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ABOUT THIG NANUAL

This sanual is an instruction and users manual for the Serge Systes Modular Synthesizer. It is intended to
serve twn purpesgs:

1. A Self-tutorial instruction manuwal for those who have never used a synthesizer before and for those who have
used a synthesizer, but not a Serge, before.

2. A User’s reference manual and guide that provides information on how to use each aodule, how to interconnect
andules to produce certain effects and how to interconnect the Serge with other devices.

This manual 1s arranged into the following sections:

1. The Introduction.

2. Seli-Teaching Patch Mumber One--Getting & Sound

3. The Theory of Electronic Music

4, Seli-Teaching Patch Wuaber Two--The Theory of Sound
5. The Serge Systes Modules

b. Appendices

It you have never used a synthesizer before it is strongly suggested that you read sections ! and 2, sorking
out the patches as you go. If you are confused at this point, don’t worry, keep going. These exercises will
give you the basis for understanding the explanations in suhseguent chapters.

It you have used a synthesizer, but not a Serge, the patch worked through in section 4 provides a qood working
knowledge of the basic modules of the Serge.

It you are already familiar with the Serge system, specific information on the different sodules and how to
patch thea together can be found in sections 4,5 and 6.

For inforsation on interfacing to other eguipaent, refer to the Appendices.
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INTROBUCTION

A SYNTHESIZER is a musical instrument, which means that it is a tool for making music. With any tool there are
two things to learn: what it is that is being aade AND how to use the tool to help in its saking. In this
tase you have to learn about the structure and the natere of the music you are making, whether 1t be
electronit, rock, jazz, classical or what-have-you, AND how to use a synthesizer. However, these two things,
the music and the instrument, are highly inter-related. Take the piano for instance, which would not have been
developed unless there already existed a certain kind of music {chordal, sany voiced}. fnd yet, once deveioped,
the piano thanged the kind of ausic written amd played, It is unlikely that Rags would have been developed if
there had been no piano.

The sase is true for the synthesizer. It was developed originally in the Sixties as a response to certain
kinds of music that was already being written and played (tape collage, "classical electronic® and certain
kinds of jazz), yet it soon changed the ausic for which it was built. Before long it found its way into other
yinds of susic, such as pop and rock. So of course each of these musics changed the synthesizer as well.
There is now, for instance, a "phaser® available on most synthesizers-- o device that electronically
duplicates certain rock and roll recording techniques.

A1l of this is to say that a synthesizer is best understood within the context of the music in which it is te
be played, # good way to learn about synthesizers is to Iisten to records and tapes of other synthesizer
players, to go to concerts of electronic ausic and to read books available on the subject. In the begirming
imitation is a gond idea so that one cam learn what is considered good standard practice, what is fresh and
new, and what is & cliche.

The Voltage Controlled Modular Electronic Music Synthesizer {the instrusent’s full name) exists in two worlds
at the same tiae: the world of electronics and the world of spund. Although the objective is te produce susic,
a little of both these worlds sust be conquered to be able to use the synthesizer to its full potential. This
it because, as will be explained in more detail later, the synthesizer is not really one instrusent, but
rather, an assembly of ssaller ones (aodules) which can be hooked together {patched) to create many different
larger instrusents. The synthesizer player really 3is, in part, an instrusent builder, and just as an
electronic organ designer aust know something about electronics, acoustics and mesic, so must a good
synthesizer player. However, you do not need to know much about either electronics or acoustics to use the
synthesizer to make good ausic. The synthesizer itself is an excellent teacher of both sisple acoustics and
elenentary electronics,
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AMP AND SPEAKER

The Serge System does not contain its own aeplifier and speaker so it must be comnected to such a systea to
hear any sound, Below are the sost common systess and where the Serge connects to thes.

COMPONENT STERED 5YSTEM

A% Avx-in | L=<l

PRE-
SERGE AnRAP AMP

This is the most comaon hose stereo systea (though sometimes the pre-amp and asp are integrated into &
single larger component.) The Serge should be comnected to the AUX-IN inputs in the back of the pre-asp.
The Serge can be thought of as another component, cosparable in ievel to that of a reel-to-reel tape
recorder. Remesber to have both speakers hooked up and to switch the centrols on the front of the pre-aap
to AUX-IN. Keep the voluse down until you have a good sense of the loudness of the Serge so that you
don’t overdrive your speakers, Most speakers are built for classical susic spund spectra. bSynthesizers
are able to produce sounds that have far sore energy in the "high” end and can damage speakers if care is
not taken. If there is a headphone output you can use it to listen to the Serge without the speakers.
Since it is a "stereo” you can listen to two voices seperately by connecting one voice to the left AUX-IN
and one to the right AUX-IN.

PONER ANPLIFIER

e

SEROE AMP

R

Sometises in a studio situation the Serge will be directly cosnected to a power asplifier. This 15 not
recoanended for hose use. When this configuration is used, the only controls on the voluse are on the
Serge itself so it is important that they be kept at appropriate levels so as not to damage the speakers.

STAGE AMPLIFIER/SPEAKER (ROCK AND ROLL AMPLIFIER)

LINE-IN Dﬂ

GPEAKER
Bok

SERGE HEAD

I+ you are wsing a stage or rock and roll type amplifier/speaker the Serge should be plugged into the
HI-Level or Line level imput.
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CONNECTING CORDS

Cords are used to connect between the various sodules on the synthesizer, and alsa to connect the Serge to
other electronic devites. Every connector on the end of a cord or on a device, hae Both a Type and a Sex [male
or fesale). Only connectors of the same type and of opposite sex can be connected together. DBelow are the
connectors commonly found in electronic sound equipaent.

THE AC CONNECTOR

FEMALE

This is the “power® plug and is used, alsost exclusively, to get 120 volt AC current out of the wall, 14

your equipment is not working the first thing to check is whether everything is plugged in, Many AC power

plugs have a third, round nib. This is the ground connection. Unfortunately not all AL jacks have a hole
to accomodate this nib so an AC adaptor sust be used. However in sost cases grounding 15 not required.

4

Vi

fnother problem that arises with AC connectors is that ypu usually end up with far aore males then
feaales. One solution to this is an “octopus” which accepts up to eight plugs and aiso has the advant age
of aliowing the user to turn everything off at once. Most octopi alse have a fuse which can protect your
systes from damage. If nothing goes on at all, check te see that the fuse is still good.
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THE RCA or PIN CONNECTOR

- @)

MALE FEMALE

The jacks on the back of most home stereo systeas are RCA fesale, Note that the males of this species
have little skirts around thes that grip the outside of the females. MNake sure that these grip tightty by
bending in these skirts just slightly. The skirt is the “"ground® while the pin in the center is *hot® and
carries the signal. Bince they are often used in sterep situations, they often come in a joined pair.
When using such a pair make sure that the correct ends are used.

=T
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THE PHONE CONNECTOR

MALE FEMALE

These are the plugs that are found on the end of guitar cords and the jacks that are found on the front of
rock amps. (They are also the jacks found 1n old-fashioned phene systems and hence their name!. The shaét
of the Phone plug is divided by 2 narrow black band. The tip is the signal, or "hot®, while the upper
shaft is ground. A sterep version is also available with two black bands on its shaft. In the sterec
version, the lower two segaents carry the signal, while the upper section is ground.

Z:: i Ly IR

Z GROUND

The stereo phone will only work when used with a jack made to handle this type of plug. Typicaily an
instrusent input is sono, while a headphone out is stereo.
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NINI-PHONES (MINI-JAEK)

= =0

MALE FEMALE

These are the jacks found on the output modules of the Serge system. iNote: the Serge systes uses the
fserican-made version of the mini-phone manufactured by Switchcraft. Mini-phones made in Japan are alaost
identical, but do not use them since they becose intermittent when used with the Aserican jacks, Like the
full-size phone plug, the tip carries the signal and the upper sleeve is ground.

BANANA CONNECTORS

MALE FEMALE

Within the Serge systea almost all patching and connecting is done with banana plugs, which are s¢ named
because of their curious shape. These connectors are not grounded or *shielded®, that is, there is no
wrapping of wire sesh around the central wire. The cords are usually color-coded by iength,

BARE WIRE

@a)

SPEAKER OR ONNECTOR
ZIP CORD

This type of connection is usually only found between amplifier and speaker. Always make sure that the
speakers are connected to the asplifier before turning the amplifier on. If the system is a stereo systen,
sake sure that "phase” is maintained by connecting both speakers identizally. One of the strands is

parked to make this siapler.

CANNON CONNECTORS

MaLE FEMALE

The cannon (or XLR} connector is most often found on sicrophone cords. It is a "haianced” comnector with
two signal lines and a ground. Note that the male’s prongs are within a skirt and that this should not be
confused with a female connector. The canmon copmector clasps shet and a button or lever sust be pressed
to disconnect thes.

INTRODUCTION  1-%



CINCH-JONES

FEMALE

ften found on power supplies, speaker wires and trigger cables because of its inability to be connected
backwards. This type of comnector is used for wires that need to be connected and disconnected freguently.

MOLEY CONNECTORS

This type of connector is usually used for internal power supply connections since they are not freguentiy
disconnected. Note that the four connections are nusbered on the plastic housing.

ADAPTORS

At times it will be necessary to patch between a jack of one type and a jack of another type. There are
two ways to solve this probles. The first is with a cord with two different kinds of plugs on the ends,
angd the serond is with an adaptor.

Cords with two different plugs can be purchased or can be asseabled without much skill, When saking such
cords be sure that the grounds of the two plugs are connected together and the signal parts of the plugs
are connected together. Perhaps the most cosaon way of dealing with the problea is with adaptors. These
are saall devices with a jack or plug of one type on ooe side and another type on the other side. It is
alsp possibie to find adaptors that go from a jack to the same kind of jack which are used primarily for
making one long cord out of two shorter cords. When purchasing or asking for an adaptor be sure to
specify not only the type of jack/plug needed, but also the sex.

While it is pessible to stack one adaptor on another, or to place them in elaborate combinations with
various kinds of cords, it is wise to reaember that the sore connections one has the sore likely
something will go wromg. In fact, this problea is soc comson that if no sound is coming ocut of your
systes, right after checking to make sure that evervthing is plugged in, check the adaptors.

In the long run it 3s worthehile te purchase the correct cords and adaptors for the job. You will find
that they are easy to lose and a box for thea comes in handy. You may also find that you lose fewer of
thes i+ you can wmark thes in some personal fashion.
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THE SERBE SYSTEN

While the Serge may look like a single machine, it is actually a collection of much ssaller devices or, as they
shall be called fros now on, MODULES. This explains the word Modular in the full title: Voltage controlled
scdular electronic music synthesizer. Except for the internal power supply wires which supply thes with the
power necessary to operate, each module is COMPLETELY independent. They are no aore interdependent than your TV
and your toaster are when plugged into the same AC wall socket. Unless hooked together with PATCH cords these
modules resain independent and can be used separately. But the real interest of the synthesizer lies in
hooking these modules together.

The Serge is divided into panels that are 17 inches across and 7 inches high. Except for the
sequencer/keyboard module, which takes up a whole panel by itself, pach panel coetains a number of different
aodules, FEach module is surrounded by a line and has the name of the sodule at the top and the loge "SERGE" at
the bottom. Modules with the sase name are identical and interchangeable. Learning about a synthesizer is
learning about what each andule does separately and what they do when all hooked together.
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CONNECTING SERGE TO SPEAKERS/AMP

In all Serge systems there is at least one acdule whose function is to connect the Serge te the amp/speaker
systes. These are called "output modules® because they take the signals from the Serge and DUTPUT thea to the
speaker and asps. Dutput modules have inputs that accept banana plugs fros the other podules on the Serge and
have either mini-phone, phone or RCA outputs. These non-bamana conpectors can go dirsctly to the amg/speaker
system. Below are diagrass of the various sodules that serve this function, Each diagras is labelled to show
where to "input® into the module and where to take the "output® from. The output cord goes to the amp/speaker
systes. Under each diagram are instructions for setting the dials or POTS (short for potentiometer} on the
sodule. It is important that these instructions be followed at this point. In particular, no cords other than
those listed should be patched to the output aedule. In the following section this module is referred to as the
Jutput Mpdule.

ouvT ovT
UNIVERSAL EGUAL POWER ALIGIO PROCESSOR VOLTAGE CONTROLLED STEREC MOGR
~
QLTPLTS
T H"' [ Q_aoc»«'r ]
OUTPUTS
®¢ o o - @0
1 b 3 - P n———

®
b
e @ |OBD®0
LCoe. @°©®

e’

() FuLL RIGUT O FUuLL RIGHT (D FuLL RIGHT
@ FuLL LEFT @ rFouLl LEFT

I the Serge is not already on, flick the power switch ON now. The amp chould be turned all the way down.

You are now ready to make your first electronic sound, which will also test whether all the inter-connections
so far are good. After the sound the theory.
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LEARNING PATCH NUNBER ONE

Or, Making Sounds Knowing Nothing.

STER ONE

1.1 Locate a Precision VCO or a New Tiabral Oscillator on the Serge. I+ you choose to use a Precision vCo, set
its Range switch to HI. Both of these aodules are Oscillaters and differ froa each other only by some special
features, A1l identically labelled modules are identical and interchangeable, so that if the systea contains

sore than one of these sodules any of thes will do. For brevity these two modules will be referred to as "05C".

NEW TIVMIRAL OSCRLATOR

ouUTPUT
Mo DULE

cuTpPLT
MODULE lour

s X

N PORTAMENTS

z
F4

\‘(-

®© ®

o o
s

In the following discussion the Precision VCO will be used as the exasple Oscillator apdule, though the New
Tiabral Osciliator can be substituted as in the above diagraa,

k)
2

1.7 It should be clear that all of the jacks on the DSC, though of different colors, are Banana jacks, as are
alaost all the connectors on the Serge systea. This means that only one kind of plug is needed to patch froa
anything to anything else: a banana to banama cord. This kind of cord, since it is the prisary cord for
patching varicus aodules together, we will simply call a PATCH EBRD.

Sy

Q PATCH CORD
IIITER RN
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1.3 At the top of the OSC there is an OUTPUT section containing three jacks labelled SAW, SINE, and TRIANGLE.
Like sost sodules on the Serge the output section will be enclosed within a border. Take one end of a Patch
cord and insert its plug into the jack labelled SAM. The other end of the tord should be inserted into “Input
1* of the output aodule (see previcus section}, Make sure that the volume control on your amp is ail the way
down.

In the above diagram, and in all subsequent diagrams in this section, a patch cord will be shown by 2 thick
line drawn between the appropriate jacks on the apdules. The output module will be shown as a square with Input
{ labelled. The amplifier/speaker is shown by a saall speaker.

1.4 Or the 0SC you will find a POT that is labelled PITCH, {POT is the name given to all knobs on synthesizers
because beneath the faceplate the knob terns a potenticaeter.} Turn this POT so that its pointer is set to i
v’clock.

t.5 There should be no sound from your speakers until, slowly, you turn up the voluse on your asp. You should

hear a huzz. Set the voluee on the amp so the sound is at a comfortable level. Try aoving the PITCH POT back

and forth. You should hear a whining sound that moves up and down not unlike the sound of a police siren. The
further the Pitch POT is turned tlockwise the higher the sound becoses; the further counterclockwise, the lower
the sound.

TROUBLESHOOTING

IF YOU HEAR NO SOUND, then it is tise to “troubleshoot®--that is, to look for the problea and fix 1t, This
should be done as aethodically as possible and with as cool a head as you are able to muster. Things go wrong
for the best engineers. Llearning how to troubleshoot is just another, and rather important, thing to learn
about synthesizer playing. Below are some elesentary trouble-shopting steps 4 no sound is heard:

{Be sure to do these things one at a time.!}

A, Check to see that amp, pre-asp and Serge systea are all plugged into an AC outlet and that each device
15 turned on. All the sodules on the Serge are turned on by the single saster switch, If there 15 a
Teuch-Activated Keyboard Sequencer in the system, one of the red lights on one of the touth pads should be
lit.

B. Visually check that everything is patched correctly together. The SAN output of the 0SC to Inpui-1 of
the output sodule. The output of the output sodule to the asp. The asp to the speakers.

C. Check that DSC°s pitch POT is set to the {1 o'clock position and that the saajl switch on the PCO is
set to Kl (if you are using the PCO as the DSCI. Try moving the pitch pet right and left to see 1f
anything happens,

1. Check the settings on your Output module against the settings listed.

E. Check to see that all the settings on your pre-amp are correct. It should be set to AUX if the
synthesizer is patched into AUX. The tape monitor switch should be aff. Try unplugging the cord that goes
to the aap from the Qutput module and touching the disconnected end with your finger. If the amp and

speaker are set wp correctly you should hear a buzz or hus.

F. 14 all else fails try switching the patch cords. It would not be the first tise that a patch cord or
adaptor was broken. Jry a different DSC.

LEARKING FATCH WUMBER ONE  2-2



Now that you have your first PATCH working there are a few things you cam try:

1.6 Try turning the Pitch pot as far to the left as it will go. At some point 1t will start tp becowe a Series
of clicks. Then try turning it as far to the right as it will go, The pitch will get higher and higher ustil
it is harely Within the human range of hearing. Try turning the POY labelled “fine tuning". Like the Pitch
POT it alters the Pitch, but over a such smaller range.

1.7 Unpatch the plug inserted into the SAW output., The sound will suddenly stop. Re-patch into the SINE
output and then the TRIANGLE output, You should notice a differemce in sound guality between these outputs,
This quality is called "timbre® and is one reason why different instruments playing the sase pitch can be
distinguished, For instance, a piano playing a aiddle £ and a violin playing a middle C are distinguished by
their timbres.

STEP THO

2.1 On the Serge systes find the module labelied Audio Mixer. Like a few sodules on the Serge this is a double
sodule, that is, it is actually two identical aodules, one sbove the other. For this patch use the top one,

PRECISION WO DUAL AUDIC MIXER

ouUTPUT

w |l MODULE louT

2.2 Patch the SAW out of the DSC to "IN-1" of the Mixer. Patch the owtput of the Nixer to Input-1 of the
Dutput Module, The POT that is associated with IN-1 by a line should be turned full left. Make sure that the
Pitch POT on the OSC is set as in STEP ONE.

2.3 Slowly turn the POT asspciated with IN-1 to the right. The buzzing sound heard in STEP ONE should now once

apain be heard from the speaker, but at a softer voluge. By turning the Mixer POT further and further to the
right, the sound can be sade louder and Iouder.
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DUAL ALKHID MEGER

PRECISION ——F"—\-@
SINE

VCeo

OUTPUT __,ﬂ
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o MODULE
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o

2.4 Using a second OSC on the Serge set up the above Patch. Use the second 0SC's SINE output to IN-2 of the
mizer. Siowly turn its asspciated POT up. A second sound being NIXED with the first should now be heard, The
loudness of each of the two sounds can be deterained by their associated POTS on the Mixer. Note that you can
adjust each DSC's Pitch separately, I you have a third 0SC you can patch its TRIANGLE output for any of its
putputs) to IN-J of the MIXER.

2.5 When a single pianc note is struck the sound quickly gets loud and then slowly dies put (if the pedal is

down). Try getting this effect by turning the Mixer’s pot quickly to the right and then slowly back to the
left,
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STEP THREE

rers OUTPU
] MIXER, ol T fouT
MOD ULE

IN- L

PRECISION
\de

PRECISION
Vo

ovT | ouTPuT
"} woDuLE

1.1 The Variakle @ VCF and the Variable Slope VOF are both filters and differ only in some of the functions
available on thes (VOF stands for Yoltage Controlled Filter}. Either one can be used for this Fatch, althsugh
in this text we will be referencing the Yariable O VCF, If you are wsing the Variable @ VCF, set the VL@ POT
full left and the GAIN POT Full Pight. If you are using the Variable Slope VCF, input should be te IN-t and
the MIY POT should be full left, YL SLOPE POTS should be set full left. Conmect the output from the VOF's LD
jack to the Output apduie.

1,2 Turn the PITCH POT of the 03C to about ¥ o’clock, which will produce a fairly low sound. The GAIN POT on
the Mizer should be at the level that it had been adjusted in the previous step.
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3.3 Turn the FREQ knob on the Fiiter all the way right. You should hear a buzz similiar to the one in the
grevious steps.

3.4 Slowly turn the FRER POT om the Filter to the Jeft. The sound should get softer and softer and finally
disappear. However, it will get sefter in a different manner than when the Mixer’s POTs were turned down.

