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E Warning:

Inside the A-100 cases are dangerous voltages. It
is essential to take careful note of the following
safety instructions:

Before opening up the case or moving a module or
blanking panel, always take the mains power
supply plug out. This applies equally to removing
or replacing any panel or module.

All empty spaces in the rack must be filled with
blanking panels.

If the A-100G6 or A-100G3 are used the top and
bottom covers must also be properly fixed in place.

The A-100 must never be operated outdoors but only
in dry, closed rooms. Never use the A-100 in a humid
or wet environment nor near inflammables.

A Important safety notes.

Whenever electrical equipment is used, several
basic precautions need to be taken, including the
following:

Before using any part of the instrument, read the
instructions and notes carefully.

The instrument may only be used for the purpose
described in this operating manual. Due to safety
reasons, the instrument must never be used for
other purposes not described in this manual. If you
are not sure about the intended purpose of the
instrument please contact an expert.

The instrument may only be operated with the
voltage written on the power input on the rear panel.
Before opening the case disconnect the power plug.
All eventual modifications must only be carried out
by a qualified person who will follow the valid safety
instructions. Every modification should becarried
out only at the manufacturer or an authorized ser-
vice company. Any modification not released by the
manufacturer leads to the extinction of the opera-
tion permission.

The instrument must never be operated outdoors
but only in dry, closed rooms. Never use the instru-
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ment in a humid or wet environment nor near
inflammables.

Do not use this instrument in damp environments,
or close to water.

No liquids or conducting materials must get into the
instrument. If this should happen the instrument
must be disconnected from power immediately and
be examined, cleaned and eventually be repaired
by a qualified person

Do not use this instrument in close proximity to heat
sources such as radiators or ovens. Don't leave it
in direct sunlight.

This instrument must be positioned in a way that
guarantees sufficient ventilation and air circulation.
The instrument must not be exposed to temperatu-
res above 50°C or below -10 °C. In use, the
instrument must be at a minimum temperature of
10 °C.

Keep the top side of the instrument free in order to
guarantee proper ventilation, otherwise the instru-
ment could be overheated. Never place heavy ob-
jects on the instrument.

This instrument can, without any external amplifica-
tion or in combination with a headphone or speaker
amplifier, produce sound levels which can damage
your hearing. Don’t work at high sound levels for
prolonged periods of time, and don't ever use levels
which cause discomfort.

The instrument’s mains power supply lead should

be disconnected if it is not used for any substantial

period. If there is any damage the cables must be

repaired or replaced by an authorized person

Do not tread on the mains supply lead.

In disconnecting the lead, pull the plug, not the

cable.

If this instrument is connected to others, check in

their manuals for connection instructions.

Make particularly sure that no object falls into the

instrument, and that no liquid gets into it.

Transport the instrument carefully, never let it fall or

overturn. Make sure that during transport and in use

the instrument has a proper stand and does not fall,

slip or turn over because persons could be injured

The instrument must be checked and serviced by a

qualified technician in the following cases:

a. the power supply lead or connector is damaged
in any way,

b. an object or fluid has somehow got into the
instrument,

c. the instrument was exposed to rain,

d. the instrument stops working properly or starts
to behave erratically,

e. the instrument is knocked over or dropped and/
or its case is damaged.

As stated above, there are no user-serviceable

parts in the instrument. Refer all repairs to qualified

service personnel.
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About this manual

This user manual describes the A-100 modular synthe-
sizer system, and explains how to use each section of
it.

If this is your first time using the A-100, please
make sure you are familiar with all the safety in-
structions (eg. pages ii - iv) and important notes
(chapter 1).

Because of the modular nature of the A-100, this
manual is also designed to be modular.

Chapter 2 (Overall design) describes the physical
make-up of the system - and particularly how to install
the individual modules into the case.

Chapter 3 (The A-100 signal flow) details the A-100’s
signal path: the basic principles of voltage control, how
to bring MIDI into the equation, and the possibilities for
voltage-controlled modulation.

Chapter 4 describes the A-100 Basic System.
Chapter 5 details accessories.

Chapter 6 explains the standard items included.
Chapter 7 suggests further reading.

Chapter 8 (Module overview) gives a run-down of the
individual modules presently available, and an idea of
their potential uses.

Chapter 9 (Appendix) deals with installing an extra 5V
power supply, for modules which require this additional
voltage.

Detailed descriptions of the individual modules fol-
low, in self-contained chapters, with descriptions,
user examples, and patching aids. When buying indi-
vidual modules, the relevant manual chapters which
are included should be inserted into this ring binder.

In the manual, you'll find various symbols used:

A important user and safety advice

H note

@ .. diagram numbering of module controls

o .. diagram numbering of module in / outputs
O next step in a list of instructions

F— practical hint or tip
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Introduction

In the A-100, Doepfer have strarted in 1994 a capable
and versatile analog modular synthesizer, built in the
style of the classic modular systems of the seventies.

The renaissance of analog synthesis in the last few
years shows that analog sound production has a vital
place alongside sampling and digital synthesis, and
can produce sounds that are unobtainable by any other
means. In addition to the unique sounds of its oscilla-
tors, filters, amplifiers, phasers, frequency shifters,
wave-modifiers, different control sources, and so on,
analog synthesis can provide almost unbounded mo-
dulation opportunities, conventional and unconventio-
nal - limited only by the number and variety of modules
available.

In designing the A-100, our priorities were: excellent
sound and building quality; ease of integration into a
MIDI system; diversity of modules available; and,
maybe most important of all, affordability.

Of course, a modular system doesn't just have advan-
tages. Creative work with an audio construction kit like
this takes time and practice, especially to start with.

Anyone who wants to be able to check out all its
available sounds at the press of a button will be very
disappointed with a modular system. Each unique
sound has to be puzzled out, and may never be exactly
repeated.

Nor are there any fixed rules for connecting the various
modules. A modular is an open system, in which
practically anything is possible, and that's where the
fun really starts. Diversity and experimentation - and
sometimes lateral thinking - are the keys to its power.

Although the user manuals for each module are very
comprehensive, they can’t substitute entirely for a ge-
neral overview and knowledge of analog synthesis.
Some very good specialised books have been written
on the subject, and although some may be out of print,
it's crucial to find one or two of them, and learn from
them. With that, the whole world of modular systems
will open up to you, and you'll suddenly appreciate their
fascination and sheer sonic power.

We hope your A-100 brings you serious pleasure!

doepfer musikelektronik gmbh
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As well as the important safety notice
(see ii - iii) please also read and take
note of the following points.

1.1 Connecting to the electricity supply

The system A-100 must only be connected to the
mains voltage that is specified at the back of the
A-100 frame (220 V t0 240V /50 Hz or 110 to 120
V /60 Hz).

If the fuse has to be replaced only the type of fuse
specified at the back of the A-100 frame is allowed.
If another fuse is used the warranty is void and the
A-100 may be damaged. The fuse is located at the
mains inlet on the back of the A-100 frame
(exception: suitcase version with mains inlet at the
front). To replace the fuse one has to disconnect
the mains cable and remove the fuse holder (e.g.
with the aid of a screw driver). The fuse holder is a
small black plastic part that is inserted into the
mains inlet.

Do not connect the A-100 to a socket or outlet
which is also being used by equipment such as
electric motors, lighting dimmers, etc, which can
cause interference. Use a separate outlet for the
A-100.

1.2 Installation

Do not expose the A-100 to rain or moisture.
Operation is allowed only in a dry environment in a
closed room but not in the open country.

The installation near a large amplifier or other
equipment which uses powerful mains transfor-
mers may cause hum.

Do not install the A-100 in close proximity to equip-
ment which produces an electromagnetic field
(monitors, computers, etc.), to avoid the possibility
of mutual interference.

Use in a dusty environment should be avoided.

1.3 Care and maintenance

Apart from cleaning the instrument, no other user-
maintenance is recommended, of the modules or
system busses. Internal maintenance should be
carried out only by qualified technicians (see pages
i - iii: "Important safety notice").

For regular cleaning, use a soft, dry, or slightly
damp cloth. To remove dirt, if necessary, use a
cloth slightly moistened with a very diluted mild
detergent. This should be more than sufficient to
clean the instrument. Never use solvents like
petrol, alcohol, or thinners.
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Fuse values for different mains voltages and power supplies

Type of power supply

A-100NT12 A-100PSU2
] (standard power supply, 650 mA output (power supply with ring core/toroid
Mains voltage current) transformer and 1.2A output current)
115V 250 mA time lag (slow blow) 630 - 800 mA time lag (slow blow)
230V 125 mA time lag (slow blow) 315 - 400 mA time lag (slow blow)
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2. Overall design

2.1 Introduction

The A-100 modular system is based on a standard 19”
rack system A-100 G into which individual Modules
can be fitted in any chosen layout.

The rack system (see Fig. 1) conforms to the 19”
standard, and consists of two sections each 3U high,
tied together by 6U side panels. It contains two system
busses (@), the internal power supply (@) , and the
main electrical supply socket (®).

Module front panels are all 3U high. Their width is
measured in HP (1 HP = 5.08 mm). The rack system
has a usable width of 84 HP (see Fig. 1). If the
modules you install don’t use up the entire 84 HP, then
you must cover up the spaces with blanking panels.

In each rack system there are two system bus bars
(one for each section), to each of which up to 14
modules can be connected, using ribbon cable. The
bus bar serves to supply power to the modules, and
also to send control voltages etc. to some of the
modules (see Chapter 3).
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Fig. 1: Alook inside the A-100 G rack system

The rack system power supply produces voltages of
+12 V and -12 V and can put out a maximum current
of 650 mA. In setting up a modular system, make sure
that the total current required by all the modules does-
n’t exceed this maximum. If it does, then a second
power supply (see Accessories) will need to be instal-
led (at position @, Fig.1). As a rule, though, one
power supply should be sufficient for a rack system.




2. Overall design

System A -100 DOEPF

u]
I

~

2.2 Installing modules
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Important:

Before you install a module into the rack
system:

O Calculate the total current requirement
of existing modules plus the new mo-
dule/s.

O Check that this total is less than 1200mA.
O Ifitis, the existing power supply is fine.

O But if the total current requirement is
more than 1200 mA, you must install a
second power supply (see Accessories)
before installing the module/s. Follow the
installation notes that come with the se-
cond power supply.

= Ignoring this warning can result in damage to
your system, and will void your guarantee!

Once you’ve checked that there is sufficient current in
reserve for the extra module/s, there’s nothing to stop
you going ahead and installing them. Read on!

O First of all, take the A-100’s plug out of the wall
socket.

O Plug the supplied ribbon cable into the module’s
bus socket (see @ in Fig. 2). As a rule, the cable is
16-way, but some modules only have a 10-way
cable. Look carefully at the cable, and then press
the appropriate connector onto the module’s bus
pins (see @ in Fig. 2).

A Check very carefully that it is connected so
that the coloured marking on the ribbon
cable is at the bottom of the module’s
connector (see ® in Fig. 2), and that the
connection is perfect, and pushed fully
home, not at a slight angle. Failure to
check this may result in the module’s instant
destruction as soon as the power is turned
back on.
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Fig. 2:

Component Side

3

O eSS

Connecting the ribbon cable to the module

O Now join the free end of the ribbon cable (see @ in
Fig. 3) to the nearest available position on the
system bus board (see @ in Fig. 3).

A Check very carefully that it is connected so

that the coloured marking on the ribbon
cable is at the bottom of the bus connector
(see @ in Fig. 3), and it is pushed fully
home, not at a slight angle. Failure to
check this may result in the module’s instant
destruction as soon as the power is turned
back on!

(3

@ﬂ%

Fig. 3:

(I

Connecting the ribbon cable to the bus
board.

When you’re installing extra modules, it may
be necessary to take another module or two
out, to allow you easier access to the bus
board.

O Place the module carefully into the space in the
rack, and fasten it firmly in place with the supplied

SCrews.

Put back any covers or blanking plates,

and screw them in firmly.

O Now plug the system A-100 back into the main
power supply, and switch it on.

O Test out the newly installed module.

If it doesn’t seem to be working as expected, im-
mediately disconnect the system from the power
supply again.
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A-110 VCO | A-118 NOISE/ | A-120 VCF1 |A-130 VCA-LIN.

I th d bl h k th t k STANDARD VCO RANDOM LOW PASS FILTER
n this case, double-check the connections, making swie 2, Range | wnite Biue | cv1 cvi
completely sure that the ribbon cable is the right ® @ “l® @ @ @
way round where it connects to the module and the = Tune mi ... .. N
bus. ?32 QQD @ Qo ’ anvz 2 @cw
@ O Ccv2 Rate Ccv3 Audio In1
X . PWCV1 : 8 [ O @ @cva @ pr
Once your system is assembled and operational, you ® @ Pw e .. e . e
should make use of the the patch sheets which come pwcvs —@ @ @ e @ In2
with each module. O @ " i "

Random 0 10
Output

0 10 Audio Out Audio Out
® @ =t @ Res. @ out
@ @ @ @ @ - + Control @ @ .
NI AN

Photocopy the patch sheets for each of your modules,
cut these out, and stick them onto a sheet of paper in

the order in which they occur in your system (see Fig. A110 VCO| A-145 LFO | A-140 ADSR|A-138 MIXER
4). Then photocopy this sheet, and use the copies to SYNC 2 oo Gate Input 1
note down good settings and patches. ® @ O O @ O QD'“
oo @ i‘ I~ Retrig. Input 2
cv2 QD @ Qn d © Qulnz
2.3 Interconnecting modules e @ z % S Ose O
For connecting modules to each other, you need Qn"“’ A e O O
mono mini-jack (& 3.5 mm) patch leads. You can P@chvz @Pwm ® quw © @ R @ OO'O'"‘
obtain patch leads from us (see Accessories in chap- R a O Outpet . BSE m
ter 5) in different lengths. Do ® e e O ®© .0, 0k @ onom
N A A WL Aangs

Fig. 4: Example of a personal patch sheet.
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3. Signal flow in the A-100

3.1 The Principles of Voltage Control

What makes analogue synthesizers (and modular sy-
stems in particular) special is that the important para-
meters of the sound sources (VCO, noise, etc.) and
modifiers (VCF, VCA, etc.) can be altered not just by
hand, but by voltage control.

This principle was turned into reality by the “father of
the analogue synthesizer”, Robert Moog, who produ-
ced the first commercially available synthesizer in the
sixties. It gives vast flexibility and the potential to
make sounds that have never been made before.

Fig. 5 shows the principle of voltage control, with
examples of control voltages affecting a filter (VCF)
and an oscillator (VCO).

In the case of the VCF, the parameter which is being
voltage-controlled is the Cut-Off Frequency f,. The
amount of control voltage input present changes the
cut-off frequency, and thus the frequency of the signal
that the VCF lets through - see the shaded area in the
diagram.

Low Pass Filter VCO

hput f Output Output
O i e | HTCh |

CV : I |

Out|

Freq. | Freq. =)

Fig. 5: The principles of voltage control

In the case of the VCO, it's the pitch which is control-
led by a voltage: an increase of 1 volt corresponds to
an increase of one octave in the pitch.

With a sudden change of voltage, the pitch changes
suddenly, while with a smoother, continuous change,
portamento is created.
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As well as modules which can be affected by voltage
control, there are other modules like the ADSR and
LFO which themselves produce voltages to control
other modules.

Usually, these modules need a Trigger Signal to bring
them into action. For instance, a GATE Signal, corre-
sponding to a key being pressed on a keyboard, can
set off an ADSR, which then puts out its variable
voltage “envelope” to affect other modules (see Fig.
6).

GATE
+5V ’—‘
ov

CV Out

GATE CV Out
O—m| ADSR —

Fig. 6: The envelope generated by an ADSR

3.2 Signals in the A-100
In the System A-100 there are three types of signal:

e Audio Signals
e Control voltages
e Trigger voltages

Audio Signals are produced by the sound source
Modules (such as VCO or NOISE), and lie in the range
from -5 V to +5 V (10 Vgg). The System A-100 can also
let you use external Audio Signals (e.g. Microphone,
Electric Guitar, Keyboard).

= To interface satisfactorily, the level of exter-
nal Audio Signals must be brought up to the
A-100’s operating level.
Module A-119 (External Input), is ideal for
this job, having among other things an inter-
nal pre-amp, and two inputs of different sen-
sitivity.

Control voltages, as produced by modulation sources
like the LFO and ADSR, are typically from -2.5 V to
+2.5V (5 Vgg) for the LFO, and from 0 V to +8 V for
the ADSR.
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Trigger or Gate Signals, which start a process or
function, are typically from 0 V to +5V or OV to +12 V,
with the trigger occurring as the leading edge of the
waveform shoots up from 0 V to +5V/12 V. The A-100
modules usually output +12V, but the corresponding
inputs of A-100 modules (e.g. Gate, Clock, Reset) will
also work with lower levels (typ. +5V).

These definitions of the various signals, and the di-
stinctions between them - sound sources and modula-
tion sources - are right in principle, but a modular
system like the A-100 often makes a mockery of them.
In a modular set-up, all of the modules produce volta-
ges, and can be used as control voltages or triggers,
thus blurring the distinction between the various types.

For example, the output from an LFO can be used as
an audio signal, as a control voltage for a VCF or VCA,
or as a trigger signals for a sequence.

It's just about true to say that anything can be modula-
ted by anything else, so that a modular system gives
the musician extraordinary flexibility and individuality.

3.3 The System Bus in the A-100

The A-100’s System Bus supplies power to the modu-
les. It also carries the internal control system
(INT.GATE and INT.CV), which some of the modules
(such as the VCO A-110, or ADSR A-140) can tap into.
You can choose whether these modules receive these
signals, by altering an internal jumper.

1 7 8 14

- L - INT. Gate
- o] - INT. OV
- - 12V

- } - GND

- - 2V

Fig. 7. The A-100 system bus

If you use the A-190 MIDI-/CV-Interface in your sy-
stem, when you press a key on your MIDI keyboard,
the gate and CV1 signals from the A-190 will be sent
via the INT.GATE and INT.CV to all modules on the
bus.

The INT.GATE and INT.CV signal busses can be split
into two equal halves by removing jumpers J1 and
J2 (see Fig. 7), so that for each whole bus, you can
have two separate CV/IGATE subsystems.
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If on the other hand you'd like to have the same
internal CV and gate available on two busses at
once, you need to link the two together, with the
special CV/gate leads, the A-100 BC.

This is how you go about it:
O Remove the A-100 from the electrical supply.

O Remove Jumpers J1 and J2(see p.9) from the
upper (see Fig. 8 @) and lower (see Fig. 8 @)
system bus boards.

O Replace the jumpers with the special CV / gate
leads, A-100 BC (see Fig. 8 @, @).

A Make absolutely sure that you connect the
leads correctly, joining up the upper INT CV
with the lower INT CV, and the upper INT
GATE with the lower, to avoid possible
damage when you switch back on!

0000000000 OOOO0OOOOOOOOO00

191 D%D I

500000000000 FDOO0000000

000000000YHOOGPOOOOOOOO000

@ @

Je ST

000000 OOOOOOOOOOOOOOOOOO0O

Fig. 8:

Making a common INT.CV and INT.GATE
signal path between the upper and lower
busses.

10



System A -100

3. A-100 signal flow

3.4 Integrating the A-100 with MIDI

To link the A-100 into a MIDI system, you can use
external MIDI interfaces like our MCV4, MSY2 or
MCV24.

The MIDI-CV/SYNC Interface A-190-1 is a MIDI-to-
CV/Gate/Sync interface with the following outputs:

e CV 1 (for pitch control, 12 Bit)

e CV 2 (any MIDI-Controller, 8 Bit)
o Gate

e Clock

e Start/ Stop

The A-190 automatically sends pitch control CV and
gate information out on the INT.CV and INT.GATE
busses.

Another solution is the usage of the low cost MIDI-CV
Interface A-190-2 which has one Gate and four CV
outputs available.

Another suitable MIDI-CV Interface for A-100 was the
24-channel MCV24, a 19" rackmount with its own
power supply. As the MCV24 is no longer in production
you will have to try to find a second hand unit.

VC Modules like the A-141 VC-ADSR and A-147
VC-LFO can be controlled via the A-190-1 or A-190-2,
so that, for instance, a continuous MIDI controller can
alter envelope parameters in real time. Since these
controllers can be recorded by a MIDI sequencer, VC
modules are effectively programmable.

Analog sequencing can be provided by the A-155 or
the external MAQ 16/3 MIDI Analog Sequencer.

To convert up to 16 control voltages in the range
0...+5V (e.g. from a Theremin A-178 or Joy-Stick
A-174-1 or Foot-Controller A-177-2 or ribbon controller
A-198) into MIDI controllers the CV-to-MIDI interface
A-192 is the right choice.

11
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4. A-100 Basic Systems

I's not in the nature of modular systems to have hard
and fast rules about which modules should be inclu-
ded. But if you're just starting out along the modular
path, it may be difficult to choose a sensible first set of
modules. Accordingly, we’ve designed Basic Systems
with all the modules mounted in a rack system, and 30
patch leads thrown in as well. For an exact run-down
of the modules included in Basic System 1 (A-
100BS1), see the table on the right of this page, and
the illustration on the next page. To integrate BS1 it
into a MIDI system, you would need a separate MIDI
interface, such as an MCV4 or MCV24. In the Basic
System 2 (A-100BS2) the MIDI interface A-190 is
included (instead of A-150 and A-162). We also have
available a small Mini System (A-100MS). See our
topic prospectus for details.

The purpose and function of other modules will be-
come more apparent as you work with your system,
and you will be able to decide which extra modules you
need for your particular purposes.

In the future other types of complete systems may be
available. We are planning an Expansion System con-
taining nearly all modules not included in the Basic
Systems, a Vocoder System and a Sound Processing
System without VCO's for external audio signals.

Pos. | Quantity | Module | Function HP
2 A-110 |VCO 20
1 A-114 Dual Ring Modulator 4
u 1 A-115 | Audio Divider 8
p 1 A-116 | Waveform Processor 8
p 1 A-138b | Mixer (log) 8
e 1 A-120 |VCF 1-24 dB Low Pass 8
r 1 A-121 |12 dB Multimode Filter 12
1 A-130 | VCA (lin) 8
1 A-131 | VCA (log) 8
1 A-118 | Noise / Random 8
1 A-148 | Dual Sample & Hold 4
| 2 A-145 |LFO 16
o 1 A-160 | Clock Divider 4
w 1 A-161 Clock Sequencer 4
e 1 A-180 | Multiples 4
r 1 A-138 a | Mixer (lin) 8
1 A-170 | Dual Slew Limiter 8
1 A-150 |Dual VCS 4
1 A-162 Dual Trigger Delay 8
2 A-140 |ADSR 16

13
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Part

Description

A-100BUS

Separate system bus
One bus board with 14 connectors for connecting modules, 3 control LEDs (+12,-12,+5V)

A-100AD5

5V Low cost adapter

Additional power supply producing +5 V /100 mA; can be connected to any free socket on the
system bus board. For modules which require 5V (eg. A-113, 190, 191). This is a cheaper al-
ternative to the NT5 +5 V power supply.

A-100NT5

Separate 5 V power supply
+5 V / 500mA additional power supply, assembled and tested.

A-100PSU2

Separate 12 V power supply
+/-12 V 1200mA additional power supply, assembled and tested.

A-100B...

Blanking panels / back panels
B1: 1 HP/B2: 2 HP / B4: 4 HP / B8: 8 HP / B42: 42 HP / B84: 84HP

A-100B84P

Back panel for power supply

Punched ready for power supply installation, with switches, safety fixings, and power supply
connection cable.

A-100C ...

Patch lead
Leads with two moulded 3.5mm plugs C30: 30 cm / C50: 50 cm / C80: 80 cm / C120: 120 cm

continued on next page ...
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Part Description

A-100 User Manual

A-1000PM Contains detailed description and instructions for use of all the currently available modules. It
is included when you buy a complete system (A-100BS1, BS2, MS). When buying individual
modules or frames, you have to order the manual separately. If you order the manual in ad-
vance the price for the manual will be credited when ordering a complete system later (not only
a single module).
A-100 Service Manual

A-100SM Contains the schematics, silk screens, parts lists, assembly, test, basic principles and adjust-

ment instructions of all currently available modules. The words (e.g. assembly instructions) are
in German language but schematics, components overlays and parts lists are international.
Available only to A-100 customers.

16
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6. Standard items included

6. Items included as standard

The following parts are included in each order:

A-100BS1/BS2/MS - Basic Systems

¢ Rack system (basic frame), completely assem-
bled, including two system bus boards, one 12V,
650mA power supply, internal power cables.

¢ All modules specified for the System (BS1, BS2 or
MS) completely assembled, tested and mounted
into the frame

e 30 patch leads for A-100BS1 and BS2
e 15 patch lead for A-100MS
e External power lead.

e Complete instruction manual (containing the ma-
nuals of all modules)

e +5V supply is not included (only the +5V low cost
adapter for A-100BS1 and MS)

A-100G3/G6 - Rack System 3HU/6HU

e Rack system, completely assembled, including
two system bus boards, one 12V, 650mA power
supply, internal power cables.

e External power lead.
e +5V supply is not included

A- XXX - any module

e Module A-XXX.
¢ Ribbon cable for connection to the system bus.
e Fixing screws.

The instruction manual is not included when ordering
a single module or frame. In this case the complete
instruction manual has to be ordered additionally!

17
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7. Further reading

7. Further reading

The resources in the following list should help you
increase your knowledge of analog synthesis, and the
skill with which you can use modular systems like the
A-100.

Specialist books
In English

Allen Strange, Electronic Music Systems, Techni-
ques and Controls, 2nd edition, Wm. C. Brown Co.
Publishers, lowa, USA. ISBN 0-697-03602-2*

This book by Allen Strange is very comprehensive and
thoroughly recommended, because as well as all of
the basics it also includes a huge number of patches
and practical tips. It's easy to read, instructive and
very well organised. If your bookstore has trouble
ordering a copy, then try the publishers. In Europe, try
McGraw-Hill Publishing, tel +44 (0)1628 502500; or
Susurreal, tel +44 (0)1363 774627), who had copies at
£25 including postage in late 1996.

Vail, Vintage Synthesizers, GPI Books / Miller Free-
man Inc. San Francisco, 1993, ISBN 0-87930-275-5*
(A background read rather than great technical help.)

Synthesizer Technique ISBN 0-88188-715-3 and
Synthesizer Basics ISBN 0-88188-714-5 - (revised
re-prints of very useful and authoritative articles from
Keyboard magazine, by Moog, Rhea, Milano, Coster,
Duke, Powell, Gleeson, DeFuria, Anderton, et al.)

Crombie, The Synthesizer & Electronic Keyboard
Handbook ISBN 0 330 28681 1, and The New Com-
plete Synthesizer ISBN 0-7119-0701-3 (The latter
especially is a good general introduction.)

Trythall, Principles and Practice of Electronic Mu-
sic, 1973, ISBN 0-448-40002-6 (an early classic.)

Forrest, The A-Z of Analogue Synthesisers, Part
One (A-M), ISBN 0 9524377 0 8%, and

Part Two (N-Z), ISBN 0 9524377 1 6* :

Susurreal, England. tel +44 (0)1363 774627, fax +44
(0)1363 777872, email: pforrest@mail.eclipse.co.uk
(A background read rather than great technical help.)

Chamberlin, Musical applications of microproces-
sors, Hayden Book Company, Rochelle Park / New
Jersey, 1980, ISBN 0-8104-5773-3

* Only the books whose ISBN numbers are followed by
an asterisk are definitely in print as of Dec 1996.
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Specialist books in German

Dellmann / Thewes, Synthesizer-Handbuch, Musik
Media / Augsburger Druck- und Verlagshaus, 1985

Enders, Die Klangwelt des Musiksynthesizers,
Franzis-Verlag Miinchen, 1985, ISBN 3-7723-7761-0

Chapman, Formant Musik-Synthesizer, Elektor-
Verlag Aachen, 1979, ISBN 3-921608-10-4

Aigner, Formant Musik-Synthesizer-
Erweiterungen, Elektor-Verlag Aachen, 1981,
ISBN 3-921608-19-8

Becker, Synthesizer von gestern, Musik Media Ver-
lag Augsburg, 1990, ISBN 3-927954-00-4

Becker, Synthesizer von gestern Vol. 2, Musik Me-
dia Verlag Augsburg, 1995, ISBN 3-927954-01-2

Specialist magazines

The following useful magazines can mostly only be
found second-hand or may possibly be available in
some libraries, for photocopying articles.

Elektor, Elektor-Verlag Aachen

Elrad, Heise-Verlag Hannover

Electronic Musician, Polyphony Publishing Co.,
Oklahoma City / USA

Electronics and Music Maker / Music Technology,
Cambridge, England.

Polyphony, Polyphony Publishing Co., Oklahoma City
/ USA

Synthesource (Curtis/CEM house magazine)

Video

A very good introduction to the basic techniques and
programming methods of digital and analogue synthe-
sis can be found in the 120-minute video "The Se-
crets of Analog and Digital Synthesis" by Steve de-
Furia (VHO17, Warner Bros.).

20



doepfer System A -100 8. Module overview
8. Module Overview Note: Not for all modules user manuals are available.
The table may be used for planning and arranging an In these cases please refer to the detailed module de-
A-100 system regarding to need of space and current. scription on our website www.doepfer.com
i Current | Current@5V T
Module | Width Description
[HP] | [MA] | [mA] P
Vactrol Steiner Filter
A-101-1 16 30 Vactrol filter with different inputs (1) for low/band/highpass
Lowpass Gate
A-101-2 8 20 Combination of lowpass and VCA with vactrol (vactrol = LED/LDR- combination)
A101-3 | 30 50 . 12-Stage Modular Vactrol Phase Filter
Modular phaser with separate in/outputs for each stage and 2 polarizers
A-101-6 8 s ) 6 stage Opto FET Filter/Phaser (still under development)
: h ' filter module with 6 stages which can be jumpered as lowpass, highpass or allpass
) Dual Universal Vactrol Module (module no longer available)
A-101-9 8 40 4 voltaged controlled resistors for modification of other modules
A-102 8 30 ) Diode Lowpass (combined manual A-102/A-103)
voltage controlled 18 dB low pass with diodes as frequency controlling elements
A-103 8 30 ) 18 dB Lowpass (combined manual A-102/A-103)
voltage controlled 18 dB low pass (with TB303 type transistor ladder)
Trautonium Formant Filter
A-104 20 30 Quad Low/Band Pass Filter as used in the so-called Trautonium (see A-113)
A-105 8 20 ) SSM 24 dB Lowpass (combined manual A-105/A-122)
voltage controlled 24 dB low pass with the legendary SSM2044 circuit
X-treme filter
A-106-1 14 40 voltage controlled MS20 filter clone, low/highpass simultaneously, +/- clipping controls
SEM filter
A-106-5 8 30 voltage controlled 12 dB filter (SEM type), lowpass/notch/highpass with mixer, bandpass
XP filter
A-106-6 12 20 voltage controlled filter (XP type) with 8 simultaneously available filter types
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Module | Width | Curr. | Curr.@5V Description
) Multitype Morphing Filter
A-107 26 200 voltage controlled multitype filter with 36 different filter types and morphing feature
A-108 12 40 ) 6/12/24/48 dB Low Pass / Band Pass
voltage controlled low pass (ladder type) with 4 different slopes and bandpass
A-109 20 40 Voltage Controlled Signal Processor (module no longer available)
] ] combination of 24 dB low pass, VCA and panning unit (CEM3379 based)
Standard VCO
A-110-1 10 70 ) voltage controlled Oscillator with 4 different waveforms, hard-sync input
A-110-2 3 - ) Basic VCO (still under development)
) voltage controlled Oscillator with 3 waveforms, hard and soft-sync input, linear FM input
A-110-4 8 s ) Thru Zero Quadrature VCO (still under development)
) pure sine/cosine VCO with linear Thru-Zero.FM feature
VCO (High End) (module no longer available)
A-111-1 14 40 ) like A-110 but improved waveforms, linear FM input, soft-sync input
) Synthesizer Voice (module no longer available)
A-111-5 24 80 VCO + VCF + VCF + ADSR + two LFOs
SAMPLER
A-112 10 50 ] 8 bit sampler and wavetable oscillator
Submarmonic Generator
A-113 26 30 100 Sound Generation unit as used in the so-called Trautonium (4 subharmonic oscillators)
Dual Ring Modulator
A-114 4 40 ] 2 separate ring modulators
Audio Divider
A-115 8 20 ] frequency divider for audio signals (rectangle waveforms)
WP - VC Waveform Processor
A-116 8 20 ] module for dynamic waveform modification
A117 8 20 ) DNG / 808 - Digital Noise / Random Clock / 808-Source
digital noise and clock generator, 808-like sound source
A-118 8 20 ) Noise / Random
analog noise generator with white and adjustable colored noise, random voltage

22




doepfer System A -100 8. Module overview
Module | Width | Curr. | Curr.@5V Description
A-119 8 30 ) External Input / Envelope Follower
Input module for external audio signals, includes envelope follower and gate generator
24 dB Low Pass 1
A-120 8 30 ] voltage controlled 24 dB low pass (Moog type)
A-121 12 30 ) 12 dB Multimode Filter (module no longer available)
voltage controlled 12 dB multimode filter (low pass, high pass, band pass, notch)
A-122 8 20 ) 24 dB Low Pass 2 (combined manual A-105/A-122)
voltage controlled 24 dB low pass (with CEM3320, Oberheim type)
24 dB High Pass (module no longer available)
A-123 8 20 ) voltage controlled 24 dB high pass
A-124 8 30 ) VCF 5 - 12 dB Wasp Multimode Filter
reproduction of the strange multimode filter used in the EDP Wasp Synthesizer
A-125 8 20 . VCP - Voltage Controlled Phaser
voltage controlled FET based phase shifter with resonance
VCFS - Voltage Controlled Frequency Shifter (module no longer available)
A-126 8 80 - .
voltage controlled analog frequency shifter
A-127 28 100 ) VCREF - Triple Voltage Controlled Resonance Filter
3 independent voltage controlled band pass filters with 3 LFOs
A-127BOM | 6 20 . Breakout Module for A-127 _ _
separate access to each A-127 filter, 4 outputs and separate input for each filter
Fixed Filter Bank
A-128 20 20 ) filter bank with 15 band filters
A-129-1 20 100 ) VOCOder A_nalysis Section (module no longer available)
Analysis section of the modular vocoder
A-129-2 12 80 ) VOCOder SyntheSIS Section (module no longer available)
synthesis section of the modular vocoder
Vocoder Slew Limiter (module no longer available)
A-129-3 16 40 ) universal 5-fold voltage controlled slew limiter/attenuator/offset generator
SLC - Slew Limiter Controller (module no longer available)
A-129-4 8 30 ] controller module for slew limiter function of A-129/3
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Module | Width | Curr. | Curr.@5V Description
A-129-5 8 30 ) VUV - Vp_iced _/_Unvgic_ed Detectqr (module no longer available)
module for recognition of "voiced/unvoiced" speech
VCA - Voltage Controlled Amplifier
A-130 8 20 ] voltage controlled amplifier with linear response
A-131 8 20 . VCA - Voltage Controlled Amplifier
voltage controlled amplifier with exponential response
Dual Low Cost VCA
A-132-1 4 20 ] two simple voltage controlled amplifier with linear response
) Quad linear VCA
A-132-2 8 30 four linear VCAs with independent inputs and outputs but common loudness/level control
Dual VCA
A-132-3 8 30 ] two VCAs, linear or exponential control (switch)
) Quad exponential VCA
A-132-4 6 30 four VCAs with exponential response
A-133 8 30 ) Dual Voltage Controlled Polarizer
two special VCAs with positive and negative (=inverting) amplification
A-134-1 8 40 . VC PAN - Voltage Controlled Panning
module for voltage controlled panning (2 opposite working VCAS)
Dual VC Crossfaders
A-134-2 4 20 ) two combined voltage controlled crossfaders
VC MIX - Voltage Controlled Mixer
A-135-1 18 60 ] 4 separate VCAs with common output
A-136 8 30 ) Distortion/Waveshaper
distortion and wave-shaping / wave-modifying module with extensive control possib.
} Voltage Controlled Wave-Multiplier
A-137-1 14 40 waveform multiplier with 4 VC parameters: Multiples, Harmonics, Folding, Symmetry
A137-2 | 14 30 . Voltage Controlled Wave-Multiplier Il

waveform multiplier that generates 4 copies of an incoming sawtooth
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Module | Width | Curr. | Curr.@5V Description
A-138 Mixer, mixer for audio or control voltages
8 10/20c - s . - ) . )
al/blc (a: linear or b: logarithmic controls or c: polarizing mixer)
A-138d 8 20 . Manual Crossfader / Effect Insert
manually controlled crossfader/effect insert
A-138e 16 10 . Triple 3-way Crossfader / Polarizer
three manually controlled 3-way crossfaders / polarizers
4 x 4 Matrix Mixer
A-138m 20 30 matrix mixer with 4 inputs and 4 outputs
Micro Mixer (still under development)
- ? -
A-138u 4 ) dual 3-in-1 mixer
A-138x 8 0 ) Mixer Expander Module (module no longer available)
expander module A-138xa/xb for A-138a/b, adds 5 inputs to the A-138a/b main module
A-139 8 100 . Headphone Amplifier (module no longer available)
stereo headphone amplifier with separate level and common loudness control
A-139-2 6 - ) Headphone Ampilifier 2 (still under development)
) stereo headphone amplifier with separate level and common loudness control
A-140 8 20 . ADSR - Envelope Generator
envelope generator with 4 parameters: attack, decay, sustain, release; retrigger function
VC-ADSR Voltage Controlled Envelope Generator (no longer available)
A-141 14 20 - -
voltage controlled envelope generator with 4 voltage controlled parameters
A141-2 | 14 40 ) VC-ADSR Il - Voltage Controlled Envelope Generator
voltage controlled envelope generator with 4 voltage controlled parameters
VC Decay
A-142-1 8 40 voltage controlled envelope generator with one voltage controlled decay
) Quad Decay
A-142-4 8 30 four simple manually controlled envelope generators with decay as the only parameter
A-143-1 o8 70 i Complex Envelope Generator / Quad AD
Four daisy chained AD type envelope generators with polarizing mixer
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Module | Width | Curr. | Curr.@5V Description
i} Quad ADSR
A-143-2 26 0 Four ADSR envelope generators with EOA/EOD/EOR gate outputs and retrigger feature
i Quad LFO
A-143-3 14 70 Four LFO modulation oscillators with triangle, rectangle and saw outputs, range switch
] Quad VCLFO / VCO
A-143-4 22 100 Four VC oscillators with triangle and rectangle, range switch LFO/VCO, reset, direction
A-143-9 8 30 ) Quadrature LFO/VCO
voltage controlled LFO/VCO, four sine outputs with 90 degrees phase shift between e.a.
) Morphing Controller
A-144 8 30 control voltage modifier to obtain morphing effects in combination with A-135
LFO 1
A-145 8 30 ) modulation oscillator with 5 waveforms
LFO 2
A-146 8 20 ) modulation oscillator with 2 waveforms and waveshape control
VCLFO
A-147 8 40 B voltage controlled modulation oscillator with 4 waveforms
Dual S&H
A-148 4 20 B two independent sample & hold devices
A-149-1 12 40 ) Quantized/Stored Random Voltages
Replica of the legendary Buchla module "Source of Uncertainty" (part 1)
A-149-2 4 40 3 Digital Random Voltages
expansion module for A-149-1, generates 8 digital random voltages/gates (high/low)
A-150 4 30 ) Dual VCS - Voltage Controlled Switsches
two independent voltage controlled switches
) Quad Sequential Switch
A-151 4 20 electronical "rotary switch" with 4 positions
Voltage Addressed Switch
A-152 16 40 electronical 8-fold "rotary switch" with voltage controlled addressing
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Module | Width | Curr. | Curr.@5V Description
A-154 22 60 ) Enhanced Sequencer Controller
Expansion module for A-155, adds additional running modes and features to A-155
) Analog / Trigger Sequencer
A-155 S0 100 8 step analog and trigger sequencer
Dual Quantizer
A-156 8 50 ) two control voltage quantizers with special selection features
A-157 " " ) ;3I'rigg_er Sequencer (still under development)
x16 trigger matrix, 8 trigger outputs
Clock Divider
A-160-1 4 40 ) frequency divider for clock/gate signals
A-160-2 4 s ) Clock Divider Il (still under development)
) 3 different sets of dividing factors (power of 2/integer/prime numbers), gate/trigger mode
A-160-5 4 " ) Clock Multiplier/Ratcheting Controller (still under development)
) voltage controlled clock multiplier, 3 sets of multiplication factors
Clock Sequencer
A-161 4 20 ) clock sequencer expansion for clock divider A-160
} Dual Trigger Delay
A-162 8 40 two independent trigger delay devices
A-163 8 40 . Voltage Controlled Divider
divides the frequency of an audio signal by an integer factor controlled from a CV
A-164 6 10 . Manual Gate Module _
three manually generated gate/trigger signals
) Dual Trigger Modifier
A-165 4 20 two independent trigger modifiers (inverter + transition edge detector)
Logic Module
A-166 8 40 dual module with logical AND/OR/EXOR combinations + 2 logical inverters
A-167 8 20 . Analog Comparator/Offset-Generator/Subtractor
compares the difference of two voltages with fixed value and generates a gate from this
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Module | Width | Curr. | Curr. @5V Description
Dual Slew Limiter
A-170 8 20 B two independent portamento controllers or integrators
VC Slew Limiter
A-171-1 8 20 B voltage controlled portamento controller/integrator
VC Slew Limiter / Processor / Generator
A-171-2 8 30 B licence copy of the SERGE VC Slew Limiter
A172 4 10 ) Maximum/Minimum Selector
selects from up to 4 analog inputs the maximum and minimum voltage
Joy Stick
A-174-1 10 40 B module with 2 separate CV outputs controlled by the X/Y position of the joy stick
Dual Wheel Module
A-174-2 14 10 ) 2 modulations wheels with CV outputs
Dual Voltage Inverter
A-175 4 20 two independent analog voltage inverter with displays
CVS - Control Voltage Source
A-176 8 20 B 3 manual adjustable control voltages
External Foot Controller (module no longer available)
A-177 8 30 ) interface module for 2 foot pedals and double foot switch
External Foot Controller
A-177-2 4 10 B interface module for 2 foot pedals and double foot switch
A-178 8 60 ) Theremin Control Voltage Source
variable voltage/gate source controlled by hand movement
Light Controled Voltage Source (module no longer available)
A-179 8 60 - : N :
variable voltage/gate source controlled by light intensity
A-180-1 4 ) ) Multiples 4HP
8-fold multi connector (may be splitted into two 4-fold multi connectors)
Multiples 2HP
A-180-2 2 B B 8-fold multi connector (may be splitted into two 4-fold multi connectors)
A-181 4 ) ) Multiples 2
two multiples with 3.5 mm and 1/4" mono and stereo sockets
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Module | Width | Curr. | Curr. @5V Description
A-182 6 ) ) Switched Multiple

eight sockets that can be switched to one of two busses or turned off
Bus Access Module

A-185-1 4 30 B module for access to bus signals CV and gate
Precision Adder / Bus Access

A-185-2 6 10 ) high precision CV adder (0,1%) with 4 inputs and optional access to bus CV

A-186 4 ) ) Gate / Trigger Combiner

7 inputs that are "OR-wired" to the output, mainly for combination of gate/trigger signals
Digital Effects Module

A-187-1 18 200 ) DSP effects module with 4 voltage controller parameters
BBD Module

A-188-1 14 80 j BBD module available with 6 different BBD types (128/256/512/1024/2048/4096 steps)

_ Tapped BBD Module

A-188-2 30 120 BBD module with 6 taps, single outputs and two (stereo) submixers
VC Bit Modifier

A-189-1 8 S0 j Bit modifier with 16 different algorithms (incl. But Crunching)
MIDI-CV/SYNC-Interface (module no longer available)

A-190-1 10 10 /50 MIDI-to-CV and sync interface
MIDI-CV/Gate-Interface

A-190-2 6 50 B MIDI-to-CV and gate interface, 4 CV outputs, Glide Control for CV1
MIDI/USB-CV/Gate-Interface

A-190-3 6 60 B MIDI/USB-to-CV and gate interface, 4 CV outputs, Glide Control for CV1
MIDI/USB-CV/Gate/SYNC-Interface

A-190-4 10 200 - MIDI/USB-to-CV/Gate/sync interface

A-190-5 s s ) Polyphonic Midi/lUSB-CV/Gate-Interface (still under development)

: ) ) ’ 4 x 3 CV outputs, 4 Gate outputs, different modes and assign algorithms
A-190-8 6 50 MIDI/USB-SYNC-Interface
B MIDI/USB-to-Sync interface with several clock outputs, start/stop/reset, wait function
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Module | Width | Curr. | Curr. @5V Description
) MIDI-CV-Interface / Shepard Generator (module no longer available)
A-191 12 30 */50 16-fold MIDI-to-CV interface and Shepard generator
) Voltage-to-MIDI Interface
A-192-1 12 40 16 CV inputs (0...+5V) are converted into MIDI control change messages
CV/Gate-to-MIDI/USB Interface
A-192-2 10 70 B 2 CV and 2 Gate inputs are converted into MIDI note on/off messages
A-196 8 40 } Phase Locked Loop Module (PLL)
linear VCO + 3 phase comparators + lowpass in the form of a so-called PLL circuit
) ) . Analog Meter (module no longer available)
A-197-1 14 S0 Analog display (moving coil instrument with back light), 3 display modes
) LCD Scope (module no longer available)
A-197-2 34 100 kit without the scope to install a Velleman LCD scope into the A-100 system
A-198 8 40 ) Trautonium / Ribbon-Controller
Trautonium manual resp. ribbon controller, made of module + manual
A-199 10 80 ) Spring Reverb

electronically simulated reverb by means of 3 spiral springs
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9.1 Adding a 5V power supply

Some A-100 modules, for instance the A-113, A-190 or
A-191, need an extra 5 V power supply, as well as the
standard one. You can provide this with the A-100
NT5 5 V supply (or in certain circumstances, you can
use the 100 AD5 5 V adaptor - see 9.2).

A If you are considering installing and
connecting the NT5, it’s crucial to take
note of the following safety instructions:

* The installation and connection of the
NT5 must only be carried out by a
qualified electrician or technician.

* If no suitable expert is available, the
rack must be sent to a service centre
or direct to Doepfer Musikelektronik
for the power supply to be fitted.

* Danger! Before installation and
connection of the power supply, it is
essential that the whole rack is isola-
ted completely from the mains current.

The 5V power supply needs to be mounted near to the
main power input, on the blank upper back panel with
four stand-offs, nuts, serrated washers, and bolts.
Newer back panels (about since summer 1999) are
already equipped with 4 monting holes required for the
5V supply. For back panels manufactured earlier the 4
holes have to be drilled to receive the power supply
fixing bolts (& from. 3 to 3.5mm).

The NT5 connection diagram (Fig. 10) is on the next
page. Check again that the rack is totally disconnected
from the mains power supply, then:-

O Remove the two 115/230V mains cables (normally
blue and black or brown cables) from the 12V
power supply mains input, and reconnect them to
the corresponding mains connectors on the 5V
supply. The case shield / GND cables/connections
remain unchanged as the shielding is connected
directly to the metal frame (the yellow/green cable).

O Join up the two parallel connectors from the 5V
mains input to the mains input of the 12V supply
(using the correct wires from the blue and black or
brown ones supplied).

O Connect the two low voltage outputs of the 5V
supply (ground and +5V) to the system bus board
which requires the 5V supply.

29



9. Appendix

System A -100

™~
~J
.\
~
1Y
-
-~

~

<
T

~
<o

GND q H
tothe (black)

connectors of

the bus board
+5V
(red)

180p/ 16y 10@Bp/16Y  B4DC1ADE

9U/8.5A

TRANSFORMATOR/
TRANSFORMER

y L=

black or brown

+5U POWER SUPPLY

Ef :
ANALOG MODULAR SYSTEM Hf

black or brown
blue

dlilil

2 2K2] T 120 —J

ugor 83,
(|
[on- |2

neez O *

9 |=

nsrr g ‘*MdNI 3U4

uppt
9

\—Lﬁvj—‘

-1 218
as1s 131

SEC. 2x150 A
TRL
CPRIH. 2xL15V, SEE. 25159/ 780mA)

\—LlﬁUJ—‘

7 | =
raazz

waez E NOISAIN  uguzr rnass [- - Jun

PRIM. 2x1150 ~

1

3675661 (@) 7 NOISHIA I A—lddns Ham[]d
PBL-Y WALSAS HUTNCOM 907TENY

Fig. 10: NT5 power supply connections

from mains
inlet

30



System A -100

9. Appendix

/AN The yellow/green wire is the safety (earth)
connection, and must be never replaced by
a different colour.

If you’ve been using the AD5 low-cost 5V adaptor, but
are now installing an NT5, you must remove the AD5
before commissioning the NT5!

9.2 Installing the AD5 low-cost 5V adaptor

The ADS5 can be used for the 5V power supply, as long
as the following applies:

e The current for the modules that require a 5V
supply doesn’t exceed 100 mA (e.g. only one A-190
or A-191)

o There is enough current handling still available on
the +12V supply to cope with the current require-
ments of the 5V modules.

The AD5 adaptor can be connected to any available
16-way socket on the system bus board (see Fig. 11).
This will feed +5V to modules on that bus, as long as
their current requirements don’t exceed 100mA.

| N | ] up _© | N
. mu n
[ N | | N | [ N |
[ N | | N | [ N |
| W | | N | | W |
| N | ] @ | N
| N @ | ] = | N
red mark

Fig. 11: Connecting the 5V low-cost adaptor
(®: system bus board, @: AD5, ®: heat sink)

To install the AD5, do the following:

Isolate the A-100 rack from the mains power sup-
ply by removing the main plug.

O Carefully insert the AD5 into a free socket on the
bus board.

A Make sure that the AD5 is the right way up,
and aligned correctly with the bus socket.
The correct position is shown on a sticker
(with the arrow pointing upwards, and the
red mark at the bottom - see Fig. 11).
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The fins of the heat sink should be facing to
the right.

It’s vital to make certain that the 16-way
plug and socket marry exactly, and aren'’t
displaced up or down a pin, or to the left or
right. If they are misaligned, the adaptor and/
or the power supply may be damaged imme-
diately you switch on.
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9.3. Using the mini power supply/
bus

9.3.1. Introduction

The A-100 MNT (Mini power supply / bus) is compo-
sed of a miniature power supply and system bus, with
connectors for four modules. It's designed to be
used with a small set-up of just a few modules, in your
own custom-designed case.

The idea is that then you can use individual A-100
modules - for instance the filters, the filterbank, fer-
quency shifter, sampler, MIDI interface, etc. - as
free-standing pieces of equipment, which can easily
be integrated with your other instruments or recor-
ding equipment.

The power supply provides the usual A-100 system
requirements of +12 V and -12 V, and an additional +5
V supply, for the few modulses (for instance A-190,
A-191) which need it.

The maximum current loading capacity totals 100
mA for +/- 12 V and/or 50 mA for the +5 V supply.
The sytem bus provides connections for four System

A-100 modules. As well as the power supply, it also
carries "INT.CV" and "INT.GATE" connections (see

A-100 manual, main introduction, chapter 3, ‘The
A-100 signal flow’.).

The A-100 MNT is supplied as standard with an exter-
nal power supply, which has to be connected to the
socket on the MNT’s circuit board.

A The external power supply’s transformer sup-
plies alternating current (AC).

If you want to use another power supply
instead of the one supplied, it must have a
voltage output of about 7 to 9 V AC and a
capacity of at least 300 mA.

If you connect an external power supply
which produces direct current (DC), the
A-100 MNT simply won’t work!

A Both the A-100 MNT and any connected modu-
les must be firmly fixed into a proper casing.

