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letters;
| Comments Corrections
Dear PAIA POLYPHONY PEOPLE;

As a music teacher I am impressed 
with Marvin Jones’ concise pedagogy in 
the "Fundamental Music Notation" series, 
but have a few additions and corrections 
to suggest. First, in mentioning rela­
tive keys, you omitted telling how to find 
out which minor is relative to which 
major (the minor is a third lower). 
Perhaps people could figure it out from 
the two examples given, but it would 
have been nice if you could have told them. 
It would also have been helpful if you 
had told how to figure out key signatures 
simply ( the next to the last flat is the 
name of the key, or the next note up 
from the last sharp). Also helpful to 
know is the order of flats BEADGCF 
and sharps ( reverse the order of flats). 
In the section on TIME SIGNATURES 
you implied that C stands for "Common 
Time". This is a popular misconception. 
In truth it stems from the earliest days 
of notation when 3/4 was considered 
"perfect" time, (related symbolically 
to the trinity - remember the first guys 
to write music down were monks) and 
represented by the circle, the "perfect" 
geometric. Thus 4/4, or "imperfect" 
time was represented by a broken circle. 
I know that all this seems very academic, 
and is probably of interest only to music 
historians, but you don't want your mag­
azine publishing falsehoods, now, do you?

You also implied that the TIE was 
used only between two or more measures. 
It is also used to represent time values 
within measures that can't be shown other­
wise (i. e. two and a half beats = d 
In addition to the single measure repeat 
there is a double measure repeat (figure

2
n I I

n ) which is useful in notating longer 
ostinato passages. Finally, in regards 
to TEMPO markings, I prefer to use 
both a metronome marking and a verbal 
marking ( not necessarily in Italian if 
your intentions can be expressed more 
explicitly in English) to avoid confusion. 
Metronome markings, whenever used, 
should be regarded ONLY as approxima­
tions, to be varied according to individual 
taste. I look forward to seeing the rest 
of the series - especially the final seg­
ment on electronic music notation where 
there is so much diversity.

I would also like to say a few words 
about a concept that hasn’t been discussed 
in Polyphony: System design. While a 

continued on page 11 ......
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Editorial
Over the past year, there has been 

a flood of new keyboard instruments 
appearing on the market which have been 
called polyphonic synthesizers.

” Polyp’ onio" has become a very 
fashionable word in the keyboard industry, 
and many companies think that if an ins­
trument can play more than one note at 
a time they have it made, I feel it takes 
a lot more than that to make a polyphonic 
instrument which represents any amount 
of musical or technical advancement.

Let's take a minute to look at the 
derivation of the words polyphonic and 
polytonic. The prefix ”poly-” is 
generally taken to mean many or multiple. 
The Latin word "tonus" provides the basis 
for the word tone, or for our purposes 
"-tonic". Tonus means stretching or 
tension. Taken in musical context, this 
translates directly to pitch. Consider: 
stretching a guitar string increases the 
pitch; stretching a drum head increases 
its pitch. Our remaining section, 
"-phonic", seems to come from the 
Greek word for sound. Granted, sound 
is a word which covers a broad area and 
I don’t want to categorize it too much, 
but, I think most of you would agree that 
the "sound" of an instrument has a lot 
more to it than just pitch — it must also 
consider harmonic content, amplitude 
envelope, phase relationships of the 
harmonics, and on and on.

Putting our pieces back together 
again, we come up with polytonic meaning 
"many notes" and polyphonic meaning 
"many sounds" or, in musical context, 
"many voiced". If so desired, either 
one of these terms could be stretched 
and distorted to represent even the most 
simple electronic instruments. As an 
example, let’s consider the PAIA Gnome 
Micro-Synthesizer. By varying the VCO 
range and using the controller strip, a 
virtually infinite variety of different notes 
can be played. True, you can’t play 
several notes at once, but you CAN play 
several notes. So, why don't we start 
calling the Gnome a polytonic synthesizer? 
Likewise, the multiple VCO waveform 
outputs, noise source, VCF and VCA of 
the Gnome can all be combined in so 
many different settings that the Gnome 
will produce an infinite number of sounds 
or permutations. So, since we can get 
many sounds out of the Gnome, let's 
start calling it a polyphonic synthesizer! 
I can see you all rolling in the aisles 
with laughter. Yes, this is obviously 
carrying the words to the extremes of 
their meanings, but I think you can see 
that we could have used these advertising 
tactics if we wanted to. Similarly, a 
Mini-Moog or Arp Odyssey could have 
been promoted with these terms. Several 

continued on page 4..................
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Editorial
......... continued from page 3 

years ago nobody would have noticed, but 
now we would all laugh. So what is it 
that has changed on the new synthesizers 
(the Polymoog, Arp Omni, and many 
string synthesizers ) that impels the 
manufacturers to squeeze this ubiquitous 
term - polyphonic - into their advertising 
and promotion. The only thing I can see 
that has changed much is the ability to 
play more than one note at a time. You 
still have only one set of master controls 
to determine the voicing of the instrument, 
and whatever voicing you select is repeat­
ed for each note all the way across the 
keyboard. Does this description sound 
like I’m talking about an organ? Well 
that’s all these units are — super organs. 
The only thing that pushes them into the 
synthesizer category is the fact that they 
are using circuitry which proliferated 
during synthesizer development; active 
filtering instead of the older passive 
networks, VC A envelope generation 
instead of diode keying, and control 

voltage concepts to change many circuit 
parameters with a single front panel 
master control. If your friend showed 
you a Farfisa combo organ or a Ham­
mond B3 and told you it was a polyphonic 
synthesizer, you may start to phone the 
white coat brigade.. But, he wouldn't be 
that far wrong — according to the 
definitions of the major manufacturers. 
The only difference would be that his 
wouldn’t be quite as versatile and 
wouldn’t have quite as many variables to 
play with. In my opinion, these types of 
instruments would more appropriately 
be called polytonic.