Thic time, the sound seems to get aore and more wuffled. The high buzz in the sound disappears first, and then
the rest of the sound. Try 05Cs set to different FREDs, Different outputs of 05Cs (SAW, TRI, SINE), and a Mixer
putput. When listening to these sounds start with the Filter’s FREQ POT set full right in order to hear the
full soupd hefore filtering it.

3,5 Try the same Patch but using the BAND output of the filter. Try the HI output of the Filter, but start with
the FRER POT full left.

3.6 It should be clear that there are a lot sore POTS to turn and adjust than there are hands to turn thes, It
should also be clear that the sounds so far produced are still very siaple and hardly susic. These two probleas
are attacked in STEP FOUR.

STEP FOUR

Lertain things about STEP THREE can be easily said. The PITCH POT on the OSC controlled how high or low the
frequency of the sound would be, while the GAIN POT on the Mixer controlled how loud or soft the sound would
be. The Filter costrolled certain aspects of the timbre or quality of the sound.

loudness, Pitch and Tinbre are all cosponents of & single sound. Even in traditional scores these three
"parameters® are notated.

OUTPUT o Ut
LMODULE
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4.1 Set up the above Patch using a Precision Controlled VCD in coabination with the OSC already being used. I+
the BSC that you had been using is a Precision Controlled Oscillator, then the new 0SC should be patched to the
YCF jack. If the OSC in use was a New Tiabral Oscillator, then the Precision Controlled VCO should be Patched
to the VL AUX jack. The new 0SC will be referred to as OSC 42,

4.7 On 0SC #2 switch the HI/LD to LU and turn the PITCH POT full left. On 0SC #1 either the VC AUX FOT or the
VCF PBT {depending on which OSC. is being used) should be turned right to about 3 o'clock.

4.3 Set the PITCH POT of OSC #1 to about § o’clock; set the GAIN POT of the Hixer to a coafortable volume, Set
the FREQ POT on the VCF full right {use LD output), The Pitch of the output will start to rise, getting higher
and higher, It might get so high that you will not be able to hear it. Then suddenly the scund will drop to a
very low sound and start rising again. It is JUST AS IF you were turning the PITCH POT of the 05C slowly to the
right and then suddenly, fast as light, turning it full left.

8,4 Slowly turn the PITCH POT on OSC 42 to the right. As you do this the speed at which the pitch rises should
increase. As this rising and falling accelerates to more than once a second, the ear starts to hear it a5 @
constant wavering sound. When it approaches 20 tises per second, the ear no longer distinguishes individual
sweeps ithough they are still happening), but rather hears a new, very low scund as well as sose strange higher
sounds. Turn the PITCH POT on OSC #2 higher and higher listening to results as you do so. Try switching pse
$2's HI/LO switch to HI and sweeping the PITCH POT to the left, Experiment with changing the FITCH POT of OSC
£,

4,5 Return OSC #1 and OSC #2 to the settings at the beginning of this STEF. Try using the SINE out ang then
the TRIANGLE output of OSC 42. When the SINE out is used, instead of sweeping up and then suddenly falling
back down, the sweep is a gentle one both up and back down. With the TRIANGLE out the sweep should be siailiar
to the SINE out except & little sharper at the top and the bottom. The TRIANGLE wave will also go higher than
the SINE, and the SINE will make the output sound go below the initial settiag of the PLO. Try these two other
putputs with different POT settings on both PCO 41 % #2.

4,b Re-set OSC 41 and 42 to the settings at the beginning of this STEP, Slowly turn the VCF POT or the YL AUX
POT from its 3 o’cleck setting to its 12 o’clock setting. The sweep will take as long, but won't get ac high or
drop as low. At 12 o'clock there should hardly be any sweep at ail. As the POT is turned past 1X o’clock to 9
a’clock the sweep should start heading DOMMWARD, jumping UPWARD just the opposite of what it had been doing.
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STEP FIVE

5.1 Get the Patch in the previous step. Set the VL AUY or the VCF POT of 0SC #1 to 12 o’clock so that there is
alaost no sweeping and 50 that the sound is neither suféled nor too soft. The FREQ should be cet around 11
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< 7 Locate the TOUCH ACTIVATED KEYBOARD SEQUENCER (or TXB as it will be called from now on) which 1s noraally
at the bottom of your synthacizer and fills an entire panel.

5.3 At the top of the TKB find a switch labelied “YEYS" and turn 1t "ON*.

5.4 Beneath this upper section there are 4 RONS and 16 COLUMNS of POTS. The Rows are labelied A-D and the
coluans are numbered 1 to 1&. Bet the POTS in Row A to 14 different positions--it doesn’t aatter what positions
these are so long as they are all different.

5.5 At the top of the TKR you will find the output section. It contains a nusbher of different outputs
including ABCS, A, B, [, & D. Patch fros A to IV/OCT in OSC 81 as in the above diagran,

5,4 Touch the different keypads at the bottom of the module with your finger. As you do, notice that & little
light that goes on on the pad you have touched. The light remsains on unt1l you have touched another key, s0
gnly one light will be on at a tise. This light indicates that the column above it is ACTIVATED. The pitch of
the sound should change as each pad is touched.

5,7 Turn the pot in the & Row in the colusn that is now activated {i.e. has its light lit). It should be just
like turning the PITCH POT of the OSC #1, but BY REMDTE CONTROL.

5.8 Try setting the POTS in Row A so that a tune can be played on the keypads.

§TEP 51X

6.1 Just as an oscillator’s frequency can be sade to rise or fall by reaote or Voltage Control (that 1s withput
turning that oscillator’s Pot) there are a nuaber of mixers and other modules on the Serge which can contrel
the BAIN of a sound by voltage contrel. The volume can thus be increased or decreased without turning a pot.
In general these sodules are called Voltage fontrolled Amplifiers (VEAs -- or sometimes: BATES) when they have
siagle inputs, or Veltage Controlled Mixers when they have aore than one input,

6.2 Alaost all the Dutput Mixers in the Serge Systea are voltage controllable, meaning that the Gain of their
inputs can be controlled by a voltage coaing from another module. Each input to the mixer has one or more VO
inputs. Below are noted the VC inputs for the various Dutput Mixers, These will be noted as *VE-IN® on the
Dutput Mixer moduie.
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b.4 In the following patch the PCO which is connected to the VO-IN of the mixer should be set

*LO0* and 1ts FRER

turned to the left. It will increase and decrease the GAIN {loudness) of the cpund in the sase fashion that it

controiled the frequency of the other oscillator ip the previous patches:

PReECISION [PAVL vRRIABLE | M ouTPUT ——,[:Q
AV ote) R VCF MO DULE
21 | vC-iN
PRECISION | SAW
VCo
#e-

#1: FREQ POT HO'cLoCK; guwitcH i
#2. FREQ PoT FULL LEFT) swiTcH Lo

6.5 Try increasing and decreasing the freguency of the rontrolling PCO.
and slower, Also try wsing different outputs of the PLO (sine, triangle, sas) and listen to the different

"shapes" of the bursts. This shape is called the *Envelope” of the sound.

The bursts of sound should get faster

b.4 The Dual Universal Slope Gemerator (DSB) is a dual module with two identical sodules in 1t. one above the
other. For this patch the upper one will be used.

5.7 On the output section of the TKB find the jack labelled KP (Key Pulse) and patch it to the TRIb IN of the
D56, The f cutput of the TKB will control the frequency of the PCO as in previous patches. The output of the
D56 chould be patched to the VC-IN of the output module.
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4,8 !n this patch the D5B produces a single envelope, unlike the PCO, which produced a continuous stresa of
envelopes, Furthermore it will produce this envelope on dewand, in this case whenever a key is touched on the
TKE. In this sense the TKR is controlling the DSG. The length of the RISE and FALL times of the envelope are
controlled by the RISE and FALL pots on the BSG. To produce the approximate envelope of 2 piano set the RISE
pot to | o’clock and the FALL to 9 o’clock.

6.9 it is possible to get a somewhat “backward" feel to the sound by reversing the settings of the two pots.

It is also possible to get very long envelopes or envelopes so short that they sound like nothing sore than
clicks,
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5,10 At the back of each plug on the patchrords is another Banana Jack. This allows you to "stack® the plugs
58 that you can patch more than one cord froa a single jack on the Serge, You should NOF STACK MODULE INPUTS,
however. In order to combine voltages, a Mixer or Processor is reguired. If you try to stack at the inputs,
you will be comnecting the outputs of modules directly together. This is the one connection that should always
be avoided in the synthesizer, and if it is not adhered to, it is possible that you will damage the modules.
This mescage will be repeated: Do not connect outputs together.

0K, now that we've said this, let’s apderate it a little. You should not live in total fear of using the
system, In every case, modules are protected against inadvertent output shorts, but if a lot of outputs are
connected together over a long period of tiae, it is possible to put an excessive strain on the power supply.
I+ you find outputs shorted together accidentally, simply resove thea, but get in the habit of thinking of
"sulting”, or stacking, outputs whenever you are stacking bamana cords.

6,11 Stacking cords in this way, patch the output of the DSE6 to the VC-IN of the aixer AMD ip the VCF input of
the filter. Set the associated VOF Pot full right. Set the FRER Pot of the Filter to ¢ o'clock.

PRecsIoN
NCO
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,‘r TOP MODULE
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ToP MODULE | r oF DSCr

or D5SG
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ToOoUuCH
ACTWATED
KEYBOARD
SEQUENWER

TOUCH CoNTROLLED
KEYRoARD
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6,12 Tap a key. The sound should now approach very tlosely the sound of an aroustic instrusent,
oscillator and the MIXER, the Filter is now being controiled.

it dies away {from the action of the Mixer), but it should

6.13 In the following patch all remains the same as the above patch except that the KP is now connected to the

black IN jack of the D56,

ouTPUT

PREC|SION ] FILTER
. vz

h 2

MODULE

e

DSG

TOP MoDULE

IN

KP

K&YBoaARD

What has been added here is the ability to hold or sustain

released,

a sound by keeping one’s finger down on the
keykoard. The RISE will begin as soon as the key is touched, but the FALL won’t begin until the finger is
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STEP SEVEN

P REQSION
VCO

vCF

ToucH ACTIVATED
KEYBOARD SEQUEMER

7.1 Using the lower module of the DS, which will be referred to as DSG 82, patch from the END jack to the TRIG
IN jack of the SAME sodule. This will be the first time that you patch between two jacks of the sase sodule,

7.2 Using the LED light on DSE #2 as a quide, set the RISE and FALL of DSG 42 so that the light flashes about
once per second or even slightly slower,

7.1 Resove the cord from ¥P on the TKE to TRIB IN om DSG 31 and Patch it froa END on DS6 #2 (stacking the
plugs) to TRIG IN on DSG #1. Also stack a patch cord fros the END on DSG #2 to the CLOCK jack on the TKB.
{Again, note that we are stacking at the output. No input has more than one output connected to it, but the
output of DSE 42 is wulted to two places, the TRIG Input of DSE #1 and the CLOCK Input of the 1KB.)

7.4 The TKB should now begin to "sequence® all by itself, stepping through its columns as if you were touching
one keypad after the other.

7.5 Try turming the RISE and FALL pots of DSE 82 further and further to the right. The TKP should step even
faster. You say have to adjust the RISE and FALL POTS on DS6 #1 to the left to keep the sounds from *blurring"
together. Try turning the POTS on DSG #2 farther and farther to the left to make the TKB step slower.

7.4 The PATCH that you have now set up is one of the most comson PATCHES on a synthesizer, yet it is but ore of
an infipite variety. To this PATCH other modules say be added that change the tisbre, that create complex
rhythas, that add second, third and fourth voices. Fros this first section it 15 hoped that you have gained
sose sense of the sounds that a synthesizer can create and to some degree how it creates thea. In the
foliowing section the theory of synthesis will be explored.
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ELECTRONIC WUSIC THEORY

Sounds are vibrations of the air caused by vibrating objects. Take & simple ausical example--the string on a
guitar. When it is plucked, it is pulled in one direction and released. Because it was under tension froa the
pulling, it snaps back to its original position and because of its aosentus, it keeps going through its at-rest

position to an opposite state of teasion.

R (=

ResT PLIXK

It proceeds to move back and forth, each tiae with a little less power, until it coses to rest in its original
position, Almpst all struck or plucked instruments vibrate in sose variation of this action, When the string is
released it pushes the air im front of it causing a slight extra cospression of the air aslecules or, put
another way, a slightly higher pressure. This is called "coapression®. When the string flicks back, it causes
a shight vacuuw, or low pressure area. This is called “rarefaction”. #As the string vibrates back and forth
sore and more of these coapression and rarefaction areas are created. They act like ripples im a pond,
spreading out quickly and always at the same speed, the speed of sound.

\

It you are standing some distance away fros the vibrating string when these ripples reach you, it there were
Sosg way of counting how many waves occur per second, sany things could be told about the string itself! For
one thing, because the speed of sound is constant, you would know how many times the string vibrates in a
second, This nusber is called the FREBUENCY of a sound. The second thing you would wamt to determine is how
strong the ripples are, that is, how cospressed the cospression wave is and how vacuous the rarefaction wave
is. This strength is called the AMPLITUOE of the wave., When working with sound it can also be called the
VOLUME or LOUDNESS of the sound, The Aaplitude can tell you one or both of two things: how strong the source
of vibrations was (i.e. how powerfully it could push air around) and/or how far awsy the source of the
vitration is, because the aaplitude of the ripples decreases with distance.
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There are a nuaber of other things we wish to detect about the sound waves that reach us. Mo ohject vibrates
sigply. Each has a characteristic *wavefora® that, when perceived, can identify that cbject, This is called the
TINBRE or quality of the sound and is how we can distinquish a piano from a violin, We would want to detect
these variations and have a sense of where the sogund is coming +ros.

We perceive these complex waves with our ears. We hear different Frequencies as different PITCHES and we can
hear them over the range of about 20 to 20,000 cycles (vibrations) per second.

e perceive Amplitude as loudness, and remarkably, we can sence the asplitudes of rustling leaves or those of &
jet plane. The jet produces compressions and rarefactions nearly one sillion tises greater tham the leaves!

Without going into such detail, this is the way the ear works: The pressure inside the human head resains
constant {though adjusted to the normal pressure of the atmosphere of the air.} When there ore no sound waves
in the air, the eardrua is at rest between twp areas of equal pressure. However, when a spund wave ripples
past, with its fluctuating bands of high and low pressure, the eardrums is pulled slightly outward during a
rarefaction wave and pushed slightly in by the high pressure part of the wave. This means that the eardrus is
going in and out at the same rate (with the same frequency) as the original sound source. The eardrua’s
vibrations are transaitted by aeans of small bones to the cochlea, a spiral organ in the inner ear filled with
a liguid and coated on the inside with aillions of small hairs, Each of these hairs is comnected to a nerve
ending through which these signals are sent to the brain,

If we could take a picture of a small section of air through which a sound wave is moving, it sight look like
this:

In this drawing each dot represents a few million air sclecules, but even with this simplification 1t is a
rather clussy way of describing how a wave "looks”. Here is a better way is to describe the *pressure” at
each point of such a wave:
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The line labelled *0" is norgal pressure and the wavy line is a graph of the pressure of the wave. ﬁhen Fhe.
wavy line is above the 0 line, the pressure is greater than norsal air pressure, when below the € line, it is
less than air pressure,
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Below are two sound waves drawn using pressure graphs:
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The difference between these two waves is that the top one qoes further above and below the O line than the
bottoa wave. This indicates that its Amplitude or loudness is greater and is measured from “peak to peak”, fros
the top of the highest peak to the bottoa of the lowest trough. Below are twn more waves.
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Notice that in this case the asplitude of the two waves is the same, but that in the sase length of time there
are twice as sany excursions up and down in the bottom wave as in the tpp —- that is the bottos wave has twice
the frequency of the top wave. The bottom wave will sound ONE OCTAVE HIBHER than the upper wave. If a wave has
twice the frequency of another wave, we hear it as one octave higher. Notice that if the first octave starts
out at 80 cycles per second {or 80 Hertz which means the sase thing), then the next octave starts at 160 Hert:
(twice the first), the third #ill start at 320 Hertz, the next at &40 Hertz, then 1280, 2540, and 3120 Hertz.
Whereas the first octave had a range of only 140 cycles per second, the top octave had & range of 2560 cycles
per second! But to pur ear/brain both sound like @ single octave,

Below are two waves:
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These are two wave types that you will find on sost synthesizers; the top one being a SAWTODTH wave and the
bottos being 3 SINE wave. The two waves in this drawing both have the sase frequency and the sase amplitude
but a different SHAPE. The shape of a wave affects its TIMBRE or sound quality. Picture your eardrum being
pulled in and cut by the two waves shown above to see the ditference in the kind of motion the liguid in the
cochiea would have. In the real world, of course, nothing can vibrate in quite these shapes and if it could,
the air cannct rippie in quite this fashion and if it could the eardrum cannot be soved in precisely this way.
But it can all come remarkably close.

Below is what a guitar sound wave sight look Iike:
) %ﬂwmwﬂw

VOLTABE

Voltage can be censidered to be electric pressure. By the pigdie of the 19th Century, eany of the advantages of
converting sound waves (rapidly changing atmosperic pressurel into voltage were discerned. Primary ascng them
was that while sound waves died out relatively rapidly, voltage waves could be sent thousands pf ailes over
wires, around corners and through walls,. The sain probles was how to convert sound waves into voltage waves
and then, after a journey of perhaps a hundred miles, tonvert the voltage waves more or less acturately, back
into sound maves. In other words, the probles was the invention of the telephone.

A Microphone is a device for converting sound waves into voltage waves, or atsospheric pressure into electric
prescure, The sisplest microphones have a diaphraga which acts much like the eardrua in its response to sound
waves., It is pushed inwards by a coapression wave and pulled cutward by a rarefaction wave., This diaphrags is
attached te a device which, when it is pushed inward creates a Positive Voltage and when it is pulled gutward
creates a Negative voltage. When the diaphrags is at rest, its output is Bround-- or O volts.
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Because of this one-to-one correspondence the voltage output of a sicrophone is said to be i1somorphic with the
sound wave input,
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A Speaker is a device that takes a voltage wave and converts it into a sound wave. Though there are sany kinds
of speakers the most common ones work by moving & tardboard speaker "rone” with an electro-aagnet.
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In this kind of speaker the coil of wire attached to the speaker cone sets up magnetic fields which push and

pull itself in and out fros the permanent magnet as the voltage changes, thereby pushing and pulling the cone
in and out. This creates rarefaction and cospression waves in front of the cone. The speaker cone, therefore,
reproduces the movesent of the diaphraga of the microphone and in 50 doing reproduces the original sound wave.
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1t was the ability of such a systes to transmit sound over long distances that {first attracted attention. It
coon becase clear that there were other advantages, Once the sound wave was converted into a voltage wave, it
was far more aalleable. It could be amplified, for instance, so that when the speaker re-created the sound it

could be louder than the sound originally picked up by the sicrophane.
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f speaker doesn’t know where the veltages it is receiving are coping from. lts cone will sove in response to
any varying voltage. A SYNTHESIZER is a device which creates and sculpts voltages of various shapes that, when
directed to a speaker, create sound that can be used in musical settings.

f(((e P iEE

THE DEVELOPMENT OF THE SYNTHESIIER

Fros the earliest days of electromics, there have been various devices to create and alter voltages of audio
frequency. We've already discussed the amplifier which takes am input of a varying voltage and puts out that
same varying voltage magnified in amplitude. Another device is the pscillator, which simply puts out 3 varying
voltage in a nusber of siaple shapes:
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ELECTRONIC MUSIC THEORY  3-4



A knob, or POT (short for POTentiometer, which is the device the knob turns) on the front of the pstillator
would detersine the frequency of these waves, that is, how often in one second the wave would rise and fall.

The first step towards electronic susic was taken shen the OUTPUT ot the pscillator was connected, or PATCHED
to the INPUT of the amplifier. The OUTPUT of the amplifier was sent to the speaker.

osC AMP

Note the *block diagraa” used above. In this form of notation a block indicates an electronic device, The
arrow coming out of a device is its output, while an arrom going into a device is its input. An cutput of one
device is always the input to another device., The output of a speaker goes to the input of your ear. What
sutputs from your scuth inputs into someone else’s ear.