Any sort of "flying construction” is absolutely dis-
couraged, because if two conductors from separate
modules accidentally make contact, (for instance if the
bus-bars from one module ended up touching another
module’s bus-bars), damage will almost certainly re-
sult.

In cases like that, the DOEPFER guarantee is definitely
void.
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9.3.2. A-100 MNT - Overview

o o2 T | [ %40se. "™ A-100 MINI BUS/POWER SUPPLY
1H4001 16Y 23V 1~ 12y GATE e
i i g 1= caiTRoL v DIEPFER
r1 2 — =D :15:\; W
Nsa01 2¢1N4001 — g BHD A-100
1000p TR — R L GHD ANALOE
- 164 254 J1E END MODULAR
3 Al |:|I |:|I Z ||= p-12v
D3 I 5Tl -12% CONTROL sT2 5T3 STh4
s D — L M LEDDe
) > 5
Controls: In- / Outputs:
® LED: LED indicator for +12 V supply. © BU1: Input for external power supply (7 ...
@ LED: LED indicator for -12 V supply. 9V AC)
® ST1..ST4: Bus output sockets for four
modules.
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9. Appendix

9.3.3. Controls / indicators

® LED - @ LED

LEDs @ and @ indicate that the power supply is
working properly. Once the MNT is connected, both
LEDs should come on.

A If both LEDs don’t come on, first of all check
that mains power is available at the socket
which the MNT power supply was connected
to; then that the mains adaptor is actually
putting out voltages, and that a DC adaptor
hasn’t been used by mistake. If both these
points are checked, then the MNT must be
defective. The same applies if just one of the
LEDs comes on.

9.3.4. In-/ outputs
O BU1

This is the socket to which the plug from the external
power supply is connected.

® ST1 ... ST4

The sockets labelled ® on the diagram on p.2 are
where the modules are connected.

So... to connect modules up to the MNT .....
O Disconnect the power supply lead from socket @.

O Connect the ribbon cable supplied with each
module to the module’s bus connector
(see @ in Fig. 1). As a rule, this is 16-way, but on
some modules it's only 10-way. Check that the
cable connector is oriented correctly, (see @ in Fig.
1), and press it on to the module’s bus pins.

A Be very careful to ensure that the coloured
marking on the ribbon cable is at the bottom
of the module’s connector (see @ in Fig.
1) and that the connection is perfect, and
pushed fully home, not at a slight angle.
Failure to check this may result in the modu-
le’s instant destruction as soon as the power
is re-connected.
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components side
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Fig. 1: Connecting the ribbon cable to the module

SyAvAvAvARS

3 Now join the free end of the ribbon cable (see @ in
Fig. 2) to the nearest available position on the
system bus board (see @ in Fig. 2).

A Again ensure that the coloured marking on
the ribbon cable is at the bottom of the
module’s connector (see @ in Fig. 1) and
that the connection is perfect, and pushed
fully home, not at a slight angle. Failure to
check this may again result in disaster.

®?

bus board @ <:<I :
2}

Fig. 2. Connecting the ribbon cable to the bus
board.

O Now fix the module solidly in its case.

O Re-connect the A-100 MNT’s power supply, and
then switch on the mains again.

O Test out the newly installed module.

If it doesn’t seem to be working as expected, imme-
diately disconnect the system from the power sup-
ply again.

In this case, double-check the connections, making
completely sure that the ribbon cable is the right
way round where it connects to the module and to
the bus.
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1. Introduction Module A-101-1 is a special multitype filter based on
an idea by Nyle A. Steiner from the year 1974. Injecting
Vactrol Multitype Filter an audio signal into different points of a standard low

pass filter circuit leads to the three filter types low pass
(LP), band pass (BP) amd high pass (HP). For each
filter type a separate input is available and the sum of
the three filtered signals appears at the common out-
put. Even a notch filter can be realized.

In contrast to the original circuit so-called vactrols are
used instead of diodes as variable resistors for fre-
quency and resonance control. A vactrol is a combi-

|7
— LP Audio Input  Audio Qutput 1
A
1 ‘K)Q
— BP Audio Input Audio Qutput 2
A

=, =,

—{ HP Audio Input

) manual Frequency nation of a light depending resistor (LDR) and a light
[ | Control emitting diode (LED) both put into a small light-proof
case. Vactrol based circuits are known for their soft
@®—— CV1 low-distortion sound. For details about vactrols and
Frequency the A-101-1 circuit principles please use the correspon-
D% ding links in the A-101-1 info page on our web site
@ o2 www.doepfer.com.
P The three filter audio inputs are normalled via swit-
®— T cv3 ching sockets, i.e. the BP input is connected to the LP
— - jack socket provided that no cable is plugged into the BP
D% 7] Resonance socket (same applies for HP/BP inputs). Each audio
1 manual Control input is equipped with an attenuator. The audio inputs
- are very sensitive and enable distorted sounds too.
@—| Ccv1 Resonance For both frequency and resonance manual control and
several control voltage inputs are available.
Two LEDs display the current frequency and reso-
©_/%‘ Cvz nance settings.




A-101-1 Vactrol Multitype Filter System A -100 [

e~
~J
.\
>.l
1
~~
-~

X(
'
~r.
<G

2. Overview Controls:
® Frequency manual frequency control
EB A-101-1 VACTROL VCF ea @ CVF2 attenuator for FCV input @
Vactrol Multitype Input Filter ® CVF3 attenuator for FCV input ©
@ Emphasis manual resonance control
® CVQ2 attenuator for QCV input ©
® LP attenuator for LP audio input ®
©® BP attenuator for BP audio input @
HP attenuator for HP audio input ©

©
Q
—
IS

LED controls for frequency and resoance
Inputs / Outputs:
©® CVFIn1 frequency control voltage input 1

® CVFIn2 frequency control voltage input 2
©® CVFIn3 frequency control voltage input 3
® CVQIn1 resonance control voltage input 1
® CVQIn2 resonance control voltage input 2
O LPIn low pass audio input
© BPIn band pass audio input
© HPIn high pass audio input
Oa Out 1 audio output 1

e; DOEFFES e; ©b Out 2 audio output 2
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3. Controls / Inputs / Outputs

® Frequency (control) / @ CVF In 1 (socket)
@ CVF2 (control) / ® CVF In 2 (socket)
® CVF3 (control) / ® CVF In 3 (socket)

This group of elements is responsible for the filter fre-
quency. Control @ Frequency is used to adjust the
frequency manually. The control voltage inputs @ CVF
In1,® CVFIn2and ® CVF In 3 enable voltage control
of the filter frequency by means of external voltages (e.g.
ADSR, LFO, random voltage, S&H). The inputs ® CVF
In 2 and ® CVF In 3 are equipped with the attenuators
@ CVF2 and ® CVF3. Input @ CVF In 1 has no attenua-
tor available.

Remark: Module A-101-1 uses so-called vactrols to
control frequency and resonance. The light depending
resistors inside the vactrols show a considerable slow-
ness/inertia of the resistance variation. Consequently
frequency changes are not as fast as for other A-100
filters that do not use vactrols. Fast attacks or decays
(CV = ADSR) or FM effects in audio range (CV = LFO or
VCO) are not possible with vactrol based circuits. Please
use one of the other A-100 filters for these purposes. By
means of a LFO with gradually increasing frequency one
can discover the maximum modulation frequency that
the vactrols are able to follow.

The LED right from the frequency control @ is a rough
measure of the current filter frequency. This LED is
connected in series with the LEDs inside the vactrols
and consequently shows the current illumination inside
the vactrols.

Due to the"crooked" response of vactrols the filter has
not an exact frequency control standard (like V/Oct). The
inevitable tolerances and tracking errors between diffe-
rent vactrols will also lead to an individual sound of each
module and individual frequency and resonance beha-
viour (see below).

@® Emphasis (control) / @ CVQ In 1 (socket)
® CVQ2 (control) / ® CVAQ In 2 (socket)

This group of elements is responsible for the filter reso-
nance (emphasis, Q factor). Even the resonance control
is realized with vactrols. Consequently this parameter is
voltage controlled, too. Control @ Emphasis is used to
adjust the resonance manually. The control voltage in-
puts ® CVQ In 1 and ® CVQ In 2 enable voltage
control of the resonance by means of external voltages.
Input ® CVQ In 2 is equipped with the attenuator ®
CVQ2. Input ® CVQ In 1 has no attenuator available.

The LED right from the resonance control @ is a rough
measure of the current filter resonance. Same remarks
as for the frequency LED applies (see above).
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Resonance can be increased up to self-oscillation. But
due to the vactrol tolerances and tracking errors mentio-
ned above resonance resp. self-oscillation deviations
over the frequency range may occur.

® LP (control) / @ LP In (socket)
@ BP (control) / @ BP In (socket)
HP (control) / ® HP In (socket)

These are the audio inputs of the module with the
corresponding level controls (attenuators) for low pass
(LP), band pass (BP) and high pass (HP) function. Here
the audio signal resp. audio signals are fed in.

The audio input sockets are normalled, i.e. the BP input
is connected to the LP input provided that no cable is
plugged into the BP socket. Same applies for the HP ->
BP inputs. This simplifies the patch in case that a
common signal is used for the three filter inputs. The
arrow symbols at the front panel indicate the normalled
sockets.

The audio inputs are very sensitive to obtain distorted
sounds if desired. From about middle position ( ~ 5)
distortion appears with A-100 standard audio signals
(e.g. VCO output).

The level controls are adjusted to obtain the desired filter
sound.

The following table shows some examples for certain
control settings in case that a common audio signal is
used for all three filter inputs (i.e. the normalling feature
is used and the common signal is fed into the LP socket
and consequently available at the BP and HP input too).

Control

LP BP HP Result
~5 0 low pass

0 ~5 band pass

0 0 ~5 high pass
~5 ~5 ~5 notch (inverse BP)
~5 0 ~5 band pass with offset
~5 ~5 0 low pass + band pass

0 ~5 ~5 highpass gate

The value "~ 5" is only an example. Instead of 5 any
other position (e.g. 3 or 8) can be chosen. But for
combinations that include multiple "~ 5" settings (e.g.
notch) all "~ 5" controls have to be turned to the same
position. Beyond ~ 5 distortion may occur that affects the
result too.
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Pay attention that the notch filter does not arise from a
combination of low pass and high pass only - as one
would expect. Even the band pass control has to be
turned up. The reason for this behaviour are the phase
conditions inside the filter circuit.

Band pass with offset means that a share of all frequen-
cies passes the circuit. High pass gate means that the
filter frequency setting also affects loudness but not only
the frequency.

Of course the controls can be adjusted to any values to
experiment with different mixtures. The table shows only
some typical examples.

If different audio signals are fed into the filter inputs the
output is the sum of the input signals with each input
filtered to the corresponding filter type, frequency and
resonance settings. Consequently a frequency and reo-
nance depending mix appears at the output.

Basics about the different filter types (low pass, band
pass, high pass, notch) and the resonance function can
be found e.g. in the manual of the A-121 Multimode
Filter.

©a Out 1/ ©b Out 2 (sockets)

These are the two audio outputs of the module. Output 1
is the output of the original circuit. In the original circuit
the output level distinctly depends upon the resonance
(higher resonance = higher output level). Output 2 com-
pensates this behaviour by the usage of an additional
vactrol that is connected in series to the vactrol that
controls the resonance. This additional vactrol forms a
simple VCA that compensates the level increase for
higher resonance settings to a great extent (but not
perfect).
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4. User Examples

not yet ready

examples with different audio signals (e.g. 3

parallel VCOs, which have no fixed phase re-
lation to each other)

voltage controlled filter panning with module
A-134

examples with phase shifter between the au-
dio inputs
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1. Introduction

-
M

N

Lowpass Gate

Audio Input Audio Qutput
] Frequency/
manual Level
Control

Frequency/

cvi Level

CV2

Resonance

manual
Function:
- Lowpass

Gate 1| Lowpass + VCA
-VCA

Gate 2

Module A-101-2 is a vactrol based combination of
Low Pass filter (LP) and VCA. Additionally a combined
mode LP+VCA is available. In this mode the sound
becomes more dull as the loudness decreases.
The A-101-2 was inspired by module 292 of Don Buchla.
He also intruduced the term "Low Pass Gate" for this
combination of functions.

The function of the module is controlled by a manual
switch or by two gate inputs.

In principle the A-101-2 is a 12 dB low pass that can be
switched to VCA or a combination of Low Pass and
VCA. The controlling elements for frequency resp. loud-
ness are so-called vactrols. A vactrol is a combination
of a light depending resistor (LDR) and a light emit-
ting diode (LED) both put into a small light-proof case.
Vactrol based circuits are known for their soft low-
distortion sound. For details about vactrols please use
the corresponding link in the A-101-2 info page on our
web site www.doepfer.com.

Frequency resp. loudness is controlled manually and
by two control inputs.

The audio input is very sensitive in filter mode to obtain
distortion effects if desired.

The resonance function "colors" to the sound and is
adjustable all the way up to self-oscillation.

In contrast to the Buchla design the A-101-2 offers the
resonance feature, attenuators for both CV and audio
input, and two gate inputs to control the function of the
module in addition to the manual toggle switch.
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2. Overview
Controls:
€ A101-2 LPG
Vactrdl Low Pass Gate ® FIA manual frequency/loudness control
@ CV2 attenuator for CV input @
® Level attenuator for audio input ®

@ Resonance resonance control
® Function function toggel LP / LP+VCA /VCA
® LED control for frequency/loudness

Inputs / Outputs:

® CVin1 frequency/loudness CV input 1
® CVin2 frequency/loudness CV input 2
© Audio In audio input

O Audio Out audio output

60a G1 function control input 1 (gate 1)

(5F} —-@ Function 6b G2 function control input 2 (gate 2)
G r @oica —— O

- L+ | Ext
@b @ = H L
GF GZ | L L

L
H
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3. Controls / Inputs / Outputs

® FIA (control) / @ CV In 1 (socket)
@ CV2 (control) / ® CV In 2 (socket)

This group of elements is responsible for the filter fre-
quency resp. loudness (audio level / amplitude) accor-
ding to the selected function. Control @ F/A is used to
adjust the frequency resp. loudness manually. The con-
trol voltage inputs @ CVIn 1 and ® CV In 2 enable
voltage control of the frequency resp. loudness by
means of external voltages (e.g. ADSR, LFO, random
voltage, S&H). The input ® CV In 2 is equipped with the
attenuator @ CV2. Input @ CV In 1 has no attenuator
available.

Remark: Module A-101-2 uses so-called vactrols to
control frequency and resp. loudness. The light depen-
ding resistors inside the vactrols show a considerable
slowness of the resistance variation. Consequently fre-
quency resp. loudness changes are not as fast as for
other A-100 filters or VCAs that do not use vactrols. Fast
attacks or decays (CV = ADSR) or FM effects in audio
range (CV = LFO or VCO) are not possible with vactrol
based circuits. Please use one of the other A-100 filters
or VCAs for these purposes. By means of a LFO with
gradually increasing frequency one can discover the
maximum modulation frequency that the vactrols are
able to follow.

The LED near the frequency control @ is a rough
measure of the current frequency resp. loudness. This
LED is connected in series with the LEDs inside the
vactrols and consequently shows the current illumination
inside the vactrols.

Due to the"crooked" response of vactrols the filter has
not an exact control standard (like V/Oct or dB/V). The
inevitable tolerances and tracking errors between diffe-
rent vactrols will also lead to an individual sound of each
module and individual frequency and resonance beha-
viour.

® Level (control) / ® Audio In (socket)

This is the audio input of the module with the correspon-
ding level control (attenuator). At socket ® the audio
signal to be processed by the module is fed in (e.g. VCO
output).

The audio input is very sensitive in the low pass mode so
that even distorted sounds can be obtained - especially
for higher resonance settings. From about middle posi-
tion ( ~ 5) distortion appears with A-100 standard audio
signals (e.g. VCO output). Even in the VCA and combi-
ned LP+VCA mode distortions are possible. But they are
distinctly smaller than in low pass mode.
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@ Resonance (control)

In low pass mode this is the resonance control. The
resonance function "colors" to the sound and is ad-
justable all the way up to self-oscillation. Due to the
vactrol tolerances and tracking errors mentioned above
resonance resp. self-oscillation deviations over the fre-
quency range may occur.

In the VCA mode control @ only changes the overall
loudness.

In the combined LP+VCA mode control @ affects both
loudness and resonance.

The resonance function was not available for Buchla's
low pass gate. To reproduce the original Buchla sound
the resonance control simply has to be set fully counter-
clockwise.

O Audio Out (socket)
This socket is the audio output of the module. According

to the selected mode the low pass filtered resp. ampli-
tude modulated input signal appears.

® Function (toggle switch)
©a G1 (socket) / ®b G2 (socket)

This group of elements serves to select the desired
function resp. mode. These three functions are avai-
lable:

Function Switch G1 G2
position

low pass LP high low

low pass + VCA L+V/Ext. low low

VCA VCA low high

The function can be selected with the toggle switch ® or
the two gate inputs ®a G1 and ®b G2. If the gate inputs
are used to selected the function the toggle switch has to
be in middle position L+V/Ext. (i.e. the grey shaded area
in the above table).

For the gate inputs "low" corresponds to a control vol-
tage range of about 0...+2V, "high" corresponds to about
+3...+12V.
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4. User Examples

not yet ready




A-101-2 Vactrol Lowpass Gate

System A -100

~

~
L




System A -100 Modular Vactrol Phaser A-101-3

1. Introduction

Module A-101-3 is a 12 stage phase shifter with vac-
trols as phase shifting elements. A vactrol is a combina-
tion of a light depending resistor (LDR) and LED both
put into a light-proof case. They are known for their
smooth sound behaviour as vactrols are distortion-free
linear elements in contrast to any semiconductor (like
transistors or OTA in other designs). For more general
details about vactrols please look at the vactrol basics
page on our web site www.doepfer.com.

In contrast to other phaser designs the A-101-3 is much
more flexible and offering a lot of new features not
available from other phasers on the market. The A-101-
3 offers access to each of the 12 input and output
stages leading to a lot of new filters that cannot be
obtained in other ways. Especially the free patchable
feedback loops (yes, not only one feedback loop is
possible) between each of the 12 stages, the separate
phase shift control for the stages 1-6 and 7-12, and
the 2 polarizers intended to control the feedback loops
lead to completely new filter types (a polarizer is a
circuit that is able to generate positive and negative
amplifications in the range -1...0...+1 with -1 = inversion,
0 = full attenuation, +1 = unchanged signal, for details
concerning the polarizer function please look at the
A-133 VC Polarizer or A-138¢ Polarizing Mixer module).

On our web site are lot of frequency response curves
availabe that show which filter types can be realized.

Internally the module is made of 2 independent 6 stage
phase shifters (1-6 reps. 7-12) with separate audio
inputs (with attenuators), audio outputs (with mix con-
trol), and phase shift control units. The phase shift
control units feature both manual and voltage controlled
phase shifting (e.g. from a LFO, ADSR, Random Vol-
tage, Theremin CV, Foot Controller CV ...). For each
sub-module a phase shift display (LED) is available.
The LED shows the illumination state of the 6 vactrols of
the sub-module in question as it is connected in series
with the internal vactrol LEDs.

Each of the 12 phase shift stages is equipped with an
audio output socket and feedback input socket to
obtain full flexibility to create a multitude of different
filters. The audio input signal and the output signals of
stage 6 resp. stage 12 are mixed with 2 manual controls
to obtain effects at two audio outputs (for normal
phase shifting effect this is 50% input signal and 50%
phase shifted signal).

The two submodules are internally connected via nor-
malled sockets so that two 6 stage phase shifters can
be obtained without external patches.
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Fig.1: A-101-3 Overall view
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2. Basic principles

The module is made of two identical units that differ
only in the normalling of the sockets (i.e. how the
switching contacts of some sockets are internally
pre-wired). Therefore only one of the two units is
described with reference to fig. 1 on the preceding
page. The stages 1-6 belong to the first unit, 7-12 to
the second one. Some basics concerning the function
of a phaser (frequency response, comb filter) can be
found in the manual of the VC phaser A-125 too.

The vactrol control unit is made of a logarithmic
voltage-to-current converter that converts the sum
of the manual phase shift setting and the external
control voltage into a current. This current is used to
drive the 6 LEDs inside the vactrols of the phase
shift stages and the display LED. The 6 photo resi-
stors inside the vactrols that work as phase shift
controlling elements respond to the illumination inten-
sity and create different phase shifts for different
illuminations.

The (attenuated) audio input signal is fed into the first
phase shift stage (stage 1). The 6 phase shift stages
are daisy-chained. Each stage is equipped with it's
own audio output (stage out) and feedback input.
The sum of the feedback input and the output of the

preceding stage are mixed and fed into the correspon-
ding phase shift stage.

This modular concept allows the realization of dif-
ferent phasers as well as a lot of other filters too as
all inputs and outputs are free patchable. For example
phasers with 2 up to 12 stages, phasers with free
eligible simple or multiple feedback loops or parallel
working phasers are possible. On our web site a lot of
frequency response curves are available that show
which types of phasers and filters are possible with
this modular concept.

The module contains two additional circuits: a mixer
and a polarizer (one for each unit).

The mixer is used to combine the incoming original
audio signal (audio In) with the phase shifted signal
(shifted audio In) with adjustable ratio. The typical
setting for a phaser is 50:50, i.e. both the original and
the shifted signal have the same level. This creates
the typical phaser jet sound that is based on the
comb-like frequency response curve. But even diffe-
rent ratios make sense. If only the phase shifted
signal is used one obtains the so-called phase vi-
brato effect. The socket "Shifted Audio In" is normal-
led to stage output 6. Consequently a 6-stage phaser
is obtained at the socket "Mixed Audio Out" provided
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that no plug is inserted into this socket. To obtain a
phaser with more or less stages the output of the corre-
sponding stage has to be connected to the socket
"Shifted Audio In". To obtain e.g. a 12-stage phaser the
output of stage 12 has to be connected to "Shifted Audio
In" of mixer 1.

The polarizer is intended to control the feedback
loops. In principle a polarizer is an attenuator. But in
contrast to a normal attenuator it enables both positive
and negative attenuations (i.e. amplifications in the
range -1...0...1). Negative attenuation resp. amplificati-
ons means that the signal is inverted (look at the manu-
als of A-133 CV Polarizer or A-138c Polarizing Mixer for
details). The middle position of the polarizer control
corresponds to full attenuation (or amplification = 0).
This corresponds to the fully counterclockwise position
of a "normal" attenuator. The fully clockwise position
corresponds to amplification +1 (i.e. the signal passes
unchanged), the fully counterclockwise position corre-
sponds to amplification -1 (i.e. the signal is inverted).
The "Polarizer In" socket is normalled to stage output 6.
Consequently the output of stage 6 is used as polarizer
input provided that no plug is inserted into this socket.
The polarizer output is normalled to "Feedback In Stage
1". Consequently the feedback loop "stage 6 — stage 1"
is active without external patches and the polarizer
control is used to adjust the feedback intensitiy and
polarity (remember: zero feedback corresponds to

middle position). On our web site a lot of examples of
single and multipe feedback loops are published
(available via A-101-3 information page).

And this is the result from all these response curves:

e The number of notches is defined by the num-
ber of stages used as output (number of not-
ches = integer of the stage number/2)

e The number of resonance peaks is defined by
the number of stages used for feedback
(number of peaks = integer of number of feed-
back stages used/2)

e The height of the resonance peaks is deter-
mined by the amount of resonance (adjusted
with the polarizer)

By means of the open modular concept of the module
A-101-3 different numbers of notches and peaks are
possible by using the corresponding patch for output in
use and feedback loop(s) !

4



DOEPFER System A -100 Modular Vactrol Phaser A-101-3

3. Overview
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Controls: Inputs / Outputs:
@ Level: attenuator for audio input @ O Audio In: Audio input
@ CV: attenuator for CV input ® ® CVin: Control voltage input
® Shift: manual phase shift © Shifted Audio In: Mixer input for phase shifted si-
@ Mix: mixing ratio between original and phase gnal (normalled to output stage
shifted signal 6)
® Pol.: polarizer control ® Mixed Audio Out: Mixer output (= phase shifter
® Shift LED  displ f hift audio output)
ift: isplay or pase shi . . o
(= brightness of the LEDs inside the ©® Polarizer In: Polarlzer input (two sockets,
vactrols) g;e is normalled to output stage
O Polarizer Out: Polarizer output
© Feedback In: Feedback inputs (6x, feedback
In 1 is normalled to polarizer
output)
O Stage Out: Phase shifter outputs (6x)

Only the elements of one of the two identical phase shift units is specified. The second unit is identical with these
exceptions:

e "Audio In 7-12" is normalled to output stage 6 (i.e. all 12 stages are daisy-chained - even between stage 6 and
stage 7 - provided that no plug is inserted into socket "Audio In In 7-12")

e "CVIn 7-12"is normalled to socket "CV In 1-6" (i.e. same CV for both units provided that no plug is inserted
into socket "CV In 7-12")
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4. Controls

O Audioln/ @ Level

Socket @ is the audio input with the assigned attenuator
@. Feed the audio signal that has to be provided with the
phaserf/filter effect into socket @. Adjust the Level control
@ so that the output signal does not distort - unless you
want to obtain distortion. For normal A-100 levels (e.g.
VCO A-110) distortion appears at about middle position
of control ®. The input was made a bit more sensible
than for other modules to be able to obtain distortion
without an additional module. Distortion might be inter-
esting with certain feedback settings.

Attention: For the right unit the audio input @ Audio In In
7-12 is normalled to stage output 6 of the left unit | This
simplifies the patching of phasers with more than 6
stages as the output of stage 6 is connected to the audio
input of stage 7 provided that no plug is inserted into
socket Audio In In 7-12. If both units are used as
separate phasers/filters each unit is supplied with it's
own audio signal that is connected to socket @ (Audio In
In 1-6 resp. Audio In In 7-12).

® CVIn/®@ CV/® Shift

This group of elements is responsible for the phase shift
control. Knob ® Shift is used to adjust the phase shift
manually. With an external control voltage (e.g. LFO,

Random, ADSR, Theremin, Ribbon controller, foot con-
troller, MIDI-to-CV) applied to socket ® CV In the phase
shift can be modulated. Knob @ CVis used to adjust the
depth of the CV modulation.

Attention: For the right unit the socket ® CV In 7-12 is
normalled to socket ® CV In 1-6. This simplifies patches
with identical CVs for both units (e.g. phasers with more
than 6 stages) as the phase shift controls of both units
are supplied with the same control voltage (applied to
socket ® CV In 1-6) provided that no plug is inserted
into socket socket ® CV In 7-12. If both units are
operated separately even separate CVs are applied to
the CV input sockets.

The voltage difference required at socket ® to take
advantage of the full phase shift range is about 5V (with
attenuator @ fully clockwise).

@ Mix / ® Shifted Audio In/ ® Mixed Audio Out

Knob @ Mix is used to adjust the ratio between the
original audio signal (i.e. the signal applied to socket @)
and the signal at socket ® Shifted Audio In. Socket @
Mixed Audio Out is the mixer output and normally the
audio output of the phaser.

Socket ® is normalled to stage output 6. Provided that
no plug is inserted into socket ® one obtains a 6 stage
phaser at output @ Mixed Audio Out. If another stage
output is connected to socket ® phasers with 2 - 12
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stages can be obtained. The output of stage 1 does not
lead to a phaser but a high pass or low pass according
to the polarity of the signal fed into socket ®. E.g. one of
the polarizers can be used to define the polarity and to
fade from highpass to lowpass and vice versa. To obtain
a phaser with 7-12 stages the output of stage 7-12 has
to be connected to socket ® Shifted Audio In of the left
(") unit as only here the original signal is available as the
second input of the mixer (the mixer of the right unit
does not have available the original that is connected to
audio input @ of the left unit).

©® Polarizer In/ ® Polarizer Out/ ® Pol.

These elements correspond to the polarizer. The wor-
king principle of the polarizer is described in chapter 2.
The two sockets @ Polarizer In form a "miniature
multiple" and are the input of the polarizer. Socket ®
Polarizer Out is the output of the polarizer.

The function of the polarizer (i.e. the amplification in the
range -1...0...+1) is determined by the position of control
® Pol.

The left one of the sockets @ Polarizer In is normalled to
stage output 6. The output of the polarizer is normalled
to the feedback input of stage 1 (@ Feedback In 1).
Provided that no plugs are inserted a feedback loop from
stage 6 to stage 1 is established. In the middle position
of control ® Pol no feedback occurs. At fully counter-
clockwise position maximum negative, at fully clockwise
position maximum positive feedback occurs.

To obtain different feedback loops the sockets ® Polari-
zer In and @ Polarizer Out have to be connected with
the desired output stages resp. feedback inputs.

By using the second polarizer or external modules (e.g.
VCA, VC polarizer A-133, filter, distortion, waveshaper)
even multiple feedback loops are possible - leading to
very interesting frequency responses with multiple reso-
nance peaks.

Another special feature of the A-101-3 are "forward
loops", i.e. it is possible to feed a stage output to a
feedback input of a higher stage (via polarizer).

By means of multiple feedbacks and/or forward loops in
combination with the positive/negative amplifications of
the polarizers and different controls and patches of the
stages 1-6 resp. 7-12 very complex frequency response
curves can be realized that cannot be obtained in any
other way.

© Feedback In (6x)

These are the feedback inputs of the phase shifting
stages. Applications of these inputs have been descri-
bed on the preceding pages. The feedback input of
stage 1 is normalled to the polarizer output, i.e. Feed-
back In 1 is connected to the polarizer output - provided
that no plug is inserted into socket @ Feedback In 1.

8
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5. User Examples

© Stage Out (6x) ¢ vet read
not yet ready

These are the outputs of the phase shifting stages.
Applications of these outputs have been described on
the preceding pages. The output of stage 6 is normalled
to socket ® Shifted Audio In and to the left one of the two
sockets ©® Polarizer In.
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System A -100 A-102 - A-103

cv1 A-102
A-103

CcV 3 Frequency

Audio In

Audio
Out

Resonance

1. Introduction

Modules A-102 and A-103 are voltage controlled
low-pass filters that filter out the higher parts of the
sound spectrum and let lower frequencies pass
through. Both filters very similar to the A-120 low-pass
filter but sound very different. In contrast to the 24dB
low-pass A-120 - that is based on the famous Moog
transistor ladder - A-102 and A-103 use different
ladder types. The A-103 is an 18dB low-pass that
works with a modified transistor ladder identical to
the circuit used in the Roland TB-303 (base and collec-
tor of each transistor are connected). In the A-102 the
transistors in the ladder are replaced by diodes cau-
sing the typical diode filter sound with a very specific
frequency and resonance behaviour.

The cut-off frequency determines the point at which
filtering takes effect. You can control this manually, or
by voltage control for both filters (filter modulation, for
instance by an LFO). Three CV inputs are available,
and the sum of the voltages from these affects the filter
cut-off.

Resonance (or emphasis) is adjustable all the way up
to self-oscillation - in which case the filter behaves like
a sine wave oscillator.
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2. Overview
A-103 VCF6
18 dB LOW PASS
A-102 VCF9
DIODE LOW PASS
Cv 1
Frq.
o v @
0“10
CV 2 oV 2
SN ')
0010
Cv3 ar
o v @
0 10
Audio In Lo
.« V@
0 10
Audio Out Res.
o VU@
0 10

Controls:

@ Freq.:
@ CV 2:
® CV 3:
@ Lev.:
® Res.:

In / Outputs:

O CV1:

® CV2:

©® CV3:

O Audio In:
6 Audio Out:

Cut-off frequency control

Attenuator for CV at input @
Attenuator for CV at input ©
Attenuator for audio input @

Control for setting the filter's reso-

nance (emphasis)

Control Voltage input

ditto, level controlled by @
ditto, level controlled by ®

Audio input to the filter

Audio output from the filter
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3. Controls

@ Frq.

With this control you adjust the Cut-Off Frequency f_,
above which the filter attenuates all frequencies. At 10,
the filter is fully open. The more you turn down this
control, the more the high frequencies are filtered. The
sound becomes mellower and less bright (see Fig. 1)
until at 0 the filter is completely shut, and there will be
no output signal at all.

@cCcv2 - ®CV3

For voltage control or modulation of the cut-off fre-
quency, use these CV inputs ® and/or © (see Fig. 1).
Use attenuators @ and/or ® to adjust the control
voltage level.

@ Lev.

Use this attenuator to control the amount of signal
entering the filter input @.

15y If the filter's output distorts, turn this control
down, unless you deliberately want the sound
as a special effect.

® Res.

With this control you adjust the filter's resonance
(emphasis, Q) - the parameter which emphasises the

frequencies around the cut-off point f.. Close to its
maximum setting, the filter becomes so resonant that
it goes into self-oscillation, and starts behaving like a
sine wave. You can take advantage of this effect,
and use the VCF as an additional oscillator.

Frq./ CV
Out

,

o=
- 3 >

Freq.
fC

Fig. 1: Frequency response of the A-103

= For the A-102 the filter parameters fre-
quency and resonance are not completely
independent from each other. This a special
feature of this circuit and not a mistake !
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4. In/ Outputs
O CV1

Socket CV 1 is the filter's standard voltage control
input, and works on the 1V / octave rule, like the
VCOs. If you patch a modulation source (eg LFO,
ADSR) to this input, the cut-off frequency of the filter
will be modulated by its voltage: ie., the sound color
changes according to the voltage put out by the modu-
lator. If you use the VCF as a sine wave oscillator,
connect the pitch CV into this socket. Do the same if
you want the filter's cut-off frequency to track exactly
with the pitch of a note (filter tracking).

e Cv2 - © CV3

Sockets CV 2 and CV 3 are also voltage control
inputs for the filter. Unlike CV 1, you can control the
level of voltage - the intensity of modulation effect on
the filter - with attenuators @ and ®.

O Audio In

This is the filter's audio input socket. Patch in the
output from any sound source (eg. VCO A-110/A-111,
Sampler/Wavetable Oscillator A-112, Subharmonic
Generator A-113, Ring Modulator A-114, Audio Divider
A-115, Waveform Processor/Waveshaper A-116/ A-
136, Noise Generator A-117/118, external audio signal
e.g. via A-119, VC Divider A-163, mixed signal of

different audio sources using A-138 and so on).

60 Audio Out

Filter output ® sends out the filtered signal.

5. User examples

As the A-102 and A-103 are very similar to the A-120
please refer to the user examples of the A-120. The
filter's cut-off frequency can be modulated in various
ways. The basic modulations types are:

e VCF -LFO (A-145, A-146, A-147)
Cyclical changes of the sound spectrum

e VCF - ADSR (A-140, A-141, A-142)
Modulation by an envelope results in triggered gra-
dual change of the sound spectrum

e VCF - Keyboard CV
This modulation produces pitch-related filter ope-
ning: the higher the pitch, the more the filter opens,
and the brighter the sound becomes.

But even other voltage sources may be used to control
the frequency of the A-102/103: e.g. Theremin A-178,
Light-controlled CV A-179, Joy Stick A-174, MIDI-to-
CV interfaces A-190 or A-191, Random Voltage A-
118, S&H A-148, Sequencer A-155, Quantizer A-156,
Foot Controller A-177, Ribbon Controller A-198 and
many more. Please refer to the user’s guides of these
modules for details and additional examples.

4
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1. Introduction

Module A-104 is a replica of the Formant Filter of the
Input A-104 “Mixtur Trautonium” by Oskar Sala. It is made of
Level four parallel resonance filters with common input
Audio and output (see fig. 1 on page 3). Each filter can be
In switched to low pass or band pass or off. Frequency,
resonance, mode (band/low/off) and level are con-
Level trolled for each filter separately by hand (no voltage
control !). The frequency range for each filter is about
Frequency 50Hz...5kHz.
VCF 1
Resonance The input level for all filters is controlled by an at-
o tenuator. The filter audio inputs are very sensitive so
Mode g~-e—o that distortion may intentionally be used to create new
sounds - if desired.

VCF2 : VCF4 The A-104 is a versatile module for sound modifica-
tion. In the first place it is used for reproduction of
Audio resonances (e.g. the vocal-like effects known from
(@)= Out the Trautonium). In combination with the subharmo-
nic generator A-113 one obtains the complete replica
of the Trautonium sound generation.

More detailed information about the Trautonium can
be found on our internet site www.doepfer.com.
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2. TFF - Overview

A-104 Trautonium Formant Filter

Resonance Mode Level

Band
o @
Low

Input Level

Frequency

C

0 0 10 0 1 0 10
Audio In
o ¢ @ = @
0 10 0 10 Q 0 10
Low
0 10 0 10 q) 0 10
Low
Audio Out
@ (o @ @ @

o
N
o
o

0

o
-

0

Controls:

@ Input Level :

@ Frq.:
® Resonance :

@ Mode :
® Level :

Attenuator for audio input
signal (effective for all filters)

For each VCF:

Frequency control

Resonance control (Q, em-
phasis)

Mode switch (band/off/low)

Level control (share of the
filter signal in the mix output)

& 101

In-/ Outputs:

O AudioIn:
® Audio Out:

Common filter audio input

Common filter audio output
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audio input

input lenvel

" 17 dB " 12 dB

farmant filter formant filter

Jia

band Lo band Lo
pass | g ) pass pass | g | pass
filter 1 filter 2

12 dB 12 dB
R/H,l formant filter R/Hi farmant filter
band l Iy band l [[=1%0
pass | ] pass pass | g | pass
filter 2 Filter 4

Fig. 1: Sketch of the A-104

3. Controls

@ Input Level

‘ =udio output

I

Attenuator @ adjusts the level of the audio input signal
applied to the audio input socket @. The attenuated

signal is fed to each of the four resonance filters.

The audio inputs of the filters are very sensitive
so that distortion - even with normal A-100
audio levels (e.g. VCO A-110) - may intentio-
nally be used to create new sounds. Distortion
appears about from the middle position of the
input level control @.
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Frq. Frq.

Out
N

Out

f Freq.

fC Freq.

Fig. 2: Frequency response of band pass and low
pass

@ Freq.
Control @ is used to adjust the filter frequency (see
fig. 2):

¢ In band pass mode i.e. the middle frequency f,,

¢ Inlow pass mode i.e. the cutoff frequency f;

The frequency range for each filter is about 50Hz ...
5kHz (same as for the Trautonium filter).

® Resonance

Control ® is used to adjust the filter resonance (or
emphasis or Q, see fig. 2):

¢ In band pass mode i.e. the band width
¢ In low pass mode i.e. frequency emphasis
around the cutoff frequency

Self-oscillation - as for some other filters of the A-100
(e.g. A-120, A-121, A-122, A-123 and so on) - is not
available.

@ Mode

The three-position switch @ is used to select the mode
of the corresponding filter:

e band pass (upper position)

o off (middle position)

¢ low pass (lower position).

® Level

Attenuator ® is used to adjust the signal level of the
corresponding filter (share in the mix output socket @).
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4. In-/ Outputs

@ Audio In

This is the filter’'s audio input socket. Patch in the
output from the sound source (e.g. Subharmonic Ge-
nerator A-113, VCO A-110/A-111, Noise Generator
A-117/A-118, Mixer A-138).

® Audio Out

Filter output socket ® sends out the filtered signal,
i.e. the sum signal of the four resonance filters.

5. User Examples

Module A-104 is used in the first place for the simula-
tion of resonances.

Even vowel-like effects may be generated with this
module (refer to the user's manuals of A-127 and
A-128).

In combination with the Subharmonic Generator A-
113 one obtains a nearly complete replica of the
Trautonium sound generation (refer to the user's
manual of A-113 on page 11 for the complete sketch).

More detailed information about the Trautonium and
the realization with A-100 modules can be found on
our internet site www.doepfer.com.

A module that's related very close to the A-104 is the
A-127 Voltage Controlled Resonance Filter. In
contrast to the A-104 the filter frequencies are voltage
controlled and each filter has an own LFO for fre-
quency modulation. This enables automatic filter
sweeps or multiple voltage controlled filtering (e.g. with
sequencer or MIDI-to-CV interface).

For filter applications with fixed frequencies the Fixed
Filter Bank A-128 may be used.
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6. Patch-Sheet

The following diagrams of the module can help you
recall your own Patches. They're designed so that a A-104 Trautonium Formant Filter
complete 19” rack of modules will fit onto an A4 sheet

Of paper Input Level Frequency Resonance Mode Level
sNeNeNe!

Photocopy this page, and cut out the pictures of this OQ«, 0©10 OQﬂ) Q OQm

and your other modules. You can then stick them Aol

onto another piece of paper, and create a diagram of m O O 2

your own system. @ Q Q Q

o
]
=)
o
3

o ()
Make multiple copies of your composite diagram, and
use them for remembering good patches and set-ups.

O
o
o

Band
o O
Low

o
5]
o
o
3

Audio Out

N : >« Draw in patchleads with colored pens. O O B O 4
» Draw or write control settings in the little @ OQW OQm OQm
white circles. Low
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As the modules A-105 and A-122 are identical with
regard to operation and functions and differ only in the
sound because of the different filter circuits (SSM2044
resp. CEM3320) both modules are combined in one
common manual. Please refer to the A-122 manual.
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X-treme Filter A-106-1

Xtreme Low/Highpass Filter

LP Audio Input  Audio Output
HP Input
HP Audio Input Polarizer
@ on/off
manual
Cv1
Frequency
CV2
Cv3
- Out
Resonance Resorllﬁggﬁ
In
. O ioDi
+Clipping 0 [ierel s Sapeins
- Clippin O internal -Clipping
pping O Vactrol Control

Fig. 1: A-106-1 Controls and In/Outputs

1. Introduction

Module A-106-1 is an unique low/high pass filter and has it's
origin in our experiments to built a MS20 filter clone. In
contrast to other filter designs it has different audio inputs
for low and high pass, but only one audio output. The type
of filter (12dB low pass, 6dB high pass or any mix) is
defined by the shares of the audio signal fed to the
corresponding inputs. Even two different audio signals can
be used as low and high pass input. A special feature is the
polarizer at the high pass input that allows to add/subtract
the high pass to/from the low pass share, leading to pseudo
band pass and notch responses (details concerning pseudo
in the next chapter).

Another special feature are the clipping controls, which
allow independent adjustment of the positive and negative
clipping level. The resonance goes up to self-oscillation, but
with a clearly different behaviour than on other filters. At
certain resonance and clipping settings the self-oscillation
generates rectangle or short sawtooth shaped pulses.

In general the A-106-1 is a very strange and awesome filter
and far away from being perfect (e.g non-linear control
scale, self-oscillation with all sorts of waveforms except
sine, a lot of roaring, rattling, noise or other unpredictable
sounds at high distortion and resonance settings, high
distortion or audio level overrides the resonance, significant
CV feedthrough ...). But the A-106-1 has a lot of character —
probably much more than any other filter of the A-100 — and
is able to generate filter sweeps which are not possible with
any other filter.
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2. Basic Principles

As mentioned in the introduction, module A-106-1 has it's
origin in our experiments to built a MS20 filter clone. The
famous original MS20 included two filters: a 12 dB low pass
and a 6dB high pass filter connected in series, both with a
very special design.

Remark: The MS20 high pass if very often described as
12dB high pass, but this is not true.

During our research we found a way to use the same circuit
simultaneously as low pass and high pass for 2 different
audio signals (a bit similar to the A-101-1 Steiner Vactrol
filter, which also has different audio inputs available, but
with the special MS20 circuit). For this two separate audio
inputs for low pass (LP) and high pass (HP) with separate
level controls are available. The sockets are normalled, i.e.
the signal applied to the LP input is available for the HP
input too, provided that no plug is inserted into the HP input
socket. The level control of the HP input is realized as a
polarizer. This means that the signal can be added with the
same polarity (+ range) or opposite polarity (- range)
compared to the LP input. This feature enables pseudo
notch (+) and pseudo band pass (-) filter functions too. From
our point of view this is the most flexible solution as it
enables these functions:

Low pass: the audio signal is fed to the LP input, HP
level control is set to zero, LP level control is set to the
desired level

High pass: the audio signal is fed to the LP or HP input,

LP level control is set to zero, HP level control is set to

the desired level (in this special case it does not matter

if positive or negative amplification is chosen with the
polarizer control)

Low pass / high pass mix with one audio signal: the

audio signal is fed to the LP input, LP and HP level

controls are set to the desired levels.

0 special setting 1: if the level controls for LP and HP
are set in a way that both levels are identical with
the same polarity (i.e. + range of the HP level
control) and no or little distortion only one obtains a
pseudo notch filter (pseudo means that the notch is
far away from being perfect, the attenuation in the
pass band is not as good as for other filters of the
A-100 system, please refer to the frequency
response curves for details)

o special setting 2: if the level controls for LP and HP
are set in a way that both levels are identical with
the opposite polarity (i.e. - range of the HP level
control) and no or little distortion only, one obtains a
pseudo band pass filter (pseudo means that even
the band pass is far away from being perfect, there
is a significant feedthrough of frequencies below
and above the center frequency, please refer to the
frequency response curves for details)
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Remark for settings 1 and 2: The original MS20
circuit was not planned for notch or band pass
applications. The pseudo notch and pseudo band
pass filters should be treated as a free bonus and
have the disadvantages mentioned above. The
reason is that the low pass has a 12dB/octave
slope and the high pass has 6dB/octave. This leads
to phase relations that do not allow a "perfect" band
pass and notch simply by adding/subtracting
signals as for other filter designs (for insiders: there
remains always a 90 degree phase shift). For better
notches and band passes other A-100 filters should
be used - or two A-106-1 patched in series (band
pass) or parallel (notch) with suitable frequency
settings.

e Low pass and high pass with two different audio
signals: the two audio signals are fed to the LP input
resp. HP input and the level controls for LP and HP are
set to the desired levels. For the +/- control of the HP
input it is essential in this case if the two input signals
are phase correlated (e.g. two different outputs of the
same VCO or VCO output and a frequency divided
signal derived from this VCO) or if there is no fixed
phase correlation between the two signals (e.g. two
different VCOs). In the first case the - and + range of
the HP control leads to different filter results. In the
second case there is no difference, if the + or - range of
the HP control is used.

This design allows even some very special functions: It is
e.g. possible to adjust the controls so that the LP signal
does not distort, but the HP share does (or the other way
round) - alternatively with the same or opposite polarity
compared to the LP signal. For this the LP level has to be
set to a small value so that the signal does not distort. The
HP level control has to be set to a higher value (in the + or -
range) so that the HP share will distort.
The variety of controls allows a lot of functions which are not
available for any other filter we know.
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Low pass (no resonance) High pass (no resonance)

Pseudo Band pass (no resonance) Pseudo Notch (no resonance)

Low pass (medium resonance) High pass (high resonance)

Fig. 2: A-106-1 Frequency Response Curves




DOEPFER

System A-100

X-treme Filter A-106-1

During the A-106-1 development we found also that it might
be useful to add controls not available on the original MS20
filters. In the original circuit the filter output level is limited to
about +/—~ 0.7V by two antiparallel diodes across the
output/resonance amplifier. Removing one or both diodes
leads to noticeable different behaviour of the filter. We
added two rotary controls CL+ and CL- to adjust the effect
of each limiting diode (i.e. from original MS20 behaviour with
fully active limiting diodes to no limiting effect). The
independent control for each diode allows asymmetrical
limiting/amplification that causes a completely new and
sometimes very strange behaviour.

Level no clipping + clipping - clipping +/- clipping
- ’\_I\
L TN BN N N N BN RN BN

Fig. 3 : A-106-1 Clipping functions

One of the main effects of the asymmetrical limiting is that in
self-oscillation the filter does not generate a sine wave but
short pulses, if only one of the limiting diodes is activated.
Another effect is that a higher output level of the filter can be
obtained (which is limited to about +/- 0.7V for the original
MS20 circuit). In addition dirty noise effects appear at
certain combinations of the control settings for resonance,
CL+, CL- and input level. The controls CL+, CL-, resonance,
LP level and HP level have to be treated in a common
context: if the input levels are small the CL+ and CL-
controls will have no effect as the signal does not distort at
all because it does not reach the clipping levels. Increasing
the resonance also increases the audio level and the
CL+/CL- controls may now have an effect on the output
level without changing the input level !

Same applies if the resonance control remains unchanged
while the input level increases. Now the CL+ or CL- control
will have an effect as the level reaches the clipping
thresholds. Increasing the audio level may also suppress
the resonance if distortion becomes extreme. The
"teamwork" of the five controls is very complex and has to
be learned by doing and hearing.

The audio inputs are very sensitive to allow even extreme
distortion effects, much more than possible for the original
MS20.

The module is equipped with an insert option for the
resonance feedback loop. This allows to insert other A-100

5
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modules into the resonance circuit. The standard application
is to insert a VCA for voltage controlled resonance. But even
other modules - e.g. waveshaper, divider, phaser,
distortion, PLL, wave multiplier, spring reverb, ring
modulator, frequency shifter, BBD or any other audio
processing module - can be inserted to obtain sounds one
has probably never heard before.

On top of this the module is equipped with three frequency
control voltage inputs (CV). One CV input is equipped with a
polarizer. This means that the effect of the external CV (e.g.
envelope from an ADSR generator) to the filter frequency is
positive (+ range) or negative (- range). Especially when the
filter is moved from LP to HP it might be useful to invert the
polarity of the envelope CV. It has to be pointed out that the
frequency response is far away from being 1V/oct but rather
non-linear.

Pay attention that the CV3 and high pass level controls are
polarizers with zero level at the center position. Especially
for the high pass control it is a bit tricky to find the neutral
position. Here are two solutions for this problem:

e Insert an unconnected patch cable or a single 3,5 mm
jack plug into the high pass input (the two terminals of
the plug may even be shortened). For this reason a 30
cm patch cable is added to each A-106-1 module for
free. You may even nip off the jack plug of the cable to
have it available especially for this function.

e Change the high pass polarizer into a normal attenuator
by moving the jumper JP4 to the lower position (see
below)

Pay attention that for pure low pass function of the module
the high pass control "HP level" has to be in the neutral
position or even better a dummy plug is inserted into the
high pass input "HP In".

To obtain the filter section of the original MS20 two A-106-1
have to be patched in series (one in LP mode, the other in
HP mode, both with CL+ and CL- set to zero).