OK, so what is a polyphonic synthesizer? 
Define it. Where do we draw the line? 
Well, I'm not arguing Hie point that these 
machines could be called polyphonic. But, 
phrases like "... the first and only truly 
polyphonic synthesizer", and "completely 
polyphonic"? ? ? ? I Sorry, I won't go with 
that. Who's to say what a truly polyphonic 
unit is? I know we have the technology to 
do a LOT more than make super organs. 
I've seen it.

My concept of a true or complete 
polyphonic system stems from my vision 

of what synthesizers will be used for in 
the future. A composer should be able 
to sit down at a keyboard and realize real 
time performances of pieces originally 
written for several instruments. That 
implies playing up to ten keys and not 
only getting ten notes, but ten individual 
voices — each completely different if you 
wish. As far as I know, the only com­
mercial unit to do this is the Eu Systems 
keyboard. The Oberheim polyphonic 
system uses the same scheme ( in fact, 
it is manufactured under a license from 
Eu). Also, there are other companies 
(ahem, I think you know who I'm talking 
about) who are releasing similar 
systems — hopefully with even more 
versatility and power due to the use of 
microprocessor control.

In the end, you each have to decide 
for yourselves what degree of sophisti­
cation YOUR polyphonic system will need. 
Perhaps the polytonic super organs serve 
your needs, perhaps they are even more 
than you were expecting. But, somehow 
this all rubs me the wrong way.

Thanks for listening.
- Marvin Jones -

ON PARTS 
for the

ML
“last chance" sale

Twenty Thumpa-Thumpa Box parts 
bags less cases, were discovered during 
our recent inventory. Since its release 
in 1970, we have sold thousands of this 
popular, inexpensive electronic rhythm 
unit. The Thumpa-Thumpa Box circuit 
synthesizes the sound of a bass drum 
and wood block with amazing realism 
and generates an almost unlimited var­
iety of rhythm patterns. It's battery 
powered and designed to plug into any 
amplifier or organ.

Since we are in the process of dis­
continuing this kit from our general 

catalog, to be replaced by newer, bigger 
and better things, we are able to offer 
the remaining twenty parts kits which 
include circuit board, all parts and 
magazine off-print instructions for a 
special price of only $14. 95 each. 
These kits are being offered on a first 
come-first serve basis to Polyphony 
readers only.

Order these kits from:
PAIA Electronics, Inc. 
Attention: TTB Special 
1020 W. Wilshire Blvd. 
Oklahoma City, OK 73116

As often happens with an electronic 
device, once it gets out into the hands 
of creative people more uses are dis­
covered. For example, Jim Riter (an 
electronically-oriented keyboard player) 
wrote me to say that the Gnome/Guitar 
Interface circuit, published in the 4/76 
issue of Polyphony, will also allow a 
guitar to trigger ARP envelope generators 
directly. It can also trigger minimoog 
envelope generators via a reed relay; in 
this application, you will need a saturated 
transistor driver for the relay since the 
output of the Interface does not deliver 
enough, current to drive this type of load, 
directly. Jim also suggests possibly 
using a 4016 CMOS switch as an alter­
native to the relay, since it would not 
require a driver transistor.

Incidentally, this circuit also gives a 
reasonably good envelope follower output, 
which you can tap off through a buffer at. 
the junction of the 47K resistor and . 22 
mfd. capacitor, at the output of the 
second stage of the Interface. Happy 
Experimenting!

- Craig Anderton -
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WHAT THE COMPUTER DOES...
By John 8. Simonton, Jr. AN INTRODUCTION

The computer in our system does not 
itself generate any sound. It is simply 
acting as a performer/composer assist­
ing control system for a more or less 
normal synthesizer. Providing what 
amounts to an extra set (or several sets) 
of hands.

From a system standpoint, it fits 
between the keyboard and synthesizer 
like this:

■figure

We said above, "more or less normal" 
synthesizer because there are three 
special elements involved in the synthe­
sizer/ computer interface:

1) a digitally encoded AGO keyboard

2) a Digital to Analog Converter
3) a multiple S/H circuit to allow 

several simultaneous outputs from 
the Digital to Analog converter.

The computer runs programs (either 
supplied by PAIA or user written) that 
receive data from the synthesizer key­
board and issue instructions to the D/A 
and multiple S/H which in turn control 
the synthesizer.

PROGRAMMING OVERVIEW
Just saying that the computer controls 

the synthesizer is hardly a satisfactory 
explanation of the system. Hardly satis­
factory because it leaves out a

VERY IMPORTANT CONCEPT

which is that it is not really the computer 
that is controlling the synthesizer, it’s 
the programs. In a very real sense, the 
computer is there only because it's a way 
to run the programs.

One of the programs (for example) 
"reads" the synthesizer keyboard and 
builds a table of what it finds there.

If the phrase "builds a table" is 
unfamiliar to you, it simply means that 
when the program finds that a given key is 
down on the keyboard it records in a 

special place (location or address) in 
memory which key it is. The next key 
that it finds down, it records in the next 
memory location; and so on. When the 
program has finished looking at the 
entire keyboard the result is a list or 
"table" of the keys that were down during 
that scan. If you were holding down a 
C chord for example, the table might look 
like this:

That's not really all there is to this 
program - there are some subtleties 
that would probably be confusing at this 
point. We’ll get to them later. For 
right now, we’ll just think of this pro­
gram as a list-builder.