Another device was the Mixer, which takes inputs and adds them together to produce 2 single output. Unlike the
aaplifier the mixer has sore than one input,

o0sC

oac. ’ MIYER, AMP __,ﬁ
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5till another isportant device was the Filter. A filter is a device that car elisinate or acrentuate various
freguency coaponents of 3 complex sound. For instance it can be used to eliminate all the very high cosponents
{the hiss} in & sound, by only allowing those freguencies in the range of the human voite to pass. A pot on
the front of the filter controls which freguencies will be attenuated or eliminated.

0sC

s M XER FILT.|__ . AMP __,ﬂ

osC
S

There were two probleas with this procedure of adding device after device. The first was that very guickly
there were just physically too many knobs to twiddle. The second problem was that the knobs couldn't be turned
quickly or precisely enough. The amplifier could not be turned up and then quickly down again fast enpugh to
sake the "sound envelope" of a single whack of a drus.

The invention of the tape recorder, just after World War II, solved some of these probless. A single sound
coeld be produced electronically, recorded on to a short piece of tape, and spliced onto another previpusly
made sound and 50 on until 2 string of sounds had been made, Two of these tapes could be mixed together
through a aixer and recorded on a third tape. The speed of the tape sachines could be varied, and the segments
could be reversed or even cut to form spliced "envelopes®. This was (and still is) a very tedious process, but
it is a very rich and fiexible one. A studio built to be able to produce electromic tapes in this way is
talled a Classical Electronic music studio.

The first sajor improvement in the classical studio case from Coluabia University where they devised 2
controller which could set all the dials instantaneously froa the instructions given on a punched paper tape.

It wasn’t until the Sixties that the synthesizer as we now know it was designed by Don Buchla and Robert Moog
hy adding Yoltage Control to the classical studio.

The Voitage Controlled Electronic Music Synthesizer solved both of the two major probless of the classical
studio by eaploying Voltage Control which works in the following manner: Each device is given a special input
called a Voltage Control Imput. This input accepts a voltage such that as this voltage INCREASES it is JusT
LIKE TURNING UP THE ENOB ON THE FRONT OF THE DEVICE. And when the voltage goes down it is like turning down the
pot on the front of the device. That is, & voltage can be used to CONTROL the device. For instance, in a
voltage controlled amplifier, if the voltage at the voltage control input increases, it turns the asplifier up
and makes its output louder.

VUV VY | VoLTAGE
ComTROLLED
AmPLI FI§

05C
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{Note that in these block diagrams, as a matter of convention, the control voltage input is on the bottos of
the device, the "signal® input is on the left side and the output is on the right side.}

In a voltage controlled oscillator, a rising voltage at its voltage tontrol input would make itc frequency
rise, For each device the control voltage affects only the function of that device.

Control voltages solved both probleas of the classical musit studic: With enough tontrol voltages you could
change all the settings of all your devices. And secondly you could change these spttings so rapidly as to
sees instantaneous. You could change the settings very, very slowly, or you could change thes at andio
frequeacies, for instance 500 tises per second. When 2 devices’s settings are changed at those rates, some
very strange things begin to happen, aany of whith gan be susical.

The only prables left, of course, is where to get all these control voltages. This probies is not as great as
it ceeas for a control voltage is identical te any other kind of voltage, For instance, we could use an
gscillator to control an amplifier since the output of an oscillater is a voliage!

e
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In the above example Oscillator %2 is contrelling the asplifier, making the signal from Oscillator 81 louder
and softer,

fast ?f the early synthesizers have two different sets of patch cords, one for the control voltages and one for
the signals, even though the voltages themselves are indistinguishable. The Serge Systes does not make this
distinction,

THE SERGE SYSTEM

The SERGE SYNTHESIZER is a Voltage Controlled MNedular Music Synthesizer. By HDDULAR it is seant that it 13
cosposed of separate devices or sodules which sust be patched together to produce @ rosplex sound, By Voltage
Controlled is seant that almost all of these devices can be controlled by a voltage as well as by their own
pots, Ry music is meant that the Serge can be used to create complex, ordered sound, and by Gynthesizer 1s
acant that it needs no other input (though it is able to accept one) and that 1t can create, or zynthesize,

sound.,
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There are Four basic kinds of Modules on the Serge. Many mpdules can serve aore than one of these functions:

SOUND SOURCES. The basic sound source is the oscillator though there are others such as white noise.
Sounds from the external world, so long as they have been converted into appropriate veltages (by the use
of aicrophores or pickups) can also be used as sound sources. Oscillators are completely voltage
controliable.

SOUND PROCESSORS, Processors are devices that input one or sore signals, operate on these signals, and
then output a different but related signal. Mixers, filters, wave shapers, amplifiers are all processaors,
Alaost all of these devices are voltage contrellable.

CONTROL VOLTAGE SOURCES. Control voltage sourtes are devices that are used to create the voltages which
are used to contro) other devices. The keyboard, for instance, puts out a voltage which can be used to
contrel the setting of an pscillator. Other devices are envelope generators, sequencers, sagpie/hold
devices and envelope followers. These devices are voltage controllable theaselves, making possible
coaplex levels of control.

CONTROL VOLTABE PROCESSORS., These devices input a control voltage, operate on it, and output a related
but different voltage. Processors and portasentoes are exasples of these amcdules.

Fach module on the Serge is surrounded by a border with the nase of the device at the top and the Serge logo at
the bottom. In soae cases there is sore than one device in a sodule and these are referred to as “dual” or
*triple” modules. These dual or triple aodules are two or three cospletely separate, though functionally
identical modules.

Every sodule has at least ome output. Outputs are usually enclosed within a border of their own.

A1 processor type mpdules have at least one input as well as an output.

Nost modules have control voltage inputs which control the function of the sodule. These inputs are of two
basic types:

PROCESSED INPUTS which have a pot associated with the input jack that can attenuate, asplify and/or invert
the control voltage.

UNPROCESSED CONTROL VOLTABE INPUTS affect the given sodule in a predetersined way.
Most modules have one or more pots that can control the function of the mpdule without a control voltage. In
sost modules these pots control the basic setting of the module on which the control voltages operate. These
pots are iabelled with their function, for instance. GAIN, FRER, etc.
The jacks on the Serge are color coded,

RLACK JACKS indicate audio or signal voltages.

BLUE JACKS indicate control voltages.

RED JACKS are pulse inputfoutput jacks and are used to turn modules on and off, have thea step through
stages and control the timing of various functions.

OIHER COLOR JACKS are special jacks whose function will be described individually.
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LEARNING PATEH NUMBER THD

STEP ONE

MIXER. ,[q
1
osc -

1

{Note: The output sixer should be set the sase as in the First Learning Patch. In this section, block
diagrass will be used to represent the patches. Each aodule is represented as a block. Its signal output
is from the right side of the block. Signal imputs are shown going in to the Ieft side of the block.
Control voltage inputs go in to the bottom of the block, and control voltage outputs are shown coming oft
the top of the block. Each of these inputs/outputs will be labelled on the diagras. Any special pot
settings necessary to make the patch work will be listed below the diagram, 0n somse of the diagraas
drawings of the waveforas will] he drawn next to the appropriate patcheord.)

There are two basic oscillators in the Serge system: the New Timbral Dscillator and the Precision VEO. They
are identical oscillators except for some control and output fenctions unique to each. This discussion will
concentrate on the New Tiabral Oscillater but you can try it with both the oscillaters.

1.1 Set up the above Patch on your Serge, The SINE out of the 050 {the abbreviation "DSC" will be used froa
now on to refer to any oscillator, either a New Tisbral Oscillator or Precision Controlled YCO) should be
patched to Input #1 of the Dutput Kixer.

1.2 05Cs produce repetitive varying voltages referred to as "waves”. These waves are produced in different
"waveshapes” of which SINE, 5AW, TRIANGLE and RECTANGULAR are the aost comson. An OSC can produce these
waveshapes at different freguencies, The frequency of a wave deteraines its pitch. The higher the frequemcy
of a wave the higher its pitch. The shape of a wave deteraines its Tisbre or socund guality. Each OSC on the
Serge provides a number of simultaneous outputs, all at the sase freguency but with ditferent wave shapes.

Sy

SQUARE

VAVAVAVAVA

SInE

NVAVAVAVE VAN

TRIANGLE

e e e e %

SAW
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While most 0SCs on most synthesizers can produce waves across the entire spectrum of husan hearing -- about 20
cycles per second to 20,000 cycles per second-- {cycles per second will be referred to as Hertz}, some O5Cs on

the Serge synthesizer, Can go below this threshold. Waves of these low frequencies are useful as control
voltages.

1.3 A Sine #ave is the sisplest fora, Any wavefore except a perfect SINE wave can be treated as a coabination

or mix of simpler waveforas. That is, ANY wave can be snalysed as a six of Sine waves of specific frequencies
and amplitudes.

1.4 Dne way of visualizing this is with a chart that has the audible frequencies across the bottoa and
amplitude on the verticle axis:

AMPLI
oy
L,
I
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20 HO M0 KO 320 gH0 ... ..
FREQUENCY

Note that the scale across the bottom is EXPONENTIAL; that is, each interval marked off is TWICE the frequency
of the previous interval even though the intervals are of equal lengths, This is the way we hear, with each
octave having twice the frequency spread of the previous octave te.q. 20,40,80,160,320,640...) and vet these
intervals seund identical to our ears/brains. The Exponential scale contrasts with a LINEAR scale where eath

interval is a set distance froa the previous interval, For instance a linear scale would procede
20,40,60,80,100, 120,140,

’ L Lvear
] X; 2X5 3% HX,5% 56X, 78 efe.
T T EXPONVENTIAL LINEAR TERMS
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To notate a scund on this chart, place a vertical line at the point where each coaponent Sine wave occurs., The
height of the line will indicate the relative asplitude of the Sine wave. This vertical scale is also
exponential and is seasured in Decibels. Though our actual perception of loudness is not quite this sisple (we
are less sensitive, for instance, to freguencies at the top and hottos of the scalel, generally speaking, the
higher the Decibels the louder the sound. For instance a pure Sine wave with the frequency of 440 would be
shown 1ike this:
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1.5 Most sounds, inciuding electronic sounds, are composed of sore than one sine wave, Me now have two ways of
picturing a sound,: its pressure or voltage wave and its sine-wave spectrus, The "shape” of a wave refers to
its voltage as can be seen on an oscilliscope, This is called 2 tise-domain dsiplay. The spectrum graph is
called a frequency-domain graph and is an analysis of the voltage wavefora. Below is a wave and its
hypothetical freguency-domain spectrua,
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1.5 To deteraine the overall shape of a wave from its component sine waves, the values of the cosponent waves
AT EACH INSTANT are added together,
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This also seans that if two waves of identital frequency but of opposite "phase” fone goes up while the other
goes down) are aixed topether, silence will result,
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Phase is noted in degrees where 340 degrees brings a wave right back to where it started.
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1.7 In theory, any sound tan be created by adding together sine waves of the correct amplitude, freguency and
phase. This is called "additive” synthesis or "Fourier" synthesis, This technigue is of limited use in the
synthesizer because the nusber of sine waves would have to be tremendpus.

1.8 Another reason that this technigue is not often used is that most sounds, and almost all musical sounds,
are composed of sine waves in "harsonic” relatioaship to a “fundamental®. The fundasental usually corresponds
to the apparent pitch of a complex sound and is usually the lowest strong sine wave of the sound. [f "Y" is
the fundamental and the other sine waves are in a harmonic relationship to it, thes there is a sine wave at
2%,3X,4%,51...etc. These sine waves are called "overtones® and they generally decrease in ampiitude as they
get higher i pitch. Below is the spectrum of a typical acoustic musical instrupent such as & guitar:
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Note that the overtones seem to be getting closer and closer together on the spectrum chart the further they
get froa the fundamental. We hear thea in this fashion. Remesber that the audio spectrum as we perceive it 15
exponential, but the overtone, or haraonic series, is linear!

To calculate the positions of the harmonics add the fundasental frequency to itself to get the $1rst overtone;
add it in again to the total ta get the second harmonic, again to get the third and so on. An exasple would
be: First: 100; Second: 10041003 Third 100+100+100; Fourth:100+100+100+100; etc. Thus it can be seen that the
frequencies are spaced at equal, absolute spacings, that is the harmonics fall on a Linear graph.

1.9 Besides the Sine wave the New Tiabral Oscillator alsp has a Sawtooth output, a Triangle output and @
Variable wavefors output that can put out a Square wave, or other waveforss., (The Precision VEO has all these
outputs except for the Variable wavefors.) Below are the voltage or pressure diagraas of these maves and the
spectrun charts of these waves.
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TRIANGLE SAWTOOTH SQUARE

Additive synthesis can be greatly siaplified by using these more cosples sounds since these waves will often
contain the desired harmonics.

1.10 The Triangle and Square wave contain only the odd harsonics (harmonic ¥1,¥3.45,%7, etc), although the

aaplitude of these harsonits decreases sore rapidly in the Triangle than in the Sguare, The Sawtooth wave
contains both even and odd haracnics that decrease at about the same rate as in the Square wave.
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1.11 Try the different outputs of the OSC including the Variable output. The pot directly below the Variable

putput adjusts the shape and therefore the tisbre.

AN\ VUL
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1,12 Though all the outputs of the B5C are of the same amplitude, the saw and the square wave may sees louder
because our ears tend te hear complex sounds as louder than pure ones. Al waveforas from the oscillators have
a 4 to 5 volt peak-to-peak voltage. The Sine output is from +2.5 to -2,3 volts, Black jack outputs typically
have this voltage range. Ihe other outputs of the osc. have a voltage range of @ to 5 volts {still & 5 volt

over-all aaplitude),
. +5

— 2.5

A B | O
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BLACK JACK
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SWITCH: LO

1,13 This patch uses the Precision Controlled VOO with the HI/LO switch at its LD setting to change the range
of the osciliator from a range of 20 to 20,000 Hertz {audio range} to a range of .0t to 500 Hertz. Start with
the Pitch pot at its furthest right position and begin slowly gaving it to the left. The pitch should get
lower and iower until a series of clicks appears simultaneous with the sound, The further left you 9o the acre
the pitch drops away until you are left with only clicks. Because hearing only goes down to about 20 Hertz you
can no longer hear the frequency as a pitch, but the sharp edge of the sawtooth wave pulls back the speaker
cone each time producing the “click". 1f you try the same thing with a sine wave, you will hear nothing, for
there are no sharp “edges” on a sine wave. But if you can see your speaker, you will note that the cone is
still moving in and out silently and slowly, responding to the changing voltage. Most audic amplifiers can
only go dewn to a certain frequency after which there will be no aotion in the speakers at all.
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2.1 Patch the Sine output of two 05Cs to two of the inputs of the upper aixer of a Dual J-input Audio Mixer.
Note that this module is 3 dual module and that the top mixer is totally separate from the bottom mixer. Patch
the cutput of this aixer to the Output Mixer (UCA, UPAP, etc.), Each of the inputs of the mixer has a Fot
associated with it that can limit, or “attenvate" the gain of its input. The output of this module is the
sussation of all its inputs at their assigned gain.

2.2 Tune the two 05Cs so that they are very close in pitch and set their gains so that they are at the same
level. When they are exactly the same pitch, they should sound like a single sound. If they are & few Hert:
apart, you will be able to hear a "beating® between thes. The freguency of this beating is the difference in
frequeacy between the two sine waves,

2.3 Try adding a third Sine wave to make a tri-tone.

2.8 Unpatch all but one of the 05Cs. Turm up its mixer pot and note that the ear hears the sound as unchanging
EXCEPT that it gets louder and louder. This is comparable to the way the eve sees a photograph and its blow-up
as identical only the blow-up is larger.

2.5 Very few sounds in the world have a steady amplitude or gain, How a sound’s gain changes is one of the
clues as to what is vibrating., It is one of the cosponents of the over-all feel of a sound, For instance, a
piano note gets very loud very quickly when struck, then slowly gets softer and softer. If the way this

~ amplitude changes were altered, we would not easily recognize it as a pianc sound. This amplitude shape is
talled the ENVELOPE of a sound, because like a letter in an envelope, the sonic inforsation is contained within
it.

2.6 Because of the way our ear/brains process sound, the amplitude of a sound must increase exponentially in
prder for us to perceive it as linearly increasing. For this reason the pots on the wiver are logarithmic,

2.7 When the pot of the associated imput is turned to the right, the sound increases in level. Turming it to
the left will cause the sound level to decrease. The shape of the wave and its frequency remain the same
except for this change in amplitude:
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STEP THREE
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3,1 A FILTER is a module which makes it possible to eliminate certain coaponents of 2 sound, depending on its
frequency. As we said earlier, every sound can be thought of as the cussation of a number of sine waves, each
with a different frequency. The Filter allows us to listen to those Sine waves in a sound which ¢fall above,
below or directly around a Frequency set by the Pot labelled "FRER" on the filter.

3.7 While there are a nuaber of different outputs on the filter, all outputs cam be thought of as different
coshinations of HI pass and LO pass outputs.

3.1 A LD PASS filter lets PASS through to the cutput all those sine wave components in the input sound which
are LGHER than the Freguency set by the FRER Pot.

| I l ) Sk
%, EREQ Por
Lo PaAsS
ouTPLT

3.4 Slowly turn the FREQ, Pot to the left and the "hissy” sounds will start to disappear. As turning of the
pot continues the mid-range will disappear, and finally there will be nothing left but a very iow sound, the
fundamental, of the oscillator. If the FRER pot is turned even further, it will glimninate this sine wave as
well, leaving no sound.

3.5 Re-patth the above patch using the HI PASS output. Now the filter lets PASS only those sounds which are
higher than the frequency set by the FRE@ POT. It lets pass to the output only the High freguencies of the
input sound, Starting with the FRER pot full left and slowly turning it right, the fundamental will drop out
and then the mid-range. ONLY the hiss, or very top part of the spectrus, will be left of the input sound.

ll,l M
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"
Semae P
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3.6 In teras of waveshape the LD pass filter SMOOTHS out 2 wave. It finds those coaponents which change the
least, Mathematically, it can be said to take the integral of the wave. A HI PASS filter takes the derivative

of a wave. That is, the KI pass filter finds those parts of the wave which change the fastest. Below are some
typical wavefora outputs froe HI and LO pass filters:

AAAANA e o

f"}_ [ﬂ\] {F\\ r—\\AA__ Lo PASS
\J/\UUUU

oUTPUT

e Y g

3.7 An "ideal® #ilter would not allow any sounds Higher or LDwer tham its cut-off freguency to Pass. It would
look like this on a spectrum chart:

ouT PUT
OUTPUT

IPEAL Lo PASS \DEAL M1 PASS

But all filters fail short of these ideals, not only because no technology is perfect but because such filters
do not produce very musical sounds. The cut-off sharpness is seasured in db/oct with O db/oct being no cut-off
at all and 40 db/oct being about as sharp as we can hear. Most synthesizer filters are in the 3 to 24 db/oct
range. The Variable @ Filter has a 12 db/oct cut-off. The Variable Slope VCF's cut-off can be varied froa 0 to
12 db/oct using the second POT below the input labelled VE SLOPE.

24\ 12 3
do. \ 4 alb.

Lo PASS cuT-0FFS
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Another phenoamenon of filtering available on the Serge is called the "8, MWpst filters tend to amplify the
frequencies near the the cut-off. The more these frequencies are amplified, the higher the O of the tfilter. In
aost cases, the higher the @, the sharper the cut-off. Knocking on the table is a typical low B sound fros the
natural world. A drua head has a sedius 8 and a bell has a high @.
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Lo Q MED. Q W Q

3.8 On the Variable B VCF the & can be adjusted by using the POT just below the VOB label. On the Variable
Slope YOF when the slope is set so that it is very sharp (full right) the @ is very high. Using a very HI & it
is possible to *scan® through the overtones of a sound by slowly turning the FRER Pot of the filter. Everytiae
the Freg. is the sase as an overtone it will amplify that overtone.

3.9 The BAND output of a FILTER filters out everything but a area around the Freguency set by the Freg pot. It
is useful for listening to a single part of & more complex sound. Below is a diagras of how HI, LO and BAND
Pass are related to each other.