The A-106-1 is far away from being a "perfect" filter in an
academic sense. The control scale is non-linear. With self-
oscillation all sorts of waveforms except sine are generated.
High distortion and resonance settings lead to roaring,
rattling, noise or other unpredictable sounds. High distortion
or audio level may "kill" the resonance at certain settings.
The filter has a significant control voltage feedthrough. The
"band pass" is not a real band pass as a considerable share
of all frequencies passes through. The notch filter does
attenuate only about 50% at the center frequency - and
many more specialties. But the A-106-1 has a lot of
character - much more than any other filter of the A-100. It is
a very strange and awesome filter - somehow quite the
opposite of the 48 dB ladder filter A-108, which is a very
smooth, warm and predictable filter. The A-106-1 is
definitely not the right choice for "moogish"” or "civilized"
sounds but for extreme, exceptional and experimental
sounds - this is why we call the module "X-filter", also to
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avoid troubles with the Korg company who is the owner of to move the jumper to the lower position. But in this
the term "MS20". If you want to know more technical details case the (-)/(+) front panel printing for the HP level
please look at the document “A-101-1 technical details” on control is no longer valid.

our website www.doepfer.com (available from the A-101-1
or A-106-1 info page). In this document the basics of the A-
101-1 (Steiner) and A-106-1 ((Xtreme) filters are described. Clipping control option:

There are two jumpers on the module. The module is prepared to control the CL+ and CL-
parameters by using the universal vactrol module A-101-9.
e The first jumper is located on the main board A (the Two pin headers (JP5, JP6, located behind the CL+ control)
right one with the CL+/CL-/Res. controls) and labelled are used to establish a connection to the universal vactrol
JP7A/B. In the upper position A (factory setting) the module A-101-9. This allows voltage control of CL+ and CL-
output is unbuffered and has a noticeable DC offset . Please refer to the manual of module A-101-9 for details.
(DC coupled). Unbuffered means that the output load
affects the filter behaviour. In the lower position B the
output is buffered and has no DC offset (AC coupled). If
unexpected behaviour of the A-106-1 output appears
try the lower position (buffered mode).
e The second jumper is located on board B (the left one
with the frequency and audio input controls) and
labelled JP4. It is a bit difficult to find as it is located
behind the 10 pin connector that is used to connect the
two boards. It is recommended to remove the female 10
pin connector to change the setting of this jumper. In
the upper position (factory setting) the high pass control
"HP Lev" works as a polarizer (zero = center position).
In the lower position it works as a normal attenuator
with zero at the fully counterclockwise position. If you
do not want to use the polarizer function (i.e.
add/subtract the LP and HP signals) it is recommended
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3. Overview
€2 A-106-1 Xtreme FILTERED Controls:
GHPASS @ Frequ. : manual frequency control
@ cvz: attenuator for CV2
® Ccva: polarizer for CV3
@ LP Level: low pass audio input attenuator
® HP Level: high pass audio input polarizer/
attenuator (*)
® CL+: positive clipping control
@ CL-: negative clipping control
Res.: resonance level control
In- / Outputs:
Q Cv1: CV1 input (without attenuator/polarizer)
A Cv2: CV2 input (with attenuator)
© Cva: CV3 input (with polarizer/attenuator) (*)
OLPIn: low pass audio input
O HP In: high pass audio input
(normalled to low pass audio input @)
O Res. Insert: resonance insert (output)
@ Res. Insert: resonance insert (input)
O Out: audio output

Fig. 4: front panel

(*) function depends upon jumper settings

Width: 14HP
Current: 30 mA
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4. Controls and In-/ Outputs
. _ OLPIn: low pass audio input
0 cv1: CV1 input @ LP Level: low pass audio input attenuator
® Frequ. : manqal frequency control @ HP In: high pass audio input
0 Ccv2: CV2 input ® HP Level: high pass audio input polarizer/
@ cvz: attenuator for CV2 attenuator
© Cva: CV3 input
® Cvs: polarizer/attenuator for CV3

This group of elements is responsible for the filter
frequency. Knob @ Frequ. is used to adjust the frequency
manually. Three CV inputs (CV1 @, CV2 @, CV3 ©) are
available to control the frequency by external control
voltages (e.g. ADSR, LFO, random, sequencer). The
sensitivity of CV1 is fixed, CV2 is equipped with a normal
attenuator @, CV3 with a polarizer ®. The neutral position of
the polarizer knob is at it's center (0). Left from the center
(area marked with a minus sign) the effect of the CV3 is
negative, i.e. an increasing CV3 decreases the frequency.
Right from the center (area marked with a plus sign) it's
positive, i.e. increasing CV3 increases the frequency.

The control scales of the three CV inputs are non-linear, i.e.
not 1V/octave as CV inputs of many other A-100 modules.

Socket @ is the low pass audio input (LP In) with the
assigned attenuator @. Socket @ is the high pass audio
input (HP In) with the assigned polarizer ®. This polarizer
can be converted into a normal attenuator by changing an
internal jumper (please refer to page 7 for details).

The HP In @ is normalled to the LP In @, i.e. if no plug is
inserted into the HP In @ the signal applied to the LP In @ is
also used for the high pass section.

For pure LP function the HP Level ® has to be set
approximately to it's center position. The best way to find
the neutral positon of the HP control is by hearing. Move the
control until the high pass share disappears in the audio
output signal. As it is a bit tricky to find the neutral position
even a dummy plug can be inserted into the HP In socket
for pure LP applications. In this case the normalling between
the sockets LP In and HP In is interrupted.

Both the LP and the HP audio input are very sensitive. With
standard A-100 signals (e.g. VCO) distortion appears
already at medium settings. But the distortion also depends
upon the clipping and resonance settings.
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® CL+:
® CL-:

positive clipping control
negative clipping control

This controls are used to adjust the upper and lower clipping
levels of the filter circuit. At the left position the smallest
clipping level is chosen, i.e. clipping appears even at small
input levels. Turning a clipping control clockwise increases
the clipping level and clipping occurs just at higher levels.
The adjustment of the clipping controls also affects the max.
output level as for higher clipping levels even the max.
output level becomes higher.

The module is prepared to control the clipping functions with
voltages by using the universal vactrol module A-101-9. For
details please refer to page 7 and the A-101-9 user's
manual.

O Res. Insert: resonance insert (output)
@ Res. Insert: resonance insert (input)
Res.: resonance level control

This group of elements is responsible for the resonance
functions of the module. Socket @ is the input of the
resonance loop and is normalled to resonance output socket
@. If an external module is used to control the resonance
loop (e.g. a VCA), this module has to be inserted between
socket ® and socket @. The resonance control ® is used to
adjust the resonance level manually. Resonance can be
increased up to self-oscillation. As already mentioned in
chapter 2 the controls for level, resonance and clipping

influence each other. E.g. the waveform generated in self-
oscillation mode depends upon the settings of the clipping
controls and the resonance, or self-oscillation is reduced or
even "killed" by an excessive audio level.

O Out: audio output

This socket is the audio output of the module.

10
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5. User Examples

A-134 PAN
VC Panning Module

A-106-1 Xtreme FILTER
VOLTAGE CONTEOLLED LOWPASHIGHPASS

H Pdn s Frequ H Gl
L 7
X ¢
o |o \o = 0 T
1 I : CL-
o ; N
$ e odif a
v s
o’ o

cvz
{1 1 v
T et
.
2

Morph. CV

Audio In

Voltage Controlled Morphing between LP and HP

A voltage controlled panning module A-134 is used to
control the shares of the audio signal fed into the LP and HP
inputs of the A-106-1. With an external voltage (Morph. CV)
the relation between LP and HP is adjusted (e.g. LFO,
ADSR, sequencer, random or S&H, Theremin).

A-106-1 Xtremne FILTER
VOLIAGE CONTROLLED LOWRASSHIGHRASS

A-130 VCA

LINEAR WCA
]

Audio In

" Audio Out

Voltage Controlled Resonance

The resonance insert is processed by a VCA A-130 to
obtain voltage controlled feedback. Instead of a VCA even
other signal processing modules can be used (e.g. BBD, VC
polarizer, waveshaper/wave multiplier, spring reverb, PLL)
for special effects.

On our web site www.doepfer.com several A-106-1 sound
examples are available.

11



X-treme Filter A-106-1 System A-100 DOEPFER

12



System A -100

Multitype Morphing Filter A-107

1. Introduction

Module A-107 is a completely new voltage controlled
filter that has available 36 filter types: different versi-
ons of low pass, high pass, band pass, notch, all pass
and filters with new response curves that have no
name up to now.

Of course the standard VCF controls are available:
manual and voltage control of filter frequency and
resonance. For the filters of the first group (1...18)
self-oscillation is possible, the filters of the second
group (19...36) do not feature self-oscillation. On top of
it a final VCA is available - even with manual and
voltage control. All external control inputs are available
twice: one with attenuator and one without.

The 36 filters are organized in two groups of 18
filters each. The filters can be arranged in 64 different
filter chains. Each chain consists of 32 steps. The
sequence of a filter chain is passed through while the
manual control is operated or the external control
voltage changes from 0...+5V. 64 filter chains can be
programmed by the user and stored in the non-volatile
memory of the module.

The transition between filters can be soft (morphing)
or hard (switching). The morphing time (manual and
voltage controlled) defines the transition time between
succeeding filters from a few milliseconds (switching)
up to about 10 seconds.

Additionally a "clocked" mode is available. This
means that the steps of the currently selected filter
chain are selected one after another. Each positive
transition of the Clock signal calls up the next filter of
the chain. A positive trigger at the Step Reset input
resets to the filter of the chain that corresponds to the
momentary step CV. This allows e.g. to switch bet-
ween the filters of the currently selected filter chain in
sync with a sequencer.

The filter design is 100% analog (CEM filter chip).
Only the morphing control and memory managing is
carried out by a microcontroller.

Remark: Because of technical reasons the transition
between the two filter groups cannot be carried out soft
as capacitors have to be switched. Soft transition (i.e.
morphing) is possible only between the filters of each
group (i..e. within the filters 1...18 or 19...36). Switching
between filters causes a "click” if the filters are from
different groups.
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2. Basic principles

Module A-107 consists of the 100% analog filter unit
with the parameters filter frequency, resonance/em-
phasis and amplification, and the digital control unit
with display, corresponding controls (buttons, rotary
encoder) and non-volatile memory.

The control unit manages the memory that contains
the 64 filter chains with 32 steps each. The control
unit is responsible for all parameters that refer to
switching and morphing of filters within the selected
chain, the control of the analog filter unit to obtain the
desired filter and the memory management.

The buttons "Step" and "Filter" determine if the display
shows the Step number (S) within the currenty selec-
ted filter chain (i.e. the so-called working buffer) or the
filter type (F).

The buttons "Chain" and "Prog" are used to transfer a
filter chain between the non-volatile memory (64 me-
mories) and the working buffer.

The values for Step, Filter and Chain are set by the
endless rotary encoder labelled “Value”.

Provided that a clock signal is applied to the Step
Clock input the clocked mode is activated. In this
mode each positive transition of the clock signal trig-
gers the advance to the next step of the filter chain in
the working buffer. If step 32 is reached the next clock
switches back to step 1 of the chain.

Addressing the filters of the chain in the working
buffer can also be controlled by the manual step
control and/or an external control voltage at one of
the Step CV inputs. According to the manual setting
and the external voltage(s) the corresponding filter
within the chain is addressed.

For both the clocked and CV addressed mode the
transition time between succeeding filters can be con-
trolled manually by the Morphing control and/or an
external control voltage at one of the Morphing CV
inputs.

Attention: CV addressing "overruns" the filter selected
in the clocked mode.

All parameters can be controlled resp. modulated by
different voltages at the same time: filter step, mor-
phing time, filter frequency, resonance and amplifi-
cation.
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3. Overview

A-107 Multitype Morphing Filter
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Programming Unit Controls:

@ Display: 3 digit LED display

@ Step: button, calls up display mode "Step"

® Filter: button, calls up display mode "Filter"

@ Chain: button, calls up display mode "Chain"

® Prog: button, calls up display mode "Prog"

® Value: rotary encoder to set the value for
Step, Filter and Chain

@ Step: two CV inputs with/without attenuator,

and manual control for Step setting

Step Clock: digital signal input for clock/gate-
triggered advance to next step

© Step Reset: digital signal input to set the step to a
position within the chain defined by the
momentary step CV

Morph: two CV inputs with/without attenuator,

and manual control for morphing time

Filter Unit Controls:

O Audio In:  audio input of the filter

® Freq.: two CV inputs with/without attenuator,
and manual control for filter frequency

© Res.: two CV inputs with/without attenuator,
and manual control for filter reso-
nance/emphasis

O Amp.: two CV inputs with/without attenuator,

and manual control for filter amplifica-
tion

O Audio Out: audio output of the filter
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4. Programming Unit Controls

@ Display

This is a 3-digit LED display with three decimal points.
These display modes are available:

S01  current Step within the filter chain (= working
buffer), range 01 - 32

FO1  Filter type of the currently selected step within
the chain (= working buffer), range 01 - 36

£07  number of the Chain that is called up from the
memory, range 01 - 64

P07 number of the chain that is used to store
(Program) the working buffer into the memory,
range 01 - 64 (the character "S" is alread used
for Step -> P = Program)

The left and middle decimal point of the display
indicate morphing. The points are flashing alternately
while the morphing is in progress. The blinking fre-
quency is an approximate measure for the morphing
time. As soon as the new filter type is reached both
points turn off.

The right decimal point is a warning indicator for
the functions CHAIN and PRG and is blinking as soon
the button @ or ® is operated (see below).

@ Step

Operating this button calls up the display mode that
shows the current step of the chain in the working
buffer.

There are different was to select another step within
the chain:

Operate the Value control ®

Operate the manual Step control (see @)
Altering one of the the Step CVs (see @)
Feeding a Clock signal to socket ®.

The first two items relate to manually controlled steps.
The two last items correspond to voltage resp. clock
controlled step addressing and are suitable for auto-
matic filter addressing and morphing (e.g. controlled
by a LFO, ADSR, random CV, Theremin, ribbon, foot
controller. MIDI-to-CV or a sequencer).
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® Filter

Operating this button calls up the display mode that
shows the filter type of the currently selected step of
the chain in the display.

To select another filter type the Value control ® has to
be operated. A detailed list of all filter types with
frequency response curves is available in chapter 7.

= The filters are organized in two filter groups
with 18 filters each. To obtain a continuous
morphing (soft transition) for all filters within
a chain only filters from the same group have
to be used. If two succeeding filters are from
different groups a short "click" will be heard
as capacitors have to be switched between
the filter groups. Of course this characteristic
can be used intentionally for special effects.

How to program a filter chain:

O Make sure that no external control signals are fed
into the inputs Step CV @, Step Clock ® and Step
Reset ®. These signals would disturb the pro-
gramming procedure as they change the current
step within the chain !

0

m

Operate the Step button @ and select the desired
step (e.g. S01) within the current filter chain
(working buffer) by using the value control ®.

Operate the Filter button ® and select the desired
filter type (e.g. F13) for the current step by using
the value control ®.

Select the next step (e.g. S02) by operating the
Step button @ and assign the filter type for this
step as described above

Continue until all steps are programmed. It is not
necessary to program all 32 steps of a chain. If
you e.g. want only 5 different filters you may only
program the steps 1...5. But you have to pay
attention that only these programmed steps are
addressed later e.g. by the external CV (use the
attenuated CV input !)

[~ If you want to keep the chain in the working

buffer before you modify the settings you have
to store the working buffer into one of the 64
non-volatile memories (see item ® PROG).

¥ The working buffer is erased during power off.

If you want to keep the working buffer you have
to store it into one of the 64 non-volatile memo-
ries (see item ® PROG). After power on chain
#1 is called up from the non-volatile memory.
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@ Chain

Operating this button calls up a chain from the me-
mory, i.e. the chain is copied from the non-volatile
memory into the working buffer. To avoid wrongly
operation one has to keep the button pressed for about
one second before the function is executed.

The display shows the number of the last chain in use
(e.g. C23) and the right decimal flashes slowly as a
warning that the chain in the working buffer will be
overwritten if the process is continued.

If the chain button was operated wrongly one simply
has to operate the Step button @ or the Filter button ®
to reach the corresponding display mode.

How to copy a chain from the memory into the working
buffer:

) Select the number of the desired chain by
means of the Value control ®.

) Operate the Chain button again and hold it
pressed for about 2 seconds.

GET  During this time the right decimal points flashes
fast and the display shows GET.
¥ If you release the chain button while the display

shows "GET" the copy procedure is interrupted
and the right decimal point flashes slowly again.

After about 2 seconds the chain is copied from the
non-volatile memory into the working buffer.

® Prog

Operating this button stores a chain into the memory,
i.e. the chain is copied from the working buffer non-
volatile memory. To avoid wrongly operation one has
to keep the button pressed for about one second
before the function is executed.

The display shows the number of the last chain in use
(e.g. P19) and the right decimal flashes slowly as a
warning that the chain in the memory will be overwrit-
ten if the process is continued.

If the chain button was operated wrongly one simply
has to operate the Step button @ or the Filter button ®
to reach the corresponding display mode.

How to store a chain into the non-volatile memory:

O Select the number of the desired chain by
means of the Value control ®.

O Operate the Chain button again and hold it
pressed for about 2 seconds.

PRG  During this time the right decimal points flashes
fast and the display shows GET.
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IZ" If you release the button while the display shows
"PRG" the store procedure is interrupted and the
right decimal point flashes slowly again.

After about 2 seconds the chain is stored into the
selected chain of the non-volatile memory and the
display shows the latest step.

8= This operation concept makes it possible to
copy chains within the non-volatile memory.

To copy e.g. chain 17 to chain 53 one has to
copy chain 17 by means of the CHAIN func-
tion into the work buffer. Then the working
buffer is stored into chain 53 by means of the
function PROG.

® Value

This endless rotary encoder is used to select steps,
filter types and chains as described in the sections
above.

0¥ If an external Step CV or Step clock signal is
applied the effects of the external signals and
the value control will interfer. To select a value
with the Value control no step CV or step clock
should be applied.

@ Step

This group of controls serves to address a step within
the currently selected filter chain. It contains a manual
Step control and two Step CV inputs (one with at-
tenuator, one without attenuator).

A variable control voltage applied to a Step CV input
leads to a step selection and consequently filter selec-
tion accordingly to the applied control voltage. The
setting of the Morphing section defines if the transition
time between succeeding steps. resp. filters.

A control voltage of OV at Step CV input 2 corresponds
to step 01, +5V to step 32.

The effects of the manual step control and the external
step CV inputs are added up. The manual control can
be used to adjust an offset (e.g. step 16). The external
control voltage (e.g. from a LFO) could modulate the
step value around the offset (e.g. 11...21 = 16-5 ...
16+5). For bipolar control voltages (e.g. from an LFO)
an offset is required to take advantage of the full
voltage range. For positive control voltages (e.g. from
an ADSR, sequencer or MIDI-to-CV) the offset control
may be set to zero.
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Step Clock

The positive transition (low to high) of a Clock signal
at this input advances to the next step of the current
chain.

If step 32 is reached the next clock switches back to
step 1 of the chain.

¥ If an external Step CV and Step clock signal is
applied the effects of both signals will interfer.
Whenever the step control voltages changes the
step corresponding to this voltage is addressed
immediately !

Therefore we recommend to apply no varying
control voltages to the Step CV inputs in the
clocked mode unless the interfering effects are
intentional.

© Step Reset

The positive transition (low to high) at this input resets
to the step of the chain that corresponds to the
momentary step CV (manual + external). The manual
step control has to be turned to zero if a reset to step 1
is desired. A slowly varying external control voltage at
the step CV inputs can be used to reset to different
steps.

The step reset input is also helpful to synchronize "filter
sequences" by applying a sequener generated reset
signal to this input (e.g. .

Morph

This group of controls serves to define the morphing
time between succeeding filters. It contains a manual
Morphing control and two Morphing CV inputs (one
with attenuator, one without attenuator).

Applying a slowly variable control voltage at one of
the Morphing CV leads to modulations of the morphing
time.

A control voltage of OV at Morphing CV input 2 corre-
sponds to a few milliseconds (~ switching), +5V to
about 10 seconds morphing time.

The effects of the manual morphing control and the
external morphing CV inputs are added up. The ma-
nual control can be used to adjust an morphing off-
set. The external control voltage (e.g. from a LFO or
sequencer) could modulate the morphing time the
offset. For bipolar control voltages (e.g. from an LFO)
an offset is required to take advantage of the full
voltage range. For positive control voltages (e.g. from
an ADSR, sequencer or MIDI-to-CV) the offset control
may be set to zero.

10
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5. Filter Unit Controls

©® Audioln <+ Level Control

The socket is the audio input of the filter were the
audio signal has to be fed in. The attenuator controls
the input level of the signal to be filtered. If the filter's
output signal is distorted, turn this control down, unless
the distortion is wanted as a special effect. Distortion
appears approx. above middle position of the control
(~5) for normal A-100 signals (e.g. VCO A-110).

® Frequency

This group of controls serves to define the filter fre-
quency. It contains a manual frequency control and
two frequency CV inputs (one with attenuator, one
without attenuator).

The filter frequency is manually adjusted with the
manual frequency control. To modulate the cut-off
frequency by an external voltage (e.g. from a LFO or
ADSR) the control voltage has to be patched into one
of the two frequency control inputs. One input is
equipped with an attenuator to control the frequency
modulation amount of the corresponding input.

The effect of filter frequency depends upon the filter
type that is selected with the programming unit. In
case of a lowpass or high pass it is the cut-off fre-
quency, for a bandpass or notch it is the middle
frequency. More details can be found in the manuals of
other A-100 filters (e.g. A-121, A-123, A-124, A-108,
A-105/122).

©® Resonance

This group of controls serves to define the filter reso-
nance/emphasis. It contains a manual resonance
control and two resonance CV inputs (one with at-
tenuator, one without attenuator).

The filter resonance is manually adjusted with the
manual resonance control. To modulate the resonance
by an external voltage the control voltage has to be
patched into one of the two resonance control in-
puts. One input is equipped with an attenuator to
control the resonance modulation amount of the corre-
sponding input.

According to the selected filter type the resonance
effect emphasizes the frequencies around the cut-off
frequency (lowpass, highpass) or alters the bandwidth
(bandpass, notch). For the new filters without names
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normally one of the frequency peaks shown in the
response curves is lifted up (see chapter 7).

For the filters 01 ... 18 (see chapter 7) the resonance
can be adjusted right up to self-oscillation, in which
case the filter will behave like a sine wave oscillator.
The filters 19...36 do not support self-oscillation.

Even the effect of resonance and self-oscillation is
treated more detailed in the manuals of other A-100
filters (e.g. A-121, A-123, A-124, A-108, A-105/122).

O Amp.

This group of controls serves to define the filter ampli-
tude or level. It contains a manual amplitude control
and two amplitude CV inputs (one with attenuator,
one without attenuator). This control group is assigned
to the final VCA (nothing but an exponential VCA that
is connected to the filter output).

The filter output level is manually adjusted with the
manual amplitude control. To modulate the amplitude
by an external voltage (e.g. ADSR, LFO, sequencer)
the control voltage has to be patched into one of the
two amplitude control inputs. One input is equipped
with an attenuator to control the resonance modulation
amount of the corresponding input.

60 Audio Out

Filter output ® sends out the filtered and level control-
led audio signal.

12
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6. User examples

IS

N

In the following we use the abbreviations LP
(lowpass), BP (bandpass), HP (highpass), AP
(allpass), NF (notch filter).

Before you continue with more complex appli-
cations of the A-107 we recommend to ac-
quaint with the 38 filter types described in
chapter 7. Take the time to hear all the filters
and how they respond to filter frequency, reso-
nance and distortion. Find out how morphing
between 2 filters is influenced by the morphing
time. Differences in loudness can be compen-
sated with the amplitude control.

The easiest application is to use only one single filter
from the pool of 38 filters. This makes quite sense as
there are a lot of filters available that cannot be reali-
zed with other A-100 modules (e.g. the "fast food filter"
no. 09, look at response curve to understand the name
"fast food"). But the point of the A-107 are of course
the filter chains and the morphing features. In the
following we describe some suggestions:

Clocked mode

The advance to the next filter in the chain can be
triggered by different events. Here some examples:

e Advance triggered by a keyboard by using the gate
signal as step clock

e Advance triggered by manually operated control
devices like foot switches (A-177), Theremin
(gate output of the A-178), light controller (gate
output of the A-179), ribbon controller (gate out-
put of the A-198)

¢ Random advance with the Random Clock Genera-
tor A-117 or A-149-2 (or via CV with the A-118
random CV output or one of the outputs of A-149-1)

¢ Periodical advance with the rectangle output of a
LFO, any clock signal or in sync with MIDI clock
(clock out of the A-190 divided by the clock divider
A-160 to obtain a smaller clock frequency)

¢ Rhythmical advance by means of clock divider
and sequencer A-160/161, combined e.g. with the
logic module A-166 and using the step reset input
of the A-107,

e more complex rhythmical filter sequences by
controlling the step clock by the trigger output of a
analog sequenzer (A-155 or MAQ16/3) or a trig-
ger sequenzer (Schaltwerk)

13
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Morphing

But the real fun arises with the morphing features of
the A-107. Even here we recommend first to find out
the sound behaviour between two different filters as it
is a big difference to morph e.g. from 6dB LP => 24 dB
LP, or LP => HP, or BP => NF, or HP => AP and so on.
For this you may use the following system:

O Program a chain with two different filter types at
step 01 and 02.

O Patch the rectangle output of a LFO to the step CV2
input of the A-107 and adjust the frequency of the
LFO to about 1 Hz or less.

O Turn the manual step control, the attenuator of step

CV2 and the manual morph control to zero.

Select the display mode STEP.

Look at the display and turn up the attenuator

control of step CV2 slowly until the display shows

alternately 01 and 02.

O Feed the audio input of the A-107 with the desired
audio signal. The sawtooth output of a VCO is a
good start but even a complex audio signal is
suitable for the first tests

O Set the controls of the filter section to suitable
positions: full amplitude, medium filter frequency,
small or medium resonance

O Now you will hear alternatively the two filters that
were programmed to step 01 und 02 of the chain

aaq

(see first item above),

3 Turn up slowly the morph control to find out how the
switching between the two filters turns more and
more into morphing.

3 Alter the setting of the filter section (filter frequency,
resonance, amplitude) to hear the effect of these
controls

O Increase the LFO frequency that controls the step
CV. From a certain LFO frequency (depends upon
the setting of the morphing time) the filters of step
01 and 02 will not be reached as the morphing time
is longer than the LFO period. Instead of this one
obtains an "interim" filter that has a bit of both filters

O Use other control voltage sources (e.g. LFO,
ADSR, Random CV) to control the parameters of
the A-107 by external voltages: morphing time, filter
frequency, filter resonance, amplitude

O Extend the filter chain by adding filters to step 03,
04, 05 ... and try different filter types in the chain

Now you should experiment with a real filter chain (so
far only two filters were used) and try more sophistica-
ted controls:

O Extend the filter chain by adding new filters to step
03, 04, 05 ... and try different filter types in the
chain. You may also use the factory setting of the
chains (step 1 = filter 2, step 2 = filter 2 ...)

14
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3 Try different waveforms for the LFO that controls
the step CV and increase the effect of the step CV
by turning up the attenuator. This increases the
range of filters that were covered by the LFO CV.

O Adjust LFO frequency and attenuation, manual step
and morphing time to obtain a complete pass
through the complete chain.

O By different settings of the manual step control and
the step CV attenuator one reaches any position
within the chain (e.g. step 16) and varies the range
of filters around this position (e.g. 14...16...18
10...16...22)

3O Any control voltage sources of the A-100 can be
used to control the 5 parameters of the A-107.
There are no limits to the user's imagination.

O One may control step CV, morphing time, filter
frequency, resonance and amplitude from the CV
outputs of a sequencer (e.g. A-155 or MAQ16/3),
add a little bit envelop (e.g. from the VC-Decay
A-142) to control the filter frequency, control even
the decay from a sequencer track and you will
discover "filter sequences" you never heard before.

O The voltage controlled polarizer A-133 is a suitable
tool to adjust envelopes dependent on the current
filter type. A LP with a low basic frequency requires
another envelope (normally positive) than a HP
(e.g. a negative envelope). The A-133 is very useful
to change the envelope polarity and level indivi-
dually for each filter within a sequence.

7. Filter types

The 36 filter types of the A-107 are shown on the next
pages. For each filter the frequency response curve
(X/frequency versus Y/amplitude) is shown and a short
comment is added. For some filters customary names
are available, e.g. xxdB lowpass/highpass, bandpass,
notch or allpass. For the new filters without customary
names we tried to find an explanation that describes
the filter as good as possible.

The filters are divided into two groups. The filters of
the first group (01...18) allow self-oscillation. The
filters of the second group (19...36) do not include this
feature.
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A-107 Multitype Morphing Filter FEA
01 02 03 04
24 dB Lowpass 12 dB Lowpass Bandpass Asymmetric Bandpass 1
(6 dBLP +6dBHP) (12 dB LP + 6 dB HP)
05 06 07 08

Asymmetric Bandpass 2

(18 dB LP + 6 dB HP)

2 Bandpasses separated by a

notch ("fast food filter")

Bandpass
(12 dB LP + 12 dB HP)

Lowpass + shifted Bandpass

Notch + 6 dB Lowpass

Lowpass + Notch |

Allpass + 6 dB Lowpass

12

"Tooth"
2 shifted Bandpasses
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13 14 15 16
Lowpass + 2 shifted Bandpas- 2 shifted Bandpasses with dif- Lowpass + Notch + Highpass Lowpass + Notch Il
ses with different amplitudes ferent amplitudes
17 18 19 20
Lowpass + Soft Notch + Band- Lowpass with shifted Band- 18 dB Lowpass 6 dB Lowpass
pass pass (smaller amplitude)
21 22 23 24

6 dB Highpass

12 dB Highpass

18 dB Highpass

Asymmetric Bandpass 3
(12 dB LP + 6 dB HP)
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25

12 dB Notch

Allpass (higher frequencies at-
tenuated)

33

Notch + Highpass

26

Allpass (lower frequencies at-
tenuated)

30

Highpass with "step"

34

Lowpass + Notch + Highpass

27
Notch + Highpass
31
"Wave" filter
35
Soft Notch |

28

Soft Notch + shifted Bandpass

Lowpass + Soft Notch + Band-
pass

36

Soft Notch Il
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Audio Level

Mo A-108
VCF 8

CV 1

Cv2 Freq.
Cv3 Res.
Feedb.

6dB 12dB 24dB 48dB

BP LP LP LP

LP

1. Introduction

Module A-108 is a completely new, unique voltage-
controlled low pass/band pass filter based on the
well-known transistor ladder (Moog ladder).

The module has internally an 8 stage low pass filter
with different slopes available: 6, 12, 18, 24, 30, 36, 42
and 48 dB per octave. In the factory the outputs with 6,
12, 24 and 48 dB are connected to the four low pass
sockets at the front panel. In addition it features an
band pass output (i.e. band pass with transistor lad-
der).

The module has manual controls for frequency and
resonance available. Resonance can be adjusted
right up to self-oscillation, in which case the filter will
behave like a sine wave oscillator. Three CV inputs
for frequency control are available. Two of them are
eqipped with attenuators.

The A-108 features an external feedback input that
enables the insertion of additional modules into the
feedback path.

The audio input is very sensitive so that distortion
is possible even with normal A-100 levels.
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2. VCF 8 - Overview Controls:
@ Freq.: Manual frequency control
A-108 VCF 8 @ Cv2: Attenuator for frequency control
6/12/24/48 dB Lowpass voltage at input ® / CV2
Ouputs ® CV3: Attenuator for frequency control
% % @ Freq. @ voltage at input ® / CV3
, - @ Audio Level : Attenuator for audio input @
G%LP céz “ cv2 ® ® Emph. : Resonance control

12dbLP CV3 Oc” In / Outputs:
e @ ©7 0 ] ® ©® Audioln: Audio input to the filter

Audio 0 0
24dbLP |y IL\udlf ® BP,6db LP ... 48 db LP : Filter outputs
eve
@ @ @ | @ ® CV1: Control voltage input for frequency
0 10 control, approx. 1V/Oct.
48db LP| Feedb. Emph. .
@ @ @ | ® ® CV2: Control voltage input for frequency
control, level controlled by @
0 10
QO— © CV3: Control voltage input for frequency

control, level controlled by ®

O Feedb. : external feedback input for reso-
| nance (audio input)

© e
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6/12/24/48 dB Low Pass A-108

3. Controls

® Freq.

Control @ is used to adjust the filter frequency manu-
ally, i.e. the middle frequency f, for the band pass
resp. the cut-off frequency f. for the low pass (see

fig. 1).

I¥" The actual filter frequency results from the sum
of the manual control ® and the external control
inputs CV1 ... CV3.

@Cv2 « ® CV3

For voltage control or modulation of the cut-off fre-
quency the CV inputs ® can be used. The controls @
and @ act as attenuators for the inputs CV2 and CV3
to adjust the control voltage level.

@ Audio Level

This attenuator is used to control the amount of signal
entering the filter audio input @. If the filter's output
distorts, turn this control down, unless you deliberately
want the distorted sound as a special effect. The filter
audio input is very sensitive so that distortion is possi-
ble even with normal A-100 levels. Distortion appears
about from position 5 with normal A-100 audio levels.

Out Freg. Out - FrTeq. .747
|
fM Freq. fc Freq.
Fig. 1: Frequency response of band and low pass
® Emph.

Control ® is used to adjust the filter's resonance (or
emphasis) - the parameter which emphasises the fre-
quencies around the cut-off point f.. For the band pass
this control changes the bandwidth (see Fig.1-4).
Close to its maximum setting, the filter becomes so
resonant that it goes into self-oscillation, and starts
behaving like a sine wave. You can take advantage
of this effect, and use the VCF as an additional sine
oscillator. Self oscillation will break off at high distortion
levels as the internal feedback signal is drown out by
the distorted audio signal. This feature may intentio-
nally be used to create new sounds. If you want to use
the filter as a sine wave oscillator no audio signal
should be fed in (or control @ to zero).
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18Hz 188Hz 1 .BK_HZ 1BII{H2 18Hz 188Hz 1.08KHz 1l]|I{Hz
Fig. 2: Filter response curves (minimal resonance)
Fig. 3: Filter response curves (middle resonance)
Fig. 4: Filter response curves (high resonance)
For all figures:

a Band pass

b: 48 dB Low pass

c: 24 dB Low pass
d .
e

12 dB Low pass
6 dB Low pass
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6/12/24/48 dB Low Pass A-108

4. In/ Outputs

@ Audio In

This is the filter’'s audio input socket. Patch in the
output from any sound source (eg. VCO, noise gene-
rator, subharmonic oscillator, sampler, mixer output).

®BP ¢« 6dbLP -+ .. ¢ 48dbLP

The sockets @ are the filter outputs with the filter
types band pass (BP) as well as 6, 12, 24 and 48 dB
low pass (LP).

0¥ You may change the factory settings of the
cut-off slopes (6, 12, 24, 48 db) for the four low
pass outputs (see chapter 6 for details).

® CVvV1-+-CVv2-CV3

The sockets CV1, CV2 and CV3 are control voltage
inputs to control the filter frequency. Input CV1 has
no attenuator and works approximately to the 1V/
octave standard (not as exactly as the VCOs). Inputs
CV2 and CV3 are equipped with the attenuators @ and
® so that the sensitivity of these inputs can be adju-
sted. With attenuators set to 10 (fully clockwise) the
sensitivity for CV2 and CV3 is about 0.5V/octave.

If you patch one or more modulation sources (e.g.
LFO, ADSR, Random, S&H, Theremin, Ribbon, MIDI-
to-CV) to these inputs, the cut-off frequency of the
filter will be modulated by the sum of the control
voltages: i.e., the sound color changes according to
the sum of the control voltages put out by the modula-
tors.

™= |f you use the VCF as a sine wave oscillator, it
is recommended to connect the pitch CV to
socket CV1 as this input works approximately
to the 1V/octave standard. Do the same if you
want the filter's cut-off frequency to track ex-
actly with the pitch of a note.

O Feedb.

Module A-108 has available an external audio input
for resonance. This socket is normalled, i.e it is
connected to the 48 dB low pass output unless another
signal is patched into this socket. Different modules
can be inserted into the feedback loop (see chapter 5
for examples). E.g. inserting a VCA enables voltage
controlled resonance. It is also possible to feed back
other filter outputs than the 48 dB low pass to obtain
another resonance behaviour.
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5. User Examples

The filter's cut-off frequency can be modulated in
various ways: e.g. ADSR (A-140, A-141, A-142), LFO
(A-145, A-146, A-147), Sample & Hold (A-148), Ran-
dom (A-118), Joy-Stick (A-174), Theremin (A-178),
Ribbon (A-198) or via MIDI (A-190/A-191). Many of
these examples can be found in the manuals of the
other filters of the A-100 system.

One special feature of the A-108 is the external
feedback input. This enables the insertion of any
audio processing module into the feedback path. In-
serting a VCA leads to voltage controlled resonance.
In this case the control voltage of the VCA works as
voltage control input for the filter’'s resonance. Other
modules that are suitable for insertion are e.g. phaser
(A-125), frequency shifter (A-126), waveform proces-
sor/distortion (A-116, A-136) or even other filters.

Another example is a filter with voltage controlled
cut-off slope in combination with the voltage control-
led mixer A-135 and the morphing controller A-144.
Fig. 5 shows the corresponding patch.

The four low pass outputs (6/12/24/48 dB) of the A-108
are connected to the four audio inputs of the voltage
controlled mixer A-135.

The levels of the four mixer paths are controlled by the
control voltages coming from the morphing controller
A-144. The audio output signal of the filter with voltage
controlled cut-off slope is available at the output of the
voltage controlled mixer A-135.

The control voltage that is used to control the cut-off
slope is connected to the control voltage input of the
morphing controller A-144. That way it is possible to
sweep the cut-off slope from 6 ... 48dB (fig. 5, @) with
the control voltage applied to the CV input of the
A-144. In the example the voltage is generated by a
joy stick (A-174) and called “character modulation”. Of
course any other control voltage (e.g. LFO, ADSR,
MIDI-to-CV, Theremin, Random) could be used to
control the “character”, i.e. the cut-off slope. For more
examples please refer to the A-144 user’s manual.

The patch in fig. 5 has these control inputs available:

e Char. Mod. filter cut-off slope
e Freq. Mod. 1 filter frequency 1 (e.g. ADSR)
e Freq. Mod. 2 filter frequency 2 (e.g. LFO)

If the 48dB low pass output of the A-108 is connected
to the feedback input of the A-108 through a VCA even
the resonance is voltage controlled (= control voltage
of the VCA).
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A-135
VC-Mixer

Audio Level

Audio In

Char. 0 Audio
Mod. cVv In
»07% o Freaq.

Mod. 1
Freq.
© Mod. 2
—CO

VvC
”””” ) Audio

Joystick @ Out an ®

nm t 100 Hz 1 kHz 10 kHz

Fig. 5: Low pass filter with voltage controlled cut-off slope
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6. Changing the assignment of the
four low pass outputs

Only 4 output stages are available as this seems to be
sufficient from our experience. In the factory the 4
outputs are connected to the filter stages with 6, 12, 24
and 48 dB cut-off slope. This is a well-considered
compromise as these outputs generate audible diffe-
rent sounds. E.g. the audible difference between the
48dB and 42dB or between 42dB and 36dB is very
little. So it would make not much sense to have 30, 36,
42 and 48 dB available instead of 6, 12, 24 and 48 dB.

But if desired any of the 8 filter stages can be connec-
ted to one of the 4 outputs. By changing the internal
connections (jumpers or wires) each filter stage is
available - but only four at a time. Even a multi-way
switch could be used but from our results the factory
setting (6/12/24/48dB) is the best combination for mu-
sical applications.

The factory settings can be changed if the correspon-
ding jumpers on the pc board are removed and re-
arranged for the desired new output combination.

On the pc board 4 double row pin headers are avai-
lable (see picture on next page). The positions of the
jumpers on these pin headers determine the assign-

ment of the filter stages to the outputs. One pair of
jumpers is responsible for each of the filter stages. The
factory setting of the jumpers is marked black.

These are the possible jumper settings (the factory
settings are printed bold):

e Output 1: only 6 dB possible

e Output2: 12dB or 18 dB

e Output 3: 24 dB or 30 dB or 36 dB
e Output4: 42 dB or48 dB

In principle each filter stage can be connected to one
of the four output stages but this would require additio-
nal wiring and cannot be carried out by changing the
jumper settings only (e.g. 18 dB to output 3). All
combinations not listed above have to be made with
wires two by two instead of the jumpers. The upper
row of the pin headers are the 8 filter stage outputs in
pairs. The lower row of the pin headers lead to the
inputs of the 4 output stages in pairs whereby the pins
below 6 db belong to out 1, the pins below 12 and 18
to out 2, the pins below 24, 30 and 36 to out 3 and the
pins below 42 and 48 to out 4. For details please refer
to the A-100 service manual (additional charge).

8
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6. Patch-Sheet

The following diagrams of the module can help you A-108 VCF 8 A-108 VCF 8
recall your own Patches. They're designed so that a 6/12/24/481dBllowpass S/12/24/28ICBlECRpasE
complete 19” rack of modules will fit onto an A4 sheet | %8s cv4 w e w
of paper. O ' O '
©e© ()7 |®e© ()
Photocopy this page, and cut out the pictures of this G%LP C@V)z @CVZ G%LP céz @C"Z
and your other modules. You can then stick them onto S0 S0
another piece of paper, and create a diagram of your 12dbLP CV3 e 12dbLP CV3 e
own system. ORNO @ . (@ @
24db LP A g 10A dio 24db LP Autl y 10A di
udi udio
Make multiple copies of your composite diagram, and @ '@ @ Level @ '@ @ Level
use them for remembering good patches and set-ups. gk 010
4%: LP Fé%ib. @Emph. 4%0 LP ng- @Emph.
C®®= . Draw in patchleads with colored pens. - _e
» Draw or write control settings in the little
white circles.
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VC Signal Processor A-109

1. Introduction

Module A-109 is a voltage controlled audio signal
processor containing the components VCF, VCA and
PAN (see fig. 1 on page 4).

The module is based on Doug Curtis’ CEM3379 that
was used in many Sequential™, Ensoniq™ and
PPG™ synthesizers.

The audio in/outputs of the module are normalized,
e.g. the VCF output is fed into the VCA input privided
that no jack plug is inserted to the VCA audio input
socket.

The VCF is a 24 dB low pass filter with voltage
controlled resonance. The filter has a so-called
"constant amplitude versus resonance design", i.e.
the peak-to-peak output level remains within 6dB when
the output waveform rings from added resonance.

Manual controls for frequency and resonance are
available as well as 2 CV inputs for both (one with
attenuator). The frequency range is about 5 Hz ...
20kHz, resonance ranges from 0dB up to self oscilla-
tion.

The main VCA has a combined exponential/linear
control scale: exponential from about 0...+200mV
(corresponding to about -100dB ... -20dB attenuation),
and linear from about 200mV...+5V (corresponding to
about -20dB...0dB). The "rounded" knee at the scale
bottom allows an envelope to decay to zero with a
natural exponential sound. Manual control for ampli-
tude is available as well as 2 CV inputs (one with
attenuator).

The gains of the panning VCAs are complementary,
beeing equal and half of maximum at about +2.5V CV.
The control scales are linear between about +1 and
+3.5V CV, becoming logarithmic beyond these extre-
mes. Manual control for panning is available as well
as 2 CV inputs (one with attenuator).
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2. Overview

A-109 VC Signal Processor
24 dB Low Pass / VCA / Panning —®
(" CVF2 CVF1 CVF1 Frq. VCFOut)
ol 0vcre—@ @ o
@ 0 10 0 10
cvaQ2 cvai cvail s{ VCAIn
oo o—@) o | ©
® 0 10 0 10 @
(' cVA2 CVA1 CVA1 Amp.VCA Out
o | e vcae—@) @
@ 0 10 0 10 v / @
(' CVP2 CVP1 CVP1 Pan. Panin)
o || (@ PAN @4“) e | ©
@ 0 10 0 10 @
(Audio In2 Audio In 1 Level ) PanOut L Pan Out R
o o —@) | e o
\. (to VCF Audio Input) o 10 )
| | |

—

o @
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VC Signal Processor A-109

Controls:

® Level : Attenuator for input signal at socket @
(Audio In 1)

@ Frq.: Manual control of filter frequency

® CVF1: Attenuator for input signal at socket @
(CVF1)

@ Res.: Manual control of filter resonance

® CVQ1: Attenuator for input signal at socket ©
(cva1)

® Amp.: Manual control of VCA amplitude

@® CVA1: Attenuator for input signal at socket ©®
(CVA1)

Pan : Manual panning control

® CVP1: Attenuator for input signal at socket ©

(CVP1)

In- / Outputs:

O Audioln1-
Audio In 2:

® CVF1+.CVF2:

® CvQ1-CvQ2:

O VCF Out:
® VCAIn:
® CVA1+CVA2:

© VCAOut:

® Panin:

© CVP1-+CVP2:

® PanOutlL-

Pan OutR:

VCF audio inputs

CV inputs for filter frequency (CVF1
with attenuator)

CV inputs for filter resonance
(CVQ1 with attenuator)

Filter output
VCA audio input

CV inputs for VCA amplitude (CVA1
with attenuator)

VCA output
Panning audio input
CV inputs for panning (CVP1 with

attenuator)

Audio outputs of the panning unit
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VCF a VCA b PAN
. Audio . Audio : Audio
Audio In 1 Out —»= Audio In out —» Audio In out L
: Audio
Audio In2 /B/i> man. /B/i> man. Out R
man. @—;Bi> cv 1 | Amplitude @—;Hi> cV 1 Panning
CV 1 Frequency @—> CVv 2 @—> CV 2

Cv2

man.

CV 1 Resonance

[ [ how [ 5

Cv 2

Fig. 1: A-109 structure

3> The internal connections “a” and “b” are inter-

rupted as soon as a plug is inserted into the
corresponding audio input socket (normalized
switching sockets).
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3. Controls

@ Level

Use this attenuator to control the amount of signal
entering the filter input "Audio In 1".

0¥ If the filter distorts, turn this control down, unless
you deliberately want the distorted sound as a
special effect. The audio input is very sensitive
so that distortion is possible even with normal
A-100 levels. Distortion appears about from po-
sition 5 with normal A-100 audio levels.

@ Frq.

Control @ is used to adjust the filter frequency manu-
ally, i.e. the cut-off frequency f of the filter.

In the maximum position of this control the low pass
filter is open. The more you turn down this control, the
more the high frequencies are filtered. The sound
becomes mellower and less bright (see Fig. 2) until at
0 the filter is completely shut, and there will be no
output signal at all.

The actual filter frequency results from the sum of the
manual control @ and the external control inputs CVF1
and CVF2.

Frq./ CVF

4—’—»

Out

Res./ CVC

‘ Freq.
fC

Fig. 2: Frequency response of the filter

® CVF1

For voltage control or modulation of the cut-off fre-
quency, use the frequency CV inputs @. Use attenua-
tor ® to adjust the control voltage level of the fre-
quency CV input CVF1.
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@ Res.

With this control you adjust the filter's resonance (or
emphasis or Q factor) - the parameter which emphasi-
ses the frequencies around the cut-off point f; (see Fig.
2). Close to its maximum setting, the filter becomes so
resonant that it goes into self-oscillation, and starts
behaving like a sine wave oscillator. You can take
advantage of this effect, and use the VCF as an
additional oscillator.

The actual resonance results from the sum of the
manual control @ and the external control inputs
CVQ1 and CVQ2.

® cvQ1

For voltage control or modulation of the resonance,
use the resonance CV inputs ®. Use attenuator ® to
adjust the control voltage level of the resonance CV
input CvVQ1.

® Amp.

With this control you adjust the VCA’s amplitude (or
audio level). The main VCA has a combined expo-
nential/linear control scale:

e exponential from about 0...+200mV
(corresponding to about -100dB ... -20dB attenua-
tion)

¢ linear from about 200mV...+5V (corresponding to
-20dB...0dB attenuation)

The "rounded" knee at the scale bottom allows an
envelope to decay to zero with a natural exponential
sound.

@ CVA1

For voltage control or modulation of the VCA ampli-
tude, use the amplitude CV inputs ®. Use attenuator @
to adjust the control voltage level of the amplitude
CV input CVAT1.

Pan

With this control you adjust the modules panning
setting - the parameter that defines the amplitude
relation between the audio outputs Pan Out L and Pan
Out R (@), resp. the position of the audio signal in a
stereophonic environment.

The middle position of this control corresponds to
equal amplitude for both outputs, resp. middle stereo
position.
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The actual panning setting results from the sum of the
manual control ® and the external control inputs CVP1
and CVP2.

The gains of the panning VCAs are complementary,
beeing equal and half of maximum at about +2.5V CV.
The control scales are linear between about +1 and
+3.5V CV, becoming logarithmic beyond these extre-
mes.

® CVP1

For voltage control or modulation of the panning, use
the panning CV inputs ©. Use attenuator @ to adjust
the control voltage level of the panning CV input
CVP1.

4. In-/ Outputs
O Audioln1 ¢ Audioln2

These are the filter's audio input sockets. Both inputs
form a miniature audio mixer. The signal at the "Audio
In 1" socket is equipped with an attenuator to adjust
the audio level of this input.

0¥ As the input "Audio In 2" does not have available
an attenuator high input levels may cause distor-
tion at this audio input. To avoid this use "Audio
In 1" that is equipped with an attenuator.

® CVF1 « CVF2

These are the control voltage inputs for the filter
frequency. The control voltages of both sockets are
added to manual control @.

CVF1 is equipped with an attenuator that allows con-
trol the level of voltage - the intensity of modulation
effect on the filter frequency - with the attenuator ®.

Socket CVF2 does not have an attenuator and works
approximately on the 1V / octave rule, like the VCOs.
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If you patch a modulation source (eg LFO, ADSR) to
these inputs, the cut-off frequency of the filter will be
modulated by the voltages, i.e. the sound color chan-
ges according to the voltages put out by the modula-
tors.

If you use the VCF as a sine wave oscillator, connect
the pitch CV into the CVF2 socket. Do the same if you
want the filter's cut-off frequency to track with the pitch
of a note.

® CvQ1 - CvQ2

These are the control voltage inputs for the filter
resonance. The control voltages of both sockets are
added to manual control @.

CVQ1 is equipped with an attenuator that allows
control the level of voltage - the intensity of resonace
modulation on the filter - with the attenuator ®.

Socket CVQ2 does not have an attenuator. The vol-
tage range for this input is approximately 0...+5V (0V =
no resonance, ~ +4...5V = self oscillation).

If you patch a modulation source (eg LFO, ADSR,
sequencer, random CV) to these inputs, the reso-
nance of the filter will be modulated by the voltages.

O VCF Out

Socket @ is the audio output of the filter. The socket
is connected to the audio input of the VCA (see fig. 1).

® VCAIn

This socket is the audio input of the VCA. It is
internally connected to the VCF output @ (normalized
socket) provided that no plug is inserted into the
socket ©.

O CVA1 - CVA2

These are the control voltage inputs for the VCA
amplitude. The control voltages of both sockets are
added to manual control ®.

CVA1 is equipped with an attenuator that allows con-
trol the level of voltage - the intensity of amplitude
modulation on the VCA - with the attenuator ®.

Socket CVA2 does not have an attenuator. The vol-
tage range for this input is approximately 0...+5V.

® VCA Out

Socket @ is the audio output of the VCA. The socket
is connected to the audio input of the panning section.




System A -100

VC Signal Processor A-109

® PaniIn

This socket is the audio input of the Panning sec-
tion. It is internally connected to the VCA output @
(normalized socket) provided that no plug is inserted
into the socket ©.

© CVP1 - CVP2

These are the control voltage inputs for the Panning
section. The control voltages of both sockets are
added to manual control ®.

CVP1 is equipped with an attenuator that allows con-
trol the level of voltage - the intensity of panning
modulation - with the attenuator @.

Socket CVP2 does not have an attenuator. The vol-
tage range for this input is approximately 0...+5V.

A typical application is the periodical "walking" of a
signal in the stereo panorama. For this the triangle or
sine output of a LFO is connected to one of the sockets
O to control the panning.

® PanOutL + Pan OutR

These sockets are the left resp. right audio output of
the panning section.

5. User Examples

Module A-109 makes available three important basic
modules: 24dB low pass (VCF), VCA and PAN. At
least VCF and VCA are required for most of the
standard synthesizer patches. The sub-modules are
usefully pre-patched to minimize the required external
patches.

Because of the normalized audio input sockets the
sub-modules of the A-109 can be used even separa-
tely from each other.

As the A-109 is nothing but a collection of modules that
are still available in the A-100 please look at the
examples in the manuals for the A-100 filters (e.g.
A-102, A-103, A-105, A-108, A-120, A-122), VCAs
(e.g. A-130, A-131, A-132) and the separate panning
module (A-134) to find some typical applications.
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6. Patch-Sheet

The following diagram of the modules can help you
recall your own Patches. They're designed so that a
complete 19” rack of modules will fit onto an A4 sheet

of paper.

Photocopy this page, and cut out the pictures of this
You can then stick them
onto another piece of paper, and create a diagram of

and your other modules.

your own system.

Make multiple copies of your composite diagram, and
use them for remembering good patches and set-ups.

= .

white circles.