Also, so that I won’t have to keep 
typing "the program that builds the list 
of keys that are down on the keyboard", 
we’ll agree among ourselves that we’ll 
call this program by the name "LOOK". 
From now on, when I say something like 
"we LOOK at the keyboard" you’ll know 
that I mean we "execute" (run) this 
program.

And, while we’re hanging labels on 
things, we may also just as well name 
the list that LOOK generates "key-table", 

simple terms: it reads the first entry 
from a table and causes the D/A to 
convert that key data to a control volt­
age which it then strobes into the first 
S/H. It then gets the second entry from 
the table, converts it to a control volt­
age and assigns it to the second S/H. 
Gets the third entry, etc.

Also, like LOOK, there are subtleties 
that we’ll look at later but the important 
point is that this routine works quickly. 
A block of 32 Sample and Holds can 
easily be refreshed and up-dated in 
about 16 ms. - more than fast enough.

The table that is read by NOTEOUT 
we will call the "note-table" or, simply 
NTABLE.

LOOK builds KT ABLE and NOTEOUT 
reads NTABLE. Maybe you’re wonder­
ing why two tables - why not just one.

Well, we could do it that way - if 
we did, a simplified diagram of the 
system should look like figure c.

You will recognize that we're still 
holding down that C chord. Now 
suppose we let the E go. On the next 
scan of the keyboard, LOOK up-dates 
KT ABLE to reflect the fact that the E 
is no longer held down. KT ABLE now 
looks like this:

■figure Cd}

And when NOTEOUT reads this table 
and up-dates the S/H circuits, guess 
what? The G has moved to the loca-

or, since I'm a lazy typist, just KT ABLE, this might not be too bad - manV ORGANS 
bo NO MORE .

Got that? LOOK builds KT ABLE.
OK, next.
There is another program that we’ll 

call NOTEOUT, because it takes care 
of outputting the notes.

Like LOOK, this one can be stated in
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tion previously occupied by the E and 
from the S/H that previously was 
producing the control voltage for the G 
we now have.................. nothing.

As if it weren’t bad enough that the 
VCO which was previously producing an 
E is now playing a G (and we can hear 
when it makes this change), we can’t do 
any decay processing on the E - the way 
a natural instrument would - because it’s 
not there anymore.

Maybe this isn't too bad. A lot of 
organs produce results very similar to 
this - and all multiple output analog 
keyboards do this exact same "guess 
where the note’s going to come out" 
trick. Still, it seems that there would 
be a more pleasing way to do it.

There is.
Because we're using two tables, we 

can generate a large (very large) family 
of programs that make decisions on how 
to transfer the information from KTABLE 
to NTABLE. This produces a machine 
which diagramaticly might look like this:

-figure

How this new middle program makes 
transfers from KTABLE to NTABLE 
determines completely the "personality" 
of the instrument.

For instance, a better way to handle 
the multiple -output problem would be 
to have the "middle* program not 
delete an entry from NTABLE simply 
because it no longer appeared in 
KTABLE, but rather to indicate that 
while the note should still be played, the 
key corresponding to it was no longer 
being held down and decay processing 
should begin. This is where the concept 
of "flags" associated with each note 
comes in and while it is slightly out of 
sequence, we should examine this 
important feature now.

The data that goes out to the synthe­
sizer interface is a collection of 8 
binary digits (bits - "1" or "0"). Like 
this:

_____________ A____________
p7 bg D/ Do

LJOR.D

0 /
U'----- V----- '
/ THESE 6 BITS SAV 

U bJHICH NOTE

THESE 2 BITS ARE

figure
THE FLAGS

If we want to indicate to the synthe­
sizer that the note that the data repre­
sents is one which currently corresponds 
to a key that is being held down on the 
keyboard, then we set bit #7 (Dg) to a 
"I". If the data does not correspond to 
a key that is currently down then this bit 
is a zero. As you can see, if you’ re 
already familiar with synthesizers, this 
flag bit corresponds to the "gate" signal 
that you get out of most synthesizer key­
boards.

This leaves us with a "left-over" 
flag that can be used in a variety of ways. 
It can, for instance, be used simply as 
an independent gate signal allowing the 
processor to select between one of two 
patching arrangements that we’ve set up. 
Or, and I believe that this is the prefer­
able use, it can be used as a GLIDE 
SELECT bit that turns glissando on and 
off - under computer control.

But, to get back to the real subj ect at 
hand, the polyphonic output procedure 
described above is not the only ( or, in 
my opinion, the most ) interesting thing 
that the "middle" program can do.

It can examine the entries in KTABLE 
and if they are lower than a given note 
on the keyboard assign them to one 
group of outputs and if they are higher 
assign them to a second group of outputs, 
Which has the effect of "splitting" the 
keyboard into two different voices - one 
for low keys and a second for high keys.

The "middle" program can take notes 
from the keyboard and not only play them 
immediately, but also store them in 
another permanent table in the machine's 
memory for playback again later.

The "middle" program can take notes 
from the permanent table mentioned above, 
assign them to outputs and simultaneously 
assign current keyboard activity to other 
outputs - so that you can play along with 
something that was previously "recorded".

These same programs can allow 
independent recording and simultaneous 
playback of multiple "tracks". Like a 
multi-track recording studio only with­
out the hassle of tape splicing, editing 
and (worst of all) over-dubbing noise.