2

=
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PASS PASS PASS

3.10 While NI pass filtering occurs only rarely in natere {a cheap transistor radio tends to be a hi-pass
filter to music by cutting out the lows), LO pass filtering abounds. In many musical instrusents, a piano for
instance, once the string is struck the highs tend to be filtered out leaving only the lows—- the typical
action of a LO pass filter. The human south is also a L0 pass filter and is responsible for our vowel sounds,
which again are LD pass filter sounds,

Z.11 The BAIN pot on the Variable @ VCF controls the level of the signal imput exactly like the POT on a mixer.
It aust be turned up to hear any cutput, If the @ of the filter is set high, the GAIN should usually be turned
down so that when the FREQ of the filter and the frequency of an overtone coincide, the filter is not
overdriven. (Sometimes this is the desired effect. Even though the filter will overload, no damage will be
done. )

3.12 The Variable Slope VCF has two independent inputs which can be sanually "cross-faded” or mixed together
using the MIX pot. If IN-1 is used as the input jack, be sure that the MIX pot is set to the left; vice versa
for IN-2,
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STEP FOUR
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STEPS One, Two and Three could have been been set up in a classical music studio. STEP FOUR begins the
exploration of Voltage Control, a technique which extends electronic synthesis to its aodern fore.

4.1 Patch the SAW output of a Precision VLO to the VC~AUX or VCF input of a second DSC, either a PCO or NTO.
The PCD is used as the first DSC because it has a range switch allowing it to osciliate at very low
frequencies. This range switch should be set to L0,

A SAW wave is a voltage which rises from 0 to 5 volts and then swiftly drops back to ¢ volts. It does this
over and over again.

When an OSC is voltage controlled it is like TURNING its FREQ pot by REMOTE CONTROL. When this controlling
frequency is rising it is exactly like turning the FRES pot to the right. When the controlling voltage falls,
it is like turning the FREQ pot to the left.

4.2 Turn the VG AUX or the VCF POT on the second DSC full right and the GAIN up on the audio mixer until the
sweeping sounds of the oscillator can be heard, The sound will rise higher and higher and suddenly fall back
to a very low sound only to begin rising again. The pitch is proguced by the second ascillator, The first
gscillator’s SAWtooth wave is causing it to rise and then swiftly fall.

This is a stylised picture of the pressure wave being produced:
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1f the TRIANGLE or SINE output of the #irst OSC are wsed instead of the GAW, the following waveshapes are
produced. These can be heard as different patterns pf rising and falling pitches.
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4,7 Iacrease the first oscillator’s frequency slowly, listening carefully to the results, At first the
sweeping will get faster and faster until a frequency approaching 20 Hertz is reached, at which poist the sound
takes on a multi-harmonic quality. This is called Freguency Modulation, or FM, because the frequency of the
second oscillator is being changed or "modulated™ at a rapid rate by the first. FM is a sajor technigue of
audio synthesis,

4.4 Set the FRER of the first 050 so that the sweep of the second takes a few seconds. As the Pot associated
with the control voltage input on the second 0SC is soved froe its full right position to 2 12 o’clock setting,
the sweeps will becoae shallower and shallower, although the tise they take remains the saee. As this Pot 1s
turned to the left, the sweeps will have a greater and greater gain but an inverted one. Whereas a Pot set to
the right causes the sweep to g0 upward and then suddenly fall downward, shen it is set to the left the sweep
is downward and the jusp up. Control voltage inputs that have Pots of this type assaciated with thea are called
*Processed Inputs”.

These Pots control a device internal to the aocdule which can amplity, attenuate and/or invert a control voltage
input, It is because of their esxtreae usefulness that they are they are the typical contral voltage inputs of
the Serge, The Serge alsp has Processor Modules which can be patched to serve the same function,
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Below are some of the possible outputs of & Processor with a SAW input.
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4.3 By setting the first 0SC to WI {its range is switched to 20 to 20,000 Hertz, the audio range), an extreaely
wide range of sounds is possible with different cosbinations of FREQ and Protessing pot settings on the two
0SCs. This range can be eitended even further by using different waveforas. The first 0SC is referred to as
the Modulator (or the signal, a tera from radio broadcasting); the second DSC is referred to as the Modulated
ostillator, or the Carrier. The setting of the processor, which deteraines the relative gain of the two 05Cs,
is catled the Indey, The frequency of the two oscillators and the setting of the Index detersine the output of
the sodulated 05C. While the aathematics of FM is not simple, particularly with waveforas other than Sine
waves, in general the spectrus of the output looks something like this: :

‘til:ElJTG1l
FREQR.

The frequency of the Modulated 0SC sets the center frequency. There is an “overtone® or “undertone” every "+°
Hertz where "f" is the freguency of the Modulator. The asplitude of these over/under-tomes iz determined by
the Index and the frequencies of the ostillators. The overall shape of the amplitudes is buttertly and is
called a Bessel functicn. In FM, sub-harapnics which would fall below 0 Hertz are "folded hack" up to their
"absolute” value. I the Modulated 050 is set at 200 Hertz and the Wodulating OSC is 3t 60 Hertz thes there
should be sub-harmomics at 14Q, 80, 20, -40 and ~100 Hertz, However these #ill be heard as 140, 100, 86, 44,

arl 20 Hertz.
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Such mathematical descriptions, while interesting, are not vital to electronic music, Working with the
synthesizer is rather like clay sculptere--you can work at the sound until it is right.

Keeping in mind that the output of an OSC, either medulated or unaodulated, is a varying voltage, and that such

voltages can be used to control the frequency of other 05Cs there are innumerable complex patches available to
the synthesist.
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4.4 1V/0CT. The 1Y/0CT control voltage on the oscillators is an extresely precise control voltage input whose
effert is calibrated with detailed attention. The relationship of input voltage teo putput frequency is this:
For every volt increase at the {V/OCT input the DSC will rise EYACTLY one octave. One reason that such an
input is valuable is that sost synthesizer keyboards and other electronic ausic devices have cutput voitages
that are set exactly to this relationship. Both the NTO and the PCD have two 1V/0CT inputs. (The second 1V/OCT
input on the NTG is labelled Portamento In. It has another function associated with the pot ang Control Voltage
inputs below it. For now the pot should be turned full right.} When two different control voltages are
received by an OSC they are added or sussed together, after processing, so that both have an effect on the
podulated pscillator and yet do not interact with each other.

vTPLUT
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0 MIXER

A
IV o<t ::u
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4,7 FM-IN.

05C osC ouvTPuT
MoDULE

AV Y-
w

In the above patch, if both OGCs are set to audip frequencies, very interesting shifts in timhre occur when the

Processing Pot is turned to different positions. However, when the AUX-IN is used, there are alsoc apparent
pitch changes. '

o5c osC ouTpuT —’[Q
MODULE

FM-iN
ok IN-FM

4.8 In this patch if the modulated 0SC is a New Tisbral Oscillator, then connect the sodulating sigral to the
IN-FM. If the Precision VLD is used, use the FN-IN. Sweeping the associated pots of these inputs sets the
Index. The sound produced should be sisilar to that produced by an audio voltage to the AUX-IN except that the
over-all pitch does not seem to change as the INDEX is changed. The FN-IN and the IN-F¥ signal inputs are
LINEAR, that is, equal rises of voltage produce equal increases in cycles per second.
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STEP FIVE

A11 the sodules in the previous step could have been found in & classical music studio escept for the voltage
controlled oscillator (although even it was found in sose.) It is a powerful group of sodules, with the
oscillators providing the basic pitch material, the mixers adding these sounds together and adjusting their
volumes, and the filters altering the timbre of the spund. Yet with only these aodules sany of the siaplest
sounds and patterns in susic could not easily be achieved. In most ausics there are discrete pitches whereas
Wwith the aodules in the last step there were only sliding tones. Secondly it was hard to get non-repeating
patterns.

The Touch Activated Keyboard Sequencer Module, or TKB, is a single large module designed specifically to
produce control voltages. As discussed earlier, there is no physical or electrical ditference between audic
and control voltages other than that MOST audio voltages are between -2.5 volis and +2.5 volts, and all audic
voltages are between 20 and 20,000 Hertz; while control voitages are between -12 and 0 volts, or 0 and +12,
with frequencies anywhere between 0 and 500 Wertz. The actual difference between the two voltages are the uses
to which they are put. The same voltage can be used in different ways. In one case it could be an audio
voltage, in the other it could be a tontrol voltage. However, some voltages are simply sore useful in one
situation than the other, The voltages produced by the TKB are designed to be used as control voltages.

osc. ovTPUTY
mopuL€
wjoeT
] A

TKE

The TKR has four rows of pots across, labelled A,B,C, and D, and one row of keypads. There are 16 coluans gach
with four pots (one fros each row) and one keypad. At any given instant ONE and ONLY ONE columm is activated
and this is indicated by an LED (Light Emitting Diode) on the keypad of the respective colusn. These columns
will be referred to froa now on as STAGES.

5.1 The main outputs of the TKB are located at the top left-hand section on the sedule, enclosed in a horder.
There are five main voltage outputs (blue jacks) labelled #,8,C,0 and ABCD. Patch the A output of the TKB to
the 1V/0CT input of the 0SC as shown in the above diagram. The OSC should be set to an audio freguency and its
putput sent to the output modules. Turn KEYS switch on and make sure that no other cords are patched to the
TER.

5.2 Touching keypad #1 activates stage #1 which is indicated by the LED that lights on keypad #1. Turn the pot
in stage #1 and in row A {the top pot in stage #1) right and left, The O50°s frequency should shift up and down
correspondingly. This pot is now resote-controlling the frequency of the 0SC using a voitage that is appearing

at output A.

5.3 Touch keypad 42 and set its A pot to a different setting then the A pot of stage #1. By alternately

tapping keypads ¥ and #2 you can get the OSC to produce two different “notes® or pitches without sliding fras
one to the other. This same procedure can be used to tune all 16 pots in row A, This is the tuneable keyboard.

LEARNING PATCH NUMBER THO  §-1é



The output of the TKB is NOT an audio voltage but rather a series of steady, or OC {direct current} voltages
which are CONTROLLING the setting of the OSC (or whatever module or paraseter the output is patched to). The
D5C is designed to respond to these control voltages exactly like it responds to the turning of its pots. Just
as the notes on a singer’s score do not oscillate, so the voltages fros the TKR do not oscillate but aerely
specify the OSC frequency. Below is a diagras of the voltage outputs of the TKB, and the DSC.

osC
VAV NI, 5

909 0 66 0 & s

5.4 Patched in this fashion, none of the pots in Rows B,C or D have any effect. However, if it is re-patched so
that the output of the TER is taken froa the B output instead of the A output then only the pots 1n Row B will

be active. The same is true for Rows C and D. It is passible to use all four of these outputs {or as sany as

needed) SIMULTANEDUSLY as in the Patch below:

wA" TKS
ouTPuT

os5cC Os< j osc [ = o ouTPuT,
MIRER MoDULE

TEKR

Mow at each stage the pot in Row A controls the frequency of the Modulating OSC while the pot in Row B controls
the base freguency of the modulated 0SC. Row A and B could be replaced by any two rows. By touching the
sivteen different keypads and setting the appropriate pots, sixteen ditferent sounds can be set up and recalled

in any order at the touch of a finger.
PUT
o3¢ M Inoowte ——’Cq

b AVY-IN

3.9

TKB
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in the above patch the processing pot associated with the AHX-IN processes the incoming voltage from the TKB.
Below are some typical processed TKB voltages:

ouTPLT

PROCESSING FOT
FuLL RGHT

LH

PROCESSING POT
AV AgouT

'—l_u g oot

5.4 It is convenient to think of the TKB in this manner: A1 the pots in each row are tied to a comson output
{output A for the pots in row A for instance) but only one pot is activated and that is determined by which
keypad was last touched. Since there are four rows, four parameters or sodules can be controlled in 14 pre-set
wzys and these pre-sets, or stages, can be accessed directly by the touch pads,
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STEP 81X

When a pianc note is struck, a bell gonged, a table tapped, an airplane #lies overhead, a sentence spnken, a
sink drained, an organ note sustained or when any other object makes a sound, that sound has an amplitude shape

to it, an "envelope", that grows louder and softer in various ways as time passes.

AN N

t Sg<. s séc. e
PIANO &ELL ORGAN NOTE
imin, 2 3 ' -
AIEPLANE OJVEXHEAD SNk DRAINED
15&C,

SENTEANCE SPOKEN

In these charts the louwdness of the sounds is measured in db (decibels} while the duration is seasured in umits
of time {seconds, minutes, etc.). The envelope refers only to the loudness of the sound, net to the frequenty
content of the sound. tWe can again cospare this "eavelope to an envelope which holds a Jetter and think of the

content of the sound as the letter,)

Every sound we hear has an envelope, and this is one of the ways various sounds are distinguished from one
another. In this sense the envelope can be thought of as part of the tisbre of a sound. Even artificial sounds

have envelopes, for instance, this is the envelope of a pianp, reversed:

1SS,

BALKLOARD
PlLAan O
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AN EMVELOPE IS THE TRACE OF THE PEAX VOLTAGES OR PRESSURES OF A WAVE.

ENVUELOFES

The Gain Pots on the mixer, when turned from left to right and then back to the left, can give the input signal
an asplitude envelope. The device or acdule that autosates this function is the Voltage Controlled Amplifier
(VCA) or Bate and can be found both as an independent module and/or as part of sost output modules. These
acdules are listed in GTEP ¥4 of the first learning patch.

Every VCR has a signal input and a signal output and, like a aixer, has a Pot which can adjust the amplitude of
the output in relation to the input without affecting any other parameter of the scund. In adgition, the VCA
has at least one Voltage Control input. As the control voltage rises, the amplitude of the output increases;
as the control voltage falls so does the output amplitude. The control voltage, in effect, turns the Bain pat
of the VLA by reaote control.

6.1 The Serge systea has & wide range of VCAs, but tor the purpose of this patch, the VCAs on the output apdule
will be used. The signal imput and output resain the same. Each input has an associated VL-in, usually
located below or above the signal input (see the section on Qutput Mixers it your aixer is not sentipned 1n
Learning Patch #1). Since Input 41 is used, VE-input #1 sust be used to control its gais. Make sure there are
no other patch cords connected to the module. The Gain associated with the input should be set to 10 o’clock.
At this tise, no sound should be heard fros the VCA.

1§ the systes being used has a separate VA module, that spdule say be used instead of the VCAs on the output
podule in the following aanner:

osC

vC-IN
oﬁ L.0G

I the YA is a dual or guad sodule make sure that the correct inputs, outputs and VL-ins are used,
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4.2 Patch this patthe

o5C OsC

lTRKJ—‘K

TKS

The Dual Universal Siope Generator contains two identical modules both of which will be referred to as a DS8.
In these patches either one can be used.

The KP output of the TKB is in the same bank of outputs as the A and B outputs. It has 2 RED jack which
indicates that it is a TRIGGER output which is the third kind of voltage on the system, Audio and Control being
the other two. It’s function is to either turn something on or turn something off. A Trigger voitage is always
pither 0 volts (its low state) or +5 volts (its high state}. That mosent when it goes from O volts to 5 volts
is called its "positive transition® or "leading edge®. It is this transitien which turns functions on and off,
A1l trigger outputs and all trigger inputs are RED jacks. It is possible in sose cases to use appropriate
control veltages to trigoer tertain modules, particularly if the control voltage has a sharp leading edge.
(There are also a few places where these Trigger pulses can be used as audio waves if they are tast enough, or
as control voltages if a two-level control voltage is desired.) If a control voltage can be thought of as
turning a knob by remote control, a trigger is like pressing a button or tapping 2 key by resote control. A
trigger losks like this:

+S

Ay LEAD ING
FOLE

TRIGGER

Each time a keypad is touched on the T¥B, a trigger pulse appears at the KP {Key Pulse) output. It will resain
in its HI state as long as the key is being touched.
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In the above patch this trigger is sent to the TRIG-IN of the D5SE at the bottoa right hand of the sodule. Mhen
this sodule receives a Trigger pulse it produces exactly one VOLTAGE ENVELOPE.

+5
ENVELDFPE
[=]

+S
TRVGGER

rsrtr—— [}

This voltage envelope is a comson, simple acoustic envelope similar to many ausical envelppes such as piano,
guitar, etc. It has two basic parts: The RISE and the FALL.

RI’GIZ .’4 FaLL RISFZ ‘[‘I FALL

These two slopes are set by the two pots on the DSE labelled RISE and FALL. With these two pots the Rise and
Fall time can be set anywhere froa 1/1000th of a second to about 5 seconds.

4.2 Patch from the KP out on the TKB to the TRIG-IN on the D56 and tap a keypad on the TKB. Directly abpve the
putput jack on the DSG is an LED (light esitting diode-- a s#all red light) whose brightness is proportionai to
the voltage of the envelope output. That is, as the envelope rises in voltage, the light gets brighter. 5et
the Rise and Fall pots te about 11 o’clock. The LED should take about one second to go from off to fully it
to off again. Different settings of the Rise and Fall pots will produce different timings. Get thea so that
they produce an envelope of this type:

— 1 s —-

5,1 Cosplete the patch froa the output of the DSG to the VL-in of the VCA (the VC-rontroliled mixer will be
referred to as a VCA when being used in that function). When doing so make sure that the Bain pot is set to the
appropriate setting. If there is a small aaount of sound *leaking" through, turn the Bain pot slowly to the
left just unti] nothing is heard. Sose VCA’s (the UPAP, OMX, OCA, ©VN, and SMX) can be overloaded if the
initial gain is set teo high. This will not damage the module, but it aight overload your asplifier or
speakers. Use caution on these modules, always starting out with the pot turned down, then increasing the gain
wWith the control voltage applied until the sound is the proper level.
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6.4 Touch & keypad on the TKB. This will cause a nusber of things to occur simultaneously. First, as already
distussed, it will cause the Stage of the TKB that has been touched to be activated. At the same instant it
vauses a Trigger Pulse to be produced at the KP output of the TEB. This pulse Trigogers the D56 to preduce its
envelope. This voltage envelope is patched to the VC-in of the VCA where the eftect is as i4 turning the BAIN
pot up and then down by reamote control, As the voltage of the envelope increases the gain of the VCA
increases. Hhen the envelope starts its Fall, the gain of the VCA begins to decrease.

6.5 In general the voltage controllable parameters of a aodule are the same functions that can be controlled
with its pots. For the VCA, then, the controllable function is its BAIN, where a High voltage to its VC-input
creates a high GAIN and a low veltage produces a low GAIN. Once again, any voltage can be used to control the
VL4, including an DSC. For iastance

I
T LMY o=
(:f"(' ——M JAopULE
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q(-‘lﬁ-‘ /i//} osC F L.
0sc /l/\/]
#z < VCA
ouTPUT

This will be heard, if the contral 05C has a low enough frequency, as a king of backwards sound which slowly
gets louder and louder and suddenly cuts off -- only to begin again,

Using a SINE wave as the controlling voltage produces this pffect:

6.6 Slowly increase the frequency of the sodulating OSC. As you do so the sound will “beat® faster and faster.
When this beating approaches 20 times per second (20 Hertz) a aore coaplex sound appears that is sosewhat

sisilar to FM aodulation. This sound 15 called Asplitude Modulation or AN. Like FM the sound is dependent oo
the Frequency of both 05Cs and the relative amplitude between thea. This relative asplitude, or Inder, can be

set in the following manner:
» OUTPUT
0sC MODULE E(l

v(-iﬂ

0sC
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In these patches the GAIN on the mixer or VCA deteraines the Index. This technique can provide a wide range of
sound types from treselo to a hollow reedy sound to very coaplex sounds when non-SINE waves are used. In terss
pf the frequency spectrum, if a sine wave modulates 2 second sine wave, two NEW frequency coaponents are
produced, one being the sum and the other the difference between the two original sine waves, The original
frequencies appear as well. That is, if the two original waves are 60 and 200 Hertz, then the putput will be a
aix of 40, 200, 260 and 140 Hertz waves.

& aodule closely related to the YCA is the RING Modulator, which provides a third type of acdulation along with
FM and AN, Ring modulation is one of the oldest electronic ausic techniques and it is useful for producing
complex and "odd* sounds similar to, but thicker than, the input sounds.

In its most basic aode a RING sodulator takes two input freguencies and outputs the sua and difference
frequencies ONLY, That is, if one input is 500 Hertz and the other is 160 Hertz, then the ocutput is a 450
Hertz and a 350 Hertz wave mixed together, This differs from AM in that the original signals are cancelled
put, If the input signals are complex, containing overtones, then every overtone of ane wave 15 susaed and
differenced with every overtone of the second wave.