Draw in patchleads with colored pens.
* Draw or write control settings in the little

i
|

A-109 VC Signal Processor
24 dB Low Pass / VCA / Panning

(" cvF2 CVF1 CVF1 Frq. VCFOut)
ce—()" (O
cvaz  cvat /\: cval (Ses vc:Oln
N

(' cvA2 CVA1 CVA1
eveae—( |

@an Pan In

(Audio In2 Audio In 1 Level Pan OutL Pan 0ut R

0 @—@

\_ (to VCF Audio Input)
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PW CV 2

swe A-110

VCO
CV1 Range
Cv2 Tune
PW CV 1 PW
PW CV 2

1. Introduction

Module A-110 (VCO) is a voltage-controlled oscilla-
tor.

This VCO’s frequency range is about ten octaves. It
can produce four waveforms simultaneously: square,
sawtooth, triangle, and sine wave.

The Frequency or pitch of the VCO is determined by
the position of the octave (Range) switch and tuning
(Tune) knob, and by the voltage present at the CV
inputs. Frequency modulation (FM) of the VCO is
therefore a possibility. Footage (the octave of the
fundamental) is set by the Range control, and Fine
tuning controlled by the Tune knob.

You can control the pulse width of the square wave
either by hand, or by voltage control - Pulse Width
Modulation or PWM.

= Because of the analog nature of the design,
the VCO may need about 20 minutes’ warm-
up time for the tuning to become completely
stable.
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2. VCO Overview

A-110 VCO
STANDARD vco
SYNC
Range
. G o
CV ! Tune
Q" -
CV2
@ cv2 —@®
0 10
PWCV 1
o -
0
PW CV 2 PW CV2
© @ -
o @ 0 (o
NN ANAY

2
o

o o

Controls:

(O]
@)
®
@

® PWCV 2:

In / outputs:

(1]
(2]
(3]

® 00 0 6 o

Range:
Tune:
CV 2:
PW:

SYNC:
CV1:
CV 2:

PWCV 1:
PWCV 2:

™~
(.
N\
v

5-position Octave or Footage switch
Fine tuning control

Attenuator for voltage at CV 2 (©)
Manual control for Pulse Width

Attenuator for PWM voltage at PW
Cv2(®)

Sync input
Voltage control input 1

Voltage control input 2, level ad-
justable with ®

PWM input 1

PWM input 2, level adjustable with ®
Sawtooth output

Square wave output

Triangle wave output

Sine wave output
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3. Basics

Module A-110 puts out four waveforms simultaneously.
All these signals have the same pitch, since all are
controlled by the same voltages present at inputs @
and ©.

Sawtooth

The VCO'’s sawtooth waveform is present at output ®.
It has a ‘cutting’ sound, rich in overtones. All the
harmonics of the fundamental are present, with a linear
reduction in intensity as the harmonic series progres-
ses - so that the second harmonic is half as

100% 7

Amplitude =

o
X

f1 f2 f3 f4 f5 f6 f7 f8 f9
Harmonics =

Fig. 1: Harmonic spectrum of a sawtooth

strong, the third is one third, the fourth a quarter, and
so on (see Fig. 1).

Sawtooth waves are ideal for synthesizing sounds
which are rich in harmonics, such as percussion, brass
or vocal timbres.

Square wave

The VCO produces a square / rectangle wave at output
©. You can alter its pulse width manually, or by voltage
control (Pulse Width Modulation).

Fig 2: Square waves with different pulse widths
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A symmetrical Pulse wave (i.e. an exact square
wave, with a pulse width of 50 %), has only odd
harmonics of its fundamental (see Fig. 3) and produ-
ces a typically hollow sound.

100%

Amplitude =

o

2
]
I
.

Harmonics =

Fig. 3: Harmonic spectrum of a true square wave

The further the pulse width deviates from 50% (see
Fig. 2, b and c), the weaker the lower harmonics
become, and the more the sound gets thin and nasal.

Square waves are often used as a sound source in
subtractive (filtered) synthesis, because of their rich
overtones, and are good at producing woodwind-like
timbres.

Triangle wave

A triangle wave (VCO Output @) is poor in upper
harmonics, and sounds softer and more mellow. It only
contains odd harmonics, whose strength decreases
exponentially - the third harmonic is a ninth as strong,
the fifth 1/25, and so on.

100% -

Amplitude =

Q
B3
‘

f1 f2 f3 f4 f5 fG f7 f8 f9
Harmonics =

Fig. 4: Harmonic spectrum of a triangle wave

Because of their soft, rounded timbre, triangle waves
are ideal for synthesizing timbres like flute, organ and
vibes.
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Sine Wave

Sine waves are pure waves: they just contain the
fundamental, without any harmonics (see Fig. 5). They
are thus not suitable for subtractive synthesis (shaping
sound with a filter).

100% -

Amplitude =

o
X

f1 f2 f3 f4 f5 f6 f7 f8 f9
Harmonics =

Fig. 5: Spectrum of a sine wave

Frequency Modulation (FM)

Because the frequency of the VCO is controlled by the
voltages at inputs ® and ®, Frequency Modulation is
possible: frequency (pitch) is continuously varied by
the voltages at the CV input/s.

For instance, if the frequency of the VCO is controlled
by a slow LFO, you get typical vibrato (see Fig. 6).

Fig. 6: Frequency modulation using a slow LFO
(Vibrato)

If the modulation frequency is in the audio range,
completely different sounds emerge (see User Exam-
ples 6).
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4. Controls

@® Range

Footage (the octave of the fundamental) is controlled
with this knob. Five settings are available, giving a wide
frequency range.

@ Tune

The TUNE control enables Fine Tuning of the oscilla-
tor frequency in a range of roughly £ %2 Octave. For
precise tuning, an electronic tuner is recommended.
8= |f two or more oscillators are controlled by the
same control voltages, and set to the same
footage, you can use the TUNE knob to
de-tune one or more of the oscillators relative
to each other.

This can produce vibrato and chorus-like
effects, perfect for soundscapes and gene-
rally rich timbres.

® CV 2

The pitch of the VCO is controlled by the voltages
present at inputs ® and ©®. The amount the control
voltage at input ® affects VCO pitch can be controlled
with Attenuator ® (see also ©).

@ PW

You use control @ to alter the pulse width of the square
wave appearing at output @ (see Fig. 2 and O).

® PWCV 2

The pulse width of the square wave can also be altered
or modulated by voltage control from inputs @ and/or
6. The level of the PW CV 2 (input @) affecting the
pulse width can be set with gain control ® (see also
09).
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5. In/ Outputs

O SYNC

Socket @ is the Sync Input for the VCO. What sync
means in this context is that the waveform of one VCO
("Slave") is locked to the waveform of another VCO
("Master"), by connecting the audio out of the master
VCO to the Sync input of the slave VCO.

In the A-110, this is designed as "Hard Sync". Check
out the following example (see Fig. 7): the slave
VCO'’s sawtooth waveform is always reset to the begin-
ning of a cycle whenever the master VCO’s sawtooth
waveform starts a new cycle. If f,- the frequency of
the master VCO - is higher than fg (the slave’s fre-
quency), then the slave’s pitch is synced exactly to the
master’s (Fig. 7a).

In the opposite situation, where the master VCO'’s pitch
is lower than the slave (f,, < fg), the master again
imposes its frequency on the slave (Fig. 7 b: cycle T
exactly matches the master VCO’s cycle). But at the
same time, harmonic sidebands are produced by the
slave VCO’s changed waveform, which can create
interesting timbral effects.

Master | | | | |

a. fM >fs Slave

Slave with Hard Sync /‘/I/I/I/\

Master | | |

b: fM<fS Slave

Slave with Hard Sync

Fig. 7: Hard Sync on the A-110

®eCv1 « ©CV 2

Sockets ® and ©® are CV inputs for controlling the
VCO’s frequency (pitch). The voltages at these inputs
are summed. The inputs follow the 1V / octave rule
exactly.
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Input ® is normally connected to a control voltage
governing pitch (for instance from a MIDI-CV interface,
or a master keyboard with a 1V / octave output).

15y Socket CV 1 @ is designed as a normalled
socket, connected to whatever CV is present
on the internal System Bus. This CV (for
instance from a master keyboard) governs
the VCO'’s pitch, unless a plug is inserted in
socket @ .

If you put a control voltage (for instance from
an LFO) into socket ® , the System Bus is
disconnected, and the VCO’s pitch is control-
led by this voltage.

As a rule, input ® is used for FM - for vibrato, auto-
bend, or other pitch-related effects; the level of control
voltage passing to the VCO is adjusted with attenuator
®.

O PWCV1 « © PWCV2

Sockets @ and © are the Voltage Control Inputs for
the Pulse Width of the square wave that the VCO
produces. These voltages are summed. The level of
CV input © can be controlled with knob ®.

e 'L PN 6 /N 0 v

These four sockets are the VCO outputs: Square
wave (@), Sawtooth (@), Triangle (®) and Sine wave
(©).

Pitch is always the same for each of these outputs.
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6. User examples

FM in the audio range

Using audio range oscillators for FM can produce
interesting sounds. Thanks to the rapid changes in the
modulated VCO’s pitch, side bands are created: as
well as the two original frequencies, you also get the
frequencies created by their sum and difference (for
instance, a modulation frequency of 100 Hz and a
carrier frequency of 500 Hz produce side bands at 400
Hz and 600 Hz).

A-110 A-110
VCO VCO
®—>cv1 Range J Range

S
Tune 4—/@'4 cv2 Tune 4_/Bl

7y T

Fig. 8: Frequency modulation in the audio range

When you try this out (see Fig. 8), start off with sine
waves, and slowly raise the modulation frequency from
the sub-audio into the audio range.

If you use waveforms other than sine waves in FM in
the audio range, the sounds that result will be extre-
mely complex and difficult to predict. A sawtooth, for
instance, can be looked upon as a vast number of sine
waves of different frequencies - all of which will be
represented in the modulated output, so that the final
sound will be a complex mix of the buzzes, noises and
tones produced by all the various sum and difference
outputs.

= The FM in the A-110 is exponential (as
opposed to linear) FM. This means that
changes in control voltage produce proportio-
nal changes in the pitch relationship of the
component sounds.

With FM in the audio range, this can lead to un-
desirable side-effects. If, for instance, a 440 Hz sine
wave is modulated by another with twice the amplitude,
the maximum frequency of the modulated signal will be
880 Hz, and the minimum will be 220 Hz (see Fig.9).
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Fig. 9: exponential FM using the A-110

With FM in the audio range, the ear doesn’t resolve
these octave transitions, but hears the whole sound as
a very full and rather weird composite, with the middle
frequency clearly at odds with the carrier frequency.

Whenever you change pitch using exponential FM, the
inevitable side effect of the change will be an unplan-
ned and un-musical change in the relative pitch of the
components of the sound!

In circumstances where this pitch-shift is not wanted,
you need to use an A-111 High-End VCO instead of
the A-110, because it has the benefit of linear FM,
and can thus avoid this problem.

Tone colour changes using VCO SYNC

Very interesting sounds can be created by syncing
together two VCOs (see p.7), using sub-audio fre-
quency modulation (eg. with an LFO) on the slave
VCO, and a mixer to add to the excitement by subtly
varying the level of each VCO (see Fig. 10).

Try different settings for the slave and master VCO, as
well as varying the FM amount. You'll be amazed at
the complexity and amount of variation over time of the
overtones created.

vCO = VCO MIXER I
SYNC

Cv2

LFO

Fig. 10: Tone colour changes using VCO SYNC

10
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Pulse Width Modulation

If you modulate the pulse width of a square wave with
an LFO or ADSR (Pulse Width Modulation, or PWM),
the harmonic spectrum constantly changes (see p.3,
4). Even with just one oscillator, you can create a
dense timbre with internal movement, in some ways
similar to vibrato, and otherwise only available by using
two oscillators fractionally de-tuned from each other.

A-110
VCO

(@ cv1 Range

Tune

PW

RN

PW CV 2
LFO 4>@—;B{> PW CV 2

=

—
Wb

Fig. 11: Pulse Width Modulation using an LFO

VCO and DIVIDER

Using a divider like the A-115, you can synthesize up to
three square-wave sub-octaves, and mix them with the
original signal at any level you choose.

e .
Oeor o o a1 A
. <_/B’ DIVIDERFM <—/B’
pr
i O
-
T AR J i

Fig. 12: Using the DIVIDER to add sub-octaves

VCO and WAVEFORM PROCESSOR

With a WAVEFORM PROCESSOR you can alter the
symmetry of the VCO’s waveform and positively distort
it, to construct new waveforms.

11
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7. Patch-Sheet

The following diagrams of the module can help you
recall your own Patches. They're designed so that
a complete 19” rack of modules will fit onto an A4
sheet of paper.

A-110 VCo A-110 vCco
STANDARD VCO STANDARD VCO
2 SYNC -2

<>r§ange @ @Igange

Tune

(%]
<
o

N

®

Photocopy this page, and cut out the pictures of
this and your other modules. You can then stick
them onto another piece of paper, and create a

OF:
(e
0

o

0 0 10

Ccv2

®
®

o

0 0 10

W CV2 PW CV 2 ﬁw cv2

Make multiple copies of your composite diagram,
and use them for remembering good patches and
set-ups.

o
=
)
<
T
2
T
2
3
<
o
2

o
=}
=
o

0
=
o
<
N

o

C: >« Draw in patchleads with colored
pens.

/® (@
7 ®

>

2@ °

* Draw or write control settings in the

|

|

|

|

|

|

diagram of your own system. ‘
|

|

|

|

|

little white circles. ‘
|

i
|
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vt A-111

High End VCO
Cv 2 Range
Lin. FM Tune
PCV Fine
H-Sync

PW
S-Sync

Saw Sine Tri Pulse

1. Introduction

Module A-111 (VCO 2) is a voltage controlled oscil-
lator.

The VCO has a range of about 12 octaves, and
produces four waveforms simultaneously: pulse
(rectangle), sawtooth, triangle and sine waves.

The VCO's frequency is determined by the position of
the range switch, tune and fine tune controls, and the
voltage at the two pitch CV inputs, CV 1 and CV 2.

Footage (the octave of the fundamental) is set by the
Range control, which has seven octave steps. The
Tune control is used for coarse tuning, and the Fine
control for fine tuning of the VCO pitch.

The A-111 can be modulated by both exponential and
linear FM (frequency modulation).

You can control the pulse width of the square wave
either by hand, or by voltage control - Pulse Width
Modulation, or PWM for short.

The A-111 has inputs for Hard Sync and Soft Sync.




7-position switch for octave selection
Control for coarse tuning

Control for fine tuning

Attenuator for pitch CV at input @
Manual control for pulse width
Attenuator for PWM voltage at PCV @

Attenuator for voltage at linear FM
input ©

Pitch control input (1 V/oct.)

ditto, level adjustable with @

CV input for linear FM

Input for hard synchronisation

Input for soft synchronisation

Input for pulse width modulation CV
VCO outputs

A-111 vco 2 System A -100
2. VCO 2 -Overview Controls:
A-111 VCO 2 @® Range :
HIGH END VOLTAGE CONTR. OSCILLATOR @ Tune:
cV1 3 S ® Fine:
"7— :.}0 Octave O ——0® @ CV2:
Q) ® PW:
CV2 qcvz ﬂ Fine ® PCV :
® . OK“ 0 ® ® Lin. FM:
Lin. FM @
Lin. FM PW
: | 0 0 2 In- / Outputs:
H-Sync PCV @ Q@ CV1:
o i @ 0 T ®© ® CV2:
o A © Lin. FM :
S-Sync Pulse Saw Triangle Sine
® H-Sync:
(5 L
@ |_©LI I@l /©\ /@/ 6 S-Sync:
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3. Basics

3.1 Waveforms

Module A-111 puts out four waveforms simulta-
neously. All these signals have the same pitch, since
all are controlled by the same CVs at inputs @ and @ .

Sawtooth

The VCO’s sawtooth waveform is available at output
@. It has a ‘cutting’ sound, rich in overtones. All the
harmonics of the fundamental are present, with a
linear reduction in intensity as the harmonic series
progresses - so that the second harmonic is half as
strong, the third is one third, the fourth a quarter, etc.
(see Fig. 1).

Sawtooth waves are ideal for synthesizing sounds
which are rich in harmonics, such as percussion, brass
or vocal timbres, and as the carrier input to a vocoder.

Pulse wave

The VCO produces a square / rectangle wave at
output @®. You can alter its pulse width (see Fig. 2) by
hand or by voltage control (pulse width modulation
or PWM for short).

100%

Amplitude =

o
X

, f, fy £, f5 fg fy f8 fy
Harmonics m»

Fig. 1: Harmonic spectrum of a sawtooth

A symmetrical pulse wave (ie. an exact square
wave, with a pulse width of 50%) has only odd harmo-
nics of its fundamental (see Fig. 3) and produces a
typically hollow sound.

i C —— =
b g — i — b =

[ ‘ co T
1F 1£

Fig. 2: Rectangle waves with different pulse widths
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Amplitude =

III[

Harmonics =

o
X

Fig. 3: Harmonic spectrum of a true square wave

The further the pulse width deviates from 50% (see
Fig. 2, b and c), the weaker the lower harmonics
become, and the more the sound gets thin and nasal.

Pulse waves are often used as a sound source in
subtractive (filtered) synthesis, because of their rich
overtones, and are good at producing woodwind-like
timbres.

Triangle wave

A triangle wave (output @) is poor in upper harmonics,
and sounds softer and more mellow. It only contains
odd harmonics, whose strength decreases exponenti-

ally - the third harmonic is a ninth as strong, the fifth
1/25, and so on.

100% -

Amplitude =

] nE .
f, f, 3 f, f5 fo f; fg fo
Harmonics =

o
X

Fig. 4: Harmonic spectrum of a triangle wave

Because of their soft, rounded timbre, triangle waves
are ideal for synthesizing timbres like flute, organ and
vibes. Because of the comparative weakness of the
upper harmonics, they are not ideal for treating with a
low pass filter, in subtractive synthesis.

4
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Sine wave

Sine waves are pure waves: they just contain the
fundamental, without any harmonics (see Fig. 5).
They are thus not suitable for subtractive synthesis
(shaping sound with a filter) - as there’s nothing to take
away!

100% -

Amplitude =

o
S

fi f, f3 f, fs fo f; fg fo
Harmonics =

Fig. 5: Spectrum of a sine wave

3.2 Frequency Modulation (FM)

Since the frequency of the VCOs can be voltage
controlled, that of course makes frequency modula-
tion (FM) possible. The frequency changes conti-

nuously, depending on the incoming voltages at CV1
and CV2. In contrast with the standard VCO module
(A-110), the A-111 provides two types of frequency
modulation.

For exponential FM (like on the A-110) you simply
input a modulation signal via the normal CV inputs, @
or @. For linear FM there is a dedicated CV input ©,
complete with attenuator.

If the modulation signal is in the sub-audio range (for
instance modulation with a slow LFO), there’ll be no

real difference noticeable between the two types. The
result in both cases is a typical vibrato (see Fig. 6).

fm
AR

Fig. 6: Frequency modulation with a slow LFO
(vibrato)
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Completely different sounds will emerge, though, if the
modulation frequency is in the audio range.

Exponential FM in the audio range

For exponential FM, patch the modulation voltages
into CV input @ or @ (see Fig. 7).

A-110 A-110
VCO VCO
®—=cv1 Range -—f Range

c
Tune <—/B‘ cv2 Tune <—/B’

A /\\//\/\ ; Ll !

Fig. 7: Frequency modulation in the audio range

Thanks to the rapid changes in the modulated VCO’s
pitch, side bands are created: as well as the two
original frequencies, you also get the frequencies crea-
ted by their sum and difference (for instance a modu-
lation frequency of 100 Hz and a carrier frequency of

500 Hz produce side bands at 400 Hz and 600 Hz).

When you try this out for the first time, start off with
sine waves, and slowly raise the modulation frequency
from the sub-audio into the audio range.

If you use waveforms other than sine waves in FM in
the audio range, the sounds that result will be extre-
mely complex and difficult to predict. A sawtooth, for
instance, is like a vast number of sine waves of
different frequencies - all of which will be represented
in the modulated output, so that the final sound will be
a complex mix of the buzzes, noises and tones produ-
ced by all the various sum and difference outputs.

With exponential FM, changes in control voltage pro-
duce proportional changes in the pitch relationship
of the component sounds. This can have unwanted
side-effects. If a 440 Hz VCO sine wave is modulated
by a 2 V45 amplitude sine wave ( see Fig. 8), the top
and bottom side-bands are respectively up and down
one octave, at 880 Hz and 220 Hz. You might think
that would be fine - but with modulation in the audio
range, we hear the note half-way between these fre-
quencies - 550Hz - and this is (not surprisingly) out of
tune with the original 440 Hz carrier note.
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Fig. 8: Exponential FM in the audio range

Whenever you change pitch using exponential FM, the
inevitable side effect of the change will be an unplan-
ned and usually un-musical change in the relative pitch
of the components of the sound.

If the side-effects of exponential FM aren’t wanted,
then you need to use the linear FM input on the A-111.

Linear FM in the audio range

Linear FM is now one of the standard building blocks
of synthesis. Especially after the introduction and in-
stant success of the Yamaha DX 7, in the early 80s,
linear FM was hugely popular throughout the world,
and is partly what people are referring to when they

talk about ‘digital’ sounds. After being superceded in
popularity by ‘sample & synthesis’ technology in the
late 80s - and analog or analog-like instruments in the
90s - it is now appreciated again as a very useful
source of timbres.

With linear FM, changes in control voltage produce
proportional changes in pitch, not in octaves. It's
a Hz/V rather than V/octave response.

This time, if you modulate a 440 Hz sine wave with a
220 Hz sine wave, the side-bands created will be at
220Hz and 660 Hz, and so the pitch at which we hear
the modulated signal (halfway between 220 Hz and
660 Hz) will be 440 Hz - and thus in perfect tune with
the original carrier frequency.

The relationship between the carrier frequency f. and
modulator frequency f,, is crucial to the timbre.

With identical frequencies for carrier and modulator,
you end up with a timbre which is like a sawtooth put
through a low pass filter (see Fig. 9 on page 8).

With a modulator frequency double the carrier fre-
quency, you end up with something very like a pulse
wave (see Fig. 10 on page 8).
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Fig. 9: f,, =1 Fig. 10: f,=2x f;

If you choose non-related frequencies for the carrier
and modulator, you can produce all sorts of vocal-like
sounds, and radio interference imitations (see Fig. 11).

The results can be surprising, as just a tiny change in
frequency can produce a drastic timbral alteration or
effect (compare Fig. 10 with Fig. 12).

Fig. 11: f, = 3.3 x Fig. 12: f, = 2.05x f,

The other important influence on the end result is the
intensity of the modulation - in other words, how high
the Linear FM control @ is set.

3.3 Synchronisation

What synchronisation means in this context is that the
waveform of one VCO (‘slave’) is locked to the wa-
veform of another (‘master’), by connecting the audio
out of the master VCO to the sync input of the slave.

In the A-111 two types of synchronisation are avai-
lable: "Hard Sync" and "Soft Sync". There are accor-
dingly two Sync input sockets (® and ).

Hard sync

Consider the following example (see Fig. 13 on page
9), in which the slave VCO is a triangle wave, and the
master VCO is a rectangle wave. The waveform of the
triangle wave changes direction every time the rec-
tangle wave hits a rising or falling edge.

If the master VCO’s frequency f,, is bigger than the
slave VCO's fg, then the slave’s frequency is in-
creased, to match the master exactly (see Fig. 13a:
the ‘synced’ triangle wave Ty ‘s cycle is exactly equal
to the cycle of the master VCO T, ).
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If it's the other way round, and the slave is at a higher
frequency than the master (f,, < f5) then it still follows
the master’s frequency (Fig. 13 b: the slave’s cycle Tg
matches the master VCO'’s cycle), but the waveform is
also actually altered by the changes in direction the
master imposes on it. Harmonic sidebands are crea-
ted, which can produce interesting timbral changes.

The way Hard Sync is implemented on the A-111
differs from the system on the A-110 standard VCO,
which imposes a change of direction on the slave only
at every other edge of the master waveform. Because
the A-111 master sends a change to the slave at its
positive as well as negative edges, when the slave
frequency is higher than the master (f,, < fg) the
process produces richer side bands, and more inter-
esting timbres.

Slave-Signal

a: Hard-Sync-Signal

f>fs

Master-Signal

b: Hard-Sync-Signal

f <fg

Master-Signal

Fig. 13: Hard sync on the A-111
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Ty _
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Soft Sync

In contrast with hard sync, soft sync produces no
change in the waveform of the slave VCO. The
master VCO simply forces the slave’s waveform direc-
tion changes to match its own.

Slave-Signal ov—

Ts

That simply means that the slave VCO's frequency Soft-Sync-Signal ov
fg is increased, to become an exact multiple of the T
R

master VCO’s.

Master-Signal gy
In fig. 14 you can see that the frequency of the
‘synced’ triangle wave fg is forced into being exactly I

M

double that of the master VCO f,, (or, to put it another
way: cycle T, is twice the length of cycle Tg).

Soft Sync, because there is no change in the slave’s Fig. 14: Soft sync on the A-111
actual waveform shape, can’t produce timbral variati-
ons. What it does instead is to lock two or preferably
more oscillators into a perfect harmonic relation,
to produce a particular sort of timbre.

10
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4. Controls

@ Range

Footage (the octave of the fundamental) is controlled
with this knob. Seven settings are available, covering
a very wide frequency range.

@ Tune ¢ O Fine

Use these two controls to tune the VCO. The Tune
control @ is for coarse tuning, and can alter the
VCO’s frequency roughly + %2 octave. The Fine control
® is for fine tuning.

For total accuracy, an electronic tuner is
recommended.

C®=  |f two or more oscillators are controlled by
the same control voltages, and set to the
same footage, you can use the Fine knob to
de-tune one or more of the oscillators
relative to each other. This can produce
vibrato and chorus-like effects, perfect for
soundscapes and generally rich timbres.

@ CV 2

The pitch of the VCO is controlled by the voltages
present at inputs @ and @. The level of CV input @ can
be controlled with the Attenuator @ .

® PW

Use control ® to adjust the pulse width of the
rectangle wave which is output at socket ® (see fig. 2
in chapter 3.1).

® PCV

The pulse width of the rectangle wave can also be
altered or modulated by voltage control (see chapter 6,
User examples). Patch a CV in at input ® and adjust
its level with the attenuator ®.

@ Lin. FM

Use attenuator @ to adjust the amplitude of the
linear FM signal patched into socket ©.

11
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5. In-/ Outputs
oOCcv1i « ®CV 2

Sockets @ and @ are the voltage control inputs for
controlling VCO pitch. The voltages at these inputs
are summed. Input @ is set to exactly 1 V/octave, and
is normally used for pitch control - for instance from a
MIDI-CV interface, controller keyboard with 1V/octave
output, or the CV output from an MAQ 16/3 sequencer.

Additionally there is an internal CV input with 1V/
octave connected to CV of the system bus. This
signal (for instance the CV from a keyboard via a Bus
Access module A-185), additionally controls the pitch
of the VCO.

= If you are planning not to use the system bus
CV - ie. if there’s no CV signal being sent to
the bus - you should disconnect the bus
from the module, by removing jumper J1 (at
the top right of the main circuit board on the
A-111, underneath the ribbon cable - see
chapter 7, Appendix). If you don'’t, there’s
the possibility of interference, caused by the
system bus CV line acting as an aerial.
If you should later want to use the system
bus CV, then simply re-install the jumper.

Input @ is used for exponential FM in the sub-audio
as well as the audio range; the level of its signal sent
to the VCO is controlled by attenuator @.

® Lin. FM

Socket © is the Linear FM input. Level is controlled by
attenuator @.

= This input is only suitable for modulation in
the audio range (> 50 Hz), because with
lower frequencies there is the possibility of
pitch instability.

12
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® H-Sync <+« O S-Sync

Sockets @ and @ are the synchronisation inputs.
Socket @ is for hard sync, and socket @ for soft sync.

0 PCV

Socket @ is the pulse width voltage control input
socket for the VCO’s rectangle wave. The level of
voltage can be adjusted with attenuator ®. Fig. 15
shows pulse width modulation with an LFO.

/\/ pCV

LFO o1~ A1 j
bttt

Fig. 15: Modulation of pulse width by an LFO

Oy -9 d 0 AN 0"V

Sockets @ to ® are the VCO outputs, each sending
out a different waveform: rectangle wave (@),
sawtooth (), triangle (®) and sine wave (D).

The frequency of the waveforms at outputs @ to @ is
always the same for all.

13
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7. Appendix

The diagram on the right shows the layout of the A-111
main circuit board.

If you want to disconnect the normalled CV 1 socket
from the system bus INT. CV line (see also page 12),
remove Jumper J1 from the circuit board. It is just
under the ribbon cable at the top right of the board. It
will be easier to disconnect the cable before removing
the jumper. Don’t forget to re-connect the cable
afterwards.

If at a later date you want to use the internal CV
connection again, then simply reverse this procedure,
to put the jumper back on.
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Sampler A-112

A-112
SAMPLER

MIDI In

MIDI Out  Modus

Man. Trig.
Gate In

Atten.
Audio IN/
Wave-CV In
CVin Tune
Audio Out

Run

1. Introduction

Module A-112 (SAMPLER) is a combination module,
including a voltage controlled 8 bit Sampler and a
voltage controlled Wavetable Oscillator.

The module has the characteristic “grungy“ sound
of the early 8 bit Samplers and is a welcome addi-
tion to the A-100’s sound generating capabilities.
But it should not be compared with the polyphonic 16
bit MIDI samplers available on the market.

The module contains an A/D converter (ADC) for
recording the audio signal (8 bit resolution), digital
memory for storage of the the sampled signal, a D/A
converter (DAC) for playback and the control unit.

The memory is divided into two banks (S1, S2) with 64
kbyte each. In wavetable mode each bank is arranged
as 256 pages of 256 bytes.

The memory is non-volatile, i.e. after power-off the
sampling data in the memory is maintained.
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Sampling mode

In sampling mode the incoming audio signal is sam-
pled with a sampling frequency that is controlled
manually and from the external control voltage
input. The audio signal is converted by the ADC into 8
bit digital data and sequentially written into the me-
mory (memory address 0 ... 65 535). With a sampling
frequency of 32kHz this corresponds to 2 seconds
sampling time.

During playback the sampling data in the memory is
read sequentially (address O ... 65535) and converted
into the corresponding audio signal by the DAC. The
sampling frequency in play mode is controlled manu-
ally and from the external control voltage input. Play-
back is stopped if the last memory address (65535) is
reached.

Via MIDI dump the sampling memory can be sent to a
computer for storing the data on hard-disk or any other
storage device. The computer may also transmit
sampling data to the A-112 via MIDI dump.

Wavetable mode

In wavetable mode the memory access is not sequen-
tially but by page. The page number is selected by
an external voltage. This voltage can be may genera-
ted manually (e.g. with the manual control voltage

source A-176) or it may come from any other voltage
source (e.g. LFO, ADSR, Sequencer). Both record and
play take place in a loop whereby the complete page
is always passed through. When reaching the end of a
page the run control determines if a jump to another
page takes place or the loop remains in the same page
- depending upon the voltage controlling the wa-
vetable/page.

Playback with a dynamic control voltage (e.g. ADSR,
LFO, Random, Sequencer, MIDI-to-CV) results in
“sweeping through® the different pages (Wavetable
principle). If the memory of the A-112 contains sui-
table wavetables in the 256 pages, the result is a
voltage controlled Wavetable Oscillator with two con-
trol voltages: one for the audio frequency (pitch, tune),
one for the wavetable number.

Normally suitable wavetables are generated by a com-
puter and transferred to the A-112 via MIDI-Dump.

Effect mode

Additionally the module offers some effects, like De-
lay, Reverse Delay and Pitch Shifter. Of course, due
to the 8 bit resolution these effects are not to be
compared however with the results from high-end
effect devices, but should be considered as a free
extra gift for strange sounds.
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2. SAMPLER Overview

! T?T ???

/_/

A-112  SAMPLER

VC Sampler / Wavetable Osc.
MIDI Out

Eff

Dmp Play Rec G

MIDI In
it | -

| Loop gWav
Norm m

Man
Gate In Tra|g Audio Out

® @

Audio In/

Wave-CV In Atten.

CVin

L'
0"

R

@Méé

‘

Controls:

@ Atten. :

@ Tune:

® Run:

@ Man. Trig. :

® ... ® Switches:

In / Outputs:

® Audio/
Wave-CV In:

® CVin:

© Gateln:

O Audio Out:
® MIDIIn:

® MIDI Out :

Attenuator for Audio/Wave CV
Input @

Manual control for Sampling fre-
quency

Gate indicator LED / overload
warning during record

manual trigger/start button

3-position switches for mode se-
lection

Input for audio signal resp. wa-
vetable control voltage in wa-
vetable mode

pitch control input (1V/oct.) for
tuning or sampling frequency

Gate input
Audio output
MIDI input
MIDI output
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3. Controls

@ Atten.

Control @ attenuates the level of the voltage at input
0. Depending upon the mode this voltage is the audio
signal (in sampling or effect mode) or the wavetable
control voltage (in wavetable mode).

® Tune

The tune control @ is used to adjust the sampling
frequency (during record) or the pitch/tune during
playback (see table below).

Exception: In wavetable record mode one of the 256
pages is selected with the tune control (see following
table). In this case the sampling frequency defaults to
the last frequency that was set prior to switching into
wavetable mode.

tune page sampling- tune- page sampling-
position | (appr.) | freq. [kHz] position | (appr.) | freq. [kHz]
0 0 2,0 6 154 18,5
1 26 2,9 7 179 26,5
2 51 4,2 8 205 38,5
3 77 6,1 9 231 56,2
4 103 8,8 10 255 79,4
5 128 12,7

The data in the table are approximate values

= The voltage generated with the tune control
is internally added to the voltage at input @.
This input is normally used to control the
pitch of the sampler/wavetable oscillator in
play mode with an external control voltage
following the 1V/oct standard (e.g. the A-190
MIDI-to-CV interface).

® Run

LED ® is used for different monitoring purposes
depending upon the mode selected. A description of
the respective function is given in the corresponding
paragraph elsewhere in this manual.

@ Man. Trig.

Button @ is used to trigger the sampler manually.
Depending upon the mode selected a Trigger or Gate
leads to different actions. A description of the
respective functions is given in the corresponding
paragraph elsewhere in this manual.

= The manual trigger generated with button @
and the signal at the gate input © are inter-
nally connected, to produce a gate/trigger
signal used for all triggered/gated functions.
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® ® @ Function
Loop not implemented
Dmp Norm Dump a sample
Wav Dump a wave
Loop Play a loop
S$1, S2 Play Norm |Play a sample
Wav Play a wave
Loop Record a loop
Rec Norm Record a sample
Wav Record a wave
Len Input sample length required
Pit Norm | Pitch Shift
Frz. Pitch Shift with "Freeze"
Len Input sample length required
Eff Del Norm |Delay
Frz. Delay with "Freeze"
Len Input sample length required
Rev Norm |Reverse Delay
Frz. Reverse Delay with "Freeze"

® Switch * ® Switch + @ Switch

With the 3-position switches @ to ® the operating
mode is selected. The table on the left lists all possible
modes. The modes are described in the following
paragraphs.

In particular the gate signal (gate input ® / manual
trigger @) controls different functions in the respective
operating modes.

= Please note that in some modes it is not
sufficient to change the switches position to
exit the mode. In the following description of
the modes you will find detailed information
on how to exit a selected mode.
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¢ Normal record mode

® ® @ | Audio/Wave-CVIn | Tune/CV

S1 , | Rec | Norm Audio signal sampling fre-

S2 quency (while
Gate = low)

In this mode an audio signal at audio input @ is
recorded into one of the 2 memory banks S1 or S2
(depending upon the position of switch ®).

Gate = low :

In this case the pre-listening mode is active (LED ®
is off); the audio signal at input @ is digitized by the
ADC, re-converted by the DAC and forwarded to audio
output @ for pre-listening.

The pre-listening mode contains an overload/ clip-
ping function: as soon as the audio signal exceeds a
predefined upper or lower threshold the LED ® lights
up for a short moment (about 10 ms). During this time
the audio signal is not scanned and the output remains
at the last DAC value. The onset of clipping (i.e.
overload distortion) is immediately audible.

= The sound quality in the pre-listening mode
is very poor. The quality if a signal is recor-
ded and played back is much better!

The pre-listening mode is also used to find out and
set the sampling frequency. When record mode is
entered (see below) the last sampling frequency in
pre-listening mode is used.

Gate = high:

When the gate level changes from low to high Record
is triggered and the audio signal is sampled into the
memory bank selected with switch ®. LED @ is now
on. Recording starts at address 0 and continues until
the last address (65 535) is reached and LED ® turns
off. If gate turns low before the end of the sampling
memory (address 65 535) is reached the record pro-
cess stops. You can use this function to sample cho-
sen segments of sound.

e Normal play mode

® ® @ | Audio/Wave-CVIn| Tune/CV
$1, | Play |/ Norm |  ------- sampling fre-
S2 quency

In this mode a previously recorded sample in the
sampling memory (S1 or S2, depending upon the
position of switch ®) is played back.
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Gate = low: Audio ’\ ’\'\
Out Sample
The module is waiting for gate = high; LED ® is off
(see fig. 1 - a). V V H/
Gate = high: Gate |
g 1] N
When the gate level changes from low to high Play- - a- ~b+ | PEPSN

back is triggered and the audio signal in the memory
bank is played back. LED ® is now on. Playback starts
at address 0 and continues until the last address (65
53%5) is reached and LED ® turns off. Even if the gate
goes low before the end of the sampling memory is
reached the playback continues (see fig. 1 - b).

Only if the gate goes low and high again before the
end is reached the sample is retriggered, i.e. the
playback starts again at address 0 (see fig. 1 - ¢).

If the gate is still high when the end of the sample
memory is reached the playback stops (i.e. no loop if
gate remains high). For this purpose the loop mode is
used.

fig. 1: normal play mode

e Loop record mode

® ® @ | Audio/Wave-CVIn | Tune/CV

S1, | Rec Loop audio signal sampling fre-

s2 quency (only if
Gate = low)

This mode is very similar to the normal record mode
(see above). The only difference to the normal re-
cord mode is that record continues when the end of
the sample memory is reached and the gate level is
still high.
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In this case the record starts again at the first memory
address. This loop continues (LED ® on) until gate
turns low.

e Loop play mode

® | ® @ | Audio/Wave-CVIn | Tune/CV
S1, |Play | Loop | ~--------- sampling fre-
S2 quency

In normal play mode the playback stops if the end of
the sample memory is reached. The loop play mode
allows the continuous playback of a pre-defined
section of the sample memory.

Gate function:

As long as the gate level is high the sample is played
continuously. When the end of the sample is reached,
playback starts again at the beginning (see fig. 2 - a).
LED ® is on.

As soon as the gate goes low the present position
within the sample is defined as loop end (see fig. 2 -
b). Playback starts at the beginning (address 0) and
runs continuously from the beginning to the loop end

as long as the gate level remains low (see fig. 2: loop

1).

If gate turns high (see fig. 1 - c¢) the loop end is
cancelled and the sample playback uses the full range
again (i.e. loop end = end of sample memory, see fig.
2-d).

If the gate goes low again a new loop end is set (see
fig. 2 - e, loop 2).

To exit loop play mode a short trigger pulse (max.

duration 100 ms) is required (see fig. 2 -f).

Audio P
Out | Sample

Gate i l/‘bul/c
T

fig. 2: Loop play mode
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e Wave record mode

®  ® @ | Audio/Wave-CVIn | Tune/CV

S1, | Rec Wav audio signal sampling fre-

S2 quency (if gate =
low) /
wavetable number
(if gate = high)

In this mode one or more wavetables are recorded
into the memory bank selected.

The number of the wavetable (page) results from the
position of the Tune control @ and the voltage applied
to the CV input 8.

Gate = low :

The pre-listening mode is active (LED ® is off); the
audio signal at input @ is digitized by the ADC, re-
converted by the DAC and forwarded to audio output
@ for pre-listening.

All functions and controls (overload/clipping, adjust-
ment of sampling frequency ...) are the same as in the
normal record mode (see above).

Gate = high:

When the gate goes high record starts (LED ® is on).
The last sampling frequency while gate was low is
used as the sampling frequency. The wavetable num-
ber (page) is derived from the position of the Tune
control @ and the voltage applied to the CV input 8.
The audio input is sampled and 256 bytes are written
into the wavetable memory (page) selected.

When the last byte of the page (i.e. byte no. 256 of the
page) is written record starts again at the first byte of
the page. This process continues (LED ® on) until the
gate goes low.

The record process stops immediately at the present
position as soon as the gate goes low. You can use
this function to sample chosen segments of sound.

When reaching the last position of the current wa-
vetable page the number of the next page is defined
by the position of the Tune control @ and the voltage
applied to the CV input ® (provided that gate is still
high). Consequently different pages may be selected
during record if the control voltage (e.g. from an
ADSR) or the position of the tune knob is changed .
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In fig. 3, the CV input is fed from the sine output of a
LFO. The sampling frequency is 32kHz, the LFO fre-
quency 21 Hz. The resulting wavetable pages are
shown in the boxes.

fig. 3:

wave record mode with modulated wavetable
page number

Waves recorded in this way may be played back in the
normal play mode, often leading to some fairly drastic
effects.

e Wave play mode

® ® @ | Audio/Wave-CVIn | Tune/CV
S1, Play | Wav Number of wave- sampling fre-
S2 page quency

In this mode A-112 works as a wavetable oscillator.
The wavetable number (page) that determines the
sound of the audio output is set by the control voltage
applied to the audio/wave CV input @

Gate = low:
The module is waiting for gate = high; LED ® is off.

The initial sampling frequency (i.e. the first frequency
when gate turns to high, see below) is set. Pre-
listening mode is also used to find out and set the
sampling frequency.

Gate = high:

When the gate goes high the wavetable number
(audio/wave input) and the sampling frequency (tune
control and CV input) are set, and playback of the
recorded wavetable begins, using the sampling fre-
quency previously set (LED ® turns on). When the end
of the wavetable is reached the process starts again,

10
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i.e. the next wavetable and the next sampling fre-
quency are determined. This continues until the gate
goes low.

When a dynamic voltage -2.5...+2.5V is used as the
wavetable control voltage (e.g. ADSR output connec-
ted to audio/wave input @) wavetable are swept.

e Normal dump mode

® ® @ | Audio/Wave-CVIn | Tune/CV
S1, | Dmp | Norm
S2

18 27 135
- Loop “‘
Audio In |
040
030 F - - - - - - - s s
020 F - - - - - - - - - - - - Ty
010 [ ~ - - - - -t s T s s -
0,00

-0,10
-0,20

-0,30

-0,40 -

fig. 4: wavetable selection with CV voltage applied
to audio/wave input

In this mode a sample (bank 1 or 2) can be transferred
as a MIDI system exclusive string (SysEx Dump) via
MIDI out ®. You can then record this string with a MIDI
computer sequencer or download it using a MIDI dump
program for storage on hard disk or any other storage
device. The sampling frequency is also transferred
within the string.

It is also possible to receive a sample dump via MIDI
input ®. The dump is written to the memory bank
selected (S1 or S2).

Gate = low:

In this state (LED ® off) MIDI input @ is scanned. As
soon as an incoming sample dump is detected LED
® turns on and the dump data is written into the
memory bank selected.

If a sample dump request is received via MIDI IN the
sample memory is transferred via MIDI OUT as a
SysEx string. LED ® turns on as well. Refer to the
description of MIDI input and output in chapter 5.

11
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= During Data transmission via MIDI OUT the
MIDI input and gate are not scanned. There-
fore a new dump cannot be triggered by
mistake.

Gate = high:

As soon as the gate goes high (e.g. by pressing button
@) the sample memory is transferred as a SysEx dump
via MIDI OUT and LED ® turns on (same function as
sample dump request via MIDI in).

= To trigger a sample dump manually a short
high gate level is sufficient. It is not neces-
sary to keep the gate level high.

e Wave dump mode

The number of the wavetable is determined by the
position of the tune control @ and the voltage applied
to CVinput @.

e Delay mode

® ® @ | Audio/Wave-CVIn | Tune/CV
Eff Del | Norm audio signal sampling fre-
quency

® ® @ | Audio/Wave-CVIn | Tune/CV
S1, | Dmp | Wav wave page num-
S2 ber

This mode is very similar to the normal dump mode
(see above). The difference from the normal dump
mode is that the data of a single wavetable (page) of
256 bytes is transferred instead of the complete
sampling memory of a bank.

This mode generates a simple delay. The incoming
audio signal is delayed and passed to the audio out-
put.

= The memory bank S2 is overwritten in this
mode!

Principle: The incoming audio signal is sampled and
written into a memory position in bank S2. Before this
the old value at this position is transferred to the audio
output. The number of the memory position is in-
creased by 1 and the process is repeated. When
reaching the last memory position the process starts at
memory position 1. The last memory position depends
upon the length (Len, see below).

12
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The length of the delay memory is defined by the
parameter Len (see below). The maximum length is
the complete sampling memory (64kbyte = 65536
bytes). With a sampling frequency of 32 kHz this
corresponds to 2 seconds delay time. The actual
delay time is decided by a combination of the length
of the delay memory (Len) and the sampling fre-
quency.

Gate = low:

The module is waiting for gate = high; LED ® is off.
The initial sampling frequency is set.

Gate = high:

The delay mode is started; LED ® turns on. Retrigger
is active, i.e. a gate transition to low and back to high
starts the delay mode again.

= Moving from delay mode directly to delay
with freeze is not possible. To perform this
one has to interrupt the delay mode (switch
® to S1/S2 or switch @ to Len) and then
select the desired mode.

By feeding the A-112 output back to its input
one obtains a repeat or echo (see fig 5).
Beware: too much feedback leads to an
avalanche-like effect. In this case the feed
back component has to be reduced.

Audio
- A-112 |—Hiro out

fig. 5: Echo

¢ Reverse delay mode

® | ® @ | Audio/Wave-CVIn | Tune/CV
Eff | Rev | Norm audio signal sampling fre-
quency

This mode is the same as the delay mode but the
playback of the delayed signal takes place in reverse.

= Memory bank S2 is overwritten in this mode!

Principle: Same as the normal delay mode but writing
into the delay memory is performed forward, and
reading the delay memory is performed backward. As
this is a very simple “bog standard“ algorithm, overlap-
ping effects may occur and lead to interference, glit-
ches or clicks in the audio output signal.

13
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= All functions and controls (sampling fre-
quency, length of delay memory ...) are the
same as in the normal delay mode (see
above).

¢ Pitch shift mode

® ® @ | Audio/Wave-CVIn | Tune/CV
Eff Pit | Norm audio signal sampling fre-
quency

In pitch shift mode the audio input signal is sampled
and played back at the audio output with shifted pitch/
tuning.

= Memory bank S2 is overwritten in this mode!

Principle: The incoming audio signal is sampled with a
fixed sampling frequency (about 16 kHz) and written
into memory bank S2. Each sample increases the
memory position by 1. Simultaneously the memory is
read out with a sampling frequency that is determined
by the Tune control @ and the voltage applied to the
CV input @.

If the read frequency is nearly the same as the write
frequency (i.e. about 16 kHz) no pitch shift occurs -
just a delay depending upon the memory length (Len).

If read and write frequency differ the audio signal is
read out faster or slower and the pitch shift effect
occurs.

Because of this very simple “bog standard“ algorithm
overlapping effects may occur and lead to interfe-
rence, glitches or clicks in the audio output signal.

= All functions and controls (read sampling
frequency, length of delay memory ...) are
the same as in the delay mode (see above).

@ Very interesting sounds can be obtained if
the original audio signal is mixed with the
pitch shifted signal of the A-112 (using a
mixer A-138a/b).

14
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e Freeze option

® ® @ | Audio/Wave-CVIn | Tune/CV
Del,

Eff Rev, | Frz. audio signal sampling fre-
Pit quency

The effect modes delay, reverse delay and pitch shift
may also run with the Freeze option.

In this case the audio input is no longer sampled and
the memory data no longer overwritten. Instead, the
frozen memory data are played back. The parameters
memory length (Len) and sampling frequency deter-
mine the effect.

Gate control:

The module is waiting for gate = high; LED ® is off.
The initial sampling frequency is determined.

If only a short gate pulse appears (i.e. gate turns to
high only for a short time and becomes low again) the
effect selected functions without freeze. LED ® is off.

As soon as gate turns high and remains high the
freeze option of the effect in question is active. LED
® is on. The data in the memory are “frozen” as long
as the gate remains high.

When gate turns low the freeze option is cancelled
and the module returns to the respective effect without
freeze. To re-activate the freeze option, one simply
has to turn the gate to high.

= Changing directly to the normal effect without
freeze (permanently) is not possible. To per-
form this one has to interrupt the freeze
option (switch ® to S1/S2 or switch @ to Len)
and select the desired mode after this.

o Effect parameter "Len"

Audio / Wave-CV In

®  ® @ Tune /CV

Del, memory length for
Eff | Rev, | Len the effect in que-

Pit stion

In this operation mode the parameter Len is adjusted.
This value determines the length of the sampling
memory in bank S2 used for the effect modes.

Gate = low:

In this state the Tune control @ adjusts the Len
parameter. The resolution for the length is one page
(256 bytes). The tune knob turned fully to the left (ccw
position 0) corresponds to one page, turned fully to the
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right (cw position 10) it corresponds to the whole
memory (64 kbyte or 256 pages). During the adjust-
ment of Len with the tune control no external voltage
should be applied to the CV input @.

Gate = high:
As soon as the gate goes high the current position of

the tune control is used to set the Len value.

For the different effect modes the following notes also
apply:

Delay, Pitch Shift:

The factory setting is 4 kBytes (i.e. 16 pages). This
corresponds to a tune control setting of about 0.5.

Reverse Delay:

The factory setting is 64 kBytes (i.e. 256 pages).
This corresponds to tune control setting 10.

The reverse delay effect seems to go very strange with
tune control settings of about 1.5 down to 0, i.e. the
reverse delay becomes a normal delay, but with ex-
treme distortion.

4. In/ Outputs
O Audio In/Wave-CV In

At this socket the audio input signal is patched in (i.e.
the signal to be sampled or used for effects). This is a
line level input (+/-2.5V or 5Vss). Note that the audio
signal must be at line level — microphones won’t give
enough output.

159 Exception: In wavetable play mode this is
the wavetable control voltage input -
2.5...+2.5V (not an audio signal input)!

® CVin

Control voltage input for sampling frequency du-
ring record, or pitch/tune during play. This input
follows to the 1V/oct. standard and has 1/4 semitone
resolution.

159 The control voltage applied to CV in @ is
internally added to the voltage generated by
the tune control @.

©® Gateln

At the Gate input © the gate signal is patched in. The
function depends upon the mode selected.

16
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© MIDI In
0¥ The gate signal applied to this socket is inter- , . )
nally connected with the signal coming from the Socket @ is the MIDI'lnput used to receive sample
button @. If either of these is high, the module data (SysEx dump) via MIDI. For this the dump or
gate is high. wave dump mode has to be selected (see above) and
the gate has to be low.
GateIn® Man. Trig. @ result. Gate
. _ ) Moreover a sample dump request or a wave dump
high high high request message can be received by the A-112 in this
low high high
low low low The MIDI SysEx message for a sample dump re-
quest has the following structure:
® Audio Out Fo
Socket @ is the audio output of the A-112. 3,2 20 20 Doepfer SysEx-ID
= The audio signal from the DAC passes a I<:7bank> bank number (00 : 81, 01 : S2)

simple low-pass filter to suppress the
sampling frequency. It is possible to bypass
this internal filter if a more sophisticated low-
pass filter (A-120, A-121, A-122) is used or if
the sampling frequency should not be sup-
pressed for special effects. For this the inter-
nal jumper J1 has to be removed.