The "middle" program can do tricks 
like making a chord played on the key­
board seem to be rising in pitch, 
constantly, without ever actually going 
beyond a pre-defined limit. It’s not 
magic, it involves forming a "stack" of 
the notes and allowing the program to 
increase the pitch of the notes in the 
stack until they reach a pre-determined 
limit at which time the note is "faded 
out" and placed in the bottom of the stack.

The "middle" program can do lots of 
different things. So many, that it’s 
going to be a while (possibly a long, long 
while) before we know what they all are.

If you’ re looking for something that 
will reach a "finished" state beyond which 

there is nothing further to do, this isn't 
the product for you.

SO MANY "DIFFERENT" PROGRAMS
One thing that you may notice in 

the discussion above is that all of these 
very different "resource allocation" 
schemes have in common the fact that 
they all use LOOK and NOTEOUT. We 
could make these two routines a part of 
each of the larger programs if we 
wished - there wouldn't be any problems 
with that - except that they are long-ish 
and would take a while to "load" into the 
machine's memory. Particularly if 
you’re not using the computer's optional 
cassette interface. I think there's a 
much better way.

We can write the LOOK and NOTEOUT 
programs so that they're what's known as 
"subroutines".

Now ordinarily, computer programs 
proceed sequentially through memory an 
instruction at a time. Like this:

INSTRUCTS -> IHST-M4T.-M5T.

■Figure. Cq}

But a subroutine allows a block of pro­
gramming to be stored out of sequence 
in the machine so that when you "call" or 
"jump to" a subroutine it's like this:

JUIAPTO
INS T. —> I NST-> .SUBtOUriNE—l NST.-^IHST

Figure fhl

The "return" causes the computer to go 
back to the place that it was before the 
subroutine was called and continue 
executing the main program.

Maybe the "subroutine" concept 
confuses you (though after such a terrific 
explanation it's hard to imagine how). If 
it does, here's another way that you can 
think of them;

SOFTWARE MODULES

You're certainly used to synthesizer 
"hardware" modules by now - all those 
little processing elements (VCO's, VCF's 
etc.) that we tie together with patch cords 
to produce different sounds or effects.

Here we have their equivalent in 
computer instructions - little modules 
of programming that are patched togeth­
er (not with wire, of course, with more 
programming) which, depending on how 
they're tied together, produce different 
effects.

LOOK and NOTEOUT are not the 
only software modules that are useful, 
others include SAVE (the "recording" 
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module, SREPRO (the "playback" mod­
ule), DELAY (a time delay routine), 
POLY (a useful polytonic resource 
allocation algorithm), and others.

These various modules are available 
in a number of different forms. They're 
available just as program listings (which 
can be manually entered into the computer 
- very tedious but about as cheap as you 
can get) or they're also available on 
cassette tape that can be loaded into the 
computer using the optional cassette 
interface.

First choice for a place to save these 
universally useful programs, though, is 
Read Only Memory.

This is the most expensive alternative 
(ROMs have to go for about $20/each - 
one would be filled by the programs 
mentioned above) but it has the advantage 
of NOT HAVING TO LOAD THE 
PROGRAMS AT ALL. Every time you 
turn on the machine, they're there, 
waiting to be used.

SOUNDS INTERESTING 
WHAT DO I NEED TO GET STARTED?

If you already have some PAIA 
synthesis equipment, you're well on 
the way, but you need to convert to the 
new digital format. We've tried to 
make that as easy and inexpensive as 
possible by providing a retro-fit kit to 
digitally encode your present PAIA 
keyboard, the EK-3 Keyboard Encoder 
Kit mentioned in POLYPHONY "Lab 
Notes" 4/76.

This encoder is primarily designed 
to fit 4700 series keyboards, but will 
of course fit 2720 series equipment as 
well. It is one of our experimenter's 
kit series and does not include step-by- 
step instructions.

If you want to start over with a new 
keyboard, we have the 8782 Encoded 
Keyboard - one of our full kits with 
complete instructions.

If you already have an organ and 
would like to use that keyboard for 
either synthesizer or synthesizer/com­
puter interface, we have the EK-4 
Organ Keyboard Encoder which we 
will examine in next issue's "Lab Notes".

The advantage to this is that the 
keyboard already in the organ may be 
used for both synthesizer/computer 
and organ - all at the same time. Even 
if there are no "spare" contacts on the 
keyboard.

BUT I DON’T HAVE A SYNTHESIZER!
Looking back over the text to this 

point I notice an important point that has 
not been prominently mentioned. This 
system - because of the properties of 
the D/A - will work only with low-cost 
LINEAR synthesizer modules. Synthesis 

modules whose characteristics are 
exponential cannot be used (though it is 
an easy matter to substitute another D/A 
for ours).

It is difficult to tell someone what 
the configuration of their synthesizer 
should be. Particularly with modular 
equipment like our current line. The 
modules that make up the system are so 
much a function of the use to which the 
system is to be put.

Never the less, we have two systems 
configured as starting points. "Starting 
points" because it has been our experience 
that most people add and make changes to 
their system as time goes on. Customizing 
it to their application.

These two packages are the 4700/C 
(primarily a monotonic system) and the 
4700/1 (suitable for polyphonic work, 
limited multi-track recording, etc.). 
These are both systems that we originally 
put together to take to shows. Each for 
its intended purpose, they have proven to 
be reliable and versatile; each capable 
(by design) of turning someone from an 
"I don't like synthesizers" person into a 
"I never realized they could do that" 
person. Maximum usefulness and versa­
tility within minimum "waste" capacity.

The 4700/C is a minimal, useable 
system. It has roughly the capabilities 
of the "mini" this and that that you see 
advertised. It's made for people who 
find synthesis interesting but aren't 
really sure that they're going to get into 
it in a big way. It is (briefly) an ideal 
place to start. And since all of our gear 
is modular and available separately, it 
is a system which will easily grow as your 
interest grows.