6.7 On Serge systes RING mpdulators the twe inputs are labelled X and Y {(though in some ring modulators these
inputs may be labelled as simply #1 and 32, or as sigral and carrier), The output is labelled DUT. The pot at
the battpa of the sodule is not 2 GAIN pot, but rather a pot which changes the function of the soduie fros a
standard VCA (full left) to a RING modulator when it is nearly full right.

ouTPuT ’
MoQULE |

The RING aodulator is often used in comjunction with sounds from the “real® world {*concrete” sounds) to give
“thea an electronic feel, In this tase, the "roncrete” sound is fed to one input of the RING and the electromic
cound to the other. It can also be used as a kind frequency shifter where 2 sound is shifted to a higher or
lower $requency. For this, a filter sust be used in conjunction with the ring spdulator to filter out either
the sus or difference component. This kind of frequency shifting alters significantly the harmonic relations
of the overtones of the sound being shifted,
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4.8 Some of the RING aodulators on Serge systeas have two auxiliary inputs, labeled VC-Y and VO-X, which act
like YCAs for their respective input. They are useful for bringing out the original sound amidst the RING
MODULATED sound.
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jouT”
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TRICG IN

KP

®®

The DS6 produces one voltage envelope every tise it is Triggered. This trigger pulse say cose from sany places
on the synthesizer but in the above patch came from the TKR each time a keypad was touched. The slope of the
rise and fall of the envelope is set by the two pots labeled RISE and FALL.

6.9 While this voltage envelope is often used to control the amplitude or gain of a sound, it may be used to
control any controllable module. In the following patch the envelope is controlling the frequency of an 05C:

osc y| CUTPUT | l:q
MopuLe
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D56

TRIG 1N
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TKB
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The following patch uses the TXB to trigger the 056 and control the frequency of the OSC.

P\————T
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There are other features on the DS6 and other ways of controlling it to pxtend its use far beyond this simple
control function.

TRIGEERING FRON OTHER WAVEFORNS. The DSG, and in fact all TRIGBER-activated devices on the Serge, are
triggered by the positive or rising edge of the Trigger pulse and not by the falling pdge or the +3
voltage level itself. Not only a Trigger pulse from a trigger cutput but any sufficiently fast rising edge
will trigger the DSE. The SAW wave output pf PCO looks like this:

11

Kote that it only has a Falling edge and therefore cannot trigger the D36, However, this wave can be
inverted by a Processor. The saw output of the OSC is patched into any of the three inputs of the PROC.
The associated pot of the input should be set full left. Settings to the left of 17 o'clock on a
processing input produce inverted ostputs, While Processors usually accept control voltages, they can
also accept audio voltages.

J.l FALLING EDPGE
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o W,Pgoar——wé——%
\\\\\J\\\\\r\\\\l:{:\\f SwWiTcH: Lo OFFSET. 1Z delock
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I the PCO is set LO and the frequency set very low {to the left), the output of the processor will he a
series or "train® of rising edges that can be used to trigger the DS over and over again.

v

outrPuT
05¢ mopul-& ‘—'*ﬂ

DSG

TRIG IV

PROC

SAW

0sC

Some processors have an OFFSET pot that adds a set voltage to the output depending on its settting, If
the processor heing used in the above patch contains an offset pot it should be set at its 0 volt position
{12 o’clock).

The D56 should be set so that the duration of the envelope as a whole is shorter than the “peripd” ithe
period of a wave is how long it takes to coaplete one cycle) of the 050°s sawtooth wave so that a full
envelope can be generated before a new one is triggerad. A DS6 will not respond to a new trigger until it
completes its entire Rise-Fall cycle,

SELF-TRIGGERING and DELAY. The DS6 has an END ocutput that generates a rising edge at the completion of
pach envelope and REMAINS high until after ansther envelope is triggered.

+5
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ovTPuT
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END
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This END Trigger can be used to Trigger any triggerable module, including ITSELF,

ZM ouT

DSC-

W

When the envelope has rospleted its cycle, a Trigger appears at the END jack. Since END 15 patched to
TRIE-IN, the sodule is re-triggered and the cycle begins again. This patch turns the D56 into an
oscillator! When the Rise and Fall times are set short enough, so that the total rise and fall tiee is
Yess than one twentieth of a second, this 05 is within the audic range and can be heard directly through
the speakers.

ovTPuT
s T mopul€
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By adjusting the RISE and FALL pots different waveshapes can be achieved froa saw to triangle.

VNN

By using two DSBs a delay can be created between a trigger and the generation of an envelope or between
surcessive envelopes of a D56 that is oscillating.
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In these exaaples the length of the second envelope determines the delay. This envelope is not “heard® in
any other way.

YOLYAGE CONTRODL, Naturally the DSE can be voltage controlled itself. In this module different control
voltages produce different Rise and Fall slopes and thus different length envelopes, The VC-IN has an
associated 3-way switch which allows for I possible sodes of control. When the switch is positioned to
either RISE or FALL the control voltage controls EITHER the Rise or the Fall., In the center position a
control voltage will control both Rise and Fall simultaneously. The VC-IN has an associated control
voltage protesser so that the control voltage can be amplified, attenuated and/or inverted. One good
place to get control voltages to control one DS6 is from another DSE:

END
“ ST FAST 1 A YC-0%cC,
pSG $ET SLow: & TRAMAN OF
VAQNN G LENGTMH
TRV~ ENVELD PES

END
DsSG €1 SET VEKY sLow

TRIG-

IN

ENVELOPES WITH SUSTAIN, The D56 has an input labeled IN which accepts a voltage. If this voltage is
higher or lower than the outpat voltage of the D56, then the cutput voltage will rise or fall to the input
voltage at a rate set by the RISE and FALL pots. This input is useful for saking envelopes which sustain
as long as the Trigger pulse remains high. For instance, the KP out on the TKB remains at 5 velts as long
as a finger is held down on the keyboard.
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STEP SEVEN

When a piano note is sounded, not only does it have an overall ampiitude envelope, but each hareonic or
overtone has its own envelope. In mest acoustic instrusents the higher the freguency of the overtone the
faster it dies away. The lowest tone, the fundamental, dies away last. Thic patters is very such like closing

down a fully opened LO PAGS filter,

Fuanpame
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The control voltage applied to the filter sets the cut-off frequency. Usually the higher the voltage the
higher the cut-off frequency. What makes it easier to simulate “natural® sounds using a VEA and a filter is
that the asplitude envelope is often similar to the *harmonic spectrus envelope”.
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7.1 The sisilarities of these envelopes coshined with the tautology "if all the harmonics die away the sound
has died away®, make it possible to simulate natural sound even without the use of a VCA. The cut~off freguency
of the filter should be set low enough so that no sound gets through unless an envelope is applied. The
envelope should be applied to the YCF input and the processing pot should be turned full right. The envelope
should be set so that it rises rapidly and falls slowly. 14 the twe 0SCs are set to produce a fairly haraonic

putput, & bell-like sound should result,
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7.2 When this same patch is combined with a VLA controlled by the same envelope, and if the two 0SCs are .
controlied by the & and B outputs of the TKB, the result can be an interesting keyboard instrusent over which
the composer has a lot of control.

Osc

bsG

}A p |xP | TTE\G IN

TKB

7.3 A limitation of this patch is that the initial cut-off frequency of the filter is always the same while the
frequency of the OSC shifts under control of the TEB. A way to correct for this is by patching row B not only
to DSC #2 but to the IV/OCT input of the filter. Since these imputs are very precisely calibrated, and since
they are being controlled by the same voltage, the filter and the 0OSC will "track", so that the cut-off
frequency of the filter will follow the frequency of the oscillator.

0sc osc FILT oL PUT —’D:]
MODULE
‘ /oct ' I‘
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TR16 I8
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7.4 Thiz patch uses the TKB in only one of its two sajor modes: the keyboard mode. It is possible to use it in
an automatic or SEQUENEER sode where different stages are accessed avtomatically, Near the upper right-hand
corner of the TKB is a CLOCK input which accepts a trigger pulse (it is red, indicating a trigger in). Every
tise the TKB receives a trigger pulse at its CLOCK input it steps one stage to the right. If it is at stage 8
it will ctep to stage 9. If it is on stage 16, however, it “wraps around” to stage 1. Using 2 DS6 set up as a
siow OSC to provide trigger pulses, the following patch will step the TKB through its stages:
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7.5 For this patch it is helpful to set all the pots in row A to different settings so that the different
stages are distinguished from each other. Below is & logical extension of this automated TKR combined with the
instruaent sound we previously developed:

os5C | osC

Ds(>
alls ceck el .j?k\c ™
r TR l DSG

In this patch DSG 42 acts like a clock for the whole system. As it "ticks" it steps the TXB zlong and
cisultaneously triggers the #1 DSG.

7.5 & susical drawback with this patch is the regularity with which the systea soves along. But since the Ds6
is voltage controllable, we have a way of altering the clock’s rate by using a row of the TKB to Voltage
Control it. The speed of the clock now has becose an intregal part of the "musical instrusent”™ that was
constructed by patching together modules. By setting the pots in the row controlling the DSG, it 1s possible to
set the time at each step-- in other words, to control the rhyths. Furthersore, row D can be used to control
the length of 156 #1, the envelope to the VCA and to the Filter. With a thoughtful setting of the pots, b
gitferent sounds in a desired order, in any rhythe, can be produced and repeated:

(2314 osc FiLT ouTPUT
mopuLE
h
D5
TRIG
Vet
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A |B o iuo':‘» DSG
TKE {
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AL TN
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THE OVERALL DESIGN OF THE SERGE SYSTEM

Nith this last STEP all three kinds of voltage and all four major types of sodules found on the Serge have been
used,

The Three Kinds of Yoltage:

AUDIO YOLTAGES: Black Jacks. 20 to 20,000 Mertz. Output voltage typically -2.5 to 2.5 volts. Audio
voltages produced by blue jacks typically 0 te 5 volts., However, any voltage range, so long as it
pscillates in the audio range can be used as an audio voltage. Black imputs are typically #C coupled,
seaning that the slow or non-changing aspects of the voltage are blocked.

CONTROL VOLTAGES: Blue Jacks. Typically O to 500 Hertz but can be higher particularly ia the case of FA
and AM. Usually either -5 to 0 volts or O to 5 volts but can range aver -10 to +10 volts. Blue inputs are
DC coupled meaning they respond to the full range including negative voltages.

TRIGGER or PULSE VOLTAGES: Red Jacks. Either ¢ volts or S volis with a fast rising edge between 0 and 5
volts. Some red outputs can hold the high Ievel indifinitely, others fall back to 0 1n a set time. Red
inputs are triggered by the rising edge and therefore other voltages, such as inverted saw waves, can be
used to trigger. Some red inputs control certain functions of a module as long as the voltage resains HI.
In these cases any 5 volt level will sustain the function.

The Four Major Xinds of Modules:

SIGNAL GENERATORS. These modules produce audic voltages as their output. The oscillaters are examples of
thic kind of module. The Noise Source module is another.

CONTROL VOLTAGE GENERATDRS. These modules produce control voltages as outputs. Envelope gemerators and
sequencers are examples of this type of sodule.

AUDID PROCESSORS, These sodules input audic voltages, operate on these voltages and output a related
audio voltage. Filters are an example of audio processors. In general they operate on the timbre of the
spund. Another type of audio processor inputs two or sore audio signals and cosbines thes in various
fashions. Mixers and ring modulators are examples of this type of module.

YOLTAGE PROCESSORS. These msdules input a control voltage and output & related control voltage, A
processor is an example, in which case a control voltage is the input. The output aight be the saae
voltage inverted.

f fifth type of aodule that has not been dealt with yet is an fudio-to-Control-Yoltage converter. One
example might be a module that imputs an audio signal and outputs a control voltage representing the
envelope of that sound. Such a module is called an epvelope follower.

Once the concept and basic principles of these five types of modules are understood, an infinite array of new
"instruments* can be sade or "patched” out of the sodules available on the Serge. New aodules, once their
basic type is determined and their internal waorkings understood, can be easily added to existing modules. In
general, modules of the same type can be substituted for each sther,

Each of the mext five chapters will cover one of these five types of mpdules, presenting sedules and functions

not yet covered, It is suggested that each module be explored as it is presented by setting up patches using
it with sodules already understood.
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SIENAL SOURCES

USCILLATORS, Both the NTD {New Timbral Osciliator) and the PCD {Precision Controlled Oscillator) have been
treated earlier in this manual as to their ability to gemerate audio frequencies. Both the NTO and the PCO
have an imput labelied "SYNC®. This input allows two O5Cs to be locked together so that they will not drift
apart in frequency. Two OSCs that have drifted just a few Hertz apart can cause a "beating” to occur at their
difference frequenty, Sometimes this is the desired effect, producing a choral guality to the sound. When using
the SYNC, one O5C is locked to the fundamental OR to a strong overtone of a second OSC. Locking onto an
overtone is useful in the setting up of chords,

L’] ouTuT -—‘iij

ose | 4| osc MIXER ,—-J MODULE

sHNC

In the above patch OSC 42 is locked to 0SC #1. It cannot drift. An interesting phenosenon occurs 1f O0SC #1 is
set very low and its SAW wave is used to SYNC OSC 42. 1§ 0SC #2 is now swept upwards over its range, either
using its pot or a control voltage, you will hear it locking onto one overtone atter another, creating a

"just-intoned" stepped scale,
osC. oumPuT
osc MoDULE

8ET FREQ
Low SYNC
END
’ SET SLow
pse» | Y
=G I

WHITE and PINK NDISE, White noise is a complex wave in which ALL frequencies appear mixed together. The sound
15 a sort of hissing sound. Since it contains all frequencies it cam be iltered in various fashions to produce
bands of sound in many different frequencies. This is the ultimate material for subtractive synthesis. It is
alsoc useful for producing percussion sounds such as snare druas.

WHITE FUTER CNITFNJT:—-r——ﬁbtl::]
nwo|51; """’J <1 mobULE

I~ i
WHITE NOKE s DSGr
TKS

TRIG IN
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Pink noise is like White noise except that it sounds lower, more like a waterfall. The low frequencies have
gore amplitude,

RINGING FILTER, The VCF@ can be "rung" much like a gong, with a trigger pulse to the TRIB-IN. By adjusting
the FREQ, different pitches can be achieved. Adjusting the 8 will alter the sound from percussive clicks to
bell-lIike sounds. The output is a daaped SINE wave.

VCFq 1 ouTPUT _’ﬂ
MODULE

b TRIGC 1

Ke

PAMPED wWAVES

This technigue can be used when other signals are applied to the INPUT of the filter tc produce a wide range of
interesting sounds,

SLOPE GENERATOR. As already discussed, the DS6, can be patched to trigger itself to produce an 05C, The

frequency is set by adjusting the Rise and Fall time either with the pots or with a contrel voltage. The D56
can have a voltage controlled wave shape if the switch on the VC-in is set to either RISE or FALL.

ouTPuY
Moo ule I '[ﬂ

4 5&7T To. AUDIO RATES

=3 N\/\/\/ .

15T To:

N\

FlseeH
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AUDIO SEQUENCES, & sound source of a sore umusual nature can be found in the TXB. To use the TEB as a sound
spurce the CLOCK trigger amust be well into the audic ramge. The output is taken from either A, B, Corl
outputs and sent directly to the cutput or to a audio processor such as a filter, Each pot on the chosen row
gefines the voltage of the wave at one point, so the waveshape is composed of sixteen levels. The frequency 15
one-sixteenth of the frequency of the clock. Interesting waveshape variations can be produced by adjustng the
position of the variocus pots.

5| ovTPUY ._,nq
FILY » MoDU'-‘l
ouT
A ¥ CLO<K
D56
TKS
TRIG

PoTE jn RoW A
SET W DIFFERENT
POSITIONS.
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CONTROL VOLTAGE SDURCES

RVG and the 2RVE {The Random Voltage Senerator). Very often you will want a changing voltage. Either it won't
such satter what voltage it is, or you may want a surprise. Such situations cose up shen working with certain
kinds of modern susic such as Stochastic or Aleatoric, as well as other musics such as symphony and rock and
roll. In particular it sounds sore "anisated” to have the tisbre of an electronic sound slightly thanging in &
randoa or non-consistent sanner.

The Serge provides three kinds of random control voltage: stepped, saooth, and pulse. These are diagramsed
beiow:

o e
UL W_ﬂf‘_ﬂ_ﬂ_ll

The RATE pot at the bottom of the module deteraines the overall rate of change, a function whith can be veltage
controllied.

FAST

The rate of randommess can be conrtrolled on the random sodule, and @ Processor or a processing Input can scale
the randoa output to any desired level. The following patch is useful for exploring the possibilities of the
saooth and the stepped randos output:

05C ouT
nnooEEZ "*!1:3

EVD ' AVX-IN

RATE
TR 1N
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If your Serge has wore than one randoa aodule it is possible te use a randoa control voltage to control the
rate of the second random voltage. The pulse output can be explored using the following patch to provide a

randoa rhytha:

C FILT ouTPuT
0sC 05 MODWE
L ]
Purse
RAN DO ‘
TRIG N

ADSR. The Extended ADSR is an envelope generater that can produce sulti-segmented envelopes of a more complex
variety than a single DSG is able to provide. In certain kinds of synthesis this is necessary, since few
natural envelopes are a simple rise and fall, The ADSR is able to provide a four-part envelope labelled Attack,
Decay, Sustain and Release, as in the following diagram

s JADECAY
SUSTAIN
ATTAK ‘C"

&~ RELEASE

Thic envelope, in a general sort of way, represents the envelope of trumpet or any instrueent which can sustain
a note at a steady level. The sustain section is settable to different Sustain Levels by means of a pot and
voltage control. In addition to these functions the ADSR also provides s delay that sets an asount of time
between the receiving of a trigger and the onset of the envelope itselé. This is useful when triggering related
envelopes with the same Trigger or Gate.

The module is triggered by a pulse to its GATE input. Usually this trigger coses from a keyboard device such as
the TER's keyboard cutput (KP} which ic a trigger that stays at a +5 volt level as long as a finger resains o
the key:

+5

" -

sttt et

§¢§ i oD "

RelEAsE
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This sustained high level will be used in the timing of the ADSR's output.

The ADSR has five pots, each with an associated costrol voltage ieput jack. These control voltages atfect the
same segaents as the corresponding pots. The uppersest pot/control voltage input sets the length of the delay
between receipt of the trigger pulse and the onset of the envelope. The further left the pot is set the longer
the delay. The second pot controls the slope of the Attack in much the same way as the Rise pot on the DSB. 1t
tos, is voltage-tontroiiable. The third pot/VC-input controls the slope of the initial Decay, which falls to
the voltage level set by the fourth pot (Sustain), The ADSR will sustain the voltage output set by this fourth
pot AS LONG AS THE BATE INPUT REMAINS HIGH. In the case of the TKB’s KP output, this is as long as one holds a
finger down on the keypad. When the GATE goes low, the fifth pot determines the slope of the final decay.

+5

‘ GCATE
o

+5

EAMVELOPE oUT

[ <]

SET 2oL . OSIONS
o5C TeuT, X
T S ouTRY

iy A

PLNK
»LSE APSR
3 ATE M)
P
TKB

£, FWGER Down
SUSTAINS SOUND

The ADSR functions in & slightly different fashion if the trigger pulse is applied to the TRIE input and not
the GATE input. When there is no input to the GATE, the output of the ADSR remains at the voltage level set by
the Sustain pot (pot #4). When the ADSR receives a triqger pulse the vnltage drops to ¢ volts from thig level
at a rate set by the Release Pot (#3). The voliage then rises to the peak voltage at a rate set by the attack
pot and finally drops hack to the level set by the sustain pot at a rate set by the decay pot.

+5

, TRIG

+$

ouT
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Using both inputs, more complex envelopes are pussible, For example, during the sustain tise set up by a BATE
pulse, & trigger received at the TRIG will cause a new attack to start,

While in the sustain mode of an envelope, the ADSR will respond to changing control veltages at its sustain

input. This makes complicated sustains possible.

———
ADSR
sUSTMAN | TRIG

T0UCK PAD KEYBOARD on the TKB. The TKB can be thought of as two separate but interconnected modules: the
Sequencer and the Keyboard. The two modules can be partially separated froe each other by switching the KEYS
switch to OFF.

The Keyboard provides the user with three voltage outputs. KV outputs a voltage depending on which keypad was
lact touched. Each keypad is assigned a voltage such that keypad #1 has the lowest voltage, keypad 42 the
second lowest and so on up to keypad #16 which has the highest voltage. The voltage increase between any two
adjatent keys is equal and can be used whenever an equal-tespered scale is needed. f processor or Processing
input can be used to calibrate an oscillator to produce any desired equal-teapered scale including the western
12 divisions to the octave.