When receiving this message the A-112 transmits at
the MIDI output @ a sample dump (LED is on). The
length of the dump is 74.909 bytes altogether. Additio-
nally the current sampling frequency is transmitted.

The SysEx message for a wave dump request has
the following structure:

17
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FO

00 20 20 Doepfer SysEx-ID
7D

< Wave-Nr.,Bit7-1>

< Wave-Nr., Bit 0 >

F7

As the data range in a SysEx message is 0...127 (7 bit)
the wave number requires 2 bytes.

Example: Dump of wave no. 201 ("11001001"):

FO

00 20 20

7D

64 "110100"
01 "1"

F7

When it receives this message the A-112 transmits a
wave dump at the MIDI output ® (LED is on). The
length of the dump is 305 Bytes altogether. Additio-
nally the current sampling frequency is transmitted.

O MIDI Out

The MIDI output ® transmits MIDI dump information
during sample or wave dumps.

5. User Examples

The obvious application of the A-112 is the sampling
and playback of external sounds or sounds generated
with other A-100 modules. On top of this the module
opens up a huge number of sound experiment possibi-
lities — far too many to be covered in this manual.

The following examples concentrate on wavetable
applications of the module.

Wavetable Oscillation

The wavetable oscillator feature and the loop feature
of the A-112 have already been described in chapter 3.
Smooth sequencing of the wavetables with an external
control voltage requires a certain amount of subtle
intuition - and additional A-100 modules - as it is
necessary to control the offset and amplitude of the
voltage applied. You do then also have the ability,
though, of selecting a specific starting wavetable
(offset) and starting the up/down sweep through the
waves (amplitude) at this particular point.

For the most effective wavetable control we recom-
mend using the A-129/3 (attenuator and offset genera-
tor, see below).

18
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The control voltage range 0...+5V corresponds to the
256 tables (OV = table no. 1, +5V = table no. 256). To
move from one table to the next one a voltage diffe-
rence of about 0.02 V (5V/256) is required.

Example: To sweep with an LFO (Triangle output)
through 64 tables starting with table no. 96 (i.e. pas-
sing through the tables 64...128) the following conditi-
ons are required: An offset voltage of 96*5V/256 =
1.875V and an attenuation of the LFO signal to 64*5V/
256 = 1.25V (peak-to-peak). Using a A-129/3 the offset
voltage is adjusted with the offset control and the LFO
level with the attenuator control.

If each of the 64 tables are to be used - i.e. none of the
tables is to be skipped - there is a maximum frequency
that the controlling signal (LFO) must not exceed. If the
sampling frequency is 32kHz each wavetable (256
byte) takes 8 milliseconds. All 64 tables take 512
milliseconds. This corresponds to 1.95 Hz LFO fre-
quency. Consequently the frequency of the LFO must
be about 2 Hz or less to play each table without
skipping. This sounds very mathematical and theoreti-
cal but it is a good idea to understand these facts as
some unforeseen things may happen if one ignores
these details. In practice of course the resulting sound
is all that counts.

Sequencer-controlled wavetable playback

In the patch in fig. 6 the Analog/Trigger Sequencer
A-155 controls the playback of different wavetables
(step 1,4, 5and 7).

The sawtooth output of the LFO, patched via offset
generator A-129/3 generates the control voltage to
sweep through the wavetables. This voltage is added
to the sequencer voltage (post out 2). Thus different
ranges of the wavetable memory are used for each
step (displayed by different sound symbols). Regar-
ding offset, attenuation and LFO frequency, see the
notes on the previous page.

The sequencer control voltage Post Out 1 is used to
control the decay of an VC-ADSR, i.e. for different
decay times for each step.

Instead of an LFO an ADSR or VC-ADSR may be
used. The attack control is used in this case to adjust
the speed of sweep (decay, sustain and release con-
trol = 0).
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Wavetable playback of a normal sample

Very interesting sounds can be obtained if a normal
sample is played back in wavetable mode - especially
if human voice is recorded.

During normal sample playback the sample length
depends upon pitch and the so-called Mickey Mouse
effect occurs.

If the wavetable mode is used the sample length
depends only upon the slope of the controlling voltage
(e.g. sawtooth) but not upon the pitch. This is adjusted
independently with the tune control and pitch CV.

Suggestions for sound experiments:

¢ If the slope of the voltage controlling the wavetable
is running backwards (e.g. a falling sawtooth) sam-
pled words seem to be spoken backwards (sort of).

¢ By selective scanning of a spoken sample one may
obtain voice or vowel loops.

e Using a random or S&H voltage for controlling the
wavetables leads to the basics of what is often
referred to as granular synthesis.

For the above suggestions it is important that the
period of the sampled sound fits almost exactly into the
space allotted to each wavetable (256 Bytes). If the
result is not satisfactory another record sampling fre-
quency should be used until the desired sound is
obtained.
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?CIock
E Trig. 1 ipVC-ADSRli V\ | /\/\ /\
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Wave-CV h
" J rosouz A-112 |—» VCF b -0
S& HCtrl. 2 e L

°VJ7% O‘#Aé A-130
-

LFO | —™A-129 /3

T Retrig-h  pgsen. Off set

fig. 6: sequencer-controlled wavetable playback

21



A-112 Sampler

System A -100

6. A-112 Sample Dump Loader

The A-112 MIDI interface enables the transfer of sam-
ple and wave data from and to the device using MIDI
SysEx strings. For that purpose a standard MIDI se-
quencer may be used.

In addition we include a 3 1/2“ floppy disk containing a
A-112 sample dump loader software for PC.

Version 1.2 of this software (see fig. 7) enables bi-
directional transfer between A-112 and the PC. Sam-
ples and waves can be organized and stored on the
storage device (e.g. hard disk) of a PC. In the PC each
sample or wave can be assigned any name (DOS
convention, i.e. max. 8 characters) and stored as a
WAV file (8 bit mono). The A-112 format is automati-
cally converted into the WAV format.

Conversely, any WAV file can be transferred to the
A-112. The program reads any WAV file in 8, 12 or 16
bit mono or stereo formats. Stereo WAV files are
converted to mono before transfer to the A-112.

The WAV file format opens up a wide pool of sounds
for use with the A-112. You may try out Windows sy-
stem sounds or modifying sounds with a sample editor
program and then re-loading back into to the A-112.

For the next version of the sample dump loader pro-
gram we are planning to include the ability to generate
sample dump MIDI files.

= The latest version of the sample dump
loader can be found on our internet home-
page (http://www.doepfer.com) for free
download.
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fig. 7: A-112 sample dump loader
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7. Patch-Sheet

The following diagrams of the module can help you A-112  SAMPLER A-112  SAMPLER
recall your own Patches. They're designed so that a VC Sampler / Wavetable Osc. VC Sampler / Wavetable Osc.
complete 19” rack of modules will fit onto an A4 sheet MIDI Out MIDI Out

S$1 Eff S1
=5e T | |meeES
Play pec Dmp Play Rec

Dmp O O
MIDI In MIDI In
. . ; .
Photocopy this page, and cut out the pictures of this m =
and your other modules. You can then stick them onto Lon P iz Len [ Frz|
another piece of paper, and create a diagram of your - ¥.:;, - i m‘ iy

own system. @ Run @ @ Run @

Make multiple copies of your composite diagram, to Audio In / Audio In/
. Wave CV In Atten. Wave-CV In Atten.
use for remembering good patches and set-ups. ©_®
0

10

CVin Tune CVin une
™= . Draw in patchleads with coloured pens (@) @ @) @ i

+ Draw or write control settings in the little o 10
white circles
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A-113

Subharmonic Generator

1 = = Level
LUp I )7 |Leve

—  0ut1
l7Down !

2 (— =
I '_-(,_-,Level
Up | )7 .

= "™ Y0ut2

L Down !
3 (= = Level
I %l & 5 ous
L Down Store

4 —(— =L

’-—’ ’-’ evel
sToF Up | ¥ .Y . out4

L Down

C Freq. Foot Foot Mix
In Ctr.1Ctr.2 Out

Attention ! The A-113 module requires an additional
+5V power supply with 100mA (e.g. the separate +5V
power supply or the +5V low-cost adapter)

1. Introduction

Module A-113 (Subharmonic Generator) is an addi-
tional sound source that derives four independend
so-called Subharmonics from an incoming pulse si-
gnal. The module represents the sound generation
core of the Mixtur-Trautonium introduced by Oskar
Sala (ref. chapter 6).

Subharmonic means in this context a sawtooth wave
whose frequency is derived from a master frequency.
The master frequency is divided by an integer 1...24 to
obtain the subharmonic. The subharmonics are avai-
lable as 4 single outputs as well as mix output with
adjustable level for each subharmonic.

The integer divisor for each subharmonic is set with
up/down buttons. The current divisors are displayed
with four 2-digit LED displays.

The combination of 4 divisors is called mixture. 4
mixtures form a preset. 50 presets can be stored and
called up within the module.

Two gate inputs are available to switch between the
4 mixtures within one preset (controlled by any gate
signals, e.g. from foot controllers).
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2. Basic principles
| Divisor | | Display
The Subharmonic Generator A-113 contains four ti- : xIa]| | B.8.

mes the following elements (see fig. 1) 5 v t

i Frequancg;;ii vider
« digital frequency divider (rectangle outputs) with
2-digit display and up/down buttons for divisor adju- |

Single
Out1

stment : Divisor Display

¢ rectangle/sawtooth converter (with single output) E& Bf&

¢ attenuator controlling the amount (i.e. the ampli- *.{ Frequamﬁivider |_@Single
tude) of the subharmonic in the mix output | out2

The incoming signal (preferably the rectangle ouput of Divisor | | Display

a VCO) is fed into the four frequency dividers. The | =1 | 8.8

frequencies of the rectangle signals generated by the i 1 ¥ |

frequency dividers are determined by the current divi- i Frequency divider ENILIN o8 «Single

The rectangle outputs are converted to sawtooth wa- Divisor | [Display

sors (1...24). 1.-24) . Q out3

veforms by means of the rectangle/sawtooth conver- | &l | BB
ters. i |
i Frequency divider \ Lo [ » Single
Lin F*—'{ (1..24) L Q * outs
Foot Mix
Pre.set switches —® oyt

Fig. 1: Basic layout of the A-113
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Subharmonics

The subharmonics result from integer division of
the frequency of the input signal.

The table in fig. 2 shows the frequencies and corre-
sponding tone pitches of the resulting subharmonics
derived from an input signal with the tone pitch C ° (i.e.
523,2 Hz).

Divisor |Freq. [Hz] Note
1 523,2 cs
2 2616/  C* E
3 174,6 F3
4 1308 3 _*
5 103,8  As2 e
6 87,3 F2 -
7 73,4 D2
8 65,4 c?

Fig. 2: Subharmonics of a signal with tone pitch C °

It becomes apparent that the subharmonics are equi-
valent to the tones of the minor chord scale.

By way of contrast the harmonics are equivalent to
the tones of the major chord scale. Harmonics are
integer multiples of the basic frequency (see fig. 3).
The undertone series (i.e. subharmonics) are the
mirror image of the overtone series (i.e. harmonics).

Factor Freq.[Hz] | Note
1 65,4 C2
2 130,8 C3
3 1960  G? ®
4 261,6 c# -
- @
5 3206  E4 E
6 392,0 G* —
-
7 466,1 B4
8 523,2 Cs

Fig. 3:  Harmonics of a signal with tone pitch C *
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IxZ> The term "subharmonic" is not quite correct as
the A-113 outputs are sawtooth waveforms in
contrast to the sine waves used in the harmo-
nics theory. A sawtooth wave has a marked
harmonic spectrum with odd and even overto-
nes in contrast to the sine wave which is a
“pure” wave without overtones. For details con-
cerning harmonic contents of different wa-
veforms please refer to the A-110 or A-111
manual (VCO’s).
We wanted to use the same terms as Oscar
Sala in his Mixtur Trautonium and this is why
we call the outputs of the A-113 subharmonics
though they are sawtooth outputs.

Mixture

The combination of four subharmonics is called a
mixture. Four different mixtures ("00", "01", "10" und
"11") are available but only one mixture is active at a
time. The original Mixtur-Trautonium had only three
mixtures available but due to the binary structure of the
A-113 we introduced 4 mixtures.

The active mixture is selected by the current state of
the two gate control inputs. In the original Mixtur-
Trautonium 2 foot switches mounted left and right of

the volume foot controller are used to switch between
the 3 mixtures.

Preset

A preset consists of 4 mixtures with 4 divisors each
(see fig. 4). 50 presets can be stored and called up
within the A-113 module. The original Mixtur-
Trautonium had no presets available. Each mixture
had to be changed manually.

T | T1 | T1 | T1
divisor T2 | T2 | T2 | T2
(display) T3 | T3 | T3 | T3
T4 | T4 | T4 T4
mixture |"00"|"01" | "10" | "11"

Fig. 4: Structure of a preset
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- Controls:
2. Overview . . .
@ Display : displays the current divisor
@ @ Up: button to increase the divisor
A-113 SHG data
® Subharmonic Generator ® Down: same to decrease
@ ‘ —@ @ Level : output level control (mix out-
: put)
Divisor Level Single 1
@ =0 ')_-’( * m | : @ ©0u;/ m@ ni P ® Preset: preset selection button
- * m . . ® Store: preset store button
> * e —— SE < Foot Ctr.
eve ingle In1
oot Q) | @ e Mmoupus
LS * = 0 10 4 O In: common audio input
r Divisor Tovel Single ) F°fnt 2"' (rectangle input)
] "-, b= Stﬁre 3 @ @o h @ | @  © FootCtr.1: gate input 1 to switch bet-
LA * m s e ween the mixtures
B o snge ] Mix Out © Foot Ctr.2:  gate input 2 to switch bet-
’- — * B |Preset Out ween the mixtures
OE 1o @ 0| 00 quan
L * | . - 6 Mix Out: audio mix output
. J O Single Out: audio single output
®
®
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3. Controls

@ Display
This is the 2-digit LED display that shows the current
value of the divisor.

In addition the decimal points of the displays are
used to display the current mixture (see fig. 5):

e no decimal point is on: mixture "00"

¢ right decimal points are on: mixture "01"

¢ left decimal points are on: mixture "10"

¢ both decimal points are on: mixture "11"

The mixture selected depends upon the states of the
two gate inputs @ und © (see chapter 4).

@Up -+« ©® Down

The Up button @ resp. the Down button @ are used to
adjust the divisor (range 0/ to 24) for the correspon-
ding frequency divider.

g | 1Ed @ 102
29 | 2aM, 249 244,
M | 3od, 348 344
4lds | 4)ia, 47 4|44,

Fig. 5: Display of mixtures by means of decimal
points (from left to right; "00", "01", "10", "11")

15y Before you adjust the divisors be sure that
you have selected the right mixture!

The Up/Down buttons of frequency divider 4 are
used for preset selection instead of divisor adjstment
if the preset button ® is operated simultaneously.

@ Level

The attenuators @ control the amount of the
respective subharmonic present at the mix output
0.
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® Preset

While button ® is operated one reaches the preset
mode (see chapter 2 concerning the term preset). In
this state the displays of the third and fourth frequency
divider show “Pr" resp. the number of the preset
currently selected (e.g. “45", see fig. 6a):

1 115k

2 2 o,
(a) (b)
3P~ 3P r

4ld5 4134

Fig. 6: (a): display of the current preset
(b): store preset with new preset number

To select a new preset the up/down buttons @ and ®
of the fourth frequency divider are used while the
preset button ® is operated until the desired preset
number appears in the fourth display.

As soon as the preset button ® is released the module
returns to the normal mode. The displays show the
divisors of the new preset and the divisors can be
adjusted with the corresponding up/dow buttons.

® Store

The store button ® is used to store presets. The
following steps are required to store a new preset:

O Operate the preset button ® and keep this button
pressed down (see fig. 6a).

O The up/down buttons @ and ® are used to select
the preset number in which the current preset will
be stored (preset button ® remains operated).

3 Pressing the store button ® (preset button ® still
remains operated) causes the storage of the cur-
rent preset into the preset number selected. In the
upper displays appears "St" and "or" as confirma-
tion of the storage process (see fig. 6b).

= Pay attention not to select a preset num-
ber that already contains preset data you
may need in the future. Any former preset
data in the selected preset number are
deleted!

As soon as both buttons preset ® and store ® are
released the module returns to the normal mode. The
displays show the divisors and the divisors can be
adjusted with the corresponding up/dow buttons.
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4. In/ Outputs

D In

Socket @ is the subharmonic generator’s audio input.
Connect up the signal you wish to use as master
frequency signal (normally the rectangle output of a
VCO).

A FootCtr.In1 ® FootCtr.In 2

The gate inputs ® and ® are used to select the
mixture. Any gate type signals may be used (e.g. Foot
Controller, Sequencer gate outputs, MIDI interface)
(see fig. 7).

Foot Ctr. | Foot Ctr. . .
In1 In 2 Mixture Display example
0 0 "00" ne
0 1 "01" iy
1 0 "10" o
1 1 "11" :lgl
Fig. 7: Selecting mixtures with gate signals
(0: gate = low or no gate signal applied,
1: gate = high)

The mixture is displayed with the decimal points (see
chapter 3, fig. 5).
O Single Out

Sockets @ outputs the single subharmonic of the
respective frequency divider. The attenuators @ do not
affect the level at these sockets.

0 Mix Out

At output © the mix of the 4 subharmonics adjusted
with the 4 attenuators @ is available.
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5. User Examples

Simulation of a Mixtur-Trautonium

The Trautonium is an electronic musical instrument
invented by Friedrich Trautwein in the thirties in Berlin,
Germany, with enhancements made by Oskar Sala in
the fifties which led to the well known Mixtur-
Trautonium. The Trautonium can be divided into two
logical sub-units: the control unit and the sound gene-
ration unit.

A detailed description of the Mixtur-Trautonium and
the realization with the A-100 modular system can be
found on our web site www.doepfer.com.

The replica of the Trautonium sound generation with
the A-100 presents itself as the A-113 contains all the
basic sound source elements of the Trautonium. The
Trautonium Format Filter A-104 completes the sound
generation as it is a copy of the lowpass/bandpass
arrangement of the Mixtur Trautonium. Only a few
A-100 standard modules (VCO, VCA, LFO, ADSR)
have to be added to obtain the typical Trautonium
sound.

Fig. 8 shows the schematic construction of the Trauto-
nium sound generation using A-100 modules.

A-113 as a complex sound source

A-113 in combination with a VCO makes available a
very complex and powerful sound source for a lot of
sound experiments. The four subharmonics generated
by the A-113 contain strong harmonic spectra with
even and odd harmonics. They represent ideal basic
sound sources to be modified with separate sound
processing modules.

Fig. 9 shows an example. "XYZ" represents any sound
processing combination of modules: e.g. VCF, VCA,
Phaser, Distortion, Ring Modulator, Vocoder, Fre-
quency Shifter, Spring Reverb and so on with control-
ling modules like ADSR, LFO, Random, S&H, There-
min, Light-controlled CV, Joy Stick, MIDI interface and
so on. The controlling modules may be triggered or
synchronized (e.g. with a keyboard or sequencer con-
trolled gate) or free running.
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Fitch W
[from Trautonium bozrd or

keyboard or MIDI-CY interdface]

Fig. 8:

Schematic construction of the Mixtur-
Trautonium sound generation

(part 2 see next page)

rmaster _/H’ tune side _/Er' fune noise —/H/'treble
oscillator oscillator generator
(E'g' ﬂ_11|]] —":- octawe {E'g' ﬂ,._11|]] —"':a octane {E'g' "ﬂ'""B] —/H’bass
frequency divider
(4 separate dwider with F—  double
adjustable divisor 1. 241 foct switch
(e.g. A-113)
pre-mixer tor
frequency divider
U I R
mixer 1
b- i id - noise
/%I’ha'sll:lnnnic -:-srgﬁlar‘ltnr/ﬁj’ /?,DS;I”:{DF (e.g. A-138b) /?’

10
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W ze | B ze | zae | zaeE

formant filter formant filter formant filter formant filter
b/H’_' ie.g. A121,124)| & [ (e.g. A121,124) b/Hl (e.g. A121,124) b/Hl (e.g. A121,124)

band lomer band o band o band Ty
pass pass p=ss pass pass pass pass pass

/?’Driginal filter}%, Filter 2 fitter 3 Fitter 4

{ m|ie1r323h] ——— loudness CY [from Tractonium board]
e.nq. A-
VAT w "Schlagwerk”
{e.g. A-130/A131) '—‘
ADSR (e.q. A-140)

LFO (e.g. A-145)

VICAZ

I:E-g- ﬂ—13|].-"ﬂ—131:| b———————— loudness foot contraller (e.g. A-177)

v

audio output

I: = rotary contral ¥ = rotary switch [can berealized e.g. with patcheords)

11
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A-113 A-135
SHG V C-Mixer
Single i
st EE e
udio
VCO out
. mMoD = f:t{ Ccv
L] A .
‘ : Mix J=—o
4 1
@)
Trig Trig

Fig. 9: A-113 as a complex sound source

12
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Dual Ring Modulator A-114

A-114
RING MOD.
X IN

Y IN

XeYOUT

PR S

X IN

Y IN

XY OUT

1. Introduction

Module A-114 (Dual Ring Modulator) contains two
separate ring modulators.

A ring modulator outputs the product (Multiplication X «
Y) of the signals at inputs X and Y. It's similar to a
VCA, but whereas a VCA only responds to positive
voltages at the inputs (2-quadrant multiplication), the
ring modulator responds to both positive and negative
voltages (4-quadrant multiplication).

The ring modulator thus provides a refinement of
amplitude modulation (AM). Ordinary amplitude modu-
lation will output the original carrier frequency f; as
well as the two side bands (f; - f, f; + f,) for each of
the spectral components of the carrier and modulation
signals - but ring modulation cancels out the carrier
frequencies, and just lets the side-bands pass to the
output (see Fig. 1).

A ring modulator is used for the production of bell-like
sounds, alien voices, or just to produce new timbres.




A-114 Dual Ring Modulator System A -100 DOEFPFER

2. Dual Ring Modulator - Overview

In / Outputs:
A-114 o
RING MOD. O XiIn: Signal input
o X IN @ O Yin : Signal input
© X*Y Out : Output
® YN @
XY
© "ouT
RING MOD.




System A -100

Dual Ring Modulator A-114

3. In/ Outputs

O XIn « O Yin

Sockets @ and @ are the signal inputs for the A-114.
Patch the signals you would like to ring modulate into
these sockets.

The inputs need to have AC signals - so you should
use audio signals, not control voltages. For control
voltages, use a VCA.

© X*Y Out
Socket ® is the ring modulator Output.

4. User examples

Basic ring modulation

Fig. 1 shows a basic form of ring modulation using two
sine waves. This patch can provide bell- and vibes -
like sounds.

A-114

RING MOD.

f =TI7THz F—  m=v N
M L e fo+f, = 517.7 Hz

XeYOUT | g %
_ |

fo - fyy = 362.3 Hz

Fig. 1: Ring modulation with two sine waves
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Ring modulation of audio signals

A ring modulator is very good at doing weird things to
audio signals (for instance, voices, strings, sax).

The example at Fig. 2 shows an audio signal (input via
module A-119 "Ext. In") ring modulated with a sine
wave. The spectrum at the output contains the sum
and difference of the frequency of the sine wave with
every single one of the components of the audio
signal’s sound spectrum.

VCO
Audio Ot
O—wm A-119
ext. Env.Ou
Audio In

Fig. 2: Ring modulation of an external audio signal.

In this patch, the A-119 performs two functions.

On the one hand, it's bringing the level of the external
signal up to the A-100’s operating level (round about 5

VSS)'

On the other hand, it's also sending the envelope
follower output (the envelope generated by the exter-
nal audio signal) to a VCA. This is necessary because
the ring modulator doesn’t completely shut off when
there’s 0V input. The VCO is still just audible, at
approximately -50 to -60dB, even when there’s no
external audio signal. The VCA gates it completely.

Experiment with this set-up, for instance by
replacing the sine wave with other wa-
veforms (eg. sawtooth, square wave, etc.)

The waveform you use can itself also be
modulated (for instance by PWM, AM, FM,
or audio signal).
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“Glissando ring modulation”

The patch in Fig. 3. produces some interesting
sounds. Input two VCOs set to an exact harmonic
interval (eg. a fifth or octave) into the ring modulator.
Send the pitch CV direct to the first VCO, but run the
second oscillator’'s CV through the upper section of the

slew limiter (A-170) first.

Whenever the pitch CV changes, the ring modulation
causes gradual changes in the sound spectrum.

'J

Gate

cv

ADSR

A-170

= VCO1

VCO 2

iy

A4 1:II

RNG MOD
X N

Fig. 3: “Glissando ring modulation”

(I

Use the upper part of the A-170 for this,
because the diode offset in the lower part will
put the VCO out of tune.
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5. Patch-Sheet

The following diagrams of the module can help
you recall your own Patches. They’re designed so
that a complete 19” rack of modules will fit onto an
A4 sheet of paper.

A-114 A-114 A-114

RING MOD. RING MOD. RING MOD.

XIN(®) XIN[®) XIN@)

Photocopy this page, and cut out the pictures of
this and your other modules. You can then stick

diagram of your own system.

Make multiple copies of your composite diagram,
and use them for remembering good patches and

set-ups. Y IN[@) Y IN[®)] Y IN(®)
XeY XY XY
out ourt out

@8- . Draw in patchleads with colored
pens.

|
|
|
|
|
|
them onto another piece of paper, and create a ‘
|
|
|
|
|
|
|
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DIVIDER A-115

Audio In Orig.

F/2
A-115
DIVIDER

Fl a4

F/8
gu”dio F/ 16

1. Introduction

Module A-115 (DIVIDER) is a four-way frequency
divider.

The frequency of a signal at the input is halved (half
frequency = first sub-octave), quartered (1/4 frequency
= second sub-octave), and so on.

In this way, the DIVIDER produces four sub-octaves
(F/2 down to F/16).

At the output, the A-115 produces a summed mix of
the original and the four sub-octaves. There are at-
tenuators to control the amount (ie. Amplitude) of the
original signal and each of the sub-octaves.

Bear in mind that the sub-octaves output by the A-115
are all true square waves. If you put, eg., a sawtooth
into the Divider, it changes it into a square wave before
the frequency division takes place (using the Schmitt-
Trigger system, if you're interested). At the output,
therefore, there are always four square waves and the
original signal available.
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2. DIVIDER - Overview

A-115 DIVIDER

- é @ Orig:

—®
@ Flo—@
—®

®

©

Controls:

® Orig. :

@ Fl2:

® F/4:
@ F/8:
® F/16:

In / Outputs:

Q In:
® Out:

Attenuator controlling the amount of
the original input signal present at the
mix output @

Attenuator controlling the amount of
the first sub-octave present at the mix
output @

ditto for the second sub-octave
ditto for the third sub-octave

ditto for the fourth sub-octave

Signal input
Mix signal output
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DIVIDER A-115

3. Controls
® Orig.

This attenuator controls the amount of the original
input signal present in the mix output.

@ F/l2 ® F/16

These attenuators @ to ® control the amount of the
respective sub-octaves present in the mix output.
Say your production needs a stronger bass-line: you
can add a square wave an octave below the original
signal simply by setting attenuators @ and @ to maxi-
mum, and attenuators ® to ® to 0.

4. In/ Outputs
O Audioln

Socket @ is the divider’s input. Connect up the signal
whose frequency you wish to divide.

IxZ> The divider is basically set up to divide rectangle
waveforms. If you put another waveform into the
input (for instance a sawtooth) the A-115 will
change it into a square wave before dividing it.

® Audio Out

At output @ the total mix of the original signal and four
sub-octaves (depending on the position of attenuators
@ to ®) is available.

5. User examples

A-115 as a "frequency generator"

With the A-115, you can start out with a VCO’s basic
square wave and produce more complex waveforms.

Fig. 1 shows how the A-115 can take a simple square
wave and create a new wave form. Turn attenuators
@ to @ up to maximum, and set attenuator ® to 0.

In

A115
DIVIDER

Fl4

RARARARARRRAR

J >©—> Audio In

vCo

b o o o

C Audio
Out

Fig. 1. The A-115 as a frequency generator
Experiment with different level settings for each at-

tenuator, and also with other waveforms (for instance,
a square wave modulated by a slow LFO).




A-115 DIVIDER

System A -100 DOEFPFER

13

Frequency division of external audio

The patch in Fig. 2 shows how the A-115 can
frequency-divide an external monophonic signal (such
as a vocal, flute, or single-note guitar).

a5 A

DlVlDERFM <—/B’(
HEAUdIOOUt o 1
ext. Env. Out o~fpe s lff
Audio In

N

= ADSR

Fig. 2: Frequency division of external audio

The A-119 again has a double task: to bring the
external signal up to the level the A-100 needs, so that
the divider works properly, and to send voltages to an
ADSR. That means that the Threshold control must
be set relatively high, so that when the signal isn’t

gated, there’s enough level for the divider to work
correctly.

The ADSR controls a VCA, and closes it as soon as
the gate shuts down, so that possible glitches (eg.
when the sound of a string is dying away), are
avoided.

= The ADSR'’s release parameter must be set
to Zero.

If you like, you can patch an A-120 low pass filter (not
voltage controlled) in before the A-115. This may
improve the frequency division.
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VC Waveform Processor A-116

O%)
‘\

.
< $\

7
<

A-116
VCwW

Audio In

Clipping Clipping
Ccv Level

Symm. CV

Audio Out

1. Introduction

Module A-116 (Voltage Controlled Waveform Pro-
cessor) provides voltage-controlled dynamic wa-
veform modification of audio signals. It can produce
new waveforms from the standard VCO shapes, and
modulate these changes in real time.

The signal first of all goes through an input ampilifier,
which can attenuate the signal as well as amplify it by
up to a factor of 2.

After the input amplifier, the signal goes through two
parallel processors: a clipping circuit, and an
asymmetrical amplifier. The processed signals are
added together and sent to the output.

Clipping-Level and Symmetry amounts are not just
manually controllable, but can also be modulated by
control voltages, to produce complex, constantly chan-
ging waveforms.
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2. VC Waveform Processor - Overview

o o

A-116 VCw

VC Waveform Processor

@ Lev.
0 10
Clipping
Level
10

Audio In

TT®

Symm. CV
g
0 10

Cllpplng CVv

0

Audio Out

o @

Controls:

@ Lev.:

@ Clipping Level :

® CCV:
@ SCV:
® Sym.:

In / Outputs:

©® Audioln:

® Clipping CV :
© Symm. CV:
O Audio Out :

Input @ amplifier level control
Clipping threshold control
Clipping CV attenuator
Symmetry CV attenuator
Symmetry control

Signal input
Clipping CV input
Symmetry CV input
Signal output
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VC Waveform Processor A-116

3. Controls

@ Lev.

The input amplifier's gain can be set with attenuator
®. Since the gain amount is variable from 0 up to a
factor of 2, you can attenuate as well as amplify input
signals.

@ Clipping Level

With control @, you set the clipping threshold level
in a range from -10 V to +10 V. Any part of a
waveform which was above this threshold is clipped -
that is, held at the threshold level (see Fig.1).

® CCV

If you want to use a CV at input ® to control or
modulate the clipping threshold, set the clipping con-
trol voltage level with Attenuator ®.

@ SCV

Symmetry can likewise be controlled or modulated by
voltage control. Use attenuator @ to control the
level of the symmetry control voltage at input ©.

® Sym.

Symmetry, that is the gain factor of the internal
symmetry VCAs, is altered by control ®. The Sym-

metry VCA is a special amplifier which operates in the
amplification range from -1 to +1, so can amplify
negative as well as positive voltages (see Fig. 2).

Clipping
Level |

0
Clipping

Level \/

Fig. 1: how the clipping level works




A-116 VC Waveform Processor

System A -100

1.0 (Input Signal)

0.75

0.5 0

0.25
-0.25
-0.5
-0.75
-1.0

Fig. 2:In this example, a triangle wave is symmetrically
amplified by the internal symmetry VCA, with various
gain factors from 1.0 to -1.0

4. In/ Outputs

O AudioIn

Socket @ is the A-116 audio input.
® Clipping CV

The input to use for voltage control of the clipping
threshold.

©® Symm. CV

The input to use for voltage control of symmetry.

® Audio Out
Socket @ is the A-116 output.

5. User examples

The VC Waveform Processor A-116 is a very complex
module, which, especially through the modulation of
clipping level and symmetry parameters, can give any
number of sometimes drastic waveform transformati-
ons. It's definitely worth systematically investigating all
its possibilities. There follow a few suggestions, which
may be helpful starting points.

O Begin with waveforms like sine and triangle waves,
which have few overtones. Experiment with diffe-
rent combinations of symmetry and clipping level,
and listen to the results.

3O Fig. 4 shows an example of the different wa-
veforms which emerge from clipping a triangle
wave and putting it through different amounts of
symmetrical amplification.

3 Try modulating one parameter with an LFO while
keeping the other constant. Experiment with diffe-
rent LFO waveforms and frequencies.

O Repeat this process with different settings for the
second parameter.

O Try the same with the first parameter fixed, and the
second modulated by an LFO.

O Modulate both the clipping level and symmetry at
the same time. Try different combinations of modu-
lation, such as
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LFO (sine wave) for Symmetry,
LFO (square wave) for Clipping Level

RANDOM for Clipping Level,
Modulation wheel for Symmetry

etc.

By
rea

Try the same experiments with more complex (rich
in harmonics) waveforms like a square wave, sa-
wtooth, PWM, FM, or ring modulated sounds, or
external audio, for the input signal. Listen to the
results and take note.

patch the original signal and the A-116’s output
into a mixer.

Try using the waveforms generated by the A-116 to
modulate other modules such as a VCF or VCA.

Try using as an input the signal coming from a ring
modulator or a synced VCO. You can also get
interesting results by feeding the output of the
A-116 into a ring modulator, or into the sync input
socket of a VCO (see Fig. 3).

experimenting in these and other ways, you'll soon
lise what a powerful and endless source of dyna-

mic wave form variations the A-116 is.

A-114

Gate

Fig. 3: The A-116 used in combination with a ring mo-
dulator and synced VCOs.
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v=1
v=0.5
—
Input Signal Signal after Clipping v=0
Sum Up
=7 v=-0.5
v=-1
Fig. 4. Example of how the A-116 processes a -
triangle wave with a constant clipping
level and variable symmetrical ampli- Signals after beeing processed Output Signals
fier levels. by the symmetry VCA with
different settings of ‘v’
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A-117
DNG /808

Noise/
Cockout ~ Rate

Ext.
Clock In

R

Mix 2

Mix 6

1. Introduction

Module A-117 (DNG) is a combination module, inclu-
ding a digital noise generator and an 808 source.

The digital noise generator uses random sequences of
square waves, (18-band, with multiple slewed feed-
back loops), whose rate can go from random clicks to
pure noise. The colour of the noise is very different
from the analog noise produced by the A-118.

In addition to a manual setting, the rate can be control-
led by an external clock - eg. VCO, LFO or MIDI clock).

The 808 Source aims to re-create the sort of multi-
oscillator array that was used in Roland’s TR-808
and 606 drum machines as the basis of the sound of
the hi-hat, cymbals and cowbell. The cowbell mix
uses two oscillators, and the cymbals mix six.




A-117 Digital Noise Generator

System A -100

2. DNG/ 80

8 - Overview

A-117 DNG

DIG. NOISE/ 808 Source
DNG/

RND CLK Rate
— @

0 10
EXT.CLK

808 Sound Source

\
@)
-3
(o]
8
E
o
]

Controls:

@ Rate : Pulse rate control for random clock /
noise output @

In / Outputs:

© DNG/RND CLK : Outputfor random clock / digital
noise

® EXT. CLK: Input for external clock signal
©® 6 Osc.:
O 20sc.:

Output for 808 source (6 oscillators)
Output for 808 source (2 oscillators)
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3. Controls

@ Rate

This is used to adjust the pulse rate of the random
clocks generated. At low pulse rates, individual pulses
can be heard (see Fig.1, top), but with higher pulse
rates (see Fig.1, bottom) the sound merges into noise.

DNG/
Clock
Out

DNG/
Clock
Out

Fig. 1: A-117 output signals at different pulse rates

4. In/ Outputs
© DNG/RND CLK

Output @ produces random clock pulses or digital
noise, depending on the pulse rate set.

0 EXT.CLK

Input @ is a normalled socket, so that the rate knob
controls pulse rate, unless a signal is patched into this
socket.

This external clock can be provided eg., by a square
wave from a VCO or LFO, or from a MIDI clock, etc.. In
this case, control @ has no effect. Pulse rate is then
simply decided by the frequency of the external clock.

©® 6 Oscillators

Output ® delivers a six-oscillator mix, like the raw
material of the TR-808’s cymbal sound.

O 2 Oscillators

Output @ delivers a two-oscillator mix, like the raw
material of the cowbell sound on the Roland TR-808.
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5. User examples

Module A-117 is an inexhaustible source of scraping,
lip-smacking, bell or other untuned percussion sounds,
so the following examples should be taken just as
starting points for further experimentation.

Random clock pulses

With low pulse rate settings, the A-117’s output @ is a
source of randomly sequenced clicks or clocks. You
can use these for modulating a variety of things - for
instance the final ADSR in a patch, to produce sudden
sharp peaks in the filter cut-off point.

Alternatively, you can use the clock pulses to control
the voltage controlled switches A-150 and A-151, or
the clock divider / sequencer A-160/161. Relevant
patches can be found in the manual sections fo r the
respective modules.

The patch in Fig. 2 shows another application, where
the clock pulses are used with a filter for sound
creation.

It uses the ability of a filter to ‘ring’: if you patch a pulse
with a steep rising edge into a filter, it can set the filter
into a brief burst of resonance. Depending on the filter

type, different settings of the cut-off point and reso-
nance amount can lengthen a click into bell-like
sounds.

For example, if you use the 12dB band pass filter
output on the A-121, with the cut-off set at around 5,
and resonance set just below self-oscillation, you can
create effective dripping sounds. A slow LFO (c. 5
Hz) modulating the filter cut-off point, makes each drip
sound different.

A117 | ADSR | A-121 Al

JL FCV (\/\/\‘ .

NS

LFO

Fig. 2: random production of dripping sounds

Use the filter's resonance control to adjust the nature
of the sound, from a drier, cracking / clicking type of
sound (with little resonance) to a wetter, tinkly / bell-
like sound (with the resonance set high, just below
self-oscillation).
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Change the band pass for a high pass filter, put the
cut-off to high and the resonance to minimum, and
summon up a hailstorm.

C:“ Experiment with different filter kinds, and
settings for cut-off and resonance.  You'll
find all sorts of combinations of settings and
filter types that produce well usable percus-
sion sounds.

The A-117 as noise generator

At higher pulse rates, digital noise is available at
output @. For example, you can add this unfiltered to
other sounds. In Fig. 3, a patch for an 808-like bass
drum sound uses a VCA, two ADSRs (one with a very
short envelope) and a band-pass filter, to create a
burst of bass energy. This standard bass drum sound
benefits from filter ringing - see above.

= Again, this basic patch will work well with
other filter types, and cut-off and resonance
settings, to produce different sounds like tom
and snare drums.

A-117
M
ADSR 1

_ A |
Gate ADSR 2 A-121 Band

Fig. 3: Producing bass drum sounds

"Playable" noise

If you patch a VCO’s square wave output into the
external clock input, the frequency of the digital noise
follows the pitch of the VCO, to produce a sort of
pitched noise. Best for this is the High End VCO
A-111, which has a greater usable frequency range
than the standard VCO A-110.
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"Octave noise"

Patch the digital noise into an A-115 Audio Divider
and create extra sub-octave bands in the character
of the noise.

- The A-117’s digital noise is an excellent
sound source for the synthesis element in
the A-129 vocoder.

Producing percussion sounds a la TR-808

To produce a sound like the TR-808's cowbell, use
output @ (2 oscillators). Fig. 4 shows the relevant
patch.

With that same patch, you can also produce hi-hat
and cymbal sounds, using output ® (6 oscillators). IN
this case, the filter cut-off point neds to be about 10
kHz.
(@8> |nstead of the band pass filter, you can use a
low pass filter for the cowbell sound, and a
high pass filter will work for hi-hat and cym-
bal sounds.

Try other settings for filter cut-off and reso-
nance, and other types of filter, to produce all
sorts of different percussive sounds.

A-117

2 Oscil. A-121 Band w © g

Fig. 4: producing a TR-808 cowbell sound.

Use full range digital noise as source material for
noises and percussive sound effects, patching it
into an A-128 fixed filter bank and VCA, which in turn
is controlled by an ADSR. Experiment with all sorts of
different combinations of filter bank settings.

Another thought: the 6 oscillator signal at output © of
the A-117 works very well as an excellent sound
source for the synthesis section of the A-129 vocoder
(A-129/2).
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A-118

NOISE / RANDOM

White Blue

Colored Red

Rate
Random Level
Output

Random Control

1. Introduction

Module A-118 (NOISE / RANDOM) is (as you might
have guessed) a noise and random voltage genera-
tor.

It produces three types of signal: white noise, colo-
red noise, and random voltage.

White and colored noise can be used as audio sour-
ces, and also, in conjunction with a sample & hold
module, as control voltages, and the random voltage is
a useful source of voltage control, especially for its low
frequency content.

The A-118 gives you the ability to mix the relative
amounts of Red (low frequency component) and Blue
noise (high frequency component) in the colored noise
output.

There are knobs to control the rate of change and
amplitude of the random voltage, and two LEDs indi-
cate the state of the voltage at any one time.
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2. NOISE / RANDOM - Overview

A-118 NOISE /

RANDOM
White BIue
o (@ — @
Colored|r Red
o TLQ" -
Rate
—@-

Level

@ -

(3 L @ O O Random _| ®

Control

Random
Output

Controls:

@ Blue: Control for blue noise component at
colored noise output @

@ Red: Control for red noise component at
colored noise output @

® Rate: Control for the cycle time of the
random voltage at output ©

@ Level: Control for the amplitude of the ran-

dom voltage at output ®

® Random Control: LEDs indicating the state of the
random voltage at output ©

In / Outputs:

@ White: White noise output
® Colored: Colored noise output
© Random Output: Random voltage output
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3. Controls

The A-118 produces white and colored noise. White
noise contains all audio frequencies, at random ampli-
tude. The spectrum of white noise is completely flat -
ie. each section of the sound spectrum contains the
same amount of energy (see Fig. 1).

Another type of noise is pink noise. This also contains
all audio frequencies, but with equal weighting for each
octave rather than each frequency, so the higher
frequencies get progressively quieter (see Fig. 1).

~~ white

Amplitude =

1Hz  15Hz 20 kHz
Frequency =»

Fig. 1: Spectra of white and pink noise

@ Blue

Use control @ to adjust the amount of blue noise (the
high frequency components) in the signal at
output @ .

® Red

Use control @ to adjust the amount of red noise (the
low frequency components) in the signal at
output @ .

® Rate

Use control ® to adjust the cycle time T of the
random voltage at output ®. T is a theoretical figure,
because of the random voltages the module produces.
In practice, a setting of 0 on the knob means fast
changes in voltage, producing a spectrum similar to
pink noise (see Fig. 2); and 10 means slow changes
(see Fig. 3).

Remark: The random voltage is derived from the colo-
red noise output by low pass filtering. Consequently
the settings Blue and Red will affect the random
output. If desired the random voltage can be derived
from the white noise output. Please refer to the A-100
service manual or contact Doepfer if you want to
modify your A-118.
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Fig. 2: Random voltage with Rate = 0

Fig. 3: Random voltage with Rate =10

@ Level

The amplitude of the signal at output © is adjusted with
this control.

® Random Control

Use these two LEDs to keep track of whether the
random voltage is positive (+) or negative (-) at any
point in time. Their relative brightness also shows
amplitude.

4. Outputs
O White

Output @ produces white noise.

® Colored

Output @ produces coloured noise, whose spectrum
is determined by the position of controls @ and @.

©® Random Output

Output ® produces a random voltage, whose rate of
change and amplitude are determined by controls ®
and @.
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5. User examples

The A-118 as wind FX generator

O Patch the A-118 into an A-120 VCF as below. Set
CV2 to zero, the frequency to a mid position, and
the resonance to just below self-oscillation.

O Now increase CV2'’s level. An irregular wind sound
should emerge. Knobs ® and @ on the A-118
control the rate of change and amount of this
irregularity. @ and @ control the wind’s timbral
content.

A-120
VCF 1

A-118

NOISE / RANDOM
BI

ue
Red 1 Colored

Ccv2
»@%m

Frequency ‘_/Q/
Level
Rate
Audio In
Random
Level ouput ———— Audi
(@)= Ol;t ' Resonance
Random Control
- +

v

RRRT

Fig. 4: Using the A-118 and A-120 for wind noises

A-118

Random arpeggios

In this example, momentary random voltages from the
A-118’s random output are captured by a Sample
& Hold Module which is itself triggered by an LFO.
Every time the LFO completes a cycle, a new random
note is played by the VCO. It's possible to patch a VCA
in before the VCO, and, by adjusting the gain and
output parameters, control the frequency range of the
arpeggios.

NOISE / RANDOM
Random VCO T
(@] =
b—oc—o—
o JE—
— p—
<

Fig. 5: Rhythmic random arpeggios
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6. Patch-Sheet

The following diagrams of the module can help
you recall your own Patches. They’re designed so
that a complete 19” rack of modules will fit onto an
A4 sheet of paper.

Photocopy this page, and cut out the pictures of
this and your other modules. You can then stick
them onto another piece of paper, and create a
diagram of your own system.

Make multiple copies of your composite diagram,
and use them for remembering good patches and
set-ups.

@8- . Draw in patchleads with colored
pens.
» Draw or write control settings in the
little white circles.

!
|

A-118 NOISE/
RANDOM
Whlte Blue

Colored } O ed

e

Level

—(),

@ O ¢ Random

+ Control
Random

Output

A-118 NOISE/
RANDOM

Whlte Blue

Colored‘ m ed

A

Level

—()

ORele

Random
Output

Random
Control

A-118 NOISE/
RANDOM
Whlte Blue

Colored ‘ O

5

Level

—

Random
@ C_D ? Control
Random
Output
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Ext. Input / Envelope Follower A-119

Asym.
In

A-119
Ext. In.

Symm. In Gain

Audio
Out

Envelope
Out

Threshold

1. Introduction

Module A-119 (External Input / Envelope Follower)
is designed to allow external audio signals to be
integrated into the System A-100. It comprises a pre-
amp, envelope follower, and comparator.

The pre-amp has two inputs: an unbalanced input for
line level signals, with a gain factor of from 0 to 20, and
a balanced input with a gain factor of from 0 to 500,
for insertion of low level signals, for instance from a
microphone or electric guitar.

The Envelope Follower reads the signal level of the
input, and puts out a proportional voltage as an enve-
lope at its own output (see chapter 3. How it works).

The comparator generates a gate signal whenever the
input goes above an adjustable trigger threshold (see
chapter 3. How it works).

Three LEDs help you keep track of overload, the
envelope, and the gate signal.
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2. A-119 - Overview Controls and indicators:
® Gain: Control for input signal level
A-119 Ext.In. @ Over-Load : LED overload warning
Ext. Input/EciREISEE ® LED: Envelope level indicator at (output ©)
Asym. In Symm. -
o N @ In o @ LED: G?te indicator (output ®)
® Thres.: Trigger threshold control
Audio Out
® @ Gain[—Q1)
4 - In / Outputs:
Ja ©® Asym.In: Unbalanced input for line-level audio
o— O load @ ® Symm. In: Balanced input for mic or instrument-
Envelope level signals (6.3 mm jack socket)
. | é’t o ® (3) Audio Out : O.utpu.t for pre.-amped audio signal
O Audio Out : ditto, linked with output ©
Gate Out Q - —® © Env.Out: Envelope output
O — @ @ — O Gate Out: Gate output
0 10
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3. The Envelope Follower: how it works

The external audio signal (see Fig. 1a) is patched into
input @ or @, depending on its level. It is amplified by
an amount set by the gain control @, brought up to
A-100 internal operating level, and can then be output
from audio outs ® and/or @.

To produce envelope and gate signals, the amplified
signal is put through a full-wave rectifier, so that the
internal signal output has only positive voltages (see
Fig. 1b).

Next, the rectified signal passes through a 50 Hz low
pass filter, and is sent to envelope output ©.

= With input frequencies of less than 50 Hz,
patch the envelope output ® into an A-170
slew limiter, set to a time constant of greater d
than 20 ms, to avoid remnants of the signal
being audible in the envelope.

The signal at the envelope output is compa-
red with the adjustable trigger threshold (T in

Fig. 1c), to produce gate signals, available at Fig. 1: The envelope follower: how it works
output G.
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As soon as the envelope amplitude exceeds the trig-
ger threshold T, the gate signal is output (see the black
arrows in Fig. 1d on the previous page). When the
signal drops below the threshold again, the gate signal
stops (see the white arrows in Fig. 1d).

4. Controls and indicators

® Gain

This knob controls the amount of amplification the
external signal receives. This depends on the input
chosen:

e unbalanced input®: 0...20

e balanced input ® : 0 ... 500.

@ Overload

LED @ lights when the circuit is overloaded - that is,
when the amplified signal exceeds 10 V.

® LED

The voltage of the envelope produced at output @
can be monitored with LED ®.

@ LED
LED @ monitors the gate signal at output @.

® Threshold

Control ® is used to set the trigger threshold T,
above which a gate signal is generated (see Fig. 1c).

5. In/ Outputs
O Asym. In

The 3.5 mm mono mini-jack socket @ is the A-119’s
unbalanced input, designed predominantly for line
level external audio signals and/or audio generated
within the A-100 system.

® Symm. In

The 6.3 mm stereo full-size jack socket @ is the
A-119’s balanced input, for low level signals such as
from a microphone, electric guitar, and so on.

= Because there’s just one gain control for two
inputs, only use one input at a time. If you
use both at once, their signals will be mixed
in a 1:25 ratio.
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©® AudioOut +« O Audio Out

The external audio signal, amplified by an amount set
by the gain control, is available at audio output ©
and/or @. These two sockets are simply linked as a
“mini-multiple”.

6® Env. Out

The envelope generated by the A-119 is available at
this output @ (see Fig. 1c).

O Gate Out

The gate signal generated by the A-119 is available at
this output (see Fig. 1d).

6. User examples

Manipulating external audio signals

The A-119 is what makes it possible for individual
parts of the A-100 to manipulate external signals. In
the patch in Fig. 2, an external audio signal is filtered
by a VCF, whose cut-off frequency is controlled by an

ADSR.
”WD%MW "~ » VCF p 0
\ A
ext. -
i RN
@-—={symm.In  Gain ~—/E’
©~o il i
wgwxalﬂpei;@l‘
g;j nnnnnnnnn il
&,

. » ADSR I> M
I 1

Filtering an external audio signal

Fig. 2:
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Ring modulator squelch patch

A ring modulator works particularly well with external
audio signals such as voices, strings, or saxophone.
In the patch in Fig. 3 a typical external audio signal is
ring modulated with a sine wave.

A-114
RING MOD.
vVCO X IN
NW M i, YN
X+ Y OUT
ext.
Audio & B At
@+ symm.n Gan ._/E’
g o e f_\
©4 gv‘ralope qi W
4@4@7 e
®, T

Fig. 3: Ring modulator squelch patch

In this patch, the A-119 has two functions. One is to
bring the level of the signal output at ® and/or @ up to
the operating level of the A-100 (c. 5 V). The other is

to generate an envelope which can then control the
ring modulator’s output via a VCA.

This is necessary because the ring modulator doesn’t
shut down completely when there’'s a 0 V input. It
goes to about -50 or -60 dB, and so traces of the VCO
or external signal can still be heard.

The combination of the A-119 and VCA causes the
ring modulator to shut down completely (‘squelch’) if
there is no input present.