The 4700/1 is by the standards of the 
industry a good-sized system. It's 
difficult to make comparisons, since some 
of the modules (particularly those that are 
the computer interface) aren't available 
from other manufacturers; but, if these 
modules were available and you purchased 
them assembled through the normal dis­
tribution chain the '/I would be on the 
order of $2, 500 to $3, 500 worth of equip­
ment. And, again, it's not a dead-end 
system, but one that can grow.

One final comment in this section is 
in order, and it may seem strange for 
someone who is, after all, trying to sell 
you equipment:

DON’T OVER-BUY
There are two reasons for making a 
statement like this - both imminently 
practical; 1) our experience has been 
that you will probably like the equipment 
a lot and will be a customer for many 
years, but if you don’t ( and aren't) you 
don't have a bunch of money sunk in 
something you're not going to use. We 
won't have someone wandering around bad- 
mouthing the gear.

2) Without committing to anything 
in print, development goes on all the 
time - to the practical synthesist, the 
versatility of modular equipment makes 
it desirable to have some of it around 
(ask anyone seriously involved in elect­
ronic music synthesis). But, well, look 
at any issue of POLYPHONY - development 
goes on and you never can tell what's 
just around the corner.

WHICH COMPUTER?
This one is almost as bad as which 

synthesizer. For the same reasons - 
the decisions are very personal and user 
related. Also like the "which synthesizer?" 
though, we have suggestions.

Our first, and strongest, suggestion 
is our own 8700 Computer/Controller. 
High on the list of compelling reasons to 
select this machine should be the fact that 
it will have our fullest software support 
(all of the programs mentioned earlier 
are available now), it is physically 
designed to fit into a space that has been 
kept free in our 4700 and 8700 series 
keyboards and is a machine designed to 
the PAIA ideal of "maximum impact for 
minimum bucks". '

The 8700 is based on a 6503 processor 
(a fully software compatible version of the 
increasingly popular 6502) and has features 
as described in the product summary. 
This processor was chosen over others 
which were - at the time that the decision 
was made - more popular for a variety 
of reasons, but by far the biggest was 
that it is an easy machine to use. Even 
if you're programming in machine 
language ( and don't kid yourself, the 
day will probably come that you will 
want to do something completely differ­
ent - something not available either from 
us or from the independent user's group 
program exchange - and the only way to 
do it will be to write the code yourself, 
it's easier than it looks).

But let's suppose that you already 
have a computer. If that computer 
happens to be something like a KIM-1, 
you're in great shape. We will shortly 
have a complete KIM-1 package showing 
how to interface and almost as complete 
a selection of programs as for our own 
machine ( we like the KIM series stuff - 
and since it, too, uses a 6502.......... )

If you have a SWTP 68 00 system, 
the 8780 and 8782 instructions already 
outline using one of their MP-L's for 
interfacing (sorry, no software support 
from us right now, but surely the user's 
group will come up with some - Southwest 
has a really nice, popular system).

Coincidentally, there are other 
machines that use the 6502 processor 
for which all of our software is written;

continued on page 28........
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Allows you to set and rapidly change the sequence length without patch cords, 
by Bob Yannes

I prefer to use as few patch cords 
as possible with my synthesizer and have 
therefore made extensive modifications 
to my 4700/S. One of the simpler and 
most useful modifications was the addi­
tion of a rotary switch to the 4780 sequ­
encer which allows me to set and rapidly 
change the sequence length without the use 
of patchcords. Radio Shack sells a 12 - 
position single-pole rotary switch 
(#275-1385) which is ideal. There are 
no electrical modifications to the 4780 
and only a few physical modifications. 
The switch fits in the lower right-hand 
corner of the sequencer (obliterating the 
word "out”). This hole can be drilled 
even after the module has been assembled, 
(my 4780 was already installed in the 
cabinet when I got this brainstorm), but 
you have to be careful, Drilling a small 
"pilot" hole is manditory. Figure F 
shows the approximate location of the 
hole. Figure D shows the rotary switch. 
I recommend that you trim off the small 
tab on the front and cut the shaft down to 
about 1/4 inch. If the knobs you're using 

don't have set screws (such as PAIA 
knobs), you might try sawing a small 
slot in the shaft and squeezing the shaft 
together, then jamming the knob on 
(you could epoxy it, but then you'll never 
get it off). Figures ALB show the 
mounting configuration. In figure A the 
wiring layout is also shown - NOTE: the 
wiring layout in figure A is just to give 
an idea of what it looks like, the actual 
wiring order is in figure C. Basically, 
the switch takes the place of a patch cord 
coming from each stage’s output jack. 
You could wire all the switch wires 
directly to the jacks, but it's much easier 
to wire the lines that would go to Jacks 
J5 through J9, to the appropriate points 
on circuit board B (holes AA, CC, DD, 
FF, EE), besides, if your 4780 is already 
assembled, it will be impossible to get at 
jacks J4 thru J9. You may nave noticed 
that one position of the switch is not con­
nected to anything ( if you want to connect 
it, you'd connect it to hole BB on circuit 
board B). The reason for this is that BB 
is connected to jack J4, the first stage 

output j ack. Now, if you want a one event 
sequence, that's up to you, but leaving the 
first position in the switch unconnected 
allows you to switch to this position and 
have the sequencer operate just as it did 
before you added the switch. In particular, 
with the RUN/STOP switch set to condi­
tional run, the sequence will end and the 
clock will stop after the last stage. If 
you don't provide an unconnected switch 
position on the rotary switch, you'll 
never be able to get a non-repeating 
sequence. Although there is no interfer­
ence between the rotary switch and the 
4780; unfortunately, there is interference 
between the rotary switch and the metal 
bar on which the modules mount (in the 
wing cabinet). Be sure to leave enough 
room between the 4780 front panel and 
the front disc of the rotary switch, the 
mounting bar will fit into this gap (or 
you could cut away that portion of the 
mounting bar that interferes). See figure 
E at the bottom of page 9.