+5

Ky

The Pressure output is a voltage proportional to the amount of pressure apﬁ]ied to the keyboard with the
finger. When used to control 3 VLA, it can act much like an pxpressive envelope generator simulating the

"piana-forte" (soft-loud).

0sC FILT |2 vea | ouTPUT__,cd

Ky  [PRessURE
TKE
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The pressure cutput works by using a capacitance detector. You will find that the position of your other hand
in relaticn to the faceplate of the systhesizer affects its output.

TRANSEENT GENERATOR, The DTS is a saaller version of the DSB. It is a dual module, the aodules being side by
side. The Rise and Fall are only voltage-controllable simultaneously and can not be controlled separately. Each
D16 has two outputs: a final pulse which can be used for recycling itself or for triggering another function,

and an envelgpe outpat.
g A

———>

COMPLICATED
ENVELOPE

EYTENDED RANGE VCF. A surprising source of coatrol voltages is the Extended Range VCF (VCFX) which, like the
Variable @ filter, can be made to "ring* -~ in this case, to ring at sub-audio or control voltage freguencies.
The YCFY chould be set to its LD setting. A trigger applied to its TRIG in, when the § is at a high enough
setting, causes the damped oscillation which is a useful gontrol voltage for tresolo effects,

ouTPUT
osC VCA Mo PULE

iv/oeT

” N A

vE WAVE
K XP DAMPED

oTE THAT FREQR-
A’szgqlaas Cnllgglﬁaf

When the BAND output of the VCF is patched back into its own input to produce a feedback loop, the VEFX will
peciliate. Sine waves are then available at its HI, BAND, and LO outputs. these sine waves will be 90 degrees
out of phase with each other and are useful for creating stereo and guad panning patterns.
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LDW FREQUENCY OSCILLATOR. the PCO in its LO setting produres voltages of sub-audic frequency. This frequency
can be sade even lower by the application of a negative voltage, or a positive voltage inverted by its

processing input.

PcO

SET LO

%
AN

NTO

VCA

)
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AUDID PROCESSORS.

There are four major paths to analog electronic music synthesis.

ADDITIVE SYNTHESIS: Since any sound can be shown to be made of sine waves, it is possible to construct any
sound by adding the appropriate sine waves together. While conceptually this seess to be the most flexible
sethod of synthesis, in reality it is a difficult and tise-consuming procedure except in some lisited
rases. Often it is more practical to aix already complex sounds together,

SUBTRACTIVE SYNTHESIS: The opposite of additive synthesis is subtractive synthesis. In its ideal form, one
can take white noise, which contains ALL frequencies and subtract the ones not wanted, auch like the
stulptor chipping away at a biock of stone, More comsonly, the synthesist takes approximate waveforas,
cuch as sawtooth waves, or 2 mix of waves, and "chips® away at these sounds.

MODULATION: There are a number of electronic processes that take one siaple wavefors and modulate it, or
alter it, with a second wavefors, This would include AM, FN and Ring asdulation. The resultant waveforas
are then often subjected to either additive and/or subtractive synthesis.

WAVESHAPING: Waveshaping is a technique where a given wave is input into a device and a related but

different wave is output., For instance, 3 simple waveshaper is a “Rectitier” which outputs the absolute
value of its input wave,

L\ N /N sine wave W TRIANCE
S

//—\[/“\/,\Y/’\lff:) RECTIFIED A{\\J/N\u/h\\/\\j/\hf RECTIFIED

SINE WAVE TRIANGLE WAVE

Medules that waveshape signals, add signals together, Subtract parts of sigmals, or that Modulate signals are
called Signal Processors. The Serge system is a Signal Processor-rich synthesizer and includes Rany processors
that are not found on any other synthesizer. So far in this sanual the processors gealt with have been Mivers,

Voltage Controlled Asplifiers and Filters.

VARIABLE @ VCF (VCFR). The VCFD has all the functions of a requiar VCF plus a few unique features,

NOTCH OBTPUT. This output allows all the frequencies of the input signal to pass EXCEPT those in a
band directly arcund the setting of the FREQ pot and control voltage. It is useful for reapving a

rertain sound from a aore coaplex one.

AP,

RRAQ -
NoTcH  euTPuT
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VLU or RESONANCE. "B® is the property of a filter shere the cut-off frequency is amplified and
fed-back into the original signal to produce a bell-like or ringing sound. Different levels of @
produce different tonal qualities. In the VCFE this function is both adjustable by a pot and voltage

controllable by the VOB input,

06C

veA -—)[Q

osc FILT
Q@
D56
A Bl Kp TRIC N
18

AUTOMATIC GAIN CONTROL. One of the probless with a Hi-Bain O filter is that if the cut-off frequency
hits an overtone that is higher in asplitude than expected, it can overload the filter and/or the
speaker systea and cause distortion. The AGC keeps the putput gain constant at the cut-off freguency
and is activated by inputting the signal into the ABC-IN. The requiar input {IN} does not have an
ARC, but does have a GAIN pot associated with it to attenuate the signal to desired levels.

VARTABLE SLOPE VOLTAGE VCF (VCFS): Other than havimg the regular features of a voltage controlled filter,
the YCFS has the following features:

NIXED INPUTS, Two inputs IN-1 and IN-2 which can be wixed using the HIX pot situated between the two
inputs. Full right allows anly IN-2 to be processed while full left allows only IN-f. Pot settings
hetween these extremes allow a mix of the two inputs, the 12 o’clock setting being an equal 8i¥.

VOLTAGE CONTROLLABLE SLOPE. The Slope of a filter is the asount of attenuation per octave the input
signal is attenuated beyond the cut-off frequency. Though an “ideal® filter has a 60 db/oct cut-off
lor even greater} slope, this is not a particularly useful siope susically. In fact, different
slopes have different tomal and tiabral effects which can be used with qood effect, In the VOFS the
slope can be adjusted either hy using a control voltage (the input has a Processing pot assoriated
with it) or sanually by using the pot directly beneath the VO SLOPE Processing pot.
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VARIABLE BANDWIDTH VCF (VCF2). A band pass filter 15 useful for listening to a part of a much larger
sound. The nature of this band can be described by noting its Center Frequency and its Band Width,

SAND wl"““l

-

L \

U cenren
EREQUENCT

The VCFZ allows the user to either manually control or voltage control both of these parassters. The

center freguency 1s controlled manually by the FREQ pot and veltage controllable by the VOF input
{processed) and a 1V/OCT VC input {precision calibrated to be able to track the oscillators). The band
width is also controliable by voltages using the VC-RE input {processed), the IV/OLT VC input {precision
calibrated] and by a manual pot located just below the processing pot.

<« ouUTPOLY

— FREQ.

TIME —>»

The VCF? also has four other outputs:
LD PASS. The cut-off frequency being the LD edge of the Variable Bandpass,
HI PASS. The cut-off frequency being the HY edge of the Variable bandpass.

LO BAND. A fixed width bandpass filter whose lo cut-off freguenty is the lo edge of the variahle
width bandpass.,

HI BAND. A fixed width bandpass filter whose hi cut-off frequency is the hi edge of the Variable
width bandpass,

VARIABLE BAND
UPPER BAND

' : g1 Ht PSS

VAW

Y
L 4 LoweER BAnD
Lo PASS
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The YCFZ’s cutput on all #ive bands is flat, that is there is ng resonance or 0, and therefore 1s 1deal
for processing concrete sounds, or for studio use since the filter does not change the quality of the
sound that it is passing.

RESONANT EQUALIZER {E@), An Equalizer or Comb filter is 3 bank of band pass filters that covers the entire
spectrua and whose outputs sre mixed together such that the asplitudes of each filter can be controlled.
Nith this device the sound as a whole can be adjusted and balanced to suit., The Resonant Egqualizer has ten
bands with each band’s output being comtrolled by a pot that is labelled with the center frequency ot the
band. When the pot is turned to the right, the band it controls is amplified up to about the 3 o’rlock
position (this is 12 db higher than the input signal). Past 3 o’clock the band iz given sore and sore
resonance, 14 the pot is turned to the left the associated band it attenuated further and further.

The EQ has three outputs. The EQ output suas together all tem bands while the remaining two outputs each
sus together alternating outputs {the lower jack outputs &%, 218, 777, 2.8K and 11K Hertz while the aiddle
putputs the other bands).

The bands are arranged in sevenths so that a false tonic does not develop. A Level pot at the bottos
adjusts the pver-all gain of the output and prevents overload when the resonance is set high. These fized
resonant bands are cosaon in almost all timbres produced by mesical instrusents, and it is the skill of
the violin or piano manufacturer in tailoring these resonances that partially determines the quality of

i

ORIGINAL SIGNAL.

|1

SOME POSSIBLE OuTPUTS

TRIPLE WAVESHAPER. (TWS), The Triple Waveshaper sodule contains three identical devices which can be used
to convert sawtooth waves into sine waves and can provide a wide range of other foras of sound and tiabre
sodification. The tiabre can be affected by a manual pot and two different VL inputs which operate on the
sound in teo different ways. It it a useful module for producing interesting and changing sound tiabres,

something difficult to achieve in other synthesizers.

TOP MIDDLE ouTPUT
[ wAVE o1 wAveE MODULE T
0s ‘ oSC HAPER SUAPER
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A |6 CLOCK,
TKB
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AVE NULTIPLIERS (VCH). The Wave Multiplier Module is a triple sodule that, unlike sost other
sulti-aodules on the Serge, contains three DIFFERENT modules, Each of the three modules pperates on its
input in a unique fashion, transforsing siaple sounds into susically tomplex and interesting ones. They
should not be confused with such devices as Ring modulators which sultiply their input signals in a Jinear
fashion -- the Wave Multipliers are highly non-linear in their action. In sany ways these sodules
represent a new node in the typical synthesizer patch.

osc FILT veA __)ﬁ

)
oLp
0sC WAVE FILT VCA r"ﬂ
™MOULT.
NEW

UPPER MAVE MULTIPLIER: The Upper module of the trio is the sisplest of the three. It has 2 switch for
two different settings characteristics. In the HI setting it acts to soderately “sguare up" or soft
clip the sigral. The soft clipping is asplitude dependant, producing changes in tiabre as the

loudness increases.
/\/\/\ lNPUT

In the LD setting it acts like a linear VCA, a device useful for producing different types of AN

sounds.
ConNTROL
VOLTAGE
SOUND
ouT VT

In both settings the aodule can be controlled either manually or with a V€ (control voltage.)
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MIDDLE WAVE MULTIPLIER: The Middle Wave Multiplier has two inputs, each producing a slightly
different result at the output. One input is DC coupled and has a blue jack. The other input is AC
coupled and has a black jack. A sine wave will sound the same shen connected to either input, but &
triangle wave will produce different effects. These inputs can be used together to provide unusual
eftects. The general effect of the module is to produce new odd overtones from a sine wave input when
the manual pot is turned or when a veitage is applied to the VL input. However, control voltages of
coaplicated patures or inputs sore cosplex than sine or triangle waves canm create shissering bodies
of sound somewhat reainiscent of over-blown wind instrusents, The VO input can accept AC signals,
allowing for cosplex sodulation,

MiDDLE

WANE ~—-)ﬂ:]

MuLT. I

D5SG c5C

h 4

SMOOTH

]
RAND

POT
SEIMINGS

VAV AVANAN
MV o
AWV WAVAN
LUAVATANLTAVATUAV (AR

BOTTOM WAVE WULTIPLIER: Like the Niddle Multiplier, the Bottos one also has two independent thut
igentical) inputs. Both inputs are AC coupled. The general effect of the godule is that of a
full-wave rectifier for audio signals, which aeans that negative voltages are "flipped" up into the

ALY YV
[N N
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Such a rectified §ine wave contains only even haraonics and is gne of the few waveforas to contain
uply ?hesg harsanics. The Bottos Wave Multiplier, in actuality, contains three wavefora-transforeing
tircuits in & carefully controlled series.

Like the upper Fuu wave multipliers the sodule provides both manual and voltage control aver the
nutppt. Unlike its companion sodules, however, there are two distinct outputs, BUT 1 and OUT 2. OUT 2
provides a “sguared ep" version of OHT 1,

One important feature of this lower sodule is that, wnlike sisple rectifiers, the asplitude of the
gutput does not decrease through succesive rectifications.

Overall, these three Wave Multipliers provide a sethod of producing timbres as rich and as varied as
acoustic sounds and yet having the precision and repeatablity of analog synthesis,

osC. ToP
e WAVE
MULT.

$ET-LO

h 4

BoTTOM OUTPYT
wWAvE
MyLT, MOPVLE

o8l ¥ Ay

DsSG

DUAL UNIVERSAL SLOPE BENERATOR (DSG6}. The DS6 can functiom as a non-linear lo-pass filter essentially by
softening the slopes of the IN signal. Generally speaking, the less steep the slope of a wavefors the
fewer high freguencies it contains, Te accomplish this the RISE and FALL times must be set quite fast.
Increasing either the Rise or Fall time will increase the filtering action.

NOTE: ALL WTPUT sLaPES
ARE THE sammE.
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Recause the RISE and FALL tiae on the DSB is voltage controllable, when used in this fashion, the module
becomes a voltage controlled filter.

osc PAY I DsG |2
IN

RISE LEALL
T ‘FAST

Closely related to this patch is the use of the DSE as an ENVELDPE FOLLOMER. An envelope follower is a
device or module that inputs a complex sound and outputs a control voltage proportional to the envelope of
the input.

VOLTAGE ovT

To create an ENVELOPE FOLLONER it is not desirable to exactly follow the voltage, for that will simply
reproduce the wave itself, perhaps with a slight delay or softening of the slopes. Rather, an enveloge

follower should follow the rising voltages as closely as possible, but have a very slow FALL time. When
this is done, the uppper edge of the wavefora alone is traced, this being the envelope.

. e/4VOLFN6§ ouy

KiSounD In)

On the DSG this is easily accomplished by using a very fast RISE time and a slow FALL time,

PE OF
T:USMS &1 SET: FAST RISE
TALK | NG~ psi- stow FALL
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I+ the DSG is set with a fast FALL time and a slow RISE time, the D56 will follow the negative peaks of
the sound. Usually these peaks are almost identical to the positive ones, but not necessarily always. The
negative envelope can be used directly to “shut down® a VCA. This can be useful for suppressing
backgrounds during sclos and for inverting dymamics.

Another use of the DSG is that of an SUB-HARMONIC or UNDERTONE GENERATOR. This is accomplished by applying
a very fast pulse train to the TRIG IN and by having the DSG set to audio frequencies. The D56 will not
respond to a second trigger until its envelope is coamplete. If the duration of the envelope is set
(sanually or with a control voltage) longer than the time frame between the pulses in the trainm, it will
"skip® one {or more} pulses. If it misses a single beat, the fregquency is lowered by an pctave; 14 it
misses two, the freguency is lowered by an octave and a fifth, Note that this wave has an inverted
trapezoidal shape.

_/\_A/\_/\_/\_/\_/\-/\-/\-—A-'ro»w-
__/\/\/\/\/\lsf SUB-
HARMOMIC

) : ud
__/\_/.\/\\ ve -
H’A%MO .

It is soaetimes desirable to shape the envelope so that it has a NON-LINEAR SLOPE. this 1s often the rase
when producing long sustained sounds or sounds that gradually change in loudness over a long duratiop, The
56, when patched to the VCR, will seea to have little effect on the loudness of sound at the start and
the end of the long envelopes. This is because of the wide range of the VCA's and the exponential
relationship betweern the voliage and the amplitude.

By "feeding back” the output of the DS6 to the VC-IN and setting the processing pot to the left, the final
output is made non-linear. This phenosenon occurs because higher voltage to the VL input causes the slope
to decrease, so the D86 remains longer at the higher voltage levels.

If the processing pot of the DSG is turned to the right, the feedback has the opposite effect: the
envelope becoames a sharper and sharper spike, useful for creating short percussive envelopes.

ENVELOPE Pﬂoc

SET”NG-
END ouT

DsG

/K@
i R S A W™
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CONPARATOR (COM): The action of this sodule is this: When the voltage of the "-* imput is greater than the
"+* input, the OUT goes high to +5 volts. Dtherwise the DUT is 0 volts. The pot sets a threshold voltage
which is added to the "+* input. If there is mo "+* input, this pot alone sets the veltage which the -*
input aust rise above for the OUT to gu high.

g {iW
wr ]| i

This device can be used to create rectangular waves of various duty cycles. By imputting a sawtooth wave
into the *-* ingut {which is labelled with a "sawtooth® wave to indicate this) and inputting a control
voltage into the *+* input, a voltage controlled pulse width generator can be created. These pulses sound
like 2 certain kind of filtering or phasing. A square wave contains only odd harmonics but different
rectangular waves contain different harsonics depending on the *duty cycle® (amount of DN tise to OFF
time}. It is interesting to note that rectangular waves with duty cycles pf: | to 7 have these haraonics
aissing: 2,4,6,8,10 etc. (a square wave has only odd harsonics): 3 to ¢ have missing haraonics 1,8,9,12
etc.; 5 to ! have missing haraonics §,10,15,20 etc,

o (L SATAAAA
UL

The pulse outputs of the CON can be used to trigger any device on the Serge that reguires a trigger pulse,

osc _.{Q

058C

0sC p-—SﬂH’

COMP

TXBE

THE OVERALL DESIGN OF THE SERGE SYSTEM  5-20



PHASER (PHA}. When two identical signals of different phase are mixed together, various freguencies of the
signal are cancelled out or attentuated. Which frequencies are cancelled is dependent on the phase
relationship between the two signals. “Phasing® is often created #hen a single sound arrives at the ear at
two slightly different times, for instance via two different echoes or two speakers playing the same
souné. In these cases one of the sounds arrives slightly delayed berause of the extra distance it must
travel. In rock and roll this technigue is called flanging and was first created by playing the same song
o two different tape machines with a thumb on the flange of one of thea, slowing it down slightly.
Electronic Phasing is a related technique except that instead of delaying the entire signal the delay, and
hence the phase shift, occurs only at one specified frequency. This phase shift can be pictured as a well
with fairly sharp sloping sides with a phase shift of 180 degrees at the botton,

TWO SAwW
/MI/WI SAVES (2F o
PHASE &Y 90°

2o 20,000 HERTZ
CORIGINAL SiL AL

'J tz-’o" LPHASF OF
90 . SHIFTED glennL
180

PHASED

SIGVAL
zZo 0. 000
Py *

* Vene

180"

FLANGED

SIGNAL

The Serqge Phaser is a three-stage phaser providing outputs at each stage (360, 720, and 1080 degrees),
however, the characteristic sound of phasing only occurs when these phase-shifted signals are mixed back
inte the original signal, (The shifted signals by themselves are useful for certain spatial effects,
azking a sound appear to be moving through space. Our ears are particularly sensitive to phase in relation
to position as it is the phase difference between pur pars which gives us a clue as to direction.) A sixed
output of the Phaser appears at the WIYED output, adjustable by using the manual pot labelled WIX. Full
right is the unphased signal, full left ic the fully phased signal. The center of “frequency shiét well”
is determined manually with the PHASE pot and/or with a control voltage (VC in). The V€ In can be
attentuated by the pot below it. These controls are very precise and log-conforaing, allowing the
frequency of the Phaser to follow the shifting of its input signal if desired,

0sC VCA PUA OUTPUT __.[q
mopulle
osc
f
A B
TXB
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This aodule also comes in a DUAL PHASER Module {2PHA). The upper phaser has 720 degree phased output as
well as the mixed out, while the lower phaser has a 340 degree put and the mixed out. If desired, these
tyu sodules can be strung together to produce a single, deeper phase shift. It has been found that if the
ulxsd astput ic mixed back in with the input signal an extraordinarily deep, resonant sound fan be
produced.

osC osc MIXER, PHASER |

QUAD VCA. {OCA). The Quad VCA contains four independent VCAs each with an audic input, @ voltage rontrol
input, an output and a GRIN pot. These are logarithaic VOAs and are usetul for putting envelopes on

sounds, and for Aaplitude Modulationm.

osc VCA

il
|

2-VcA RING MODULATOR

MIX __,[ﬂ

0sC v
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QUTPUT MIXING

For three sillion years, in fact up until eighty years agp, EVERY sound heard by a man or a wokan was
integrally associated with its source. The sound of a lion implied a lion, the sound of & snapping twig implied
@ snapping twig, the sound of somebody calling out your name implied somebody calling out your name. This
changed suddenly and irrevocably with the invention of the record player. The sound of a lion could now be a
speaker cone vibrating, The sound of sosebody calling out your name could be a telephone.