The A-170 slew limiter smooths out the gate signal
generated by the A-119 a little, to avoid clicks in the
VCA.
(™= |nstead of gate signals, you can use the
envelope generated by the A-119 to control
the VCA, and thus maintain the loudness
pattern of the original sound.

6
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“Ducking”, using an external signal

In the patch in Fig. 4 the amplitude of an external audio
signal controls the loudness of an A-100 patch.
Whenever an external audio signal is present, the
internal A-100 sound is attenuated (set the gain of
VCA 2 high).

Without the A-175 inverter, the opposite of this occurs

(set the gain of VCA 2 to zero).
u Gain =10

Ve VvCO

Gate

—» ADSR

ext.
Audio

H

7
oF
Q

eeeeeeee

Out
N s

Lo &

Fig. 4: “Ducking” by using an external signal

"Singing synth"

With the patch in Fig. 5, you can create a ‘singing
synth’: when you sing into the microphone, out of the
VCA comes a very interesting sound, distinctive but
difficult to describe.  Turn up the first and second
sub-octaves on the A-115, and turn the original ound
right down.

©=rom A119

Ext. In.
Micro S il
Eral 1

e A115 |» A-120 w o

—» ADSR

Fig. 5: "Singing synth"
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o1 A-120
VCF 1

Cv 2

v 3 Frequency

Audio In

Audio
Oout Resonance

1. Introduction

Module A-120 (VCF 1) is a voltage controlled low-
pass filter, which filters out the higher parts of the
sound spectrum, and lets lower frequencies pass
through.

The Cut-Off Frequency determines the point at which
filtering takes effect. You can control this manually, or
by voltage control (filter modulation, for instance by
an LFO). Three CV inputs are available, and the sum
of the voltages from these affects the filter cut-off.

VCF1 is a co-called "transistor ladder" design, with a
cut-off slope of -24 dB/octave, as in various Moog
synthesizers. That's what gives it its classic, legendary
Moog sound.

Resonance (or Emphasis) is adjustable all the way up
to self-oscillation - in which case the filter behaves like
a sine wave oscillator.
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2. VCF 1 - Overview

A-120 VCF1
LOW PASS FILTER
CVv1
@ Freq.
0 10
CV2
0
0 10
Cv3
@ @ Ccv3
0 10
Audio In
@ @ Lev.
0 10
Audio Out
@ @ Res.
0 10

—@
—®
—®

Controls:

® Freq.:
@ CV 2:
® CV3:
@ Lev.:
® Res.:

In / Outputs:

O CV1:

08 CV2

©® CV3:

O Audio In:
6 Audio Out:

Cut-off frequency control

Attenuator for CV at input @
Attenuator for CV at input ©
Attenuator for audio input @

Control for setting the filter's reso-
nance (emphasis)

Voltage control input

ditto, level controlled by @
ditto, level controlled by ®
Input to the filter

Output from the filter
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3. Controls

® Freq.

With this control you adjust the Cut-Off Frequency f_,
above which the filter attenuates all frequencies. At 10,
the filter is fully open. The more you turn down this
control, the more the high frequencies are filtered.
The sound becomes mellower and less bright (see
Fig. 1) until at O the filter is completely shut, and there
will be no output signal at all.

cv

Out

Freq. Freq.

Fig. 1: White noise put through a low pass filter.

@Cv2 « ® CV3

For voltage control or modulation of the cut-off fre-
quency, use these CV inputs ® and/or © (see Fig. 1).
Use attenuators @ and/or ® to adjust the control
voltage level.

@ Lev.

Use this attenuator to control the amount of signal
entering the filter input @.

= If the filter's output distorts, turn this control
down, unless you deliberately want the
sound as a special effect.

® Res.

With this control you adjust the filter's resonance
(emphasis) - the parameter which emphasises the
frequencies around the cut-off point f. (see Fig. 2 on
p.4).

Close to its maximum setting, the filter becomes so
resonant that it goes into self-oscillation, and starts
behaving like a sine wave. You can take advantage
of this effect, and use the VCF as an additional oscilla-
tor.




A-120 VCF1 System

A-100 DUEPFER

13

T Attenuation »

o
o

! Frequency =
fC

Fig. 2: How resonance affects the response of a low
pass filter

In / Outputs
O CVv1

Socket CV 1 is the filter's standard voltage control
input, and works on the 1V / octave rule, like the
VCOs.

If you patch a modulation source (eg LFO, ADSR) to
this input, the cut-off frequency of the filter will be

modulated by its voltage: ie., the sound color changes
according to the voltage put out by the modulator.

If you use the VCF as a sine wave oscillator, connect
the pitch CV into this socket. Do the same if you want
the filter's cut-off frequency to track exactly with the
pitch of a note.

®eCv2 - ©® CV3

Sockets CV 2 and CV 3 are also voltage control
inputs for the filter. Unlike CV 1, you can control the
level of voltage - the intensity of modulation effect on
the filter - with attenuators @ and ®.

O Audio In

This is the filter's audio input socket. Patch in the
output from any sound source (eg. VCO, noise gene-
rator, mixer).

® Audio Out

Filter output ® sends out the filtered signal.

4
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5. User examples

The filter's cut-off frequency can be modulated in
various ways:

e VCF -LFO

Modulation of the cut-off frequency produces cycli-
cal changes of the sound spectrum. At low
frequencies (c. 1 - 5 Hz), you get a "Wah-Wah"-
effect. Modulation in the audio range produces
interesting sounds; the same principles apply here
as with frequency modulation of the A-110 VCO
(see chapter 6).

e VCF - ADSR
Modulation by an envelope results in gradual
change of the sound spectrum. Typical uses
would be the synthesis of electric bass or drum
sounds, and filter sweeps, which slowly sweep
through the audio spectrum, emphasising different
harmonics.

e VCF - Keyboard CV
This modulation produces pitch-related filter ope-
ning: the higher the pitch, the more the filter opens,
and the brighter the sound becomes.

Producing wind FX with A-120 and A-118

O Patch coloured noise into the audio input, and
random voltage CV into CV2. Set the filter CV to 0,
cut-off to a middle value, and the resonance just
below self-oscillation.

O Now turn CV 2 up. A whistling wind sound will
occur. You can control the rate and amount of its
irregularity with controls @ and @ on the A-118, and
the tone colour with the A-118’s controls @ and @.

A-120
VCF 1

A-118

NOISE / RANDOM
Ccv2

Blue 1 I C F cv2
Red Colored

Frequency
Level
Rate
Audio In
Level Rndm@ @ |
Output C Audio
Out

Random Control
R +

v o

TRRY

Resonance

Fig. 3: Creating wind effects
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FCV 2

Qcv

(@)=

Audio
In

FCV 1

FCV 2

Qcv

Audio
Out

A-122
VCF 3

Frequency

Resonance

1. Introduction

The modules A-105 and A-122 are voltage-
controlled low-pass filters, which filter out the higher
parts of the sound spectrum, and lets lower frequen-
cies pass through.

The cut-off frequency determines the point at which
filtering takes effect. You can control this manually, or
by voltage control (filter modulation, for instance by
an LFO). Two CV inputs are available. The cut-off
slope is -24 dB/octave.

Voltage controlled resonance: for both A-105 and
A-122, resonance can be controlled not just manually,
but by voltages as well, right up to self-oscillation. In
this case, the filter behaves like a sine wave oscillator.
The A-105 is based on the special circuit SSM2044,
that was used in several devices of the companies
Korg (Polysix, Mono-Poly), Sequential Circuits
(Prophets, Pro-One), PPG, Fairlight, Emu and Kawai.
The circuitry of the A-122 uses a Curtis CEM 3320
chip, and is very similar to the classic Oberheim filter
sound. Because of the different circuits the A-105 and
A-122 have considerably different sounds and even
sound different compared to the other filters (e.g.
A-120 Moog-type low pass, A-102 Diode Low Pass or
A-103 18dB low pass, A-124 Wasp filter).

As the functions and controls are the same for both
modules they are a combined in one manual.




A-105/ A-122 System A -100 DOEPFER
2. VCF 3 - Overview Controls:
® Lev.: Attenuator for audio input @
A-122 VCF 3 @ Frq. : Cut-off frequency control
24 dB LowResell ® FCV: Attenuator for filter CV at input ©
A @ QCV: Attenuator for resonance CV at input
o o @~ o A
0 P ® Res.: Control for setting the filter's reso-
FCV 1 nance (emphasis)
(2 @ Frq. ——@
y & In / Outputs:
FCV 2
o @ S © Audioln: Input to the filter
0 10 ® FCV1: Input for voltage control of the filter
Qcv cut-off frequency (1 V /octave)
0oO— @ Qcv——@ ©® FCV2: ditto, level controlled by ®
g 10 0 QCV: Input for voltage control of the filter's
Audio Out resonance; level controlled by @
5 @ @ Res. ——® © Audio Out : Output from the filter
0 10
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3. Controls cv
@ Lev.
\
Use this attenuator to control the amount of signal i
entering the filter input @. |
Out | Out

= If the filter's output sounds distorted, turn this fe | ;

control down, unless you deliberately want — C

the sound as a special effect. 1
@ Freq. \

Freq. ‘ Freq.

With this control you adjust the Cut-Off Frequency f.,
above which the filter attenuates all frequencies. At 10,
the filter is fully open. The more you ‘close down’ the
filter, the more the high frequencies are filtered (see
Fig. 1): the sound becomes mellower and less bright,
until at 0 the filter is completely shut down, and there
will be no output signal at all.

® FCV

For voltage control or modulation of the cut-off fre-
quency using CV input © (see Fig. 1), use attenuator
® to control the level of voltage control.

@ Qcv

Attenuator @ gives you control over the level of vol-
tage control applied to resonance.

Fig. 1: White noise put through a low pass filter

@ QcCv

Attenuator @ gives you control over the level of vol-
tage control applied to resonance.

® Res.

With this control you adjust the filter's resonance (or
‘emphasis’) - the parameter which emphasises the
frequencies around the cut-off point f; (see Fig. 2). It
strengthens or emphasises the band of frequencies
around the filter’s cut-off point.
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At close to maximum resonance, the filter starts to
self-oscillate, and behaves like a sine wave oscilla-
tor. Thanks to this effect, you can use the filter as an
independent tone source.

am plitude

0db

1‘:C frequency

Fig. 2: How resonance affects the behaviour of a
low pass filter.

4. In/ Outputs
@ Audioln

This is the filter's audio input socket, where you
patch in the output from any sound source.

® FCV1

Socket FCV 1 is a voltage control input for the filter.
It works on the 1V / octave rule, like the VCOs.

If you connect the output of a modulation source (eg
LFO, ADSR) to this input, the cut-off frequency of the
filter will be modulated by its voltage: ie, the sound
color changes according to the voltage put out by the
modulator.

= |f you use this VCF as a sine wave oscillator,
connect a pitch control voltage to this input.
Do the same if you want the filter's cut-off
frequency to track exactly with the pitch of a
note.

© FCV 2

Socket ® is also a voltage-control input for the filter.
Unlike on socket @, though, you can adjust the level of
voltage by using the attenuator ® , and thus control the
intensity of modulation effect on the filter.
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O QCcvV
This socket is the voltage control input for the filter's
resonance.

If you patch a modulation source (eg LFO, ADSR) to
this input, the resonance of the filter will be modulated
by it: increases in voltage will increase the amplitude
of the frequencies around the filter cut-off point.

® Audio Out

Filter output ® sends out the filtered audio signal.

5. User examples

The filter's cut-off frequency can be modulated in

various ways:

e VCF-LFO
Modulation of the cut-off frequency produces cycli-
cal changes of the sound spectrum. At low fre-
quencies (c. 1 - 5 Hz), you get a "Wah-Wah"
effect. Modulation in the audio range produces
interesting sounds; the same principles apply here
as with frequency modulation of the A-110 VCO
(see chapter 6).

e VCF - ADSR
Modulation by an envelope results in gradual
change of the sound spectrum. Typical uses
would be the synthesis of electric bass or drum
sounds, and filter sweeps, which slowly sweep
through the audio spectrum, emphasising different
harmonics.

e VCF - Keyboard CV
This modulation produces pitch-related filter ope-
ning: the higher the pitch, the more the filter opens,
and the brighter the sound becomes.

24 dB Bandpass °* 24 dB Notch

By combining the A-123 high pass filter with the A-122
low pass filter, it's possible to create 24 dB band
pass or 24 dB notch filters (as opposed to the

5
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A-121 multi-mode filter's 12 dB) with voltage control-
led resonance.

To create a bandpass filter, put both modules in
series (see Fig. 3). The band-width is governed by the
difference between the cut-off frequencies of the two
filters f_ (A-122) and f,, (A-123); the middle frequency
is half way between the two: fy, = (f_ + £, )/ 2.

——# A-123

C—m A-122

Freq = Freq. = | | Freq o

Fig. 3: 24 dB band pass filter (resonance = 0)

A notch filter is created by putting both modules in
parallel, and controlling their outputs with an A-138
mixer (see Fig. 4). The band-width and middle fre-
quency are determined by the same factors as in the
bandpass.

When modulating these ‘construction kit filter types,
certain rules apply:-

Freq = Lf Freq o

A-122 1 )
O A-138
A-123 J ‘
T — '
Freq. =
a4 -
Freq™

fH

Fig. 4: 24 dB notch filter (resonance = 0)

e To maintain the exact bandwidth, the cut-off
frequencies of both filters must be modulated by
the same amount.

¢ If you modulate the cut-off frequency of just one of
the filters, or both of them by different amounts, or
different modulators, the bandwidth and middle
frequency will themselves be modulated.

e At a resonance setting of greater than zero, or
when the resonance is modulated, the middle fre-
quency will be skewed. With different resonance
settings or modulation of each filter, this will have
the same result.
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Level
Audio
© = e A-124
WASP FILTER
(@)= cVv1
CV2
@}ﬂi» cv 2 Frq.
@>4 BP Out Res.
(@)~ LP/HP Out Mix

1. Introduction

Module A-124 (WASP FILTER) is a special voltage-
controlled multimode filter with a cut-off slope of
-12dB / octave.

The special feature of the A-124 is the peculiar
electronic circuitry of the Wasp synthesizer manufac-
tured at the end of the seventies by the UK company
EDP (Electronic Dream Plant). This synthesizer is well
known for its eye-catching black/yellow wasp design
and its distinctive filter. lts circuitry "abuses" digital
inverters as analog operational amplifiers leading to
distortions and other "dirty" effects that generate the
specific sound of this filter.

Our version is equipped with a band pass output and
a combined low/notch/high pass output. For this
latter output a control knob defines the relative
amounts of low and high pass signals. If both si-
gnals appear at the same level (i.e. middle position of
the Mix knob) one obtains a notch filter. Otherwise the
low or high pass signal predominates.

Resonance can be adjusted manually. The filter can't
go into self oscillation, in contrast to most of the other
VCFs in the A-100 system.

The cut-off frequency can be adjusted manually, or
by voltage control. Two CV inputs are available.
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2. VCF 5 - Overview
A-124 VCF5
WASP FILTER
Audio In
Q— m Lev. ——@
@ 0“10
CV1
oo @ —o
o
CV 2
® — O cv2—©®
0010
BP Out
0oO— O Res.——@
0010
LP/HP Out
00— m Mix —®)
@ LP“HP

Controls:

@ Audio Level :
@ Frq.:

® CV2:

@ Res.:

® Mix :

In / Outputs:

O Audioln:
® CV1:

® CV2:

O BPOut:

© LP/HP Out :

Input signal attenuator
Cut-off frequency control
Attenuator for filter CV ©
Resonance control

Control for relative amounts of low
and high pass signal

Audio input to the filter
Cut-off frequency CV input
ditto, level controlled by ®
Band-pass filter output

Mixed low-pass / high-pass filter out-
put
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3. Basics

Module A-124 contains three filter types: low-pass,
high-pass and band-pass. Low-pass and high-pass
signals are internally mixed and appear as the mixed
LP/HP output ©. The mix control ® governs the
relative amounts of low-pass and high-pass.

With the mix control fully counterclockwise, at "LP",
the mix output forms a pure low-pass. This is the
most common type of filter in analogue sound produc-
tion, which filters out the higher parts of the sound
spectrum, and lets the lower frequencies pass un-
changed. Cut-off frequency f. determines the fre-
quency at which this occurs (see Fig. 1).

With the mix control fully clockwise, at "HP”, the mix
output is a pure high-pass. The high-pass filter is a
mirror-image of the low-pass filter: while it lets fre-
quencies that are higher than the cut-off frequency f;
through, it attenuates frequencies below the cut-off
point (see Fig. 1).

With the mix control in its middle position, the result is
a symmetrical notch filter, letting through the upper
and lower end of the frequency spectrum, but rejec-
ting a band in the middle. If the mid-frequency is
modulated by an LFO, the result sounds very similar
to phasing.

Out Low Pass  Out High Pass
| |
fo Freq. fo Freq.
out
Out Notch Y Band Pass
|
fe Freq. Freq.

Fig. 1: Typical response curves of the four filter types.

When the mix control deviates from the middle posi-
tion the notch is asymmetrical, i.e. the low-pass or
high-pass share predominates.

In the band-pass filter, which has its own output, both
ends of the frequency spectrum are attenuated (see
Fig. 1), and the cut-off frequency f, becomes the mid
frequency. It gives you the ability to highlight a
particular frequency band.
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4. Controls

@ Lev.

This attenuator controls the input level of the signal to
be filtered, entering the module at input @ .

= If the filter's output signal is distorted, turn
this control down, unless the distortion is
wanted as a special effect.

@ Freq.
The filter frequency is adjusted with this control.

® CV2

If you want to control or modulate the cut-off frequency
by a voltage patched into input ®, use attenuator @
CV 2 to set the level of voltage control.

@ Res.

With this control you adjust the resonance of the filter
(also known as emphasis or Q), which emphasises
the frequencies around the cut-off frequency f.. As the
value for Q gets higher, the frequencies around the
cut-off frequency f. are emphasised. Fig. 2 shows this
process using a low-pass filter as an example (a
high-pass filter would produce a mirror-image). This

way, you can make the frequencies around the cut-off
point stand out more.

In band-pass mode, an increase in Q’s value makes
the bandwidth narrower. The same is true of notch
mode, but of course in this case this narrower band will
be rejected, instead of let through.

Resonance Q

T Attenuation =

(=]
Q

Frequency =
fC

Fig. 2: How resonance affects the response of a
low-pass filter around the cut-off frequency.

4
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® Mix

Mix control ® adjusts the relative amounts of low-pass
and high-pass signals appearing at the LP/HP mix
output @.

You can move from pure low pass (LP position on the
control) via asymmetrical / symmetrical / asymmetrical
notch to pure high pass (position HP).

5. In / Outputs

@ Audio In

This socket is the filter's audio input. Patch the
output of a sound source (such as a VCO, noise
generator or mixer) into it.

e CV1

Socket CV 1 is a voltage control input for the filter
frequency. It works approximately to the 1 V / octave
standard (like a VCO). Due to the simple Wasp filter
design the control scale is not very precise.

If you patch a modulation source (eg LFO, ADSR) into
this input, the cut-off frequency of the filter will be
modulated by its voltage: ie, the sound color changes
according to the voltage put out by the modulator.

© CV2

Socket CV 2 is another voltage control input for the
filter. Unlike CV 1, you can control the level of voltage
- the intensity of the modulation effect on the filter -
with attenuator ®.

O BP Out
This is the band-pass output.
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6. User examples

© LP/HP Out The A-124’s cut-off frequency can be modulated in a

variety of ways (see table below).

This is the mixed low-pass/high-pass output.

Modulator Result
LFO cyclical changes of the sound spectrum
(e.g. A-145, A-146, A-147, A-191)
ADSR gradual change of the sound spectrum
(e.g. A-140, A-141, A-142)
random random sound changes (e.g. A-118, A-148)
pitch CV pitch-related filter opening and closing
sequencer | rhythmical sound changes (e.g. A-155)
theremin body controlled sound changes (e.g. A-178)
light CV sound changes controlled by illumination inten-

sity (e.g. A-179)

env. follower

sound changes controlled by the envelope of
an audio signal (e.g. A-119)

foot control

sound changes controlled by foot controllers
(e.g. A-177)

MIDI

sound changes controlled by MIDI events e.g.
MIDI controllers (A-191)
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Ccv

Ao A-125

VCP
Cv 2 Shift
cv
Resonance
Audio Mix

Out

1. Introduction

Module A-125 (VC Phaser) is a voltage controlled
phase shifter.

Phase shifting can be controlled either manually or by
voltage control.

Other parameters which can be controlled are reso-
nance (governing the depth of the comb filtering, and
tonal color - see page 3) and mix (the amount of the
original signal which is added to the phase-shifted
signal).
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2. VC Phaser - Overview

A-125 VCP
VC PHASE SHIFTER
Audio In
Qo @ @Level
0 10
0
0 10
cv
(2 @ cv
0 10
@ Res.
0 10
Audio Out
®— @ Mix
0 10

—®
—®
—®

Controls:

@ Level :
@ Shift :
® CV:

@ Res.:
® Mix :

In / Outputs:

@ AudiolIn:
Ao CV:
©® Audio Out:

Attenuator to control the level of the
signal at input @

Control for manually setting the
amount of phase shift

Attenuator for the phase shift voltage
control signal at input @

Resonance control

Control for setting the amount of the
original signal added to the phase-
shifted signal

Audio input
Input for pitch-shift voltage control
Audio output




System A -100

VC Phaser A-125

3. Basic principles

The phasing process relies on dynamic comb filtering.
The comb filtering produces a series of gaps in the
audio spectrum (in Fig. 1, at 200 Hz, 1 kHz and 5
kHz), by the cancelling process which is created byha-
ving identical sounds 180° out of phase with each
other (or ‘inverted’).

relativer Output =

50 100 200 500 1k 2k 5k 10k 20k

Frequenz [Hz] =

Fig. 1: The principle of phasing

These zero points are continuously swept through the
audio spectrum, cancelling out different frequencies,
and producing the characteristic phasing sound.

The principle can be explained by looking at the dia-
gram (Fig. 2) of a phaser created by three band pass
filters. Here, audio is input to the three filters BP1 to
BP3 (notch filters also work), set to different middle
frequencies. A slow LFO modulates the frequencies.

The outputs of the band pass filters are then mixed
with the original signal. Because of the phase reversal
inherent in the filter design (most apparent close to the
middle frequency), different areas of the audio
spectrum are cancelled out.

Audio In O

Mixer l»@ Out

LFO II

f~3Hz

Fig. 2: A phaser model using separate modules
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4. Controls

® Level

Attenuator @ controls the level of the input signal.

@ Shift

Phase shift amount is controlled with this knob, in a
range from around 0° to 180°.

® CV

As well as manual phase shifting, a control voltage at
input ® can modulate the shift. Attenuator ® sets the
level of voltage control.

As a rule, a slowly changing signal (eg LFO, ADSR,
Random, etc.) is used for this modulation.

@ Res.

This knob controls the resonance - the amount of the
output signal fed back to the input. With this you can
control the exact depth of the signal cancellation (see
Fig. 1). The resonance parameter controls the tone-
colour of the sound; you can’t use resonance to make
the phaser self-oscillate like on a VCF.

® Mix

Use control ® to determine the exact balance of
phase-shifted and original signal. From minimum to
maximum produces the following:

Mix= 0: just phase-shifted signal - "phase /
vibrato": the signal sounds somehow skewed.

Mix=10: 50% phase-shifted + 50% original signal
- phasing: typical swooshy phaser sound.

C: Try out different settings for resonance and
mix, to see how what effect these parame-
ters have on the sound.




DOEFPFER System A -100 VC Phaser A-125

5. In/ Outputs 6. User examples
O AudioIn Standard set-up
Socket @ is the phaser’s audio input. Fig. 3 shows a typical patch, with various alternative

sources of slow-changing modulators affecting the
speed of the phase sweep.

e CV

The control voltage for modulating the speed of phase LFO Audio In

shifting is input at socket ®. You can set the level of
ADSR e A-125
VCP

this CV with control ®.

9 A d- o t % cv2 Shift 4—/9’
udio Ou o
Random @ mofro
Output ©® has the mix of phase-shifted and original @
signals determined by the position of control ®. ® Resanance il
alternativ o
S&H w o
A-190 .
cV 2 Audio Out

Fig. 3: Typical phaser application
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The phaser is simply inserted in the audio path like
this. For modulation sources, you could use, for
instance, any of the following:

:::?‘:; Module| Adjustment Effect

@ LFO |low frequency |free-running
A-145 | (<2 Hz) phase-shift

® ADSR slow envelope |keyboard-
A-140 controlled phaser

® Random slow random random phasing
A-118 |rate

@ S&H random phasing
A-148
A-190 |any MIDI con- |MIDI - controlled

® CV 2 troller for CV 2 | phasing

(eg. velocity)

With the last two of these alternative modula-
tors particularly, you can optionally use an
A-170 Slew Limiter after them, to smooth out
sudden jumps of control voltage, and make
the phasing transitions less abrupt.

"Stereo"-Phasing

Using two A-125s and the patch in Fig. 4 you can
create a wide pseudo-stereo phasing effect, with inver-
ted signals coming out of each of the two audio
channels (Out, und Outg).

Typically, you can use a slow LFO to provide the
modulation for the phase shift, but any other modulator
will work, as with standard phasing. Phaser VCP 1 is
fed the modulation from the LFO directly, while an
A-175 voltage inverter is patched in before the second
phaser VCP 2, to invert the modulation.

» VCP1

Audio _I

dio | &” X

Yy cv

> VCP 2
Out,

Fig. 4: "Stereo" phasing
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Audio
In Level

!

A-127

Audio VCRF
In
LFO Frq. ﬂ’
ext. CV—CV Ampl. /B/
VCF1  VCFFrq =
A(L;Sito Resonance /B’
Audio Lev. E’l
VCF2 : VCF3
Mix Out

Original /B/

1. Introduction

Module A-127 is a Voltage-Controlled Triple Reso-
nance Filter), consisting of three separate band pass
filters with one common input.

For each of the filters, the filter frequency and Reso-
nance can be manually controlled, and in addition
the filter frequency can be voltage controlled. Each
filter has its own audio output. There is also a Mix
output which takes your chosen amounts of each of
the three filter outputs and the original signal - set by
the Audio Level controls - and outputs them from one
socket.

Each of the filters also has an internal LFO (a triangle
waveform) for modulating the filter, and there are
controls for LFO frequency and amplitude. Instead of
the LFO, an external control voltage can be used,
whose amplitude can be manually controlled.

= There is an alternative scenario:- each of the
three filters can also be configured as a
12dB low-pass filter with resonance con-
trol. To do this, a jumper has to be re-
positioned on each of the three circuit boards
(see chapter 7, Appendix).
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P T

\ext. CVv LFO Frq. CV Ampl. VCF Frq.
i 0 0
|} ®0c10 0?10 0“10

0

2®“10 @0 @

Audio ‘ 1 same circuit
In “ ‘ 2 same circuit
o @ o 0 3 ® ® @ [ou]
Audio In ® ©
Level L

A-127 VCRF Triple Voltage Controlled Resonance Filter

Resonance Audio Level

0

¢ €
¢ €

0 0

o

=
o
N

]

=
o
o
N

]

0

Eo

0
Original

o
N

¢

-

Audio
Out

VCF 1

e —©

VCF 2

O

VCF 3

O

Mix

@ i
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Controls:
® A.InLevel: Input signal attenuator
per VCF:

@ LFOFrq.: LFO frequency control

® CV Ampl.: Attenuator for external CV and/or
LFO amplitude

@ LED: LFO and/or external CV indicator

® VCF Frq.: Filter frequency control

® Resonance : Filter resonance control

@ Audio Level: Level control for audio output
amplitude of the filter (*)

Original : Control for setting the amount of

the original signal present at the
Mix output @

(*) For modules manufactured until end of 1998 control
@ affects both the individual outputs ® and the mix
output @. For modules manufactured 1999 and later
control @ affects only the mix output @, but not the
single outputs ©.

In- / Outputs:
O Audioln: Input to the filter
per VCF:
0 ext.CV: Filter frequency CV input
© Audio Out : Filter output
O Mix Out: Mix output
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3. Basic function

The A-127 is a triple resonant filter containing three
band-pass filters each with controllable filter frequency
fu, resonance and amplitude. What a band-pass filter
does is to attenuate signals in frequency ranges both
above and below the filter frequency - referred to here
as the middle frequency - resulting in a bell-shaped
response curve (see fig. 1). In this way, a particular
part of the audio spectrum can be singled out.

VCF Frq./ CV VCF Frq./ CV
Out Out
<—?—>
|
| |
\ \
f Freq. f Freq.

fig. 1:  Frequency response of a band-pass filter
with lower (on the left) and higher resonance

For each filter you use the frequency control to deter-
mine the exact position along the frequency axis, the
resonance control to set the width of the frequency

band let through, and the Audio Level control to set the
volume (see fig. 1).

To make it easier to understand how the A-127 is
configured, fig. 2 shows a block diagram of the
internal components.

ext. CV ext. CV Audio
(2}
Audio Out Mix Out
LFO e 4 Audio In‘g
o O
CV Ampl.

Frq. » VCF 1
5
®

In Level Level

T T

Frg. Res.
rqés 2

~

Original

fig. 2: Internal construction of the A-127 (from 1999
output @ is not affected by the level control @)

4



System A -100

Triple VC Resonance Filter A-127

4. Controls

@ Audio In Level

With the attenuator @ you can set the level of the
audio signals coming in to input @ .

The filter inputs are very sensitive, so it's possible to
overdrive the Filter with a normal A-100 signal level
(e.g. a VCO). With a VCO being input, overdrive
starts kicking in at about halfway on the attenuator
knob (®)’s travel.

0¥ The module is set up at the factory so that
attenuator @ doesn’t have any effect on the
Original signal level ®, so the effected sound (3
Filters) and "Original" sound can be controlled
separately, by ® and ® respectively (see fig. 1).
It's possible to change this by altering a jumper
on the mixer circuit board (see chapter 7, Ap-
pendix), so that both the levels (Filter + Original)
can be controlled by attenuator @ .

@ LFO Frq.

Potentiometer @ gives control of the LFO frequency.
The frequency of the LFO’s triangle-wave oscillation
can be varied from c. 0.02 Hz (oscillation period c. 1
minute) to ¢. 20 Hz (oscillation period 1/20 sec).

® CV Ampl.

The amplitude of the modulation signal is adjusted
with attenuator ®, and the source of this modulation
depends on whether anything is connected to socket
2.

If the socket has nothing connected, the amplitude of
the internal LFO is controlled; if the socket does have
something connected, the amplitude of the external
control voltage is controlled.

@ LED

LED @ gives a visual indication of the modulation
signal produced by the LFO.

® VCF Frq.

Control ® is used to set the filter frequency f, (
range: ~ 40 Hz to ~ 8 kHz).

The actual filter frequency is determined by the sum of
the voltages from the control knob and the modulation
signal (LFO or external control voltage).

® Resonance

Control ® is used to set the filter resonance. The
higher this control is set, the narrower the bandwidth
of the bandpass effect (see fig. 1).
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If the module has been re-configured to be a low
pass filter, control ® boosts the frequencies around
the filter cut-off point (see also the A-120 and A-122
low pass filter modules). Using the filter at high reso-
nance to produce its own pitched tone (self-oscillation)
isn’t possible with this module.

@ Audio Level

Attenuator @ adjusts the amount of the signal from
each of the filters to be fed into the Mix signal at
output O.

0¥ For modules manufactured until end of 1998
control @ affects both the corresponding indivi-
dual output ® and the mix output ®. For modu-
les manufactured 1999 and later control @ af-
fects only the mix output @, but not the single
outputs ©.

Original

Whatever original signal was present at socket @ can
also be added into the internal mixer. The amount of
the original signal fed into the mix output signal is set
by attenuator ®.

1€y The module is set up at the factory so that
attenuator ® doesn’t have any effect on the
Original signal level ®, so the effected sound
(3 Filters) and "Original" sound can be con-
trolled separately, by @ and ® respectively
(see fig. 1). It's possible to change this by
altering a jumper on the mixer circuit board
(see chapter 7, Appendix), so that both the
levels (Filter + Original) can be controlled by
attenuator @ .

5. In-/ Outputs
O AudioIn

This is the socket into which you connect the audio
signal which you want to be filtered.

A ext. CV

Socket @ is the control voltage input, used for modu-
lating the filter via external voltage control (ADSR,
LFO, sequencer - see chapter 7, User Examples).

This is a normalled (switched) socket. If no connec-
tion is made, the internal LFO serves as the modula-
tion source instead.
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©® Audio Out

Each filter Audio output © sends out the signal
processed by the particular filter. Despite what the
diagram on some of the early A-127 modules shows,
the Audio Level control @ does also affect these
individual outputs, because the individual output co-
mes after the Audio Level control in the circuit.

O Mix

At socket @ the mixed output from the internal mixer
is available. That includes the output from each of the
three filters (with level from each filter set by control @)
and the original signal (with level set by control ®).

6. User examples

By controlling filter frequencies with the internal LFO or
external voltages, the A-127 can produce extremely
complex filtering effects.

The control possibilities available with external Modu-
lation sources are almost limitless.

Here are just a few examples:-

e LFO
other waveforms - not just triangle; LFO frequen-
cies in the Audio- range

e ADSR
different envelopes for each of the individual filters;
complex filter sweeps

e MIDI Interface A-191
different MIDI controllers for each of the individual
filters: MIDI-controlled vowel sounds (see Exam-
ples below)

¢ Random-CV A-118
random filter settings

e Theremin A-178
filter settings by remote control!

e Sequencer A-155 or MAQ 16/3
vocoder- and speech-like effects with specially sha-
ped external CV sequences (see below)
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e S&H filter effects with an A-148
the A-148 Sample&Hold samples signals from mo-
dulation sources (LFO, Noise, Random, VCO, etc.)
at regular clock intervals (see fig. 3)

Clock O

Audio In

Mod.
Source

Mod.
Source

Mod.
Source

—» S&H I
Clock

fig. 3:  S&H filter effects with an A-148

One of the A-127’s particular strengths is its ability to
bring out the formants that are crucial in re-creating
some sounds. It’s able to latch on to particular frequen-
cies or ranges of frequencies which are characteristic
of an instrument, a room, or an acoustic effect, and
emphasise them within the whole frequency spectrum.

Equalisation is often used to suppress these formants
when a room’s acoustics need to be neutralised; but
the A-127 can actually work the other way, to simulate
a real room’s formants, and bring a sound alive.

A special application of this ability to build up formants
can be to simulate human speech - or more exactly,
human vowel sounds.

What happens when a person pronounces a vowel is
that the overtone-rich vocal cord sound sets off all
sorts of resonances in the mouth, nose and throat,
whose frequency depends mostly on the shape of the
mouth and position of the tongue.

The characteristic sound of each vowel is created by
formants - ranges of frequencies emphasised by the
mouth and throat creating resonant cavities which pick
out harmonics from the basic sound of the vocal cords.

The most important frequencies for formants in Ger-
man vowel sounds is shown in fig. 4.
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fig. 4: German vowel formant frequency range.

In the patch in fig. 5, this process is simulated by two
of the A-127’s band-pass filters, with the sawtooth
output from a VCO acting as the sound source. An
A-155 sequencer controls the A-127. Pitch is control-
led by a keyboard.

The resonance of both of the band-pass filters should
be set quite high. The sounds from this patch will be
more realistic if the individual sounds slide from one to
the next (using the Glide Control on the A-155).

N

It's also possible to use non-harmonic
sound spectra (e.g. ring modulator signals)
for further experimentation.

Another source for discovering the formant frequency
range of English language vowel sounds is Allen
Strange's book Electronic Music. Here, he specifies
three centre frequencies for the formants for each of
the vowel sounds (see Table 1).

Band | ee i e ae | ah [ aw | u oo | A er

1 270 390| 530| 660| 730| 570| 440| 300 | 640| 490

2 1990 | 1840 | 1720 | 1090 | 1840 | 1020 | 870 | 1190 | 1350

3 3010 | 2550 | 2480 | 2410 | 2440 | 2410 | 2240 | 2240 | 2390 | 1690

Tab. 1: Band-pass filter frequencies 1 to 3 for the
production of male vowel sounds (from: Allen

Strange, "Electronic Music")

If you're trying out the patch in fig. 5, then just use the
first two frequency settings in each set of three.
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A-127
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\

-
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iy yyyyy

Post Out 2

fig. 5: Simulation of vowel sounds

Otherwise, three vowel formant frequencies can be
produced using either a MAQ 16/3 sequencer, with
three control voltages per step, or by running two
A-155 sequencers in parallel. In this case, you could
use the spare CV from the second A-155 for pitch
control (instead of an external keyboard) or to produce
different decay times, by using a VC-ADSR instead of
a standard ADSR.

Out

ADSR

10



DOEFPFER System A -100 Triple VC Resonance Filter A-127

7. Appendix o ZZF mErFER
oo [ Eera &
Altering the filter characteristics BT R
The characteristics of each of the indifividual filters in Frtal - ; o
the A-127 can be altered by changing the position of a n 5
corresponding jumper on its three-pin connector on § s
the filter circuit-board. =i
The standard factory setting is for each of the filters to o2 é# a3 c;vl
be set to the bandpass position (labelled "BP"). o = ﬁ
You can, if you want, alter the response of each uer % 8

FREQU.|

individual filter, so that it is 12 db low-pass.

z.5v0
=R
o
2 |
=
s
I
S
I

n_

3 FKE B R
B50K R19_24K]
NS
=

Versions 1 and 2 of the A-127 module:

L_
&
5

RESOH.

Change Jumper J1 on the filter circuit board from
position "BP" to position "LP" (low pass) - see Fig. 6.

n3|
3
o
2
g
R17 10K Lj{.‘

IC3 TLO&L/TLO

Version 3 of the A-127 module:

FILTER
OuTRUT
LEWEL

=

12—
(SOLDER !
SIIE) |3

# aubIg
5 = SUH
RS0K I Rzt w73
&

Change the position of Jumper JP5 on the filter circuit.

M T L euoto [R25 47K

JP5 is located behind der filter output socket.
vnuﬂaw 1%1 wﬁ? iz
Even a toggle switch can be added to switch between fig. 6: A-127 filter circuit-board RESOHRHCE FILTER :
low pass and band pass for each filter. (versions 1 and 2) @ s
MR o o aT1 SL;E‘Z
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Changing how control ® works DOEPFER
A
As standard from the factory, Attenuator @ doesn'’t
have any effect on the Original control ®, so that it’s
possible to adjust ® and ® independently. |
Versions 1 and 2 of the A-127 module: "]
LHhEL

To change this, you can alter the position of Jumper
J3 on the Mix circuit-board from "Pre" (the factory
default) to "Post" (see fig. 8). In this case, control ® 20
comes before the Original signal level control ®, and 1N
so does affect both the filter and Original signals. =

TO A-100 BUS

Version 3 of the A-127 module: o

Change the position of Jumper JP4 on the mix circuit
board. JP4 is located right beside the Audio In Level

)
RELAIS 2xUH

control. PRE POST T g m>g,‘ |
. . IH——{=s[owe mirfh
Even a toggle switch can be added to switch between J3 — )
1 =3
pre and post setting of control ol @. N g

P2
R30K

Rl 47K

MIK OUT
A-127
BOARD B
INTERNAL A-127 BUS
o _100-BUST
B —"d

0RIG.
LEVEL

VOLTAGE CONTROLLED 7'
RESOWAMCE FILTER =

fig. 8: A-127 mix circuit-board -
(versions 1 and 2) FLtlo
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Audio

In 50 Hz
A 128 75 Hz
Fixed

Filter 110Hz
Bank
Audio
out 11 kHz

1. Introduction

Module A-128 (Fixed Filter Bank) is a filter bank,
made up of 15 parallel band pass filters, all with
fixed middle frequencies and bandwidth:

50 Hz 350 Hz 2.2 kHz
75 Hz 500 Hz 3.6 kHz
110 Hz 750 Hz 5.2 kHz
150 Hz 1.1 kHz 7.5 kHz
220 Hz 1.6 kHz 11.0 kHz.

Each band pass filter has its own amplitude control
knob, with which that frequency band can be attenua-
ted. The bandwidth of each of the filters is approxi-
mately half an octave.

The signal at the output of the A-128 contains a mix of
all the filters, depending on the position of each one’s
amplitude control knob.

The filter bank’s main job is to emphasise individual
sections of the whole audio frequency range. It's like
a passive 15-band EQ.
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2. A-128 - Overview

A-128 FIXED FILTER BANK

Audio In
o T @ @
0

10 0 10

[

2200
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5200
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3
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o
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E

11000

>
c
=
o
(o)
5

N

[N}

=3

o

o

=]

S

o
5
o
5
o
E

Controls:

® 50 ...11000 : Amplitude controls (attenuators) for
the individual band pass filters

In / Outputs:

©® AudioIn: Signal input
® Audio Out : Signal output
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3. Controls

@ Controls 50 Hz ... 11 kHz

With these controls you can set the amplitude of each
of the 15 bandpass filters (see Fig. 1).

relative Output =

50 75 110 150 .. Freq.=
(6) (10) (3) (8)
Fig. 1: The effect of different amplitude levels on the
band pass filters.

4. In/ Outputs
O AudioIn

Socket @ is the filter bank’s input, into which you
patch the signal you want filtered.

® Audio Out

Output @ carries the signal filtered by the 15 band
pass filters. The tonal quality will depend on the
settings of the individual amplitude controls.
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5. User examples

The main purpose of the Fixed Filter Bank is for
changing the colour of an audio signal (including exter-
nal signals that can be patched in via an A-119 mo-
dule) by attenuating certain frequency bands. This is
similar to an equalizer, except that an equalizer can
also boost frequency bands, while the fixed filter bank
only attenuates them.

Because each of the bands is very narrow (only about
half an octave or a musical fifth) drastic tonal changes
are possible - for instance ‘telephone-voice’ or
vocoder-like effects.

Also, even with each band’s amplitude control set to

identical positions, a tonal change occurs (see Fig. 2);
a neutral ‘straight-through’ setting isn’t possible.

ST

Freq. =

Fig. 2: Filter response with all controls fully up

Emphasising certain frequencies
The patch in Fig. 3 shows how to emphasise certain
frequencies using a filter bank.

The original signal and the output from the band pass
filter are both patched into an A-138 mixer.

This patch is really a special case (with no attenuation)
of the set-up on the following page.

A-138
MIXER

out
Output ﬂ!—@

Audio
Out

Fig. 3: Emphasising certain frequencies
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Creating a multi-band equalizer

The patch in Fig. 4 shows how to model a simple
graphic equalizer. An A-138 Mixer is used to mix the
following signals:

¢ Input 1: the signal from the audio output of the fil-
ter bank, via an A-175 inverter.

¢ Input 2: the signal from the audio output of the fil-
ter bank.

e Input 3: the original signal

Using the mixer pots "In 1", “In 2” and "In 3", you can
control the relative mix of the signals :-

e In1: Amount of cut
e In2: Amount of boost
e In3: Amount of original signal

To model an equalizer, you adjust the mixer pots as
per the above table. Naturally, any mix is possible, by
adjusting the pots according to the following formula :

Audio Out = -In 1 «filter signal
+ In 2 - filter signal
+ In 3 « original signal

Pot just the just the original original
original filter bank + boost + cut

In1 0 0 0 0..10

In 2 0 10 0..10

In3 10 0 10 10

Patching a VCA in before the mixer’s inputs
can give voltage control of the relative

amounts.
Audio A-138
In n1 MIXER
o+ A-128 0 @—ﬂf»\npun
In2
4>©_ﬂf. Input 2
»@—;B!> Input 3
Audio

Out

Fig. 4: Creating a multi-band equalizer
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6. Patch-Sheet

The following diagrams of the module can help
you recall your own Patches. They're designed so
that a complete 19” rack of modules will fit onto an
A4 sheet of paper.

Photocopy this page, and cut out the pictures of
this and your other modules. You can then stick
them onto another piece of paper, and create a
diagram of your own system.

Make multiple copies of your composite diagram,
and use them for remembering good patches and
set-ups.

@ » Draw in patchleads with colored
pens.
« Draw or write control settings in the
little white circles.

!
|

Audio In

O

A-128 FIXED FILTER BANK

Or O O

0 10
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Modular Vocoder A-129 /1/2

1. Introduction

The A-129 /x series of modules forms a modular
vocoder. ‘Vocoder’ is an abbreviation of ‘voice coder’.

The basic components are an analysis section
(A-129 /1) and a synthesis section (A-129 /2).

Like a ring modulator, the vocoder needs two input
signals: a speech element which serves as the raw
material for the tonal shaping, and is patched into the
analysis section; and a carrier signal, which is pat-
ched via the instrument input into the synthesis sec-
tion.

The speech signal is chopped up and analysed in the
A-129/1 module, and then combined with the carrier
signal in the A-129/2 synthesis section. As a result of
this procedure, the carrier signal assumes the tonal
character of the speech signal, but with its own pitch
maintained.

Since the A-129 is a modular vocoder, and the
connections between the analysis and synthesis sec-
tion are external, using patch-leads, you can use this

interface to patch in your choice of modules (eg.
attenuator, slew limiter, CV-to-MIDI / MIDI-to-CV inter-
faces,, inverter, etc.).

The Five-way VC slew limiter / offset generator /
attenuators (A-129 /3) and Slew controllers (A-
129/4) are particularly designed for this purpose.

There’s also the possibility of connecting the frequency
bands of the analysis and synthesis sections arbitra-
rily, so that, for instance, a low frequency band in the
speech signal can control a high frequency band in the
carrier signal.

The Voiced / unvoiced detector (A-129 /5) can re-
cognise voiced and unvoiced sections in the speech
signal, and switch the carrier signal accordingly.

The A-129 /2 synthesis section can also be used as a
stand-alone voltage-controlled filter bank (see
chapter 6, User examples).
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2. A-129/1,/2 - Overview

A-129 /1 VOC-A A-129 /2 VOC-S
VOCODER ANALYSIS SECTION VOCODER SYNTHESIS SECTION
Speech Instrument
Input Low Pass Band 5 Band 10 Input Low Pass Band5 Band 10
o+ ®@ o@® oe o o @ @ @ @®
Band 1 Band 6 Band 11 Band 1 Band 6 Band 11
—® o® ofe o @ (@
Band 2 Band 7 Band 12 Band2 Band7 Band 12
—® o{e oHe o @ (o
Band 3 Band 8 Band 13 Band 3 Band 8 Band 13
o—e® ofe OHe o (o (@
High Pass Vocoder
Out Band 4 Band 9 High Pass Output Band 4 Band 9 High Pass
o+ ® of® o0 oA © o (o (¢ (o
L Control Voltage Outputs e | L Control Voltage Inputs |

) )
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In / Outputs: Filter Frequency Filter Frequency
A-129 /1 Low Pass 100 Hz Band 8 1.3 kHz
@ SpeechIn: Input for the speech signal Band 1 120 Hz Band 9 16 khz
. Band 2 160 H Band 10 2.3kH
® CVOutputs : 15 CV outputs with control LEDs an z an z
High P ] Si | outout f the hiah Band 3 230 Hz Band 11 3.3 kHz

© High Pass : ﬁll,g:a outputfrom the high pass Band 4 330 Hz Band 12 5 kHz

Band 5 500 Hz Band 13 7.5 kHz

Band 6 750 Hz High Pass 10 kHz
A-129 /2

Band 7 1.1 kHz

O Instrument In : Input for the instrument signal

© CV Inputs : 15 CV inputs . o .
Tab. 1: Filter frequencies in the analysis and synthe-
O Vocoder Out : Audio output from the vocoder sis sections

The following Table 1 shows the cut-off frequency of
the low pass filter, the middle frequency of the band
pass filters (Band 1 to Band 13) and the cut-off
frequency of the high pass filter.
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3. Basic principles

The fundamental modules in this vocoder are the
analysis section A-129 /1 and the synthesis section
A-129 /2 (see Fig. 1).

The speech signal is analysed in the A-129 /1, by
being passed through a set of steeply sloping band
pass filters, with a low- and high- pass filter mop-
ping up the bottom and top frequencies respectively.
Attached to each of these filters is an envelope follo-
wer, which analyses the audio signal level passing
through, and sends a proportional voltage out of its
dedicated CV output (see below for further details).

The instrument signal is likewise sent through
another set of steeply sloping band pass filters, and a
low- and high-pass filter in the A-129 /2 synthesis
section, and is split into individual frequency bands.
This time, each filter has an associated VCA (voltage
controlled amplifier), which is governed by the vol-
tage present at its CV input.

In this way, each frequency band in the instrument
signal has the dynamics of the corresponding band
from the speech signal superimposed onto it. The
pattern of the speech signal is thus re-constructed
from the tonal raw material of the instrument signal.

The closer the audio spectra of the speech and carrier
signals are, the more speech-like the resulting recon-
struction.

@ Speech In

(T) Instrument In

o e} oo

®
High
Pass
Out

Analysis A-129 /1 Synthesis A-129 /2

Fig. 1: Block diagram of the A-129 analysis and
synthesis sections

4
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In most standard vocoders the voltage si-
gnals from the analysis section are fed
straight into the synthesis section. With the
A-129 modular vocoder, they are patched
externally via 15 leads.

That means it's possible to modify the control
voltages by patching any sensible choice of
module (for instance attenuators, slew li-
miters, LFO, CV-MIDI / MIDI-CV interfaces,
inverters, etc.), between the analysis and
synthesis sections. Not-so-sensible choices
may produce interesting results, too.

It's also possible to interconnect control vol-
tages to synthesis section inputs in a non-
standard way, so that for instance the output
from a low frequency band from the speech
signal can control a high frequency element
of the carrier signal.

With a modular vocoder, the only constraints
on experimentation are the limits of your
imagination (and you can also always have
a look at chapter 6, User examples).

4. In/ Outputs

©® SpeechIn

Socket @ is the input to the analysis section. This is
where the speech signal is patched in.

Don’t forget that the speech signal needs to be at the
high level the A-100 uses internally. Plugging a
microphone directly in to the vocoder won’t work.
You need to use an A-119 External Input module, into
which you can plug a microphone or other external
signal. Then the output of the A-119 can be patched
into input socket @ on the analysis section.

® LowPass * Band1 to Band 13 * High Pass

These are the CV outputs @ from the analysis sec-
tion, whose voltages are determined by each filter's
envelope follower. Each CV output has an LED
connected to it, showing the strength of the voltage
generated.
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© High Pass

Socket ® on the analysis section is the high pass
filter output. Unlike the other sockets, this is an audio
output, which sends out the part of the speech signal
which the high pass filter lets through. This is most
usually added to the vocoder output, to make the
modified carrier signal more speech-like still, by inclu-
ding these high frequency elements of the sound.

O Instrument In

Socket @ on the synthesis section is where you patch
in the instrument that will provide the carrier signal
(see below).

C: °  Experiment with different sorts of sound for
the carrier signal, for instance
» sawtooth or square waves from a VCO,
* noise (A-118),
« digital noise (A-117).

= With an A-129 /5 voiced / un-voiced detector
module, you can switch the carrier signal
depending on whether a speech signal is
present.

© LowPass * Band1 ¢ Band 13 * High Pass

The CV inputs © on the synthesis section are where
the control voltages from the analysis section are
patched in.

® Vocoder Out

Output @ on the synthesis section is the audio output
for the whole vocoder.
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5. User examples

Basic principles

To get the best results from the vocoder, it's essential
to take note of the following important points:

For professional results, the quality of the speech
signal is crucial.

If you use a cheap and cheerful microphone,
connecting it up to the vocoder via the A-119 won'’t
guarantee good results.

Any unwanted noise (rumble, airborne background
sounds, etc.) will greatly reduce the effectiveness
of the vocoding.

According to various musicians including Kraftwerk,
the speech signal is easier to use if it isn’t live, but
has been taped or sampled, and thus has reliable
levels and signal-to-noise - and is repeatable.

