack Orman
and record about 15 seconds of the 
tone. With SW1 set to 13k Hz and 
SW2 back on 0 dB, again adjust the 
input level for a 0 VII reading. 
Set SW2 to -20 dB and record 15 
seconds of the tone. Connect the 
line out of the tape deck to the 
input of another unit that has a 
VU meter on it, such as a mixer or 
another tape deck. Rewind the 
tape and play it back. When the 
700 Hz tone comes on, adjust the 
second machine’s input level for a 
0 VU reading. Let the tape play 
and notice the difference between 
the 700 Hz tone level (0 VU) and 
that of the 13k Hz tone (this 
should also be 0 VU but may vary). 
A difference of plus or minus 2 dB 
is allowable. If the 13k Hz tone 
level is significantly different 
from that of the 700 Hz tone, the 
bias level of the recorder needs 
to be adjusted to even out this 
difference. Repeat this calibra­
tion procedure for each channel of 
the recorder. Note that any form 
of noise reduction must be off 
when this test is made or the 
results will be invalid.

A good, stable signal source 
is invaluable on the workbench or 
in the studio for setting levels, 
so I designed and built a simple 
and inexpensive sine wave oscilla­
tor to fulfill these functions. 
Basically, IC1 is a "Twin-T" os­
cillator with two switch select­
able frequencies. The "Twin-T" 
network of resistors and capaci­
tors in the feedback loop of the 
op amp determines the sine wave 
generator’s frequency. The net­
work consisting of R1 - R4 and Cl 
- C4, when selected by the DPDT 
switch SW1, gives the oscillator a 
frequency of 700 Hz while R5 - R8 
and C5 - 08 yield a 13 kHz signal. 
The exact frequency and purity of 
the sine wave depends on closely 
matching the components; 5Z resis­
tors and capacitors gave excellent 
results for me. Resistors R10 - 
R12 form a divider network on the 
output to attenuate the high level 
signal. SW2 selects between the 
normal output or one that is at­
tenuated by 20 dB. This switch is 
also necessary when using the 
oscillator to test the calibration 
of a tape deck.

The procedure to test a tape 
deck for proper bias is as fol- 
<______________________________________

lows. Turn on the oscillator, set 
SW1 to 700 Hz, and set SW2 to the 
0 dB position. Connect the output 
of the test oscillator to the line 
input of one channel of the tape 
machine. Adjust the deck’s input 
level for a 0 VU reading. Now 
flip SW2 to the -20 dB position

I mounted this circuit in a 
small plastic box and keep it 
handy in the studio for when I 
need to do any testing or calibra­
tion. Although this unit is not 
as versatile as a complete func­
tion generator, its low cost and 
usefulness make it a welcome addi­
tion to my workbench and studio.
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