FISURE B
SlOE VIEW

F~ ILVkk D

pOTAKV SWIKH 
RA6K> SHACK 
275-/3*5
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Frequency Divider TURNS GNOME INTO "SUPER-GNOME

? 6

- M.J.-

The switch positions corresponding to 
"divide by 2, 4, and 8" will, of course, 
provide octaves below the original 
Gnome signal range. However, the 
"divide by 3, 5, 6 or 10" provides a 
really full bodied harmony which you 
somehow don’t expect from a little 
Gnome.

This circuit is definitely worth 
the 5 bucks or so for the parts. Hope­
fully, we’ll have more goodies from 
John in the future.

Mine ended up having the control about 
where the "Gnome" logo was on the case. 
Assembly was accomplished via perf 
board, wiring pencil and epoxy.
EDITOR'S NOTE:

Some of you may recognize John's 
name. He has published additional 
items on electronic music in other 
magazines.

When we were in San Francisco 
for the Computer Faire, John dropped by 
the booth and whipped his trusty Gnome 
out of his backpack. He showed me this 
nifty "divide by N" circuit which allows 
you to do pseudo-tracking VCO sounds. 

Here's the schematic for the 
frequency divider that I've been using 
with my Gnome.

This is a fairly straightforward 
approach and the diagram shows inter­
connection with points in the Gnome.

Make note of the 10K, . 047 Low 
Pass on the output for a "mellow" sound.

The 5 OK level pot has to be a 
miniature type to fit in the Gnome case. 
The rotary switch is likewise miniature 
and has a small rubber grommet for a 
knob.

The only real challenge is getting 
everything to fit into the Gnome case. 

By: John Blacet

F/&URE £.
INSTALL SEQUENT* 
so -THAT mobVLt Support 

GA/L FITS RETWEtA/
FRONT PANEL AND 

Notary switch front
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I recently found an interesting 
circuit, by Michael 8. McNatt in an old 
issue of ELECTRONIC DESIGN Magazine, 
that I would like to share with other PAIA 
equipment users. It is a variable speed 
and variable range pseudorandom tone 
sequencer. As seen in the schematic 
shown in figure (a), exclusive OR gates 
Gl, G2 and G3 are configured as an 
oscillator (adjustable through about 
2-20 Hz.) which clocks the 4015 shift 
register IC. The shift register and 
exclusive OR gate G4 generate a pseudo­
random sequence of 127 seven bit binary 
numbers which are decoded into voltage 
levels by resistors R1 - R7 and the op­
amp (a simple D to A converter.) These 
voltage levels control the output frequency 
of.an astable connected 555 timer IC. 
The range pot, which controls the gain 
of the op amp, adjusts the spread be­
tween the minimum and maximum freq­
uency desired. A power-up circuit 
formed with R2 and Cl introduces ONEs 
into the shift register during the first 
few clock pulses. The circuit arrange­
ment avoids a possible all-Zero lock-up 
state. Diode D4 discharges Cl at turn­
off, so that the power-up circuit is 
immediately available for re-use. The 

momentary sequence reset switch is 
used to introduce an all-ONEs state 
into the shift register as a starting point 
reference for the sequence." When the 
Mode Switch is in the Glide position, the 
555 moves smoothly from note to note; 
when the switch is in the Blip position, 
the 555 is reset on alternate half cycles 
of the clock causing a staccato sequence 
of notes. (If desired, this switch can be 
left out of the design, but be sure to 
short pin 4 to pin 8 on the 555.)

The output (pin 3 of the 555) can be 
used directly to drive a small speaker, 
or can be used as an input to the PAIA 
synthesizer line. You can pick up the 
required 9 volts from the synthesizer’s 
9 volt bus rod (likewise ground, of course.) 
I found that a small capacitor in series 
with the output helps to eliminate clicks, 
especially when in the Blip mode.........
experiment to find the best value for your 

set-up. I made an etched P. C.board for 
this project along with a front panel so 
that I could mount the unit in PAIA’s 
road case. Of course, I see no reason 
why other construction techniques 
wouldn't work as well, perf-board, etc. 
There are no trick/ considerations to 
watch out for. All parts are standard 
(cheap) and can be found at almost any 
surplus dealer or electronics store.

When constructed, experiment with 
the control settings. Many different 
effects can be had. Try a narrow tone 
spread with fast clocking ... a jungle of 
birds, maybe .... who knows!

Ed. note: Ken said that he will sell 
copies of his original PC layout to any­
one who is interested in making this 
circuit into a module as he did. Contact 
him at the address listed in the Local 
Happenings section of this issue.

-M. J. -

MOMENTARY SEQUENCE
RESET SUJITC.H

N.O.3
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Normalizing Synthesizer Controls
By: Garry Miller

There hasn’t been a whole lot said 
about normalizing thus far in Polyphony, 
so, since I have organized a central 
switching board for my own PAIA equip­
ment, I thought I would share my ideas 
with Polyphony readers.

My reasons for switch-orienting my 
synthesizer can be summed up in a 
single word; Speed!