Despite this recent change, we husans still hear sounds as distinct entities. Even though all the sounds in a
roos combing to form & single coaplex pressure wave which vibrates our ear drum, we still hear the faucet
dripping, the clomp of shoes in the apartaent above, the cars wopshing by outside, the conversation in the
other room; and if the radio is on not only do we hear ausic, we can hear the singer, the bhass player, the
piang, the druas and even soeething else called the "hiss®. All these zeparate “sound sourges” are MIXED in the
ait to impinge on our ears as a single coaplex waveform, Dur brain easily sorts thes out. This abiiity to sort
different sounds 1s valid even with electronic sounds. A synthesizer can create two different sounds, aix theas
together, and the ear upon hearing thea, can separate them out again. For three aillion years not only could we
tell that a lion was roaring, but we could tell that the lion was roaring over there, that the twig broke
behind that bush, that somebody called your nase behind you. It was possible to localize the sound in space.
While it is important to know that a big cat is around, it is just as important to know where. (You run the
gther way.) A “sound entity" is located in space by hearing the sound twice, once with each ear. Because seund
takes time tc move through the air it reaches one ear before the other -- just enough to create a phase
difference. The brain fan process these phase differences to locate the direction of the sound source. The
relative loudness and quality of the sound help to determine the distance of the sound source. A phenoaenor
talled the “Doppler Shi#t® helps to determine whether the sound is cosing or going., Berause the brain discovers
the direction of a sound by phase difference and distance by relative loudness, location can be simslated with
two speakers. With two speakers appropriately placed the brain can locate a recorded lion pacing back and
forth. To accoaplish this a single sound is PANNED back and forth between the two speakers.

fi MIXER is a aodule that adds together a nusber of different sounds and sends the sixture to one or sore
outputs, A MIXER can he categorized by the number of inputs and outpuis 1t has,

A PANNER takes one sound and sends it to two or sore different speakers, fading from one to the other.
This creates the illusion of movesent.

# CROSSFADER takes two sounds and sanothly mixes between them so that as one sound decreases in asplitude,
the other increases.

The Serge systes offers a wide variety of veltage-controlled Qutput Mixers, aany of which alsc contain Panners,
Crossfaders and voltage-controlied Amplifiers. These mixers also have at least one grounded cutput jack that
can be directly patched to an aaplifier. Typically this jack is a Mini-phone, but say be Phone or RCA. This
chielded connection output allows the synthesist to run fairly long cords without picking up hua or crosstaik.
Many of these Dutput Mixers also have mini-jacks which allow the synthesist to bring in external sound sources
such as tape recorders and pre-ampflified sicrophones.
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DUAL AUDI0 MIYER (MIX and MIX2). This aodule allows a aix of three signals, each with its own level
setting with an associated pot. IN-2 can accept either a grounded input from the external world or a
signal froa another Serge acdule, but not hoth at once {connecting te the sini-jack will disconnect the
banana jack imput), Each of the two mixers on this dual acdule has an auxiliary input, IN-4. This 15 a
"unity gain" input. The input signal is mixed with the final output. These auriliary inputs can be used to
treate a &-IN 1-DUY aixer.

osc
] osc MIXER | i I
OS¢
AV X
LY
osc
MIXER

WoE—

AUAD YEA (BCAY. The Buad VCA contains four separate, independent VCAs and provides an additional putput
Miv of all four YCA outputs. These VCAs are arranged as parallel columns with the putputs at the top of
the module. The gain of each YCA can be controlled by a GAIN pot at the bottos of the sodule or by a VO
BAIN voltage control input. This input is used to control the overall level of the sound with control
voltages such as envelope generators and TKB outputs. On each VCA there is an AKX control input of a iower
sensitivity for aaplitude modulation of the signal. VCA #1 also has an EXT IN, a mini-phone jack rnput
that can accept external signals.

The #IY output is & mix of the four outputs of the VCAs and has both a Banana putput for use within the
Serge and a mini-jack output so the signal can be exported to other pieces of equipsent. An AUX IN is
provided, which is a unity gain input that is sixed into the final 1424344 MIY, This input is useful for
creating iarger configurations of mixers.
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UNIVERSAL EOUAL POWER AUBIO PROCESS0R {UPAP). At the heart of the UPAP are four VCAs which, though they
can be used separately, can also be used as dual VYA units, providing various panming, crossfading and
sixing functions. fecawse of the range of wses it is the most space-effective acdule for a small Serge
Systes, Below is a block diagram of the module,

10—~ st s e o=

ouT
N 1+ O : 142 {0 OUT i+3

w-Z o ouT-Z
- ! ovT-3
v-3 VeA 3 O
b >0 outl Z+4
N 344 —>0 oVT
) o— AIN) (PAN 544
vey
VCA
-y _ oUT -4

Each YCA can be used separately with signal input at 1,2,3 and 4 respectively. A signal to input {+7 will
be sent to YCAs § AND 2 for panning and an input to 3+4 will be set to YCAs 3 AND 4, These “dual” inputs
can be mixed with the individual inputs to the VERs.

The output of each VCA appears individually at outputs 1,2,3 and 4 respectively. There are four aixed
putputs: 142, 3+4, 143 and 2+4. Outputs 143 and 244 have, in addition to their banana jatks, mini-phone
jacks to be used to send the output to external eguipeent. These are the usual left and right stereo
outputs.

Each individual YCA has its own VC input located directly beneath its signal input. The overall gain of
YCA 1 & 2 can be controlled by 2 single pot labelled 142 and its sssociated VO input. There is an
identical configuration for VCA 3 4 4,

Lastiy, the gain of the twe pairs of ¥CAs {1 & 2 and 3 & 4} can be controlled by the Pan/Fade pots and

their associated VC inputs such that, if set properly, the combined gain of the two resains the same
during a cross-fade between thea.
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PATLHES:

1, Four YCAs:

B m/FADE PoTts
NoTE 'EMLEA! ge SET TO
12 O CLOCK .

2. Tuo Crossfaders:

PAW/FADE | 1O OCLAKK
\F 344 OSED!

PAn ] FADE: 2 O CLOoCF

THE OVERALL DESIGN OF THE SERGE SYSTEM  5-26



I, Two Gtereo Panners:

. (o) PAN/ FADE : 1o O'clock

IF Z+4 usED

@ @_. Paw FADE : 2 o'clock

Ds&

4, Four out sixer:
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4 Note on the PAN/FADE:

The PAN/FADE Pot and VC control allows the synthesist to achieve an equal power pan between two speakers.

The typical pan in early synthesizers was achieved by using two YCAs, one controlled by a linear envelope,
the other controlled by the inversion of that envelope:

> VEA L ] l
1056 -
VCA L_.)[Q

DSG INVERTOR,

This technigue caused a severe dip in overall loudmess of the sound at the half-way point. The PAN/FADE
contral on the Serge corrects for this problem by keeping the total power (and perceived loudness) equal
as the sound moves fros speaker to speaker. This technique uses sophisticated circuits to cospute the
asplitude of the sound at each speaker. At the center point the amplitude of each speaker iz down exactly
3 DBs. Similar circuits are provided in the guad and octo panners to provide aulti-channel egual power
panning.

-3 db
;:‘PA,‘U EQUAL PowWER

To use the YT input to achieve a full pan, the Pot should be set, on the 1-2 Pan, just to the right of the
position where all the sound is sent to speaker $2. A S volt peak envelope will then sweep the sgund
across to speaker #1. For Panning between output ¥3 and #4, the pot should be set just to the left of the
position (all the sound 15 in speaker #4), The arrow underneath the VO input indicates the direction which
a positive voltage "aoves the pot”.

14 the pan/fade pot is set peyond these cut-oft pasitions, it will increasingly override the control

voltage action. For exasple, if pan/fade pot 1-2 is turned full left, nothing will be heard from cutput 82
regardless of other YO inputs.
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YOLTAGE CONTROLLED STEREQ MIYER (BYM). The QVM is a four-im, two-out aixer. Each input can be individually
gain controlied by a GAIN pot and a V€ gain inmput, Furthersore, each input can be directed to either or
beth of the two outputs by seans of a pan pot. This panning function cam also be voltage centrolled by the
VC Pan input. The arrow beneath the VC PAN imput indicates the direction of the pan upon receipt of a
positive voltage. Like the UPAP this is an equal power pan.

o0s5C

PoT SETTING FOR “Two
CHANMEL PAN.

The GYN has auxiliary unity gain inputs for each of its two output channels, These can be used to create
an 8-in 2-out mixer by patching the outputs of one QUM into the AUX-INs of another QVM, The AUY-INs also
have a mini-jack input which can be used to bring external signals into the Serge.

LE FT,

RGHT

b))

The QUM provides a sini-jack output for both the right and ieft channel, allowing the QUM to be used as an
cutput mizer.
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NULTI-CHANNEL STERED MIXER (SMX).The SNX is a 2Y input, 2-out mixer where X is the nusber of Dual Stereo
Panner sodules. Typically there #ill be three or four of these input mpdules. Each input channei is
igentical to the input channels of the VM with individual gain control pot and Y€ inputj and pan control
{also in both manwal and voltage control modes). Each channel has both a banana input and a sini-jack
input to be used with external sigeals. The Stereo Output Module is identical to the GVN’s output section
in that it has a left and right output and a left and right auxiliary input (both of which have both
Banana and mini-phone jacks). In addition, the Stereo Cutput Module has a Macter Gain Control which can
attenuate all input signals simultanecusly with either manual or voltage control.

OTHER Aux-In
C_HANNELS(J./
~
LE’E;T
ov —_—
VCA VCA

OTHER,
CHANNELS AUX-IN

1 CHAMNEL 0F SMX

MULTI-CHANNEL GUADRAPHONIC NIXER (@MX). The @MX is an X-input, 4-output mixer where X is the nuaber of
Duad Channel inputs (fros 2 to 7). Each input channel can be sent to any pf the four output channels,
pither with manual or voltage control. Each input channel has four AUX-INs which are dedicated inrputs to
pach of the four outputs. Each input’s averall gain can be controlled either panually or with a control
voltage to its VC-ALL.

The Quad Dutput Mixer module contains four mini-jack outputs and four AUX-INs, ore for each of the

outputs., There is alsp a master output gain control that can sigultaneously attenuate all four channels,
ganually or by voltage control to its VC-ALL.
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Each input has two panning controls: front to back, and left to right. These panning conirols are
identical to the panning controls on the UPAP, QVM and the SMX (see these acdules for a description of how
to effect perfect egual power pans) with one addition. Each of these twz pans contains an extra Inverting
input that allows a pesitive voltage to pam in the opposite direction.

osc

05¢,

ONE SOUND MOVES

WO AL

| @

Sarge w—

N €3S
ONE soUND MOVES
EF &> W
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IN

To achieve a perfect rotation of a single sound, two sine waves of identical frequency, 3¢ degrees out of
phase are reguired. These can be obtained using the VCFYX filter by patching the Band output to the IN and
setting the filter to its low range. Sine waves 90 degrees out of phase are available at the Band and Lo
outputs,

OUAD CHANMNEL OULAD CHANNEL
oS _——..Lbﬂo
+ @
e MK
eI ®
N nm———————
Lo PROC SWEEPING
VCFX . fI : A qounP
1BAND sy e o AROUND
w v °1.6 FOUR SPEAXERD,
-
sET:0 ©® @)©® @ —
1t ~~=||} t «=> chm
@0 " ®
J y

Lo L Ll

The high quality of the BMY allows rotation of a sound at audio frequencies providing 3 "spatial
sodulation® (5M).

Sounds patched into the AUX-INs of the input module will only appear at their assigned outputs and only
when that output is gated open by the panming controls.

.f' CHANNEL 1 AUn-INS

!

NE j 3
‘osCE "W QMX ——iﬂ Q
sw CIRCULAR SOUND
] -—)‘ﬂ wiTH PH SHAWT
SE
o) 7
DsG D56

. | ComP
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1IN

To achieve a perfect rotation of a single sound, two sine waves of identical frequency, 90 degrees put of
phase are required. These can be obtained using the VCFX filter by patching the Band cutput to the IN and
setting the filter to its low range. Sine waves 90 degrees out of phase are available at the Band and Lo

outputs.
oS
Lo PROC
veEX
a 0 PROC
SET:LO

The high quality of
poduiation” {GM).

e —

o ®

g —m—

SWEFPING

A qouNP
AROVJUND

ROUR SPFAKERL

the @MY allews rotation of a sound at audio freguencies providing a "spatial

Sounds patched inte the AUX-INs of the input module will only appear at their assigned outputs and only
when that cutput is gated mpen by the panning controls,

r{cmmu&'n. 1 Auvx-INS

Ecj

PG
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STEREQ DUTPUT MIXER (MXP). The MYF is a 4-in, 2-out manual miver that provides individual sapual control
of gain and putput selection {panning) for each of its four inputs, It alsc has two AUX-INs that allow the

giver to accept external sigrals (using the sini-jack inputs) or to be converted into a B-in, I-out sixer
using 2 sterec output mixers patched together,

MATRIY MIXER {MAY). The MAY is a 4-im, 4-out manually controlled mixer. The level of each of the four
inputs at each of the four outputs is deterained by the BAIN got located at the intersection of the
appropriate input column and output row. The faceplate below has that pot circled which controls the level
of input #2 to output C.

Each input has an overall gain control so that that input can be attenuated equally throughout the mix.
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CONTROL VOLTAGE PROEESSORS

Because there is no difference, other than frequency, between audic veltages (AC) and control voltages (DC) it
should not sees too strange that it is possible to have mndules which process control veltages in much the sase
way that there are sodules which process audic voltages. Nor should it seem odd that these modules for
processing control voltages are theaselves voltage controllable. These sodules extend the range of shapes and
foras that control voltages can have, and thereby extend the possiblities of contrel. It is the control voltage
processors which "mold* the control voltages that detersine the complex dynamic shifts so important to
interesting electronic music. The simplest of these devices have already been explored--The control voltage
Processors that are found on the control voltage inputs of many sodules on the Serge systea. These processors
enable the user to amplify, attenuate and/or invert the control voltage.

EYTENDED RANGE VCF. (VCFX). When the VCFX is in its LD, setting it can be used to filter out the harmonics
of sub-audio waves, that is, of control voltages, Like audio frequencies, sub-audio freguencies can be
described in tersas of the sum of Sine waves of given asplitudes, The VCFY can be used to filter out these
waves either in a HI, LO, BAWD or NOTCH filter mode. The LD pass output will sound as if the filter is
ssoothing the control voltage. Note that this sacothing function is voltage controllable since the
frequency of the oscillator is controllable. The lower the frequency the sacother the tontrol voltage
becoaes. In the following patch the sacoth randos is determining the filtering of the output of the TXB,

L 4

VCE X osC k—) mxcR‘—?ﬂ

__rj—r‘r‘_i WPUT To VCFX
-/\/\ 1LO PASS OUTPUT OF YCFA

DUAL UNIVERGAL SLOPE GENERATOR (DSB). The DS6 cam art as a Positive or Negative or Pusitive/ﬂqut%ve SLEW
or Portasento device. A Glew is a device which slides froa one veltage to anuther.v?ltagg; a Ecsxt;ve slew
affects positive-qoing voltages (not just pasitive voltages, but changes in a positive direction), and a

Negative slew acts on negative-going changes.

NEGCETIVE
SLEW
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Wher both positive and negative ciews are present the device 15 often called a Fortasento or Blissando
device,

Because the DSG will Rise or Fall to the voltage IN, it can be used as a Positive and/or Negative Slew
limiter, The slower the Rise or Fall time setting, the more that parameter acts like 2 slew. A Positive
slew, for instance, would have a siow Rice tise and a very fast Fall time. Because the DSG is
voltage-controllable, it is a voltage-controllable slew.

<

psG

TKE

BI-DIRECTIONAL ROUTER. (ROUY. This unique triple module can be used in one of two ways,

ONE-IN TWO-QUT SHITCH, An input at B can be sent tp either putput Al or A2 depending on the state of
snput A1-A2. I AI-A2 is HI (+5 volts) then B appears at Af, otherwise it appears at A2,

THO-IN ONE-QUY SWITCH. If there is an input at Al and a second input at A2 then Al will appear at the
output B if A1-AZ is HI, otherwise AZ will appear at the output.

Note that if there is an INPUT at B there CANNDT be an input at either Al or A2, This would, in
effect, short outputs together,

osSC FILT M X

wavE
SHAVPE

#hile in the above patches audie voltages are being routed about, contrel voltages can be ruqted in such a
similar way. Howsver, anytime there is an instantaneous chanpe in voltage there will be a click.

-osc '~‘ miIXCR

psC
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DUAL CONTROL YOLTABE PROCESSOR (PRC). The Processor is to control voltages what a Mixer is to audio
voltages, 1t can he used to sus together up to three control veltages. Each of its three inputs can
independently be attenuated, asplified and/or inverted. Furthermore a aanual offset pot sets a fixed
voltage that can be added into the mix. This offset voltage is available at the output of the Processor
pven if there are no other inputs,

. ]
D56 PROC 0sc VA
‘t 7

D56 Dt

SHOOTH AND STEPPED FUNCTION GENERATOR. {556). The 556 is a dual aodule that contains two different and
independent mndules {though an internal coupler is provided). These are very versatile aodules that can be
patthed to process control voltages in a wide variety of ways.

THE SMODTH FUNCTION BENERATOR
SLEW LINITER. The Smcoth Function Gemerator serves as a voltage controlled Slew Limiter on its Input.

The slope of the slew {both positive and negative) is detersined by the manual RATE pot and a VL
input with asspciated attenuation pot.

osC M ouTPUT
S MIXER

STEPPED IN] SMooTH
RANDOMWM

TRACK AND HOLD. A Hold input is provided on the Saooth Function Benerator. When this input receives a
HI voltage it has the effect of HOLDING the present cutput voltage level until the HOLD 1mput goes
oW, 1f the RATE is set very fast so that the Smnoth Function Generator follows its input closely
{that is, Tracks the input), the receipt of a pulse train at its HOLD will produce a Staircase-like
series of voltages.

+ 5 mLD
o
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LOW FREQUENCY OSCILLATOR {LFO). I+ the input of the Smooth Function Gemerator is patched to the
CYCLE jack, the output is a triangle wave whose frequency is determined by the RATE and control
voltages, The CYCLE output will be a series of pulses with the same frequency as the triangle wave

putput, ---—-———-..l
O 5. L__NQ

When the Seooth Function Generator is patched to cycle,the HOLD function resains operative to be able

to produce up and down staircase-like voltages.

SmoCTH
FonLTIioN |

GENERATOR

05C COMPARATOR

STEPPED FUNCTION GENERATOR

SAMPLE AND HOLD. A Sample and Hold is a device which produces 2 discrete stepped wavetora froa a
changing input voltage. When a pulse is received at the SANPLE input, the voltage appearing at that
instant at IN appears at STEPPED DUT and is HELD there uatil amother pulse is received at SANPLE,

when this process is repeated.

+5
INPUT

PULSE

TRAIA)

SsAMPLE
5
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CORRELATION. The RATE pot and the VL input with its associated attenuation pat control the
*correlation® of one voltage output level to the previous voltage output level. In the stepped
voltage as correlation increases, each step sust be closer and closer to the previous step.

WPt

—’_J-— I Low CORRELATION

_J'—J—_L'—\—L_L_ Wi CORRELATION

When the RATE pot is at a middle position, and the input is a randos voltage such as the 5/H Source
on the NOISE sodule, the output approvimates the function called §/F. 1/F 15 a randoa-like function
that describes the shape of matural coastlines, cloud movesents and sany kinds of Busic.

wELL KNOwWN
comst LINE
W 1+ Funetion

STAIRCASE GENERATOR. When the input is patched to the CYCLE jark and puises applied to the SANPLE, a
complex staircase wave ic generated at STEPPED OUT, determined by the pulse frequency, the position
of the RATE pot, and a VC.

ouvTPUT

RANDOM VOLTAGE GENERATOR. It is sometimes desirable to create randos veitages to control the varigus
devices on the Serge, or, if the systea already has one randos voitage generatar, it is sometimes
desirable to have a second. Using the Coupler output on the 356 and the S/H Output on the Noise
Spurce module it is possible to Patch the 556 to become a randos voltage generator.
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COUPLER

The Coupler is a coaparator which is hard-wired {that is it is not patchable, but is pre-wired
peneath the panel}. The Coupler compares the levels at the Ssooth and the Stepped outputs. Whenever
the Step Function Generator is HIGHER in voltage than the Smooth sectios, the output of the Coupler
goes HI. Otherwise, the coupler is LO. The coupler has two identical outputs.