For early experiments, radio news stations provide
good raw material, because they are nearly always
putting out a steady stream of human speech.

In addition, we plan to bundle an audio cassette of
speech with each vocoder.

For the best results, speech and carrier signals
need to have similar frequency spectra. A quiet
female voice, or a child’s, needs a different carrier
signal compared with a low-register male voice. If
you use a VCO as the carrier signal, you can tune
it to find the ideal frequency.

Basically, the instrument’s carrier signal needs to
be as overtone-rich as possible, with a dense audio
spectrum. With a VCO the sawtooth output is best
suited to the task. An exact square wave has only
half as many harmonics, and triangle and sine
waves are completely unsuitable (see the notes to
the A-110 and/or A-111).

For professional results, it's recommended to use a
graphic or parametric EQ to equalize the speech
signal to produce the most speech-like results at
the vocoder's output. Good results can also be
obtained using computer-generated speech (as on
the A-100 demo CD).
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Using just the basic modules

Just with the A-129 /1 and A-129 /2 modules (and an
A-119 external input), all the common vocoder effects
can be produced (see Fig. 2).

3 First patch all the CV outputs on the analysis
section to their respective CV inputs on the synthe-
sis section (band 1 to 1, 2 to 2, and so on)

O Use an A-119 (External Input) to patch an audio
signal (see above, chapter 5, Basic Principles) into
the speech input socket of the analysis section at
normal A-100 operating level.

O Experiment with different audio signals for the car-
rier frequency (instrument input), for instance:-
+ different overtone-rich waveforms from a VCO,
+ pink or coloured noise from an A-118,
+ digital noise from an A-117,
* ring modulator outputs,
+ two VCOs modulated in the audio range by FM
or AM.

O Swap the connections between analysis and syn-
thesis sections (see above).

A-119 Audio *I *ngge
Dig. Noise

Ring Mod.
AM
FM

Speech LP gj———®» LP Instrum.
" gp1 f——m=gp1 In

BP2 |—— - BP2 ‘g’lft > A-138
A-120/11] +  |A129/2

BP 12 P BP 12
High BP13 = BP 13
out HPL — p=lHP
— I

Fig. 2: Basic vocoder schematic

"Frequency displacement™

If instead of patching the outputs from the analysis
section to their ‘proper’ respective inputs in the synthe-
sis section, you swap them about instead, interesting
frequency displacements occur in the vocoder output.

Fig. 3 shows some simple variations; experiment
withall sorts of other possibilities.
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Speech O Instrument O
In In
LP —p LP
BP 1 h BP 1
Voc.
BP 2 K» BP2 o F—*©
L]
L]
A-129 /1 A-129 /2
BP 11 X’
o x BP 12
BP13 |— BP 13 "Freq_ up"
HP |— HP
.| .|
Speech Instrument
In In
Speech LP LP Instrum.
In gpq gp1 I

A-129 1
BP 11

BP 12

BP 13

HP

A-129 /2

BP 12

BP 13
HP
I

Fig. 3: "Frequency displacement”

e
BP 2 fspz om 20
[ ]
[ ]
-
J—»
4>

"Freq. down"

"Chopped up” speech

The patch in Fig. 4 produces chopped-up speech: the
vocoder chops speech up rhythmically, in time with the
trigger signals. The vocoder output is patched into a
VCA, which is controlled by a rhythmical pulse from an
ADSR (A=0, R=0, D and S to taste). The source of the
trigger signal could be an MAQ 16/3, Schaltwerk or
trigger from a MIDI sequencer via a MIDI Interface
such as the A-190.

Speech O
In

A-129 1

LPg—mILP
BP1 |——®BP1

P2 — = Bp2 VS

. A-129 /2

BP12 | = BP12
BP13 |— = BP 13
HP | HP

Instrument O
In

Out

Rhythmic trigger

Fig. 4: Rhythmically chopped-up speech
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Using with the other modules ( /3, /4, /5)

While extremely usable vocoder sounds can be produ-
ced with just the two basic modules, total flexibility and
unlimited possibilities are offered by adding on the
extra modules (A-129 /3, A-129 /4, A-129/5).

Full user instructions will be found in the modules’ own
manuals.

A-129 /2 as a MIDI-controlled filterbank

The vocoder’s synthesis section can also, in conjunc-
tion with a special A-191 MCV16 module, be used as
a MIDI-controlled filterbank (see Fig. 3).

The level of each of the control voltages (Input @)
determines the relative level of each of the frequency
bands at the A-129/2’s output socket @.

These CVs are patched from a special A-191 MIDI-
CV-Interface (with 16 CV outputs and no MIDI-LFO)
and are controlled by various continuous controllers -
see the A-191 manual for details.

MIDI
O—#=MIDI In

Cv1

cv
A-191*

Cv15

CV 16

A-129 /2

* Special version

Fig. 3: The A-129 /2 as a MIDI-controlled filterbank
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Modular Vocoder A-129 /3/4

1. Introduction

The A-129 /x series of modules is a modular voco-
der. The crucial components are the A-129 /1
(analysis section) and A-129 /2 (synthesis section).

Module A-129 /3 adds a Slew Limiter to the vocoder.
It includes 5-way Attenuators, 5-way Offset Genera-
tors, and a Slew Limiter (which works on all the
voltages at the five CV inputs simultaneously).

Using the A-129 /3 just on its own, two functions are
available:

e Attenuator: whatever signal is patched into the
CV input can be attenuated by your chosen amount
before being sent to the CV output. The attenuation
is set with a control knob.

o Offset Generator: whatever signal is patched into
the CV input will have an offset voltage added to it
before being sent to the output. The offset is
variable with a control knob.

To use the Slew Limiter section of the 129 /3, you need
to have module A-129 /4 (Slew Limiter Controller) as
well. It has several dedicated functions, and gives you
control over the following slew limiter functions:

e Manual control of the slew rate
e CV control of the slew rate, with an input attenuator

e Choice of three functions: "Follow", "Slew" and
"Freeze"

e “Freezing” the output voltages for the duration of a
gate

= This set of functions is operated by the Slew
Limiter Controller, A-129 /4.

Usually, the slew limiter is patched between the CV
outputs of the analysis section and the CV inputs of
the synthesis section (see chapter 5, User examples).

You can also use module A-129 /3, particularly in
combination with A-129 /4, for other purposes. For
example, using the A-129 /2 synthesis section, you
can make a filterbank.
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2. A-129/3,/4 - Overview

A-129 /3 Vocoder Slew-Limiter A-129 /4 SLC
Slew Limiter Controller
Attenuator Offset
Freeze
CVin1 CV Out 1 Ctr.Input  Slew
o ° @ @ ° e o o -0y O
0 10 0 10
1 2
O CVin2 CV Out 2 O - |
anua
@ O = Qo
0 10 0 10 Rate 10
CVin3 CVOut3 Slew CV
—Q 00— o o—@ o
0 10 0 10 0 10
CVin4 0/\ 0/\ CV Out 4
0 10 0 10 Slew
@ L Control
CVin5 CVOut5 Outputs
Q0 0 o
0 10 0 10
Slew Control @ Input

o
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A-129 /3
In-/ Outputs:
©® CVIn1..CVIn5 :

A CVOut1..CVOut5:

© Slew Control Input :

Controls:

@ Attenuator :
@ Offset :

CV inputs
CV outputs

Slew rate CV input; to
access the slew limiting ca-
pabilities, patch the A-129 /4
output @ into it.

Attenuator for the CV input

Offset control for the CV
output

A-129 /4
In-/ Outputs:

O Freeze Control Input :

O Slew CV:

Gate input for controlling the
freeze function

Slew rate control voltage
input

® Slew Control Outputs: 3 internally linked CV out- puts

to control slew rate

Controls and indicators:

® Switch :

@ Manual Slew Rate :

® Slew CV:
® LED:

Selector switch (3-position)
to choose "Freeze", "Slew",
or "Follow"

Knob for manual control of
the slew rate

Attenuator for output @
Indicator showing slew rate
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3. Controls and indicators

@ Attenuator

Use Attenuator @ to lower the signal at the corre-
sponding output @. At a setting of 0, the input signal is
completely switched off At a setting of 10, the signal
amplitude is completely unattenuated.

@ Offset

Control @ sets the offset which you want to add to the
input signal. The offset control range goes from 0 V to
+5V.

® Switch

Switch ®@ lets you select the mode in which the slew
limiter works (see Fig. 1):

* Freeze: The instant you switch to this position, the
signal at the output is “frozen’ - a process
similar to what happens with the A-148
Sample & Hold.
* Slew: The instant you switch to this position, the

slew limiter function is selected.

* Follow : The instant you switch to this position the
output signal follows the input signal.

cv
Out

cv
In

Slew Freeze —»

vyt

FSF- «<— Follow
Pos.

Fig. 1: The three slew limiter functions
(Attenuator = 10, Offset = 0)

= In the "Slew" position, you can still freeze the
signal by sending a gate pulse to input @
(see @ Freeze Control Input).

@ Manual Slew Rate

This control sets the slew rate of the slew limiter - the
steepness of the falling and rising edges of the wa-
veform (see Fig. 2).
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® Slew CV

cv cv The amplitude of the control voltage at input @ is

Out Out| 1% controlled with this attenuator ®.
® LED

(I:IY (I:'Y The LED indicates the mode of the slew limiter signal
at output G:
e dim: freeze
e bright : follow

Fig. 2. Slew rate explanatory diagram

(Attenuator=10, Offset=0)

With the control set at 0, the output signal is identical
to the input.

I

The precise slew rate is decided by a com-
bination of the position of control @, the con-
trol voltage available at input ®, and the po-
sition of attenuator ®.
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4. In-/ Outputs
O CVIn1 ... CVIn5

Sockets @ are CV inputs. This is where you patch in
the voltages you would like to modify - ie, attenuate,
offset, or smooth out by slew limiting.

® CVOut1 ... CVOut5
Sockets ® are CV outputs, at which the modified
signals are available.

Each output signal is affected by a combination of
the attenuator, offset and slew limiter functions.

©® Slew Control Input

Socket © is the input for the CV generated by the
A-129 /4 Slew Limiter Controller.

This input should be connected with output ® on the
A-129 /4.

This is a specialised control signal which must
come from the A-129 /4. Connecting signals from
other modules won’t make sense.

O Freeze Control Input

A gate signal at input @ freezes the slew limiter's
output signal (see Fig. 3).

= This function is only active when the switch
® is in the ‘slew’ position.

gV
ut
—/./ \

cv

Freeze
Contr.
In

Fig. 3: Using a gate signal to freeze a voltage




System A -100

Modular Vocoder A-129 /3/4

O Slew CV

Input © is where the CV should be patched in to
control the slew rate. The amplitude of the CV can be
set with the attenuator ® if required.

O Slew Control Outputs

Sockets @ are the slew limiter controller’s outputs.
They’re internally connected (a sort of mini-multiple),
and are designed to provide the control voltage to the
A-129 /3.

Connect one of the outputs to an A-129 /3 control
input.

5. User examples

Basic layout

Fig. 4 shows the standard layout for using the
A-129 /3 and A-129 /4. The A-129 /3 is inserted into
the control voltage chain, sandwiched between the
analysis and synthesis sections.

For total control of a 15-band vocoder, you need three
A-129 /3 modules. It's quite possible to control the
slew limiter function of these three with one Slew
Limiter Controller A-129 /4. There’s also the option,
though, of using up to three, to treat different bands of
the vocoder in different ways.

The standard layout in Fig. 4 provides the following
control functions:

e CV to control the level of one or more vocoder
channels or bands (using the attenuator),

e Smoothing the transition between vowels (slew li-
miter function),

e Vowel hold (freeze),

e Transposing vocoder channels (offset).
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Freeze Man

@={Contr. Slew <—/B’

Input Rate

Freeze
A-129 /4

Slew Control
Out

Instrument
In

Speech

LP
BP1
BP 2

Out

A-129 /3

A-129/1) - A-129 /2
BP12 |—— B BP 12
BP13 |—— B BP 13
WP B HP
— —

Abb. 4: Basic set-up for the A-129 /3 and A-129 /4

Offset ‘_/B{ - BP 1
Se!
B gp2 VOO

Further adventures in vocoder control

Using the layout in Fig. 4 (and also not forgetting
the tips and suggestions for experimentation in the
A-129 /1 and A-129 /2 manuals), you should be
able to produce all the most widely-used vocoder
effects. By patching in other modules, though, you
should be able to go ‘one step beyond'.

For a start, the voltages for the synthesis section
don’t have to come from the analysis section.
Possible choices for modulation sources from
which to control certain channels within the voco-
der might include:

o ADSRs (A-140, A-141) for envelope control of
timbres

o LFO's (A-145, A-146, A-147) for strange repea-
ted vocal timbres

e Sample-and-hold (A-118) for random vowel
sounds

e Shepard-Generator (A-191) for continuous filter
effects

e Using an A-191 to control various vocoder
channels via MIDI - for instance aftertouch or
velocity.
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(8= Because as a modular vocoder the A-129 is
totally open-ended, it would be wrong to be
prescriptive about its use. Better to appeal to
your sense of adventure and experimenta-
tion. Particularly when you add other modu-
les into the equation, the A-129 should en-
able you to create some extraordinary
sounds.

8= Especially to begin with, though, don’t forget
the sound source and signal processing tips
and suggestions in the basic vocoder modu-
les’ manuals.

A-129 /2 as a filter bank

The vocoder’s synthesis section can be used in con-
junction with the A-129 /3 as a filter bank (see Fig. 5).

The A-129 /3’s offset controls govern the intensity of
the individual frequency bands within the total audio
spectrum (the output of the synthesis section).

You can also create a sort of voltage controlled filter
bank by using CVs from a wide range of modules to
set or modulate the levels of the frequency bands.
See user examples in the basic modules’ manuals,
and ‘Further adventures’ in this manual.

Instrument
In

3

LP
BP 1

BP 2 Voc. » O

Out

A-129 /2

BP 12

BP 13
HP
I

Fig. 5: A-129 /2 and A-129 /3 as a filter bank
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VCA A-130/A-131

vt A-130

VCA-LIN.
Cv 2
Audio )
In1 Gain
Audio
In2
Audio Out

Out

1. Introduction

Modules A-130 (Linear VCA) and A-131 (Exp. VCA)
provide voltage-controlled amplification.

= This section of the manual applies equally to
the A-130 and A-131, because apart from
the one difference of their response curves,
they are otherwise identical.

For audio signals, you would normally use the expo-
nential VCA (A-131), and for control voltages, the
linear VCA (A-130). It doesn’t always have to be that
way, though.

The amount of amplification the VCAs provide is de-
termined by the voltage at the CV input, and the
position of the gain control, which sets the overall gain
in the system.

The VCA has two audio inputs, each with an at-
tenuator. They are amplified by an amount determined
by the combination of the gain and the two CV con-
trols.
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2. VCA - overview Controls:
® Gain: Overall gain control
A-130 VCA-LIN. @ Cvz2 CV attenuator for input @
® IN1: Attenuator for audio input ©
CV1 @ IN 2: Attenuator for audio input ®
o @ @ Gain——(D ® Out: Attenuator for the output signal
0 10
cv2
2 @cvz —Q In / Outputs:
Audio In 1 0 p O CV1: Control voltage input
e @ In1 ©) 8 CV2 ditto, with attenuator
0 10 ©® AudioIn 1: Audio input
Audio In 2 ® Audio In 2: ditto
o @ n2——@ © Audio Out: Audio output for the combined audio
0 10 signals input at ® and ® and then
Audio Out amplified by the VCA.
e @ Oout—@®)
0 10
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3. Controls

The A-130 has a linear response: the amplification is
in direct linear proportion to the control voltage input
(see Fig. 1).

The A-131 has an exponential (or logarithmic) re-
sponse. That means that control voltage changes
have less effect at low levels of amplification than at
high levels, and makes the A-131 more sensitive and
suitable for subtle changes at low levels (see Fig. 1).

g0
c 1
S |
R d
[
u -
& Iin.\
s
€ 5
< -
| AN
1 exp.
0 I
5 10

Control Voltage =

Fig. 1: Response curves for the A-130 and A-131

® Gain

This controls the overall gain of the VCA. At "0", with
no control voltage present, there is no amplification at
all: no signal is present at the VCA’s output. Once the
gain control is turned up, amplification occurs, even if
there is no CV input present. The gain control shifts
the whole VCA response upwards (see Fig. 2).

n»
3

Amplificatio

1 Gain=3

0 L e T
5 10

Control Voltage »
Fig. 2: Effect of gain control on VCA response

= Note that if a control voltage is partially
negative (for instance an LFO modulating
the VCA) you need to set the VCA gain
above zero, since otherwise the input signal
is only amplified when the modulation CV is
positive (see Fig. 3).
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Fig. 3: VCA output level at different gain settings.

@ CV 2

This attenuator affects the level of voltage control at
socket @. It controls the amount of effect the CV has
on amplification.

®IN1 » @®IN2
Attenuators ® and @ control the level of the signals
input into the VCA.

= If the output signal distorts in an unwanted
way, turn down the input level, using control
® and/or @.

® Out

This attenuator controls the total volume of the VCA’s
output.

4. In/ Outputs

OoCvlt « ® CV2

Sockets @ and ® are control voltage inputs, whose
voltages are combined. The effective range of the
VCA goes from 0 V (no amplification) to +5 V
(maximum amplification).

® Audioln1 + O Audioln2

The signals you wish to amplify are input through
audio inputs ® and/or O.

0 Audio Out

The output signal here is the audio inputs amplified by
the VCA..
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5. User examples

Typical voltage controlled amplification

A standard VCA patch is shown in Fig. 4. An ADSR
envelope produces a time-dependent amplification
curve, which can affect any sound source you choose.
The curve can be very quick (with a fast envelope) or
it can produce long, slow changes in the volume of a
sound.

A-131
ADSR
o2 VCA-EXP.
:ITQ,W ova

NOISE Ot e
m

Out

Fig. 4: Time dependent amplification using an ADSR

Amplitude modulation

In Fig. 5, an LFO is modulating an A-130 linear VCA
(with Gain > 0), so that the amplification changes
cyclically with the LFO’s voltage (Amplitude modula-

tion/AM.) With an LFO frequency in the sub-audio
range (1 Hz to around 15 Hz) the result is Tremolo
(Fig. 5). With a modulation frequency in the audio
range, sidebands occur like those produced by FM
(Frequency Modulation), and interesting timbres
emerge.

LFO %ﬁ o
@—;Bi>ov2

vCo S i I
=

Audio Out

A-130
VCA-LIN.

Fig. 5: VCA amplitude modulation with an LFO
Modulation depth is adjusted with control @.

Fig. 6 shows a way of voltage-controlling this modula-
tion depth using another VCA. In this example, the
VCAs have the following functions:

e VCA 1 (A-130): AM control
o VCA 2 (A-131): total volume control
e VCA 3 (A-130): modulation depth control
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The voltage control input A to the modulation depth
VCA can come from an ADSR, MIDI controller, etc..

e | &

p mf f

Fig. 7: Keyboard tracking - the higher the pitch, the
louder the output

Fig. 6: AM with voltage-controlled modulation depth

Keyboard control of VCA (tracking)

You can use the CV output from a keyboard to modu-
late the VCA, and so have level of amplification
determined by the pitch of a note - what’s usually
called keyboard tracking.

In the example in Fig. 7, high frequency notes are
amplified more than low frequency notes. Use control g
<

® on VCA 2 to vary the degree of keyboard tracking. Gate ADSR

To produce the opposite effect (that is, inverse key- o o omfp
board tracking, where lower sounds are more ampli-

fied than higher ones) patch a Voltage-Inverter A-175 Fig.8: Inverted keyboard tracking: the higher the

in before VCA 2 (see Fig. 8). pitch, the less amplification.
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1. Introduction

Module A-132 (Dual Low Cost VCA) contains two
A-132 voltage controlled amplifiers, with a linear response
DUAL VCA most suited to regulating the level of control voltages
oV 1 (ADSR amount, level of vibrato effect, etc.).

In non-critical situations, though, its VCAs can be used
to control audio signals - see chapter 4, user exam-
Sig. ples.

In
Sig. Amplification is governed by the sum of the voltages
Out patched into the two CV inputs.

CVv2

CV 1

CV2
Sig.
In
Sig.
Out

D A O A A
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2. Dual Low Cost VCA - Overview

A-132

DUAL VCA

In / Outputs:

O CV1:

® CV2:

© Sig.In:
O Sig. Out:

Input 1 for amplification CV
Input 2 for amplification CV
Amplifier input

Amplifier output
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3. In/ Outputs

oCvlt « ® CV2

Sockets @ and ® are the VCA’s control voltage
inputs. Whatever voltages are patched in here are
summed, and determine the amount of amplification
in the VCA (0 V: zero amplification; 5 V: maximum
amplification).

© Sig.In

Patch the signal to be controlled by the VCA into input
socket ©.

O Sig. Out

The VCA output socket @ sends the signal out once
it's been amplified by the sum of the control voltages
patched into the VCA.

4. User examples

Control of modulation amount by AM

In Fig. 1 an A-132 is added to the patch to make the
amount of modulation voltage-controlled. Each of
the VCAs has the following function in this patch:

e VCA 1:A-130, control of AM
e VCA 2 : A-131, control of total volume
e VCA 3: A-132, control of modulation amount

The control voltage for modulation amount (eg. from a
MIDI-CV interface) is patched in at point A.

Fig. 1: AM with voltage-controlled modulation amount




A-132 Dual Low Cost VCA System A -100 DOEFPFER

MIDI-controlled VCF or VCA envelope
amount

One important use of the A-132 is to control a VCF or
VCA envelope according to how much velocity CV a
MIDI-CV interface is putting out, as in Fig. 2.

MIDI-
Interface

Gate

Y
ADSR

Fig. 2: Controlling the level of a VCF or VCA enve-
lope by the velocity CV output from a MIDI
interface.

Audio signal amplitude control

For non-critical applications, the A-132 can also be
used for amplifying audio signals.

In the example in Fig. 3, an A-132 is patched in to
make the level of noise in an audio signal voltage-
controlled. The control voltage CV,, could for instance
come from the velocity output of a MIDI-CV interface;
or from an envelope, for a chiff at the start of each
note.

]

VvCO

k

-
A-138

Fig. 3: Audio signal amplitude control
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cv

A-133

Dual VC Polarizer

e

In

+

1. Introduction

Module A-133 (Dual VC Polarizer) is a special dual
voltage controlled amplifier that enables both posi-
tive and negative amplifications. Negative amplifica-
tion means in this context that the signal is inverted.

The main application of the module is the processing
of control voltages, e.g. ADSR or LFO. But even
audio signals can be processed with this module.

The amplification range is about -2.5....0....+2.5. Am-
plification can be adjusted manually (Man control) or
by an external control voltage.

The present amplification is displayed with two
LEDs: one for positive and one for negative amplifica-
tions.
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2. Overview

A-133 POL
Dual VC Polanzer

o = W

OOEFFER

Controls and indicators:

® LEDs :

@ CV:

® Man. :

In-/ Outputs:

Qo CV:
O In:
© Out:

negative/positive amplification display
(not a signal display !)

attenuator for the control voltage at
input @ that controls the amplification

manual amplification control

control voltage input
signal input
signal output
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3. Controls and Indicators

® LEDs

The two LEDs indicate the amplification of the pola-
rizer in question (attention: in contrast to the LED
displays of other modules they do not show the signal
but the amplification factor !).

Tab. 1 shows the connection between LED display
and amplification. At maximum negative amplification
(about -2.5, signal inverted !) the left LED lights with
maximum brightness. At maximum positive amplifica-
tion (about +2.5, signal not inverted!) the right LED
lights with maximum brightness. With amplification
about zero (i.e. no output signal) both LEDs are off.

@ CV

The attenuator @ is used to adjust the effect of the
external control voltage on the amplification.

® Man.

This control is used to adjust the amplification manu-
ally. The range is about -2.5 to +2.5 (without external
control voltage). The middle position corresponds to
about zero amplification (but in any case the LEDs
should be used to find out the current amplification).

Man.  LEDs a In Out
5 @0 25
2 80| 1|
o | OO o |~ —
2 O 7" 1 /\/ /\/
5 O @ 25 | T

Tab. 1: Connection between manual control (Man.) ,
LED display, amplification (a) and effect on
the output signal

15y It is possible to obtain other amplification
ranges (e.g. -1 ...+1 or -5 ...+5). For this a
resistor has to be replaced. Please look at
the A-100 service manual or contact hard-
ware@doepfer.de. We think that -2.5...+2.5
is a good compromise as higher amplificati-
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ons would cause clipping for all standard
A-100 signals (like LFOs, ADSRs or VCOs).

If the amplification is negative the signal is inverted
(see table above).

The effects of the manual control ® and the external
control voltage @ with attenuator @ are added up.

4. In- / Outputs
o CV

This jack socket is the control voltage input to control
the amplification by an external control signal.

O In

The signal to be amplified/inverted (control voltage or
audio) is fed into this signal input socket 0.

© Out
Socket © is the signal output.
5. User examples

One application is the generation of new waveforms.
For this two VCO outputs are connected to the signal
and the control input of the A-133 (see fig.1).

A CVin o
VCO I A-133

Fig. 1: Generating new waveforms

Same applies for modulations (see fig. 2). Instead of
LFOs even ADSRs or other CV sources can be used.

M CVin
LFO 1 A-133 |»o©O

/\In

LFo2 Mo Al
3 \/VW \1

Fig. 2: Control voltage modulation, arrows indicate
polarity changes

Additional examples:

e voltage controlled feedback of filters (e.g. A-108),
phaser (A-101-3) or spring reverb (A-199)

polarity change of envelope signals (frequency CV
is used to control both filter frequency and polarizer
amplification simultaneously)

4
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1. Introduction

Module A-134 (PAN) is designed to provide voltage-
controlled panning for audio signals.

A-134

VC Panning Module It can equally well pan between inputs (with two in-
puts going to one output) and between outputs - one

P
@7 input going to two outputs.
o= B/ put going p

CV1 N [ Pan
8 As well as the manual mode, panning can also be
Cv2 voltage-controlled. Two CV inputs (one with an at-
O L cv 2 tenuator control are included for that purpose.
Lev 1 Two LEDs give a visual indication of what’s hap-
e pening to the signals.
(@—» /1= Audio In 1
— Left To set the incoming audio signals at the right level,
Lev 2 Out both Audio Inputs have attenuators.
P4 .
(®)—» [ Audio In 2 Mix
(] Out
Right

Out
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2. PAN - Overview

A-134  PAN

VC Panning Module

0"

Audio In 1
Lev 1
97, |

0

1
Audio In 2 /\” Lev 2
1

sORROROR

0
0
Left Mix Right

Y

®

©

Output Output Output
|
|

Controls and indicators:

® LEDs :
@ Pan:
®CV2:
@Lev1:
®Lev2:

OCV1:
eCV2:

© AudioIn1:
O AudioIn 2 :

)

© Left Output :
@ Mix Output :

status indicators for audio output
manual panning control

attenuator for the CV at input ®
attenuator for audio signal at input ©
attenuator for audio signal at input @

In-/ Outputs:

control voltage input

ditto, with attenuator ©

input for first audio signal

input for second audio signal - a swit-
ched socket, so that if nothing is
connected to it, it is automatically lin-
ked to socket ®

left audio output

mix output

© Right Output: right audio output
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3. Basic layout

The A-134 provides both manual and voltage-
controlled panning. It basically contains two matched
linear VCAs like the A-130, and a mixer (see fig. 1).

cv@
Audio Left
n1 © > VCA 1/{ > © out
- ;
Mix j» o Mix

> Out
Audio Right
n2 O - VCA 2 out

Fig. 1: basic construction

In input mixing mode, the signals from the two audio
inputs are mixed and sent to Mix Output @. By using
the two pan controls @ and/or any control voltages
connected, you can control the relative amounts of
the two input signals in the mix. The matched
VCAs, with one signal inverted, enable the relative le-
vels of the signals to be controlled automatically.

In output panning mode, the signal present at audio
input 1 (®) is sent to the left (@) and right (@) audio
outputs at levels determined by the pan control @ and/
or the control voltage/s input to the module. In this
way, you can control the position of the signal in the
stereo soundstage.

A typical application is to make a signal move regu-
larly about in the stereo soundstage. To do this, a
slow LFO is connected to CV input @ and/or @ on the
A-134.

4. Controls and indicators

® LEDs

The two LEDs @ indicate the level of signals going
to outputs ©, ® and @; how they do this depends on
the mixing / panning mode:

Input mixing mode:

In this mode, the left LED refers to audio input ®, and
the right to audio input @. The LEDs show the relative
signal levels from each of the inputs being sent to
Mix output ®. Table 1 shows the result of differing
control voltages or positioning of the Pan control.
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Pan LEDs Mix Output
0 _\‘_ ®) Just the signal from Audio In 1
5 e f__~6'_ Equal amounts of signal from
~y 2% |Audio In 1 and Audio In 2
10 O -@- |Justthe signal from Audio In 2

Table 1: Input mixing mode
Output panning mode:

In this mode, the left LED monitors the left audio out-
put @, the right LED the right audio output @. The
LEDs indicate the relative position in the stereo
soundstage produced by the two audio outputs. Ta-
ble 2 shows the result of differing control voltages or
positioning of the Pan control.

Pan LEDs Left Output | Right Output
o | @O 100 % 0%
5 0-; 50 % 50 %
10 O @- 0% 100 %

Table 2: Output panning mode

®@ Pan

Control @ is used to control the relative signal levels
at outputs @, ® and @. In input mixing mode, you
control the relative amounts of each of the input si-
gnal present at the Mix output; in output panning
mode this determines the position in the stereo
soundstage.

®CV 2

Attenuator ® is used to adjust the level of control
voltage present at CV input @ .

@Lev1+e®Lev2

The level of the audio signals at inputs ® and @ is
controlled by attenuators @ and ® .

4
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5. In-/ Outputs
OCv1l « ® CV2

Inputs @ and/or @ are for the control voltages to be
used for voltage-controlled panning.

= The actual amount of panning is governed by
the sum of the voltages produced by the pan
control @ and CV control ®.

® Audioln1 + O Audioln2

Sockets ® and @ are the module’s audio inputs. This
is where one or two audio signals are input, with their
level controlled by attenuators @ and ®.

= Audio input 0 is a switched (normalled)
socket. If there’s nothing connected to it, it's
automatically linked with input ©.

O Left Output + @ Right Output

Sockets @ and @ are the left and right audio out-
puts. These are used in output panning mode.

O Mix Output

The Mix Output @ is used in input mixing mode.

6. User examples

There are a whole load of possibilities for using Mo-
dule A-134, principally because any signal you think of
can be used as a control voltage:

* LFO
cyclical changes in output panning;
depending on the frequency, waveform and ampli-
tude of the LFO, the signal moves from left to right
and vice versa.

e ADSR, VC-ADSR, VCD
panning depending on the envelope’s voltage.

¢ Random-CV
random panning;
fig. 2 shows a patch in which the position of the
sound in the stereo soundstage changes with each
new note played. The patch in fig. 3 produces an
output signal which alter the degree of rasp in the
osund with each new key-stroke or sequenced
note. (See also the user examples for the A-126)

¢ Foot-Controller
Foot-controlled panning.

® Theremin
Panning uy using hand-movements (see fig. 4) re-
lative to the theremin’s antenna.
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e Sequencer
Panning controlled by voltages put out by a se-
quencer such as the A-155.
In the patch in fig. 5, the control voltages are
produced by the lower row of the A-155, so that
as the sequence runs, each note is positioned
at a different place in the stereo soundstage.
(Lessening the abrupt changes between volta-
ges can be achieved by using Post Out 2 on the
A-155.)

e MIDI Interface
By patching in a MIDI interface (such as the A-
190 or A-191) you can use virtually any MIDI
Controller message to control panning (for in-
stance the mixing two signals using Aftertouch).

You can also use the pitch information genera-
ted by the MIDI interface to control any aspect
you want - for instance voltage-controlled pan-
ning using pitch data, perhaps making lower no-
tes appear more on the left of the soundstage,
and higher notes on the right.

cv

Gate

VCO |J»

ADSR

Random
Out

Audio

Fig. 2:

A Trig. In

Left

Random position in the stereo soundstage

each time a key is pressed.
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Voltage Controlled Panning A-134

Audio

Audio VCFS »
Signal Up

cvin j

Random
Colored 7“‘
A-118
Trig. In

Gate O

Fig. 3: Randomly making a sound more harsh or ra-
sping each time a note is pressed.

— 0
" Left
Aud
I|:| 1'0 Out
Audio O—» PAN
Right
CVin Out
W) -
A-178
Audio

In1
Audio 10—

Fig. 4: Panning using the theremin module.
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Post Out 2
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Fig. 5: Output panning using a sequencer.
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1. Introduction

Module A-135 (VC-Mixer) is a four-channel voltage

CV 1 ext. CV controlled mixer, which is used to mix audio signals
PZ . ; .
(@ — > 1 A'1 35 with four independent voltage controlled levels.
e Gain 1VC-|V|IX€I’ The module consists of 4 linear voltage controlled
(1 oz al . amplifiers (VCAs) mixed to one common output. High
g Audio In J Audioln 1 quality integrated VCAs (CEM3381) are used in the
4 o
(@ [ 2 1 ~(® circuit.
P Gain 2 Auder? Each VCA has the following:
- cv3 2
@ /» 3 AudII;:S ¢ Audio input with attenuator
e o . 3 —@ e Control voltage input with attenuator
Gain 3 Audio In 4 . I
L cva4 ] ¢ Gain control (amplification offset).
F 4 fl=—
(®©— 4 [

Gain 4
Audio Out
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2. VC-Mix - Overview

A-135 VCMIX
VOLTAGE CONTROLLED MIXER
’7 Audio In . Gain = ext. CV —

ocm @ @0 @ 1
—0 0 0—-:
—0 O 00—
—0 0 0—:
\ | || | | |

O
Audio Out

(1) @ é ® ©

Controls:

@® Audio In:
@ Gain:

® ext.CV:

In / Outputs:

O AudioIn:
® Audio Out :

©® CVv2:

Attenuator for audio si-
gnal at input @

Control for amplification
offset

Attenuator for control
voltage at input ®

Audio input

Audio output (mixed out-
put of the four VCAs)

Control voltage input
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3. Controls

@® Audio In

The four attenuators @ control the levels of the audio
inputs. Adjust these controls to the desired input
levels of the audio signals at the inputs @. Basically
these controls serve to compensate for different audio
levels in the original signals so that the same control
voltage results in approximately the same audio level
at the output.

@ Gain

The gain control adjusts the amplification offset
(overall gain) for the VCA in question.

Position "0" corresponds to no amplification offset.
This means that the channel in question contributes
no signal to the output - provided that no positive
control voltage is applied to the external control vol-
tage input.

Turning up the gain control increases the amplifica-
tion proportional to the gain control setting - even if no
voltage is applied to the external control voltage input.

With the gain control, amplification response is shifted
up into the positive range (see Fig. 1).

The VCA’s used in the A-135 (CEM3381) have a

linear control response. The amplification is in direct
linear proportion to the control voltage input.

Gain »

1 Gain>0

Control Voltage »

Fig. 1: Effect of gain control on VCA response

I For pure positive control voltages (e.g. from
an ADSR) the gain control is normally set to 0.
For bipolar control voltages (i.e. positive and
negative components, e.g. from LFO or ran-
dom) the gain control is normally set to a
value larger than 0 so that the negative part of
the control signal is able to have an effect as
well (see. Fig.2).
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ov Output ( Gain=0)
R AR CQ;%W%“ :HAM“W
A . / \ i
\\_/// WY
Input Output ( Gain>0)

AR X KALARAL,

AAMAMALE AR 2
YW WYV LY bExpATAY

Output ( Gain >>0)

(AT
A

Fig. 2: Resulting amplification with bipolar control
voltage (CV) and different gain settings

® ext. CV

This attenuator affects the level of voltage control at
socket @. It controls the amount of effect the CV has
on amplification.

4. In/ Outputs
O Audioln

The signals you wish to amplify are input through the
four audio inputs @.

® Audio Out

The output signal @ is the sum of the four audio inputs
amplified by the four VCAs.

© ext. CV
Sockets © are the control voltage inputs.

The effective control voltage range of each VCA goes
from 0 V (no amplification) to about +5 V (maximum
amplification). The effective control voltage is the sum
of the voltages coming from the gain control @ (about
0...+5V), and the external control voltage ® that may
be attentuated with control ®.
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5. User examples

Module A-135 enables voltage controlled mixing of
up to 4 audio sources with 4 different control volta-
ges.

The control voltages can be generated by any voltage
source or even by audio sources for special effects
(similar to ring modulator or FM sound). Here are
some examples of possible control voltage sources:

o LFOs (A-145, A-146, A-147)

e ADSRs (A-140, A-141, A-142, A-170)
¢ Random (A-118, A-148)

e Shepard-Generator (A-191)

o external audio signals in combination with an enve-
lope follower (A-119)

¢ Analog sequencer (A-155, MAQ16/3)
e Theremins (A-178)

e Light controls (A-179)

e Foot controls (A-177)

It is also possible to use MIDI-controlled voltages in
combination with a MIDI-CV-Interface (A-190, A-191,
MCV4, MCV24):

e Pitch CV

e After touch

e Pitch bend

e Modulation

e Volume

e any MIDI Controller

For example, the combination of A-135 and A-191 can
create a simple MIDI-controlled mixer.

One special application is using the Morphing Con-
troller A-144 to generate the control voltages for the
A-135. This enables cross-fading (morphing) of 4 au-
dio sources with only one controlling voltage. This
single controlling voltage defines the fading or mor-
phing position. For details refer to the A-144 user’'s
guide.
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6. Patch-Sheet

The following diagrams of the module can help you
recall your own Patches. They're designed so that a QLJAgEiONTF}g&%!éR
complete 19” rack of modules will fit onto an A4 sheet — Audioln —— Gain  — ext.CV _—
of paper. ® <©> @ < > o 1
0 10 0 10 0 10
Photocopy this page, and cut out the pictures of this
and your other modules. You can then stick them onto ©_<> @ @P@ 2
another piece of paper, and create a diagram of your o o A
own system. Q @ Q
o— ) —e) 3
Make multiple copies of your composite diagram, and O 0 10 R
use them for remembering good patches and set-ups. : \/\( m X/\:
4
OQW 0010 0010 @
C: >« Draw in patchleads with colored pens. @
« Draw or write control settings in the little A
white circles.
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1. Introduction

Module A-136 is a distortion and waveshaping mo-
dule with extensive control possibilities. Different set-
tings of 5 distortion/waveshaping parameters enable a
A'1 36 lot of very complex and extreme waveform modificati-

DIS ons.

The incoming audio or cv signal is divided into 3
v sections: original, positive and negative component.
For the positive and negative component, clipping
levels (L) are defined. Only voltages beyond this level
of effect the output signal. For each of the three sections
L] the positive or negative amplification (A) can be adju-
- sted.

Input A

Ext. Level +L

i

Ext. Level -L
L External control voltages can be used to alter both

— clipping levels so that dynamic waveform changes are

+A o possible.
e The range of modification goes from simple soft or hard
(@)~ Output -A clipping to completely altered waveforms where the

— original signal is no longer recognizable.

Typical applications are audio distortion, and waveform
modification for audio signals as well as for control
voltages (LFO, ADSR, random etc.).
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2. DIS - Overview

A-136 DIS
Distortion / Waveshaper
Input
o -
0 10
Ext. Level
@ @ + L+
0\ 10
+L....}<A>
A
ot @4
0 10
Ext. Level
—@
0 10
Output
o @~
0 10

Lo

@)

)

Controls:

D A: Amplification control for original signal

@ +L: Clipping control for positive signal compo-
nent

® -L: Clipping control for negative signal com-
ponent

@ +A Amplification control for positive signal
component (above the positive clipping
level)

® -A Amplification control for negative signal
component (below the negative clipping
level)

In / Outputs:

@ Input : Signal input

® Ext. Level : ext. CV input for positive clipping level

© Ext. Level : ext. CV input for negative clipping le-

O Output :

vel

Signal output
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3. Controls
@ A

Control ® defines the amplification A of the original
signal. The range of the amplification factor is about
-4..+4. This means that one can obtain actual
amplification (range +1...+4), or attenuation (range
0...+1) or even inversion of the original signal (range
-4...0). The table below shows the approximate
assignment of some control settings and the
corresponding amplification factors:

Control | Amplification Explanati
setting factor X2 aton
0 about -4 | maximum negative amplification
same amplitude as input signal but
3,5 about -1 |i verted
5 about 0 suppression of input signal
6,5 about 1 same amplitude as input signal
10 about 4 maximum positive amplification

Tab.1: How control settings affect amplification
factors

@+L +« ®-L

Controls @ and ® adjust the positive (+L) and
negative (-L) clipping levels respectively.

In the positive signal section only signal voltages
above the positive clipping level +L are affected by the
amplification control +A.

In the negative signal section only signal voltages

below the negative clipping level -L are affected by the
amplification control -A.

Fig. 1: how the clipping levels work (input signal =
triangle)
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= When an external control voltage is patched
to the normalled socket @ (or © respectively)
control +L (or -L respectively) has no
function. In this case the clipping level is
determined only by the external control
voltage. This feature enables the dynamic
change of clipping levels by external control
voltage sources.

@+A « ®-A

With controls @ and ® respectively, the amplification
factors of the positive (+A) and negative (-A) parts of
the signal past the corresponding clipping level
thresholds are adjusted. The assignment of control
positions to amplification factors is the same as for the
original amplification control A (refer to tab. 1).

4. In/ Outputs

O Input
Socket @ is the signal input of the A-136.

A Ext. Level + © Ext. Level

If you want to control one or both of the clipping levels
from external control voltage sources (e.g. LFO,
ADSR, Random, Theremin, Sequencer, MIDI, and so
on) the normalled sockets ® and ® are used.

The clipping control +L (or -L respectively) sets the
clipping level unless an external control voltage is
patched into the Ext.Level @® socket (or ©
respectively). Please note that the positive (+A) section
of the A-136 takes effect only if the incoming signal
voltage is temporarily higher than the positive clipping
voltage. For the negative section the same applies: the
negative (-A) section of the A-136 takes effect only if
the incoming signal voltage is temporarily less than the
negative clipping voltage. If unsuitable external control
voltages are applied the A-136 may not work properly.

O Output
Socket @ is the A-136 output.
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5. User Examples

Different settings of the 5 parameters enable a lot of
very complex and extreme waveform
modifications. The range of modifications varies from
simple soft or hard clipping to completely altered
waveforms where the original signal is no longer
recognizable. The sketch below shows a few examples
when a triangle signal is used as input.

An oscilloscope would be a good tool to see and
understand the waveform modifications resulting from
different parameter settings.

4 _A

Typical applications of module A-136 are:

Audio distortion (especially interesting in
combination with filters), whereby the features of
the A-136 far exceed those of conventional
distortion or fuzz boxes

Waveform modifications for control signals (e.g.
new control waveforms derived from LFO, ADSR,
Random and so on)

A
/\/_,/\\FJ\_\FJ\_\[
\‘/\A//L)\M

N
VA

<&
207
30
50¢

Fig. 2: Examples for new waveforms derived from a triangle input with different parameter settings
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6. Patch-Sheet

The following diagrams of the module can help
you recall your own Patches. They're designed so
that a complete 19” rack of modules will fit onto an
A4 sheet of paper.

Photocopy this page, and cut out the pictures of
this and your other modules. You can then stick
them onto another piece of paper, and create a
diagram of your own system.

Make multiple copies of your composite diagram,
and use them for remembering good patches and
set-ups.

@ » Draw in patchleads with colored
pens.
« Draw or write control settings in the
little white circles.

!
|

A-136 DIS

Distortion / Waveshaper

Input

© ()
Ext. Level
o—( )«

A-136 DIS

Distortion / Waveshaper

Input

ORN e
Ext. Level
)

A-136 DIS

Distortion / Waveshaper

D
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1. Introduction

2
N
[~

IR

?
Inuinwlinw]
I

IR

N

I

Waveform Multiplier

Audio Input  Audio Output

man.

cv

man

Cv

man.

Multiples

‘|Folding

Level

Folding
Symmetry

Harmonics

Module A-137 is a Voltage Controlled Waveform Mul-
tiplier. The basic idea of a wave multiplier is to multiply
the waveform of an incoming signal (e.g. triangle from
a VCO) within one period. This leads to additional
harmonics. The period and consequently the pitch of
the signals remains unchanged - in contrast to fre-
quency multiplication e.g. with the PLL module A-196.
The A-137 works as a kind of "inverse low pass filter",
i.e. it adds a lot of harmonics to the incoming signal.
Consequently the best results are obtained with signals
that contain none or only a few harmonics (e.g. triangle
or sine waveforms). The A-137 can be used with signals
rich in harmonics too (e.g. saw) but the effect is not as
remarkable as for triangle or sine waves.

The A-137 is a very sophisticated wave multiplier that
offers much more features, more controls and more
waveform manipulations than other wave multipliers
available so far. In addition all four parameters are both
manually adjusted and controlled by external volta-
ges:

e Multiples: number of waveform multiplications

e Harmonics: adds more harmonics similar to the re-
sonance/emphasis control of filters

¢ Folding Level/Symmetry: value and symmetry of
the upper/lower folding level
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2. Basic principles

The signal is processed by a standard linear VCA and 4
so-called wave folding stages. The amplification of the
VCA is identical with the Multiples parameter. This is the
working principle of the folding stages: As soon as the
signal goes beyond the upper resp. below the lower
folding level the signal is reflected resp. folded back. The
values for upper and lower folding level are derived from
the input parameters folding level and symmetry. Both
can be adjusted manually and controlled by an external
control voltage (CV). Folding Level determines the di-
stance between the upper and lower folding level, Fol-
ding Symmetry the position of both levels relating to the
zero line. The internal upper and lower folding level are
calculated by adding resp. subtracting the voltages for
Folding Level and Folding Symmetry (refer to fig. 3).

The working principle of one stage by means of a
triangle signal is shown in fig. 1. The upper picture
shows the incoming signal. The areas to be reflected are
filled black. The lower picture shows the output signal of
the stage. In this example the symmetry is slightly posi-
tive and the reflected areas are not symmetrical.

Fig. 2 shows the folding function of three stages. The
amplification (i.e. the Multiples parameter) is increased
for the succeeding pictures to see the effect of incre-
asing Multiples. Stage 4 is not shown because of clear-
ness.

upper clipping level

lower o|ippm§\|{eve| '/
L/v\u‘/v\A

Fig 1: Folding function for one stage

input signal / ______________________ ______________________ \

folded signal
(1 stage)

folded signal
(one stage)

\ """ JANWANN /"\ """ WANWANN f

...... V VVVV B YATERVAY AR VALV

folded signal
(2 stages)

folded signal
(3 stages)

Fig 2: Folding function for three stages
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As the amplification resp. the Multiples parameter in-
creases even the peaks of the folded signal reach the
folding levels of the succeeding stage and the signal is
folded once again as shown in fig. 2. As the module
contains 4 folding stages up to 8 foldings are possible (4
at the upper and 4 at the lower clipping level). Conse-
quently the maximum multiplication factor is 9 (8+1). If a
second A-137 module is added even more multiplicati-
ons are possible.

The Harmonics parameter sharpens the waveform slo-
pes and adds some overshoot at the edges - a little bit
like the resonance resp. emphasis function of a filter.
Internally the harmonics feature is realized by an additio-
nal VCA for each folding stage.

symmetry M2 am

Fig 3 shows the complete schematics of the A-137
module. For each of the four parameters Multiples,
Folding Level, Symmetry and Harmonics a manual con-
trol and an external control voltage input with attenuator
is available.

The external control of each parameter can be realized
with the usual modulation resp. CV sources: LFO,
ADSR, random voltage, MIDI-to-CV, Theremin, ribbon
controller, joy stick, foot controller and so on. Of course
simultaneous control of several parameters with diffe-
rent CV sources is possible (e.g. Multiples controlled by
and ADSR and Harmonics by a LFO).

As the signals within the A-137 are fully DC coupled the
module can be used to process control voltages too.

(manual + CV) b

folding level

(manual + CV) a-b

multiples

(manual + CV)

lower lower

lower lower

input %

level

harmonics

upper
clipping level

" folding stage

harmonic content

out —

upper
clipping level

" folding stage

harmonic content

out —

upper
clipping level

" folding stage

harmonic content

out

upper
clipping level

" folding stage

hamonic content

out

— output

l

]

]

(manual + CV)

Fig. 3: Overall view
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3. Overview Controls:
®a CV Multiples: Attenuator for CV input @
A-137 VC WAVE MULT. ®b Man. Multiples: Manual Multiples control

VOLTIAGE CONTROLLED WAVE MULTIPLIER

@a CV Folding Level: Attenuator for CV input @
@b Man. Folding Level: Manual Folding Level control

®a CV Symmetry: Attenuator for CV input ©
®b Man. Symmetry: Manual Symmetry control
@a CV Harmonics: Attenuator for CV input @
@b Harmonics Man.:  Manual Harmonics control
® Level: Input level control
Inputs / Outputs:

® CVM: CV input Multiples

® CVF: CV input Folding Level

© CVs: CV input Symmetry

O CVH: CV input Harmonics

6 In: (Audio) input

O Out: (Audio) output
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4. Controls

®a CVM (knob) / @ CVM (socket)

®b Manual Multiples (knob)

This group of elements is responsible for the Multiples
parameter, i.e. the number of waveform multiplications
within one period (range 1...9).

@a CVF (knob) / ® CVF (socket)

@b Manual Folding Level (knob)

This group of elements is responsible for the Folding
Level parameter, i.e. the distance between upper and
lower folding level.

®a CVS (knob) / ® CVS (socket)

®b Manual Symmetry (knob)

This group of elements is responsible for the Symmetry
parameter, i.e. the asymmetrical shift of upper and lower
folding level relating to the zero level.

@a CVH (knob) / @ CVH (socket)

@®b Manual Harmonics (knob)

This group of elements is responsible for the Harmonics
parameter, i.e. the sharpening of the waveform slopes
and the addition of overshoot at the edges similar to
resonance resp. emphasis function of a filter.

The following is valid for each of the 4 parameter groups:

Each parameter has available a manual control knob
(®b/@b/®b/@b) and an external control voltage input
(0/8/8/0). Each external CV input is equipped with an
attenuator (Da/@a/®@a/®@a) that allows to adjust the effect
of the external CV to the parameter in question.

The required control voltage difference at the sockets @
to @ is about 5V to reach all available settings, i.e. about
0...+5V with all attenuators set to it's maximum and all
manual controls to it's minimum positions.

® Level (knob) / ® In (socket)

This is the audio input of the module (e.g. triangle output
from a VCO) and the corresponding level control. Con-
trol ® has the same effect as the Multiples parameter as
it is connected in series with the VCA that controls the
Multiples.

Level control ® is adjusted so that the maximum effect
is obtained while passing through the complete Multiples
range (e.g. by turning knob ® from fully counterclock-
wise to fully clockwise). If the input level is too small not
all waveform multiples will be reached. If the level is too
high the maximum waveform multiples are reached
even for middle positions of control ® and the output
signal only distorts for higher settings of control ®. But
this may be a desired behaviour so that the level control
can be set intentionally to higher values.
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@ Out (socket)

This is the audio output of the module. The output signal
can be processed by other A-100 modules like filters,
VCAs, phaser, reverb or a second A-137.

5. User Examples

not yet ready
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1. Introduction

Module A-138 (MIXER) is a four channel mixer, which
can be used with either control voltages or audio si-

A_1 38 gnals.

MIXER Each of the four inputs has an attenuator, and there’s a
master attenuator, so that the mixer can be used at the
end of the audio chain - ie. it can be used to interface
directly with an external mixer, amplifier, etc..