When I first assembled my PAIA 
equipment and got it all working, I was 
amazed at the variety of sounds I could 
get with the multitude of patch combina­
tions available. Even with the 2720 
equipment alone, if you take the time to 
set things up, you can have a very 
versatile axe. However - fast, it’s not.

If you don’t have a lot of equipment, 
and only a couple of keyboards, and don't 
have to sing all the time, you can possibly 
get by with patching your synthesizer. 
If you’re anything like our group, though, 
you would have to settle for getting only 
a couple of different sounds out of your 
unit per set.

Although we use other synthesizers 
in our act, I nowuse my PAIA synthesizer 
extensively and with a minimum of effort 
for bass, as a lead instrument and also 
for special effects. The best part about 
it is; I can still patch my synthesizer 
any way I want - for studio work, ” special’' 
patches, or just experimenting.

What is involved is procuring about 
35 or 40 switches and sitting down with 
your soldering iron and a roll of wire to 
the tune of about four or five hours of 
work.

My switch panel is set up on a one 
eighth inch aluminum panel which is the 
size of three single width module panels, 
or four by six inches. The panel is 
drilled out to accomodate 36 mini-toggle 
switches. I use two different types; 
single throw and dual throw. Dual throws 
are much more expensive than single, 
so should only be used when necessary. 
Actually, many different types of switches 
can be used, selector, push-button, lever­
type, etc. I use mini-toggles because
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they are easy to work with and are 
extremely fast.

So far, I have fifteen SPST and 
twenty-one DPDT (center off) switches 
in use, and will expand my panel as I 
add more effects and modules. They 
are used to route both control voltages 
and audio signals, and, in effect, take 
the place of patch cords directly.

I have permanently wired my key­
board "out” to my transposer. In turn, 
I have one "master” VCO permanently 
wired toKBDout, with two other VCO’s 
permanently wired to one each of the 
transposer outputs. The signals from 
the oscillators are wired to the patch 
panel, each signal being either on or 
off to a dual throw switch which sends 
it to one of two possible mixer channels 
or off. The mixer, in turn, is routed 
to two sets of filters (permanently), 
right channel going to the input of a 473 0, 
with the left channel going to both a low 
pass and high pass filter simultaneously. 
Whenever any of the filter switches are 
in the ” in" po s ition they are s ent directly 
to the inputs of the VC A, the 4730 going 
to the 3 db. input, and the -3B and -3L

to the 0 db. input. The output of the 
VOA goes directly to the audio amplifier.

Signalwise, that’s pretty much it, 
except for the noise output which I have 
sent either to channel one or channel two 
of the mixer. (Note, that, when the 
oscillator signal switches are in the out 
position, the mixer can accomodate any 
other signal, sending it directly to the 
filters.)

The voltage control outputs are 
similarly routed to the control inputs 
via a number of dual throw switches 
acting as selectors, (see figure (a) )

Obviously, there are as many 
possible switch combinations as there 
are patches available, and each 
synthesis! would want to tailor his 
system according to his needs. Agreed, 
many owners of PAIA equipment would 
not need nearly so many permanent set­
ups, and there are probably those who 
would need more.

I’ve found that my system works 
wonders for me. I hope that I've helped 
someone else out there. Now all that 
you have to do is find room for a four 
by six inch panel!

letters:
......................continued from page 4

lot has been said about the design of 
individual modules, nothing is mentioned 
about putting them together to form a 
well planned synthesizer system. Although 
your equipment would be functional no 
matter what the arrangement of modules,

certain configurations lend themselves to 
a more orderly thought process when 
making patches.

To begin with, it is necessary to 
classify modules into basic functional 
groups: Sound sources, Controllers, and 
Processors. Synthesizer sound sources 
are VCO's and Noise Generators (un­
fortunately, the PAIA Noise Generator is 
associated with the Control Oscillator

which is is a controller, fouling up the 
logical set-up somewhat). Other control­
lers are the keyboard, Sequencer, and 
Envelope and Function Generators.
Everything else is a processor (the Envel­
ope follower/Trigger is sort of a special 
case since it processes a signal source 
for use as either a signal or a control).

continued on page 29...........................
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Eliminating Patch Cords Without Eliminating 
Capability... A Practical Approach

By: Gary Bannister

In working with the PAIA synthesizer, 
I have found that the main drawback of 
studio synthesizers is still present — 
PATCH CORDS! Those little demons 
are either just a little too short, or 
three times too long for the patch.

Totally prepatched is not the 
answer, either. Great on the road, 
but get them in a studio and everything 
sounds the same.

The ultimate would be a combination 
of both. Certain patches quickly available 
but easily modified and/or removed for 
more progressive work.

Unfortunately, only one such synthe­
sizer with these capabilities exists. 
Several have made some attempts to 
interface a unit with the outside world, 
but the ARP 2600 still reigns supreme.

I've played and worked, laughed and 
cursed, created and destroyed, and some 
ideas are coming to a head. I would like 
to share them.

My first system was a PAIA 2720/A. 
Quickly there followed additions and 
wing cabinets. One of my first concerns 
was quickly switching audio sources into 
and out of processing modules. Plugging 
patch cords from sawtooth to square to 
triangle took too long, and plugging from 
one output to another caused pops in the 
amplifier.

The circuit below was the first that 
came to mind. Simple construction with 
audio j acks and rotary switch in a bake­
lite box, all parts readily available.

Note that this is a six-position switch. 
This would accommodate square, saw­
tooth, triangle, sine, modulated pulse, 
and noise. This switch, being a passive 
unit, is bi-directional; that is, inputs 
could be outputs and vice-versa. I 
built two such switches, and they serve 
me very well.