STEP FUNCTION
SMmooTH TUMCTiON

COoUPLER
————d ‘ oUTPUT

The 5/H Output of the Noise Source is a randoaly aodulated sawtooth wave. This fora of wave is good
tor generating random voltages with sample-and-holds. Since this wave is always going froa 0 volts
to +5 volts, there is an equal probability for any voltage to be selected. Gince the frequency is

randos, it is iapossible to predict what voltage will be saspled.

The 5/H Qutput is patched to the input of the Stepped function generator, whose RATE pot is turned
full right (low correlation). The output of the Loupler is used as the input to the Sasple on the
Stepped Function Benerator. This sase coupler output is used as the pulse INPUT of tha Ssooth
Function generator, whose own rate is set fairly slow. The output of the Smooth Function Benerator is
now a continuous randos voltage; the output of the Stepped Function gemerator iz a stepped randoe
voltage while the output of the coupler is a randoa pulse output with randoa on-tines 3s well as
anset tises, The rate of change is set by the Ssooth Rate pot and its assoriated VC.

smooTH
ot T
— /\//\A,\/V\/\

COUPLER,

STEPPED o;ir_1q1-J._.f"'1-‘l‘j___r-1--1__1—1-—
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ACTIVE PROCESSOR, (ACPRY. This aodule contains two separate and different modules. The lower module is a
sisple processor that allows the user to invert a control voltage and apply an offset. This sedule is
useful for processing tontrol voltages sent to sodules without processing inputs,

The upper sodule is the fctive Processor. It has two inputs, INI and IN2, The output of the module is 3
iy of these two inputs. The VC input and the manual pot control this aix. # cross-fade between N and
IN2 is done by turning this pot from full left to full right and/or by applying O volts te § volts to the
VL. This allows a smooth change between control voltages, for instance, from a seguence to a randos
voltage control of an oscillator, or between an envelope and its iaversion. When the pot is at 12 o’clock
an equal mix between IN! and INZ appears at the module’s gutput. This sodule can have the effect of
sultiplying control voltages. A voltage at IN2 will be multiplied by the VG if the knob is set full left.

=<

Pco
{(Lo)

Pco
(o)

This apdule is able to accept AC signals amd cam act as a linear VCA as well as a lipear cross-fader
between two audioc signals,

—

05C

0sC |

TOUCH ACTIVATED KEYBOARD SEQUENCER:{TKR). It is useful to think of the TKB as composed of two separate parts:
The Sequencer and the Touch Pad Controller,

14-STAGE Sequencer. Only one stage can be on at any given instant. Each stage controls a specific
colusn of pots, so that if stage 47 of the Sequencer is on, it activates all four pots in stage 47,

In its norsal meode the Sequencer will advance one stage every time it receives a CLOCK pulse, That
ig, if the Sequencer was on stape #5 and it receives a CLOCK pulse it will advance to stage #6, I 3t
is on stage 416 and receives a CLOCK pulse, it wraps around and activates stage ¥1. This function was
described in an earlier section. There are, however, a nusber of other ways of controlling the
Sequencer to produce elaborate smusital patterns,

THE OVERALL DESIGN OF THE SERGE SYSTEM  5-40



UP/DOWN. 1¢ a HI voltage is applied to the UP/DONN input, the Sequencer will step DONNWARDS instead
pf upward when it receives a CLOCK pulse. If it is on stage 31, it will wrap-up to stage #1b.

HOLD. If at any time {either in its up or down mode) the Sequencer receives a H! voltage at its HOLD
input, the Sequencer will stop until the HOLD input agaim drops LO. This is useful for producing
etaborate rhythas.,

o] os¢C MIXER ——v(Q
orf
) CLOLK J YPOWN HoLD ]
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VARIABLE LENGTH SEQUENCES. It is often desirable to have sequences shorter than sixteen stages, or to
have variable length sequences. For these purposes two RESET inputs are available at the top of the
TKB. The RESET is trigoered by a pulse from other pulse outputs on the TKR or by pulses froa other

sodules,
CLoLKJ, Hs's?r
DSC I TB Dse

In the above patch, to get the TKB to RESET to Stage #1 you sust first touch Keypad #1. The number of
stages ciocked advanced before resetting is deterained by the Transient generator which is Triggering
the RESET. Set this Transient generator so that about four stages are clocked through betore
RESETting occurs. 1 you touch a different keypad, say #7, you will find that the seguence resets to
that stage. Each RESET input resets to the Keypad last touched. Using the above patch, and by
touthing different keypads, it is possibie to produce an interesting interactive seguencer.
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fbove each stage of the Sequencer is & Pulse output that goes high when that stage ic ON, dee of
their uses is to Trigger the RESETs providing a second way of producing sequences shorter than ib
stages., If the pulse out of stage #10 is patched to the RESET, the sequente will step through to
Stage #9 and then RESET instead of activating Stage #10. Note that the sequencer will sequence only
to the stage just preceding the stage that is patched to the RESET and will not include that stage.

RESET #10 Lok

TK&

In this patch, just like in the previous one, the sequence will return to stage 31 only it that was
the last keypad touched, otherwise, it will reset to whatever pad was last touched. In the above
patch you can get the sequence to activate stages 5,6,7,8,9 and then reset to 5 by tapping stage 3°s
keypad. By tapping different keypads different length sequences can be “played", each ending at stage
9.

The two RESET inputs on the TKB are independent of each other though identical in function. By using
thea both, two differeat sequences Cas be set up and chosen by a tap of the finger. In the patch
below the Puise out of stage 7 is sent to one RESET input and the pulse from stage 15 is zent to the
other. By touching keypads i-4, sequences are activated that start with the touched key and tersinate
with stage #6. By touching keys B-14 similiar sequences, but ones that terainate with stage 314 are
set up, With a touch of a finger they can he selected. That touch alse chooses the beginning stage of

the sequence.

cxk d |A LeeseT|*7 | | rEsET prio
DSG
TRE
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VERTICAL SEBUENCER. The TKB comtains a second Segquencer, this one in 4 stages, which is clotked
independently of the sain 16 stage sequencer. The clock input for this sequencer is 1abelled VERT
CLOCK, The VERT Sequencer’s output is labelled ABCD. Every tiame a Trigger is received by the Yertiral
Sequencer it steps DOWN one RON. That is, if it was on Row B, it will progress to Row C. After Row D
it wraps around to Row A, The output at ABCD is detersined by the pot that is in the activated Stage
of the Prograsser (as determined by the main Sequencer and the Keypads) AND in the row specified by
the Vertical Sequencer. If the activated stage of the Prograsmer iz not changed, then the Vertical
Sequencer will have a four stage sequence set by the four pots in the artivated stage.
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I in the above patch, stage #7 is now activated by touching its associated keypad, the four pots in
stage ¥7 will deteraine ARCD's output,

A particularly useful function of the this Vertical clock is that it allows the user to produce
sequences of up to &4 stages. This is done by having the aain sequencer clocked by an external clock
and having the Vertical Seouencer ciocked by the Trigger out of stage #1. The 64 stage output 15

found at the ABCD output.
Lotk 1 _ABCD gfﬁ [#!'
PG
TKB

Consider what happens when the vertical sequence starts on Row A, Since the main sequencer clocks
through all sixteen stages, all of Row A appears at output ABCD, When the main Seguencer gets to
Stage #1, its pulse out, steps the Vertical Sequencer down one row, to fow B, the Main (horizontl)
Sequencer now wraps around and clocks all the way acrass, with the pot settings in Row B appearing at
the ABCD output. This will continue, stepping to row L then to row D until the &4 stages have been
sent to the ABCD Dutput. The sequence will then repeat itself.

RANDOM SELECT. 1+ the Random Select is pulsed at the same tise as the RESET, the seguencer will reset
to & randos stage.

E)S.c MIXER |

RAVD Y clocky A

TOUCH PADS. The 16 Tourh Pads can be used te interact with the ls-stage Sequencer, or can be used
independently. Some of its interactive functions have been discussed already. It 1s isportant to
note that the KV, KP, and PRESSURE outputs are aiways selected by the touch pads and not the
Sequencer except when the Sequencer is in the Random mode. when the KEYS Switch is ON, the Touch Pats
will also turn the associated Sequencer stage om. If the KEYS switch is OFF, then the Segquencer and
Touth Pads will he totally independent unless the RESET inputs are used. Both the KV and PRESSURE
putputs produce the full range of control voltages, from O to +5 volts. The KV output is
pquai-voltage steps, so with the proper processing, a 12-note equali-teapered scale can be set on the
oscillators and filters. 0f course, other equal-tempered scales can also be set,
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ANALOG SHIFT REGISTER. (ASR). An Analog Shift Register is a sequential sample and hold device. It 15 also
referred to as a Bucket Brigade Delay. The Analog Shift Register available on the Serge has three stages,
though twe or sore sodules can be linked to provide longer chains. Each stage of the ASR can hold and save
a voltage which is available at all tises at outputs 1,2 and 3. When the device receives 2 Trigger at
PULSE IN the voltage stored in stage ¥1 is soved to stage #2; the voltage at stage 42 goes to 43 and the
voltage at #3 is lost. Stage $1 picks up the voltage found at SAMPLE IN. It is this action which gives the

device the name of the bucket brigade.
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One of the sany uses to which this device can be put is that of producing cherds and arabesques from &
aono-phonic keyboard input. The following patch illustrates this use.

TKE

(PLAY KEYPADY)

Two ASRS can be joined (to produce a single ASR with & stages) by pulsing the secand ASR with the AUX
PULSE DUT fron the first ASR and sending DUTPHT #3 of the first ASR to the SAMPLE IN of the second. Such a

gelay is useful for long time lags.
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A 44

TKB

PORTAMENTG-IN on NT0. This imput is 2 voltage controlled slewing processor. It has the effect of glissing
or slewing between stepped voltages. The resultant ssooth function is summed with the other VC of the NTO
to deteraine the NTD's freguency. The rate of portamento is controlled by a pot and a voltage control in.
This input is calibrated to a semsitivity of 1V/0(T.
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APPENDIX NUMBER ONE

USING EXTERNAL SOUND SOURCES

The Serge Synthesizer can use any sound as an audio signal so long as it has been converted te a varying
voltage of the appropriate level. These can be sounds of people talking, instruments playing, airplanes
overhead, dogs barking, husmingbirds husaing. The Serqe can mix, filter, ring aodulate, aaplitude aodulate, and
waveshape these sounds. It can also put new eavelopes on these sounds or pxtract envelopes froe thes to use
plseshere. It can use these signals to frequency sodulate oscillators and, with a conparator, check for
amplitude peaks to trigger anything from the TKB to envelope generators,

The Serge system has high impedance, line level inputs. This kind of input allows one module to control many
gther modules without losing accuracy, and is alaost impervious to electrical daaage. Most Control Yeltage
inputs are from 50K to 200K ohms, Audio inputs are fros 22K to 100K,

Soend sources fall into two broad categories of ispedance and voltage level. Line level, high impegance
signals, which can be used directly in the Serge and low impedance, jow voltage signals which must be

pre-amplified before using.

Line level sources include tape recorder outputs, headphone owtputs and the Line or Aux output of mixers and
pre-asplifiers, There are a few sicrophones which are also line level, but these are not coaaoh.

Low level sources include alaost all sicrophones, instrusent pick-ups and record player cartridges. All three
of these sound sources sust be pre-amplified before they cam be used on the Serge.

Available Pre-Amplifiers:
1, The Serge instrument and microphone pre-asplifier.

2. Most portable and studio mixers have microphone and instrueent imputs and line level ocutputs. Often
these mixers can alzo accept tine Jevel signals and provide the user with a switch to choose between the
inputs,

3. Cosponent stereo systeas have pre-ampiified outputs and turntable inputs, The Jine ievel output may De
lakelled TAPE OUT, LINE DUT or AUY OUT. This is the sost common way to pre-aaplify a recsrd.

4, Most tape recorders have a microphone imput which will pre-ampiity tne sicrophone. The sigeal can then
be taped, and when played back, used directly, Or, the tape recorder can be switehed to SOURCE and the
tnput, or source, will appear pre-asplified directly at the putput.

S. Seall, moderate guality pre-amplifiers can be purchased at electronic stores.

b. Electric guitars and other instruments with pick-ups need to be pre-agplified. Most stage type

aaplifier *heads" have a LINE GUT which ran be used directiy to the Serge. Qtherwise, saall ipstrusent
pre-amps are regquired.

APPENDIX



APPENDIX NUMBER TWO

SENDING SERBE SIBNALS 0U7

The output levels of all Serge Modules are line level signals and can be sent directly to the LINE, or AUX in
of any electronic sound device including pre-amps, aaps and mixers. These levels are also appropriate for
sending signals to such devices as Reverb units or graphic equalizers. The output iapedance of most Serge
modules is about 300 ohss.

For tape recording purposes the Serge signal can be sent directly to the Line Inputs of a tape recorder, or to
the Line level input of a sixer and then to a tape recorder.

Auxiliary sini-jack inputs and outputs can be found on sost Serge ixers and chould be used to inter-connect to
other equipsent to prevent hum, crosstalk and static.

Spme inputs and outputs of external devices have "halanced” lines with two signal lines and one ground line,
Typically these lines use Cannon Connectors. Many aicrophones have balanced lines which perait euch longer
cables to be used before hum becomes noticeable. These limes sust be unbalanced betore being ronnected to
aini-jacks, unbalanced phone jacks or RCA jacks on the Serge. There are three ways of unbalancing a balanced
line.

{. Connecting one of the hot lines to ground.

7, Using a balanced-in, grounded-out transforser.

[

. ising a mixer that balances and unblances signals.

To send Serge or Line level signals any distance it is a good idea to use shielded wire. To send low level
signals long distances it is advisable to use balanced line. Because it is possible to send low impedance
signals extremely far {say 1000 feet) without hum building up, 1t is often wise when sending line levei signals
such distances, to use a transformer to convert it to a low impedance balanced signal, with a second
transformer at the far end of the line reconverting it back to an unbalanced signal.
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APPENDIX NUMBER THREE

EXTERNAL COMTROL VOLTABES

Alsost all control voltage sources on the Serge such as the envelope generators, the TEE, the Randos Contrel
Yaltage sources and the non-Sine wave osciiiator outputs have a voltage range of about O to % volts. Using the
Processor Module or Processing Inputs this range can be effectly increased to -10 to +10 volis. The great
majority of Serge VC inputs respond to voltages in this range, though sose only respond to positive voltages.
These YL inputs can accept voltages in this range fros ANY source imcluding other synthesizers, hose built
circuits, foot pedals and/or voltage-owt keyboard units. In fact, because of the extresely high impedance of
the inputs on the Serge, DC voltages greater than 12 volts {up to 25 voltst can be used without dasage to the

Serge, though this will gemerally drive the andule put of its eftective range.

Yoltages that are too jow can be amplified siightly by using a Processor sodule and senging the voltage to ail
three inputs. (This technique aiso works with audio voltages uysing either & processer of mlxer).

Al} fFreguency dependent modules have VL inputs whith operate on a § volt to | octave ratic. Dther voltages that
are not of this range can be scaled using Processer Nodules or the processing inputs on the modules and then
“tuned" by ear.

There are some synthesizers on the sarket that have exponential control voltages with lineariy responding
aoduies. The Serge, and most synthesizers, operate im the gpposite fashion. Because of these differences,
contrel voltage generators such as kevboards and Sequencers fros these other synthesizers casnat be used with
the Serge in a meaningful manner,
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APPENDIX NUMBER FOUR

CONPUTER INTERFACING

Conrecting the Serge systes to a saall cosputer requires suitable buffers to prevent the higher voltages of the
synthesizer froa being applied directly to the computer or its associated circuitry. Most micro-cosputers have
a single +5 volt power supply, and if negative voltages or voltages greater than 3 are received, persanent
damage to the computer might result. It is therefore advisable that you be fairly confident of your techaical
shilities before atteaping such an interface. A wide variety of books and Aagazines is available on

coaputer /synthesizer interface which provide detailed schesatics and procedures (see biblipgraphy). There are
rossercially available interface boards and cards which incorporate these safequards.

An inexpensive hose computer such as the AIN, APPLE, KIN, SYN, RADID SHACK or 05! is a perfect rosplesent to
the Serge System, expanding the possibilities of both. The following list of possible interfaces gives an
overview of the sost comson applications of small computers with the Serge synathesizer.

TRIBGER GENERATOR:

Triggers for the Serge are easy to generate with a cosputer since they are voltages of only two levels: hi
(+5 volts) and LOW (0 volts:. These are the values used to represest *1* amd "0 on alsost all cosputer
hardware. A HI voltage is able to open a YA fully and sustain any sustainable function on the Serge.

The following scheaatic is of a simple circuit that will provide up to eight prograesable pulses to the
Serge. It uses a 4522 Programeable Interface Adaptor which can be used with all 4502 microprocessor-based
systems such as the APPLE, KIM, 5YM and AIN {apd is in fact included on the board of many of these
systeas.) Note that this circuit uses a CDAOSO butfer to protect the 8522 and 6502 from any inadvertent

damage fros the higher voltages of the synthesiier.
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To turn on one output you can use the following 6302 Asseably Language routine:

LIA MASK
OR# PORT
STA PORT

where PORT is the address of the 4322 port; MASK is ap B-bit word which has one of sts bits set tp a
digital "1® or high value and the rest set to "0". To turn the same output off:

LIA HASK
EGR &FF
AND PORT
STA PORT

For cne of these pulse outs to trigger a Serge device it amust rise frop a LD level to a HI level (since
the Serge is rising-edge-triggered). Te trigger an envelope generator repeatedly, the pulse out sust
return to a *0" level first.

!osc [ vea _,,;(]
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CONTROL VOLTABES:

A Digital-to-Analog converter is a device that takes a digital number, and converts that nusber into &
voltage level. # sequence of nuabers from the computer to a /A will result in a series of voltages.
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A D/B that can convert nusbers fros 0 to 255 into a veltage is fairly inexpensive. Such a D-to-f is
perfect for creating presets and doing sose kinds of voltage control. A D/A that can accurately control
the frequency of an oscillator generally requires greater precision and is comewhat more costly. In
*computer time® most of the contro) voltages that a synthesizer sequencer or envelope generator might
produce are very slow, thus a computer, with the appropriate hardware, can handle many channels of control
voltages.

AUDID YOLTABES:

It is possible for a computer, using a D/A converter to output actual waveforss. Usually such a wavefora
is stored in a table and "read® out to the D/A. The computer can sanipulate these waveforms in certain
interesting ways, but in general, the programser/synthesist will be up against the speed of the coaputer.
With B8-bit computers it is still fairly hard to duplicate the timbral possiblities of the tilters,
waveshapers, and modulators of the synthesizer, especially if these are to change in fast, musically
useful ways.,

WAVE oUTPUT

02 467 654 2z o0 TABLE 1IN COMPUTER

It is fairly easy to produce square waves using a one-hit output of the computer and to control its
frequency accurately, This pulse wave can then be *timbre® modified by the synthesizer. The Serge systea
sakes a perfect cospanion for such digital wavefora generation, These waveforas alaost invariably need
filtering and can be further modulated using Wave-Nultipliers and VCAs. These constructed waves can he
sized with analog waves,

AlM WwT, | __,;;(:7
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PULGE CONTROL OF COMPUTER:

In msch the same way that the cosputer sends a pulse to the synthesizer, the synthesizer ran sené a pulse
to the computer. This pulse can tell the coaputer that sose effect has comaenced or that one 3s over.
Knowing this, the computer can then respond in some appropriate way. The cosputer can "see® the pulse 1n
one of two ways: The pulse can interrupt the computer, sending it to a new prograsy or, the computer can
continually “poll® the bit , acting only when it finds a pulse there,
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ANALODE T DISITAL CONVERSION:

The functional opposite of a Digital to Analog converter is an Analog to Digital converter which inputs an
analog voltage and outputs a series of numbers that corresponds to the input voltage.

SERGE A/o

- NJsvrrer N 6522 ® AlM
" —,

Using an A/D converter any control voltage can be converted into & series of nsabers and stored in the
coaputer. This table then can be altered and read back out to the Serge. If the A/D converter is fast
enough it is possibkle to "read” audio waveforas which can then be aanipulated and sent back to the Serge
using a /8 converter.
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