In any system, it seems that there 
are more control cords than audio. I 
guess this is as it should be. In any 
case, more need arises for switching 
controls than audio. The problem here 
is that in many cases controls may have 
to be changed (like the above audio 
example), modified, or shut off com­

A simple SPDT switch and three 
pin j acks are all that's required. I 
suggest a toggle type switch. They 
give you direct visual indication of 
which input is selected (but so do the 
square slide type) and you don't have to 
drill square holes.

Digressing for a moment, a strong 
point should be made about the visual 
feedback. It is extremely important 
that all switch positions be accurately 
labeled. One should be able to simply 
look at your switches and tell what 
function they serve. In the previous 
examples it is not so important to 
know which jack connects to what 
function, but which switch position 
connects to which jack. The particular 
input to any one jack may change from 
patch to patch, but a given switch 
position should produce a given res­
ponse in any one patch.

Back to control switching:
The SPDT set up works nice for 

two different inputs, but what if you 
want to simply change one input? A 
good example would be a different 
amount of filter sweep from the same 
envelope generator. Obviously this 
can be done with the variable output 
jack, but each change reduces the 
possibility of exactly repeating the 
others. A slight change here takes 
care of the problem:

Patching the variable output into (1) 
and the fixed output into (2) allows for 
two totally variable outputs which are 
instantly and exactly repeatable.

pletely. Each change can be effected 
with the output level controls on many 
of the modules, but at the expense of 
accurately repeating the patch. The 
following sketch is the germ idea.

This would allow the same effect as the 
first, but with even more versatility.

One more variation, now. I have 
one of these, but I haven't found much 
use for it. Maybe you can.

One important thing to note. Each 
of these circuits require a ground 
reference. I built two of the audio 
switches and two of the control switches 
in the same box. I always use shielded 
cable, so all of the grounds (including 
audio) can be tied in through the shield. 
If you build the control switches alone, 
it will be necessary to make provisions 
for a separate ground input jack.

The circuits shown to this point 
did solve one of the problems concerned 
with here: quick and accurate selection 
of a patch. However, the other problem, 
length and number of patch cords, has 
been multiplied. To select one of two 
controls now requires three cords 
instead of one, and to select one of 
four oscillator outputs requires five 
cords.

In my search for innovative new 
sounds, I found that I required more 
oscillators and filters, and that all 
must track the same source, the key­
board mostly. I purchased three 
2720-2A oscillators and one 4730 filter. 
Any one can see how many patch cords 
this would require! There are a couple 
of hidden problems, though.

How do you construct a chord with 
the three oscillators and then process
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it with the filter? First off, the filter 
and all three oscillators must track. 
A manual transposer handles this well. 
Now you need a mixer between the 
oscillators and the filter. Before you 
are done you have about $175 tied up 
in a "voice module". But take heart!

Let us look at a block diagram of 
what we need, (see figure F)

Some rules to follow: Do the above 
with a minimum of patch cords, and 
don’t lose any of the versatility of 
modular systems.

I ran into one problem right away. 
It is a function of the Manual Transposer, 
whose schematic follows:

ALL POTS 500K£L

ALL FIXED RESISTORS 
SGKn.~IO% (H)

Note also the layout’ of the Manual Trans­
poser front panel, and how it corresponds 
to the layout of the oscillators and filter. 
Here is a prime example of visual feed­
back!

Now, how do we get rid of patch cords ? 
All prepatched synthesizers use the same 
idea, hardwire (solder connections) 
BEHIND the front panel. We will use the 
same idea here. Connect a wire from 
each oscillator to its corresponding control 
on the manual transposer.

Each oscillator and the filter have 
three control inputs. I connected to the 
first (leftmost) of these in each case. 
Remember that while tracking all three 

The effect is to put more resistance 
into the summing networks of the oscil­
lators and filter. This works great, but 
it also increases the input impedance of 
the modules, making them more suscept­
ible to hum pickup. I changed the circuit 
as follows:

The equivalent impedance of each pot is 
now approximately 5OK ohms, and the 
total load on the input circuit is about 
12K ohms. This produces negligible 
loading effects and no susceptibility to 
hum.

Note that three oscillators, a filter, 
one power supply ( all that's necessary 
is - 9v.), the manual transposer, and 
the wing cabinet panel take up almost all 
of the toom in a 4761 Road cabinet. In 
fact only two single widths are left, I’ll 
use them later.

Now keep in mind the importance of 
visual feedback. I decided to arrange 
my cabinet like so:

4-761 CABINET 

ARRANGEMENT

OS.C.
1

0£t.
2 / /

osc.
3 FILTEg.

TRANS­
POSES.

O°O°
OoQo 
0 0 0

MANUAL- 
TRANSPOSED. 
FR.ONT "PANEL

(J)

oscillators from the same source that 
the first pin jack cannot be used for an 
external input. However, the other two 
can still be used for vibrato, etc. The 
same applies to the filter. Now, playing 
the oscillators is a simple matter of 
connecting ONE control voltage to the 
Manual Transposer (and ground of course) 
and tuning each oscillator and filter with 
its corresponding pot on the Transposer. 
(I also have the RANGE controls mounted 
on the front panel, but that’s another 
story). Note that this requires ONLY ONE 
patch cord for four units, and still the 
other inputs are available.

We’ve solved the control problem, 
but we still have to mix the signals before 
we get to the filter. Another 4711 Mixer 
adds ultimate versatility, but it also adds 
more cost for features we don’t need 
(like panning and stereo). The circuit 
shown in figure (k) is no surprise, and 
serves the purpose very well.

Each oscillator has a separate level 
control. Maximum volume is unity gain
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