[N

;\

Input 1

Input 2 The module can be supplied in two versions:

‘\

? 2

e A-138 a: potentiometers with linear response, so
especially suitable for control voltage mixing.

5

7
N

Input 3

— e A-138 b: potentiometers with logarithmic response,
Out so especially suitable for audio signal mixing.

5
N

7
~

Input 4 Output

From about middle of 2004 the module is equipped with
an additional offset function for input 1. An internal
jumper is used to decide if control input 1 works as a
positive or negative DC offset generator provided that
no plug is inserted into input 1.
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2. MIXER - Overview

A-138 MIXER
lin® expO —@

Input 1

Qo m n1—®
@ 0“10
Input 2

(2 B m mn2—®
°* @
Input 3

®— O h3—@
°* @

(N
g
. |

Controls and markings:
® lin./exp.: indication of type of mixer:

A-138 a: linear potentiometers
A-138 b: logarithmic potentiometers

@ In1: Attenuator for input @
® In2: Attenuator for input @
@ In 3: Attenuator for input ®
® In4: Attenuator for input @
® Out: Output attenuator
In / Outputs:

O Input1

® Input 2

© Input 3

O Input 4

6 Output
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3. Controls and markings

@ lin. / exp.

Check which little circle is filled in, to see which version,
linear or exponential (logarithmic), the VCA is.

@ In1 ® In4
Attenuators @ to @ control the level for inputs @ to @.

® Out

The output level of the mixer is controlled by attenua-
tor ®. Unlike on most A-100 modules, the output has an
attenuator, so that it can act as the end of the audio
chain, and interface directly with a mixing desk, ampli-
fier, etc.

From about middle of 2004 the module is equipped with
an additional offset function for input 1. The pin header
labelled JP4 (located behind input 1 on the pc board) is
used for this option. With no jumper on JP4 the offset
option is disabled. If a jumper is put to JP4 in the right
position (near the edge of the pc board) a positive offset
voltage (~ 0...+5V) is generated by control 1 provided
that no plug is inserted into socket 1. If a jumper is put to
JP4 in the left position (direction to the front panel) a
negative offset voltage (~ 0...-5V) is generated.

4. In/ Outputs

O Input1 O Input4

Sockets @ to @ are the mixer’s inputs. Patch in what
you want to mix via these sockets.

== You can use the mixer for either control volta-
ges or audio signals (see chapter 5, user
examples)

6 OUT

The mixed signal is available at the output.
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5. User examples

Mixing audio signals

O Use A-138 b, and patch the audio signals to be

mixed into sockets @ to O.

O Adjust the relative amount of each signal with con-
trols @ to @, and the volume of the whole mix with

control ®.

(J The whole mix is output at socket ©.

VvCO

JANVANA

Fig. 1: Mixing audio signals with an A-138 b

VARV

A-138
MIXER

I O Y hakuad

Input 4 Output

Mixing control voltages

You may sometimes need more CV inputs than a parti-
cular module has - for instance if you want to control
VCF 1 with an ADSR, LFO, aftertouch, and keyboard

tracking.

VCF'’s free inputs (see Fig. 2).

LFO

-

In2

cv ﬁ

In3
M AllerToueh ;B
Out

ADSR

In4
/AmN

Input 1
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Fig. 2: Mixing control voltages with an A-138 a

In that case, you'll need to use an A-138a VCA to mix at
least two of the CVs, and send the output to one of the
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A-100 Polarizing Mixer A-138c

1. Introduction

+3V

+1
0

Polarizing Mixer

Input 1

Qutput

Module A-138c¢ is a four channel mixer, that allows to
add or subtract four incoming voltages to the output
signal.

In the middle position of the corresponding control
knob the amplification is zero, i.e. the signal will be
suppressed. Turning the knob counterclockwise the
signal is subtracted from the output sum with increasing
amount. Turning the knob clockwise the signal is ad-
ded to the output sum with increasing amount.

The output control works in the same way, i.e. the
resulting output signal can be additionally attenuated
and/or inverted.

The module is used in the first place to mix control
voltages (e.g. ADSR, LFO). It can be used to mix audio
signals too but there is no difference between adding
and subtracting audio signals unless they have a fixed
phase relationship (e.g. the outputs of a VCO, or the
input and output signal of a VCF). For audio signals
without phase correlation there is no difference between
addition and subtraction for the human ear.

Control In1 works as a DC offset generator (about
-5V...+5V) provided that no patch cord is plugged into
socket Input 1. If this feature is not required it can be
deactivated by removing a jumper on the pc board.

The voltage controlled version of a polarizer is the
module A-133.
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2. Overview
Controls:

E[5 A-138¢ PMIX
Polarizing Mixer

@®...® In1 ...In4  polarizing control input 1 ...4
® Out polarizing control output

Inputs / Outputs:

9...0 Input1..4 input1..4
6 Output output

P oosrFFE
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Polarizing Mixer A-138c

3. Controls / Inputs / Outputs

@...® In1 ... In4 (controls)
9...0 Input 1 ... Input 4 (sockets)

These are the four inputs @...0 of the module with the
corresponding polarizing controls @...®. In contrast to a
normal attenuator (e.g. the mixer controls A-138 a/b) the
zero position of a polarizing control is in the center of the
rotating angle. This corresponds to position 5 of a nor-
mal attenuator.

Left from the middle position (i.e. turning the knob
counterclockwise) the corresponding input signal is sub-
tracted from the output sum with increasing amount.

Right from the middle position (i.e. turning the knob
clockwise) the corresponding input signal is added to
the output sum with increasing amount.

Fig.1 shows the function of a polarizing control by means
of an ADSR envelope as input signal. -1 corresponds to
the fully counterclockwise position of the control, 0 to
middle position and +1 to the fully clockwise position.

+0.5
+1

—>

0 -1
-0.5

Fig. 1: Function of the polarizing controls

® Out (control) / ® Output (socket)

Socket @ is the output of the module with the correspon-
ding polarizing output control ®. The output control
works in the same way as the input controls, i.e. the
output sum appearing at socket ® can be additionally
attenuated and/or inverted and adjusted to the desired
level.
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The way of negative/positive control with zero position
in the center of the rotating angle will be a bit unusual in
the beginning as one is used to turn a control fully
counterclockwise to make a signal disappear. For the
polarizing control one has to adjust the knob very care-
fully to the center position to extinguish a signal. If you
want to have an inverted signal that can be set to zero
in the usual way (i.e. fully counterclockwise control
position) the voltage inverter A-175 in combination with
a normal attenuator has to be used.

If a voltage controlled version of a polarizer is re-
quired module A-133 is the solution.

The factory setting for the maximum amplification for
both the input and output polarizers is -1 ... +1. The
module can be modified to obtain another amplification
range (e.g. -0.5 ... +0.5 or -2.5 ... +2.5). Electronically
experienced users can do this modification themselves.
Simply a resistor has to be replaced to change the
maximum amplification (for details please refer to the
chapter "module modifications" on DIY page of our web
site www.doepfer.com).

Control In1 works as a DC offset generator (about
-5V...+5V) provided that no patch cord is plugged into
socket Input 1. If this feature is not required it can be
deactivated by removing a jumper on the pc board.

For this a two row pin header with 10 pins (2x5) is
located behind input control 2. The upper pair of pins is
marked with an arrow and labelled "offset opt.". In the
factory a jumper is put on this pair of pins to activate the
offset option for input 1. To cancel the offset option the
jumper simply has to be removed.

The complete pin header is labelled "ext. Inputs". It can
be used to establish default connections from other
modules to the switching contacts of the A-138c input
sockets, e.g. from the four outputs of a quad modulation
modules A-143-x, the VCO A-110 or the multimode filter
A-121. For this the two modules (A-138c and A-143-x)
have to placed side by side and the corresponding
connections (outputs of A-143-x to the default inputs of
the pin header of A-138c) have to established internally.
Such modifications should be carried out only by quali-
fied personnel or electronically experienced users. A
female connector with flat cable (similar to the bus
cables) should be used for this connection (no direct
soldering to the pins).

This is the pin-out of the pin header:

Switch Contact In 1
Switch Contact In 2
Switch Contact In 3
Switch Contact In 4

GND

+5V

(connected to left pin)
(connected to left pin)
(connected to left pin)
(connected to left pin)

1040
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s A-140
ADSR

Retrigger Attack

Output Decay

Sustain

Output
Release

Inverse

Output
ADSR Time

Control Range

1. Introduction

Module A-140 (ADSR) is an envelope generator,
and, since it puts out control voltages, counts as one
of the modulation devices in a modular system.

As soon as the gate input receives sufficient voltage,
the ADSR generates a variable voltage, changing in
time, called an envelope. This varying voltage is
output in normal (positive) and inverted form, and can
be used, eg., for voltage controlled modulation of a
VCO, VCF, or VCA, or for processing other modules’
inputs and outputs.

The shape of the envelope is governed by four para-
meters: Attack, Decay, Sustain and Release (see Fig.
1 on page 3).

The envelope is started (triggered) by a gate signal
either from the INT.GATE voltage on the system bus,
or, if a signal is put into it, from the gate input socket.

The envelope can also be re-triggered, ie. start from
scratch again, each time a trigger signal is sensed at
the Retrig. input socket, when the gate is still open
(see Fig. 2 on page 5).
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2. ADSR overview Controls:
@ A: Attack time control
A-140 ADSR @ D: Decay time control
N ® S: Sustain level control
Gat m @ R: Release time control
o L A @
@ “ ® ADSR Control:LED envelope state indicator
0 10
Retrig. ® Time Range: Three-position range switch
o V@ o
0 10
Output In / Outputs:
© r @ S ® @ Gate: Input for gate voltage
A : = ® Retrig.: Input for re-trigger voltage
utput
o | i © Output: Output: responds to a gate signal by
@ @ B ® putting out the voltage envelope set
Inverse | 10 by the controls.
Output . .
H o M R CEREE ® Inverse Output: responds to a gate signal by
Time putting out an inversion of the voltage
R envelope set by the controls.
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3. Controls

The ADSR puts out a varying voltage, called an enve-
lope, whenever a gate signal is sensed (see Fig. 1).

\ Attack Decax Release

Time Time ‘ Time ‘

- approx. 8V ‘ ‘ ‘

| | |

} | | Sustain | |

‘ " Level ‘ ‘

| | | |
o | \ Time =»
8 | +3...+12V
On Off ov

Fig. 1: An ADSR envelope and its parameters

® A

With this control you set the envelope’s attack time.
Whenever the envelope is triggered - via the internal
gate, a ‘note on’ command via a MIDI/CV interface, or
a gate signal at gate input @ - a control voltage is
output at sockets ® and @, rising to maximum in the
time set by this control.

@D

This control sets the decay time: the time it takes for
the control voltage output to fall to the level set by S,
the sustain control.

® S

This control sets the sustain level of the envelope -
the steady-state voltage level after the decay phase.
This level remains the same until the gate is closed.

@ R

This control sets the release time of the envelope. As
soon as the gate signal finishes, for instance when the
key that triggered the envelope is released, or a note
off command is received via a MIDI/CV interface, the
control voltage falls to zero, at a rate set by this
control.




A-140 ADSR

System A -100

® ADSR Control

LED 5 gives a visual indication of the envelope voltage
at the output.

® Time Range

This 3-position rotary switch lets you select the right
time range for your requirements. The three positions
are:

e H (high): up to minutes
e M (medium): standard mid-range
e L (low): down to less than 100 psec

4. In/ Outputs

O Gate
Socket @ is the ADSR’s gate input.

=" The gate input is a switched socket, normalled
to the INT. GATE circuit on the system bus. A
gate signal on this circuit (for instance from a
keyboard) will trigger the ADSR, even without
an input to socket @.

If on the other hand you connect a gate signal to
socket @, then the connection with the system bus is
broken, and the ADSR is triggered from this socket
instead.

If you want, you can undo the normalling to the system
bus more permanently, by turning the A-100 off, remo-
ving the A-140 module, and taking out the little red
jumper in the top right-hand corner of the circuit
board.
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0 Retrig.

Socket @ is the ADSR’s retrigger input, which can be
connected, for instance, to the output from an LFO.
That means that while the gate is open, the envelope

re-triggers every time it senses a pulse from the LFO
(see Fig. 2).

- o

Gate

Fig. 2: Envelope re-trigger system

©® Output < O Output

Whenever the ADSR is triggered, these outputs carry
the envelope voltage as defined by the Attack, Decay,
Sustain and Release parameters (see Fig. 3).

O Inverse Output

The Inverse Output carries exactly the same voltage
envelope as the ordinary outputs but inverted - with
negative instead of positive voltages (see Fig. 3).

Output

Inverse
8V

Output

0V

albpl s | R
.

-8V |

Fig. 3: normal and inverted envelopes
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5. User examples

The envelope generated by the ADSR can be used for
most kinds of modulation:

e ADSR-VCA
Modulation of loudness / amplification over time.

e ADSR - VCA for voltage control of any in /
output processes, with the process time control-
led by the A, D, S, and R parameters.

e ADSR -VCF
Modulation of the cut-off frequency produces a
constantly evolving sound spectrum.

e ADSR -VCO (PWM)

Modulation of the pulse width of a VCO produces a
constantly changing timbre.

e ADSR -VCO (FM)

Modulation of the pitch control voltage produces
variation in pitch as a note progresses (and at very
short envelope settings produces variation of tim-
bre).

e ADSR-VCP
Modulation of the phase shift of an A-125 VCP
produces variation in phase shift as a note pro-
gresses. For this function slow settings of A, D and
R parameters should be used.

ADSR - VCLFO

Control of the frequency of an A-147 VCLFO pro-
duces variation in LFO frequency as a note pro-
gresses. For this function slow settings of A, D and
R parameters should be used.

Examples and further notes can be found in the manu-
als for the individual modules.
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cate A-141

VCADSR
Retrig.
CVA Attack
CvD Decay
CVsS Sustain
CVR Release
Output

1. Introduction

Module A-141 (VCADSR) is a voltage controlled
envelope generator.

Whenever a gate signal is sensed at the VCADSR’s
gate input, an adjustable sequence of voltages is
triggered - the envelope. You can then use these
envelopes to modulate a VCO, VCF and/or VCA, and
alter the input and output voltages of all sorts of
modules.

The shape of the envelope is governed by four para-
meters: Attack, Decay, Sustain and Release (see Fig.
1 on page 3). On the A-141, these parameters can be
controlled by hand, or by voltage control, via the
dedicated CV inputs (each with an attenuator).

The A-141 VCADSR also has a retrigger facility:
while the gate is open, a trigger pulse received at the
retrigger socket will re-start the envelope from the
beginning of its attack phase (see Fig. 2 on page 5).
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2. VCADSR - Overview Controls and indicators:
@ A: Attack time control
A-141 VCADSR @D: Decay time control
Voltage Controll. Envelope Generator
® S: Sustain level control
CVA
o ° @ @ Al @ @ R: Release time control
3 o @ - ®..®: Attenuators for CV inputs @ to @
CcvVD © ® LED.: Envelope state indicator
° @ O -
0 10 0 10
cvs ® In-/ Outputs:
© o @ @ S ® O CVA: Attack voltage control input
0 10 0 10
s @ ® CVD: Decay voltage control input
[/ N— M @ R —@ ® CVS: Sustain voltage control input
0 10 0 10 O CVR: Release voltage control input
® 0 Gate: Gate signal input
© B @ ©_O l © @ Retrig.: Retrigger signal input
Gat Retri Out
‘o - - © Output: Envelope voltage output
| |
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3. Controls and indicators

As soon as a gate signal is sensed at the VCADSR
gate input ®, the VCADSR puts out a varying voltage,
changing in time, known as an envelope. See Fig. 1.

2
ol | Attack_| Decay, \ | Release |
> © Time  Time .~ Time
Kol ca.( +8V ‘ ‘ ‘
5
a ‘ ‘ ‘ ‘
2| | | |
L>) ! , ' , ,
| | | Sustain | |
‘ ‘ " Level ‘
| | L | |
@ ‘ \ Time =»
8 | +3...+12V
On off oV

Fig. 1: ADSR envelope and its parameters

The parameters A, D, S and R can be adjusted by
hand with controls @ to @, or can be controlled by the
voltages patched into CV inputs @ to @. These control
voltages and the voltages set by hand are summed.

® A

This controls the Attack time of the envelope.
Whenever the VCADSR s triggered - by a key being
pressed on your controller keyboard, or by an external
gate being sensed at the gate input ® - the control
voltage at output @ rises to the maximum, in a time
determined by the setting of this knob, and any voltage
patched into its Attack CV input.

@D

This controls the Decay time of the envelope. After
the attack phase is finished, the voltage falls to the
level set by the sustain knob and CV, in a time
determined by the setting of this knob, and its CV
input.

® S

This controls the Sustain level of the envelope. After
the decay phase, the voltage stays at this level until
the gate is released.

@ R

This controls the Release time. As soon as the gate
signal finishes, for instance when the key on the
controller keyboard is released (Note Off in MIDI), the
voltage at the output falls to its minimum, in a time
determined by this knob and the Release CV.
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® CVA ® CVR

Attenuators ® to ® set the level of voltage control
for inputs @ to ©.

® LED

The LED indicates the level of the envelope’s voltage.

4. In-/ Outputs
O CVA O CVR

CV inputs @ to @ are where the voltages you want to
use to control the envelope parameters are patched.

O Gate
Socket @ is the VCADSR’s gate input.

O Retrig.

Socket O is the VCADSR's retrigger input. This is
where you patch in a voltage to re-trigger the enve-
lope. If, for instance, you patch an LFO in, then while
the gate is open, the envelope is re-triggered every
time an LFO pulse is received (see Fig. 2).

A-100 DOEPFER
°“‘“h [~

] C T
Gate . .

Retrig. ||I|||||||||

Fig. 2: Envelope re-triggering

© Output

Output socket @ is where the envelope determined
by the A, D, S, and R parameters is available, every
time the VCADSR is triggered (see Fig. 1).
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5. User examples

Basically, the envelope generated by the VCADSR
can be used for any number of types of modulation:

e VCADSR-VCA
Complex amplitude changes over time

e VCADSR - VCA for voltage control
Time-dependent control of all sorts of modulation
voltages to and from other modules

e VCADSR-VCF
Modulation of the filter cut-off frequency for con-
stantly evolving sound spectra

e VCADSR-VCO (PWM)
Time control of Pulse Width Modulation changes
for evolving timbres

e VCADSR-VCO (FM)
Pitch modulation as notes progress (and timbral
change with very short envelope settings).

Look in the individual manuals for further examples
and notes.

The VCADSR in a MIDI system

In contrast with the A-140 standard ADSR, the A-141’s
parameters can be voltage controlled. One particular
possibility is to control the changes in parameters with

a MIDI sequencer and MIDI-CV interface (for in-
stance, the A-191) by simply sending MIDI controller
messages.

That actually makes the ADSR parameters program-
mable, and also means that you can change them as
you play, in real time (for instance by using velocity to
control the Decay parameter).

Using the VCADSR with a sequencer

Used in conjunction with a sequencer like the MAQ
16/3, you can get some interesting results - for in-
stance programming a different VCF or VCA decay
time for each note in a sequence. You simply
connect the second CV output of the MAQ 16/3 to
input ® (CV D) on the A-141 which is patched into the
VCF or VCA.

Controlling the release time

A common VCADSR application is shown in the patch
in Fig. 3, where the higher the note played, the shor-
ter the release time. This mimics the natural beha-
viour of most acoustic instruments.

The A-175 Voltage Inverter simply inverts the pitch CV
and sends it to the release CV input ® (CV R). You
control the intensity of this effect with control ®.
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= VCO w o
Gate

A-141

VCR

o

Fig. 3: Controlling release time

The same basic system can be used, eg, to shorten
the attack phase the higher the velocity sensed;
playing hard produces a short attack, and playing
more gently a slower attack to the note. Simply patch
the relevant velocity output of a MIDI-CV interface,
(for instance output CV2 on an A-190) to the A-175
Voltage Inverter's input, and the A-175’s output to the
CV input @ (CV A) of the VCADSR.

Random/cyclical parameter changes

You can get some interesting results by modulating
ADSR parameters either at random, with the random

output from an A-118 module, or cyclically, by using
an LFO such as the A-145, A-146 or A-147.

This is where creativity and love of experimentation
get to be really important - but one suggestion at least
is that the Decay parameter is a good one to start with.

In the patch in Fig. 4, each new note has a different
(random) decay.

SSes

cv
Gate

i ANNA N

A-141
Random
Out —
/ A cvo
A-118 A-148
TrigIn

Fig. 4: Random decay with each new note
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A-142
Volt. Contr. Decay/Gate
Trig. In Decay

W

Env. Out

%
—{4—— Threshold

Gate Out

Inverse

Gate Out

1. Introduction

Module A-142 (VCD) is a dedicated envelope gene-
rator with just one parameter, decay time. This decay
time is either controlled manually or by voltage con-
trol.

Whenever a trigger arrives at the VCD's trigger input,
an envelope is generated. This can then be used to
control VCO, VCF and VCA modules, or any other
module, come to that.

In addition to this, the module produces a gate signal
of adjustable length, which can be output in inverted as
well as normal polarity.

Two LEDs act as indicators of the envelope and gate
signals.
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2. Overview

A-142

VCD

Volt. Contr. Decay / Gate

Trig. In

mDecay

-,
e -
.
.

Inverse
Gate Out

0 10
Threshold

T
o -

Indicators and controls:

® Decay :

@ CV:

® LED:
@ LED:

® Threshold :

Manual control for altering the decay
time.

Attenuator for control voltages at CV
input @
Indicator for the envelope at output ©

Indicator for the gate signal at output
o

Control to set the trigger threshold,
and thus the length of gate signal
output.

In-/ Outputs:

O Trig.In:

® CV:

© Env.Out:
O Gate Out:
O Inv. Gate Out:

Input for the trigger signal

Control voltage input

Envelope output

Output for the gate signal generated
ditto, except inverted
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3. Controls and indicators

® Decay

This is used for manual control of the decay time t, of
the envelope generated. After an extremely short at-
tack phase, the envelope runs from maximum to zero
in the time that has been set by this control (see fig. 1).

@ CV

Attenuator @ is used to set the level of the control
voltage present at CV input @, which in turn controls
the length of the decay.

® LED

LED ® shows the voltage level of the envelope being
sent to output ©.

@ LED
LED @ is the indicator for the gate signal at output @.

® Threshold

Control ® is used for setting the threshold which
determines the length of the gate signal produced.lt
works like this: the gate signal t; at output @ starts
when a trigger is sensed, and stops whenever the
envelope voltage falls below the threshold level, which
you set with control ® (see fig 1).

Trig In —|
ov

Env Out

Threshold—— —
ov

Gate Out

ov
Inv. Gate Out

ov

fig. 1: How the A-142 responds to a trigger

Simultaneously, at output ® , an inverted gate signal
is available.
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4. In-/ Outputs

O Trig. In
Socket @ is where the trigger signal is patched in.

o CV
Control voltages for the decay time are patched in
here.

1x" The actual decay time t, is determined by a
combination of the level of the CVs themselves,
and the positions of decay control @ and the CV
attenuator @.

© Env. Out

Socket © is the output for the envelope that the A-
142 produces.

O GateOut - O Inv. Gate Out

The sockets for the gate output @ and inverted gate
output © respectively.

5. User Examples

Since the A-142 is really a simple envelope, with just
the one parameter to control, ideas for its use can
include any of the occasions on which you might use
the decay characteristics of an A-140 ADSR or A-141
VC-ADSR.

Random-Decay

> vCco |» VCF
Gate
1
Random
Out T —
/ Acv
A-118 I—> A-148
kTrig.In

fig. 2: Random-Decay

The patch in fig. 2 produces a random decay effect, so
that each key played has a percussive envelope of
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random length. An interesting variation on this theme
is to patch the output into a filter CV input, so that each
new note has a different filter accent.

Bringing an analogue sequence alive

The same sort of principle is used in the patch in fig. 3,
where a normal note sequence controlled by the A-155
is brought to life by having different filter accents for
each note.

The upper sequencer row controls the pitch of the
note, and the lower row controls the voltages sent to
the VCD, and thus the different envelopes for each
note.

Voltage-controlled Trigger Delay

In the patch in fig. 4, the gate function of two A-142s is
put to good use. By connecting them in series, and
using the inverted gate output on the first, you can get
voltage-controlled delays of the trigger signal.

The inverted gate output on the first VCD is patched
into the trigger input of the second. You use the trigger
threshold control on the first VCD to determine the
delay time t,. The length t; of the delayed trigger
signal is controlled by setting the threshold control on
the second VCD (see fig.5).

? Clock

Trig. 1

Glide Crtl. 1 E
Gate

Pre Out 1

Pre Out 2 1
VCF b o

% e |

Ewjaw) Sslss B
Ewiaw) Sslss |8
S MO rme
Sy Moms
Ewjaw) slEs B
[EwIsw) Sslss T
mnlaw] ssfss T
mlawl wafas T

— ™ VCO

»> ADSR

fig. 3: "injecting some life into a sequence”
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Trigger

|
o Inv. Gate Out
v VCD 1 |7 |

|
\
Gate Out ‘
Trig.; VCD 2 ‘ |_|
‘Delay‘

fig. 4: voltage-controlled trigger delay

This sort of patch for delaying a trigger signal is very
useful, for example, in producing delayed vibrato or
other modulation. For more suggestions of uses, look
at the user examples in the A-162 (Trigger Delay)
manual.

Trig In
VCD 1

ov

Env Out
vCcD1

Threshold
VCD1 —

ov

Inv. Gate Out
VvCD 1

ov

Env Out
VCD 2

Threshold _ |
VCD 2

ov

Gate Out
VCD 2

ov

fig. 5: Signals for the voltage-controlled trigger delay
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1. Introduction

preceding
Comp.Out| AD/LFO 1 Module A-143-1 contains four independent Attack/Decay
) ] . generators. When the module is used as a complex
(®— Trig.In Envelope Out @) envelope generator, then two, three or four units are daisy-
- chained, i.e. the preceding unit triggers the following unit.
9 Envelope A But the four units can be used even as four separate AD
> Attack Control > generators (mode switch in position AD) or free-running AD-
— type LFOs (mode switch in position LFO). The LFO mode
"+ Decay EOA Out ® differs in several points from a regular LFO (e.g. A-145, A-

—» Mix Polarizer —

Threshold

h 4

® o . Mode AD/LFO

Comp. Out O]

Comparator -
Control | 4

’ AD/LFO 2 —— (same as above) .
‘ AD/LFO 3 ——¢ (same as above) .
\ AD/LFO4 — ¢ (same as above) |

A

Mixer Mix Qut —®

Fig. 1: A-143-1 Controls, Inputs and Outputs

146 or A-147), as the slopes are exponential - in contrast to
linear slopes of a normal LFO. In addition the frequency is
defined by both controls, as the attack control defines the
duration of the rising slope, while the decay control defines
the duration of the falling slope.

Each unit has available a comparator that compares the AD
output voltage against a manually adjustable threshold and
turns on the corresponding comparator output as soon as
the AD output voltage goes below the threshold level during
the decay phase. The comparator outputs are normalled to
the trigger inputs of the following stage via the switching
contacts of the trigger input sockets. Consequently the first
unit triggers the second, the second triggers the third and so
on (and the last unit triggers the first one).

Each AD/LFO unit also offers a polarizer control. This allows
adding or subtracting all AD/LFO signals to the mix output
with adjustable level. Additionally each unit features a single
envelope output and a digital “End Of Attack (EOA)” output,
that indicates the end of the attack phase.
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2. Basic Principles

Fig. 2 shows the basic function of each unit:

Trig. In > Lactg:gnz‘tjﬁatter
ENVOut @ /... iMN.... Threshold

Cp Out

EOA Out

Fig. 2: Basic function

The positive edge of the trigger input starts the envelope
signal and resets the “End of Attack (EOA)” output. The time
for the rising slope of the envelope is defined by the Attack
control. As soon as the maximum value (about +8 V) is
reached, the EOA output is set to “high” and the decay state
begins. The time for the falling slope of the envelope is
defined by the Decay Control.

The threshold setting defines the behaviour of the
Comparator output (Cp Out). This output turns “low” as soon
as the level of the envelope signal exceeds the threshold
level. Otherwise it’s high.

Both digital outputs EOA and Cp Out can be used to trigger
other A-100 modules or other units of the A-143-1.

The retrigger behaviour of the A-143-1 is different compared
to other envelope generators. During the rising slope of the
envelope (attack phase) the envelope cannot be retriggered
or reset. And during the falling slope (decay phase) the
direction changes if a trigger signal appears (changes from
decay to attack state).

s

Trig. In

ENV Out

no effect

Fig. 3: Retrigger behaviour
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Provided that the trigger inputs are not patched the four
units are daisy chained via the comparator outputs (Cp Out)
as they are normalled via the switching contacts of the
trigger input sockets, i.e. each unit is triggered by the Cp
output of the preceding unit. Fig. 4 shows both the
behaviour of the module in the default state (complex/multi-
state LFO) and with a trigger signal applied to trigger input 1
(complex envelope generator).

The rising edge of Cp1 triggers the unit 2, the rising edge of
Cp2 triggers the unit 3 and so on. The example uses
different Attack, Decay and Threshold settings for each unit.

At the bottom of the picture two possible mixes are shown:
For the first mix all envelope signals are added up with the
same level and polarity (+1), i.e. all polarizer controls are in
the fully clockwise position. For the second mix the
level/polarity is +1 for the units 1 and 4, and —1 for the units
2 and 3, i.e. the polarizer controls of unit 1 and 4 are fully
clockwise and the polarizer controls of unit 2 and 3 are fully
counter-clockwise.

The dashed lines at the right end of the mix graphs are valid
if the module is in the cyclic mode, i.e. if the comparator
output 4 is normalled to the trigger input 1 (i.e. default
without external trigger signal). The permanent lines are
valid if an external trigger signal is used to trigger unit 1 (i.e.
the daisy chain is interrupted at trigger input 1).

falling edge
does not matter

Trig. In 1 -+

AD1 Out
------ - Threshold 1

Cp1Qut=
Trigin 2
AD2 Out r S~ Threshold 2

Cp2 Out =
Trig In 3

AD3 Out Threshold 3

Cp3 OQut=
TrigIn 4

AD4 Out

Cp4 Out
(=Trigin1
in LFO Mode)

Pol. Mix Out
(V=+1 for all)

Pol. Mix Out
(V=+1for unit 1 and 4
V = -1 for unit 2 and 3)

in LFO Mode (Trig In 1= Cpd)
the envelope is repeated here

Fig. 4: Complex envelope generator / LFO
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3. Overview

@ ® O ) ®

© ®Q0

Fig. 5: A-143-1 front panel
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Controls: Inputs and Outputs:
@ AD/LFO: mode switch @ Trig. In: trigger input
normalled to Cp 4 for unit 1
@ Attack: attack control (rising slope) normalled to Cp 1 for unit 2
normalled to Cp 2 for unit 3
® Decay: decay control (falling slope) normalled to Cp 3 for unit 4
@ Mix Polarizer: polarizer control ® EOA: end of attack output
® Threshold: threshold control for comparator ® Envx: envelope output (x = 1...4)
® : envelope display (LED) O Cpx: comparator output (x = 1...4)
@ : comparator output display (LED) 6O Mix Out: mix output

The controls and outputs are the same for all four units.

Module width: 28 HP / 141.9 mm
Module current: 70 mA
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3. Controls, Inputs and Outputs

@ Trig. In: trigger input

Socket @ is the trigger input of the corresponding unit. The
positive edge of this signal triggers the AD generator. If the
unit in question is used as an LFO, a dummy cable or jack
plug can be patched into this socket. Otherwise the LFO is
retriggered by the comparator output Cp of the preceding
unit because of the normalling of the trigger socket (for
details concerning the retrigger function please refer to page
2).

The trigger inputs @ are normalled in that way:

e Trigger input #1 is normalled to Cp #4
o Trigger input #2 is normalled to Cp #1
o Trigger input #3 is normalled to Cp #2
e Trigger input #4 is normalled to Cp #3

Provided that the four mode switches @ are set to AD and
the trigger inputs @ are left open the module works as a
complex 8-stage LFO with four adjustable rise and fall times
(A/D controls @ and ®), segment levels (mix polarizer
controls @) and segment distances (threshold controls ®).

@ AD/LFO: mode switch

This switch defines the function of the corresponding unit. In
the upper position (AD) the envelope mode is selected, in
the lower position (LFO) the free-running mode.

Remark: In LFO mode a dummy cable or jack plug should
be inserted into the trigger input of the corresponding unit.
Otherwise the Cp output of the preceding unit will retrigger
the LFO (see page 2) because of the normalled trigger
socket. This is of course only important if this special
retrigger behaviour is not desired.

@ Attack:
® Decay:

attack control (rising slope)
decay control (falling slope)

These controls set the attack time and the decay time. The
voltage at the envelope output © rises to the maximum, in a
time determined by the setting of the attack knob. After the
attack phase is finished, the voltage falls down to zero, in a
time determined by the setting of the decay knob.

©® Envx
® :

envelope output (x = 1...4)
envelope display (LED)

Socket © is the envelope output of the corresponding unit.
The LED ® displays the envelope’s course. The voltage
range is about 0...+8V in the AD mode, +0.5...+8V in the
LFO mode.
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@ Mix Polarizer: polarizer control

This control is used to add or subtract the envelope signal of
the corresponding unit to/from the mix signal appearing at
output @. This control is a so-called polarizer. The neutral
position of the polarizer knob is at its center (0). Left from
the center (area marked with a minus sign) the envelope
signal of the unit is subtracted from the mix signal. Right
from the center (area marked with a plus sign) the envelope
signal of the unit is added to the mix signal. The distance
from the center position determines the adding/subtracting
level.

® Threshold: threshold control for comparator
O Cpx: comparator output (x = 1...4)
@ : comparator output display (LED)

The threshold control ® is used to adjust the threshold
level of the comparator. The threshold setting defines the
behaviour of the corresponding comparator output (Cp x).
This output turns “low” as soon as the level of the envelope
signal exceeds the threshold level. Otherwise it's high.
Please refer to the page 2 for details.

A EOA: end of attack output

This is the digital End Of Attack output (EOA). The EOA
output is low during the attack stage and high otherwise. It
can be used to trigger other A-100 modules or other units of
the A-143-1.
O Mix Out: mix output

This is the sum output where all envelope signals are added
or subtracted in accordance to the corresponding polarizer
controls. It can be used as a complex envelope signal (all
mode switches in AD position and an external trigger signal
connected to one of the trigger inputs) or as complex LFO
(same as before, but no trigger signal connected to one of
the trigger inputs).
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4. User Examples

The A-143-1 is suitable for all kinds of modulations where
normally LFOs or envelope generators are used. Please
refer to the user manuals of other envelope generators or
LFOs for details (i.e. all A-14x modules).

The units of the A-143-1 can be used as single devices or
several units can be combined to obtain complex envelopes
or LFOs. In principle any control voltage input can be
controlled by the A-143-1 to modulate the parameter in
question. Typical applications are:

e VCO Pitch/Frequency Modulation
Pitch/frequency modulation of a VCO produces vibrato.
¢ VCO Pulse Width Modulation
Pulse width modulation of a VCO produces cyclical
variation in tone colour (sounds similar to phasing)
e VCA Loudness Modulation
Modulation of the gain of a VCA produces Tremolo
e VCF Frequency or Resonance Modulation
Modulation of the cut-off frequency of a VCF produces
cyclical variation in tone colour. For some filters even the
resonance can be modulated.
o VCP Phase Shift Modulation
Phase shift modulation of a phaser (e.g. A-101-3 or A-
125) produces cyclic phasings or phase vibrato

By means of the universal vactrol module A-101-9 the
parameters A and D can be voltage controlled. Please
refer to the A-101-9 manual for details.

A special application of the quad AD generator is the
subsequent control of up to four similar modules (e.g. VCAs,
VCFs, VC phasers, VC flangers, VC frequency shifters ...)
for quadrophonic sounds:

A-143-1
Envelope Out 4
Envelope Out 3
Envelope Out 2
Envelope Out 1 —‘
CVin
Audio | [Audio Audio Audio
Source #1 | |In Out Channel #1
VCA/VCF/VCP
CVin
Audio Audio Audio Audio
Source #2 In Out Channel #2
VCA/VCF/VCP
CVin
Audio Audio  Audio Audio
Source #3 In Out Channel #3
VCA/VCF/VCP
CVin
Audio Audio Audio|  Audio
Source #4 In Out| Channel #4
VCA/VCF/VCP

8
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ADSR 1
Gate In

ADSR Out

Retrigger In ADSR Control

Attack EOA Out
Decay EOD Out
Sustain EOR Out

Release

AN N AN N
VRN ¢ e

Range m/h/l

\@—’|, Gate In ADSR 2 (same as above) |

Gate In  ADSR 3 (same as above) |

Gate In ADSR 4 (same as above) |

Fig. 1: A-143-2 Controls, Inputs and Outputs

1. Introduction

Module A-143-2 contains four independent ADSR-type
envelope generators. Each sub-unit has available the
controls Attack, Decay, Sustain and Release. The three-
position Range switch allows selection of the desired time
range (low - high - medium). The adjustable envelope time
ranges from several minutes to less than 100 microseconds.
On top of this each unit is equipped with three digital outputs
(high/low): "End of Attack (EOA)", "End of Decay (EOD)"
and "End of Release (EOR)". As soon as the criterion is
valid (e.g. end of decay state) the corresponding digital
outputs turns "high". These outputs can be used e.g. to
daisy-chain several ADSR units. For this the digital output in
question (EOA, EOD or EOR) has to be connected to the
Gate input of the following ADSR. Even automatically
running envelopes (pseudo LFOs) or so-called "quadrature
envelopes" with cyclical modulations of several ring-shaped,
daisy-chained ADSRs are possible.

In addition to the obligatory Gate (G) input for envelope
generators each unit has available a Retrigger (Rt) input.
The retrigger turns the direction to "upward" if the envelope
has already reached the decay state while the retrigger
pulse occurs. The Gate inputs 2, 3 and 4 are normalled to
Gate input 1, i.e. the Gate input 1 is connected to the
switching contacts of the other inputs. Thus only one Gate
signal at Gate input 1 can be used to trigger all four units
simultaneously.

The envelope outputs are displayed with LEDs.
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2. Basic Principles

Fig. 2 shows the basic function of each unit:

A DR

Gate In ] |
ENV Out ------- ---sustain level
EOA Out
EOD Out ~ | | —
EOR Out — [

Fig. 2: Basic function

The positive edge of the gate input starts the envelope
signal and resets both the “End of Attack (EOA)” and "End
of Release (EOR)" output. The time required to reach the
maximum value of the envelope is defined by the attack
control. As soon as the envelope level reaches the sustain
level during the rising slope, the digital "End of Decay
(EOD)" output turns low. As the maximum value (about +8
V) is reached, the EOA output turns “high” and the so-called
Decay phase begins. In the decay phase the slope falls to

the Sustain level defined by the sustain control with a time
adjusted by the decay control. At the end of the decay
phase the envelope output remains at the sustain level until
the gate signal turns low. When the gate signal turns low the
EOD output turns high and the Release phase of the
envelope begins. The slope falls to zero with a time adjusted
by the release control. When the envelope level reaches
about +0.5V the EOR output turns high.

The retrigger behaviour of the A-143-2 is different compared
to other envelope generators. During the attack phase the
envelope cannot be retriggered or reset. During the decay
phase the envelope direction changes if a positive edge
appears at the retrigger input (i.e. the envelope changes
from decay to attack state).

Gate In

Retrig. In [I ||

ENV Out

no éffect !

Fig. 3: Retrigger behaviour

2
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3. Overview
®

maa -2 %tigyd ADs“L [3F)
ungn in Relgas ADSR

©OOQO

i A

o BUERFER

Fig. 5: A-143-2 front panel
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Controls: Inputs and Outputs:
@ Range: range switch low — high — medium QG: gate input
(gate inputs 2...4 are normalled to
@ Attack : attack control gate input 1)
® Decay : decay control ® Endof A: end of attack output
@ Sustain : sustain control © EndofD: end of decay output
® Release : release control O Rt: retrigger input
® : envelope display (LED) ® EndofR: end of release output

O ADSR Out: envelope output

The controls and outputs are the same for all four units.

Module width: 26 HP / 131.8 mm
Module current: 70 mA
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0 G: gate input

O Rt: retrigger input

Socket @ is the ADSR’s gate input, socket @ the retrigger
input. The detailed function of these inputs is described on
page 2.

The gate inputs of the units 2...4 are normalled to the gate
input of unit 1. If one common gate signal has to be used for
all four units this signal has to be patched into the gate input
of unit 1. As soon as a plug is inserted into the gate input 2,
3 or 4 the default connection is interrupted for the unit in
question.

The retrigger inputs are not normalled.

@ Range: range switch low — high — medium
@ Attack : attack control

® Decay : decay control

@ Sustain : sustain control

® Release : release control

These controls define the ADSR shape. The rotary controls
@, ®, @ and ® are used to adjust the attack time, the
decay time, the sustain level and the release time. The
range switch @ is used to select one of three time ranges
for the time controls attack, decay and release. The
meaning of attack, decay, sustain and release is described
in detail on page 2.

Quad ADSR A-143-2
O ADSR Out: envelope output
® : envelope display (LED)
Socket @ is the output of the envelope generator. The

envelope voltage ranges from 0 to about +8V. The envelope
signal is displayed with the LED ®.

® Endof A: end of attack output
© EndofD: end of decay output
®O EndofR: end of release output

These are three digital outputs that indicate the end of the
attack, decay or release phase. As soon as the criterion in
question is valid, the corresponding digital output turns
"high". The three digital outputs are described in detail on
page 2. The output levels are about +10V.

These outputs can be used to trigger other A-100 modules
(or another unit of the A-143-2) synchronized to the ADSR
envelope generated by the A-143-2.
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4. User Examples

The A-143-2 is suitable for all kinds of modulations where
envelope generators are used. Please refer to the manuals
of other envelope generators (e.g. A-140, A-141, A-142).
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LFO / Master Clock

In this example unit# 1 is used as an LFO (EOD is patched
to the gate input via multiples). The controls A, D, S and R
are used to define the frequency, shape and lower level (S)
of the LFO signal. EOD of unit#1 is connected to the gate
inputs of unit#2...4 and works as a master gate signal.

The four channel example of A-143-1 can be realized with

the A-143-2 as well.

, A-143-2 Quad ADSR

Aftack Decay Sustain

OOEPFER

Cyclically triggered envelope generators

The EOD output of each unit is patched to the gate input of
the succeeding unit. The EOD output of unit #4 is patched to
the gate input of unit #1. If instead of this connection an
external gate signal is connected to the gate input of unit #1
the "sequenced" envelopes can be synchronized to this
signal.

By means of the universal vactrol module A-101-9 the
parameters A, D and R can be voltage controlled. Please
refer to the A-101-9 manual for details.

6
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LFO 1
Frequency . Out O

‘e Range m/h/l  Control o
" Out —®
~ Out (®

LFO 2 (same as above) |

LFO 3 (same as above) |

LFO 4 (same as above)

Fig. 1: A-143-3 Controls and Outputs

1. Introduction

Module A-143-3 Quad LFO is a low-cost four-fold
modulation oscillator and includes four independent low
frequency oscillators (LFO's), which produce -cyclical
control voltages in a wide frequency range.

Three waveforms are available for each LFO: triangle,
square and sawtooth. The frequency of the sawtooth
output is twice the frequency of the other outputs.

The LFO's can be used as modulation sources for any
control voltage input of other modules - for instance
modulating the pulse width or frequency of a VCO,
modulating the cut-off frequency of a VCF or the phase-shift
of a VCP, amplitude modulation with a VCA, delay time of a
BBD module, parameters of a voltage controlled wave
shaper/multiplier, or any other control voltage input.

A three-way switch let's you select three frequency ranges,
spanning from about two cycles per minute at the lowest, to
moderate audio frequency at the highest.

The module includes four identical units.
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2. Overview

B A143-3Quad LFO €p

Freqimcv Range Out
\/;\ B A

0O

Dl AA
[

000

e
e

000

A
. 4

® 0 e

(48] DOEFFER P

Fig. 2: A-143-3 front panel

Controls:

@ Frequ. : frequency control

@ Range: frequency range switch
® : LED control
Outputs:

(12 triangle output

(2 3 rectangle output

(32 sawtooth output

The controls and outputs are the same for all four sub-units.

Module width: 14 HP / 70.8 mm
Module current: 70 mA
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3. Controls and Outputs

@ Frequency

This control adjusts the frequency of the LFO within the
frequency range set by the range switch @.

@ Range
Use switch @ to select a suitable frequency range:
e L (low): minimum about 2 cycles per minute

e M (medium): normal LFO range
e H (high):  moderate audio range

Pay attention that the high range is in the middle position
due to technical reasons.

® LED

LED ® displays the triangle signal that appears at socket ©.
If the LFO frequency goes above about 25 Hz, our

persistence of vision means that the LEDs look permanently
on.

(1)

This is the output for the triangle wave, whose frequency is
displayed by LED ®. The output is symmetrical around 0V,
the level is about =7 V.

(2]
This is the output for the square wave. The output is
symmetrical around 0V, the level is about +6 V.

3]

This is the output for the sawtooth wave. The output is
symmetrical around 0V, the level is about + 7 V. To obtain
an inverted sawtooth the voltage inverter module A-175 may
be used.

Fig. 3: A-143-3 waveforms and levels
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4. User Examples
An LFO can be used for all sorts of different modulations:

e VCO Pitch/Frequency Modulation
Pitch/frequency modulation of a VCO produces vibrato.
e VCO Pulse Width Modulation
Pulse width modulation of a VCO produces cyclical
variation in tone colour (sounds similar to phasing)

¢ VCA Loudness Modulation
Modulation of the gain of a VCA produces Tremolo

¢ VCF Frequency or Resonance Modulation
Modulation of the cut-off frequency of a VCF produces
cyclical variation in tone colour. For some filters even the
resonance can be modulated.

o VCP Phase Shift Modulation
Phase shift modulation of a phaser (e.g. A-101-3 or A-
125) produces cyclic phasings or phase vibrato

Please refer to the user's manual of other LFOs or
modulation sources for detail (A-145, A-146, A-147, A-149-
1, A-118 random output).

By means of the universal vactrol module A-101-9 the
frequency can be voltage controlled. Please refer to the A-
101-9 manual for details.

In principle any control voltage input can be controlled by an
LFO to modulate the parameter in question.

A special application of the quad LFO is the simultaneous
modulation of several parameters of the same module.

Example #1: Wave Multiplier A-137

LFO 1 controls Multiplication

LFO 2 controls Folding Level
LFO 3 controls Folding Symmetry
LFO 4 controls Harmonics

Example #2: VC Mixer A-135

LFO 1 controls VCA1
LFO 2 controls VCA2
LFO 3 controls VCA3
LFO 4 controls VCA4
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Man. Morph

1. Introduction

Module A-144 is an extension module for the Voltage
Controlled Mixer A-135. It is a so-called Morphing
Controller that derives from a linear increasing con-
trol voltage at the input (0...+5V) four displaced
triangle voltages (0 bis +5 V). These voltages are
used as control voltages for the Voltage Controlled
Mixer to obtain a fading over (“morphing”) the four
A-135 audio inputs with only one control voltage fed
into the A-144 CV input.

Morphing can be controlled manually with the ma-
nual morphing control and modulated with an exter-
nal control voltage (e.g. from LFO, ADSR, Random,
MIDI-to-CV, Theremin, Light-to-CV, analog sequen-
cer) with attenuator.

Applications: voltage controlled morphing of 4 audio
signals in combination with A-135, e.g. morphing bet-
ween the 4 waveform outputs of an VCO (sawtooth/
rectangle/ triangle/ sine) or the 4 filter outputs of the
multimode filter A-121 (lowpass/ bandpass/ high-
pass/ notch) or the 4 filter outputs of the A-105
(6/12/18/24dB) to obtain a filter with voltage control-
led slope.
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2. Overview

A-144 MC

Morph Controller
CVin

(1)

P —
e
p —
P —

o @

0

10
Out 1
0 10
Out 2 Man. Morph.
Morph CV
Out 3
Out 4

Controls:

@ CV:

@ Man. Morph :

In-/ Outputs:

O CVin:
® Out1:
© Out2:
O Out3:
O Out4:

input @
Manual morphing control

Control voltage input

Control voltage output 1 (O..
Control voltage output 2 (O..
Control voltage output 3 (O..
Control voltage output 4 (0..

Attenuator for the control voltage at

+5V)
45V)
45 V)
45 V)
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3. Controls
@ CV

Use attenuator @ to adjust the level of the control
voltage at CV input @ affecting the morphing effect.

@ Man. Morph.
Control @ adjusts the manual morphing.

The module generates an internal control voltage that
is the sum of the voltage generated by the manual
control @ and the external control @ attenuated with
the attenator @. This internal control voltage is fed to
the 4 internal control voltage modifiers that generate
the 4 morphing control voltages appearing at the out-
puts @ to @.

Fig. 1 shows the connection between internal control
voltage and the 4 output control voltages. The internal
voltage is equivalent to the position of control @ if no
external CV is used, or is equivalent to the external
control voltage @ if manual control @ is set to 0 and
attenator @ is turned fully clockwise.

E.g. the control voltage “a” has the following effect:

Out 1 =max. (i.e. +5V) » Out2=0 « Out3=0 * Out
4=0.

In case “b” the following output voltages appear:

Out1=0 +Out2=0 »Out3 =50 % (i.e. +2.5V) « Out
4 =50 % (i.e. +2.5V).

CVOut1,

CVOut2.

cvout3

cvouts'

Fig. 1: Connection between internal control voltage
(= sum of manual CV and external, attenua-
ted CV) and the resulting output control vol-
tages (range of input and output voltages is
0...+5V)
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4. In-/ Outputs
O CVin

The external control voltage is fed into the CV input
0.

® Out1 + ... O Out4

The 4 output control voltages are available at the CV
outputs @10 © .

5. User examples

Morphing (standard application)

The patch in fig. 2 shows the typical application of the
A-144: the fading over (“morphing”) of 4 audio signals
in combination with the voltage controlled mixer mo-
dule A-135.

An increasing control voltage (typical range 0 -> +5V)
at the CV input of module A-144 results in continuous
“morphing” from audio signal 1 via 2 and 3 to 4.

cv

ext.
s @ ©£ ™Mevs
ext.
4 *@4@_/{2}1’ cv4

A-135
VC-Mixer

Audio In

Audio Out

1

2

3

IS

CVOut 3 - -

v outa : ‘ ‘ A

CVin -

Fig 2: Morphing of four audio signals
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Different control voltage sources lead to interesting
morphing effects:

Automatic morphing ca be realized e.g. with LFO
(A-145, A-146), VCLFO (A-147), ADSR (A-140),
VCADSR (A-141) or analog sequencer (A-155).

For manual morphing e.g. these modules can be
used: Theremin (A-178), Light controlled CV (A-179),
Foot controller (A-177), Joy Stick (A-174), MIDI-to-CV
interface (A-190, A-191, e.g. in combination with mo-
dulation wheel or after touch).

Quadrophonic spatial positioning

In the patch in fig. 3 the A-144 outputs control four
VCAs. The audio inputs of the VCAs may be fed with
the same of even different audio signals. Each VCA is
followed by a separate power amplifier/loudspeaker.

The CV input voltage of the A-144 defines the spatial
position of the audio signal in the quadrophonic spcae.
Additional modules like CV-Phasers (A-125) or CV
frequency shifters (A-126) may be used to intensify the
spatial impression.

A sawtooth control voltage is used to obtain a conti-
nuous spatial rotation of the audio signal.

CVin AudioIn
vy
A-144 ] . »vca1
Out 1 (
»% A
Out 2 Quad Space
»%
Out 3 % é
—mVCA 4
Out 4 (
 —
Fig. 3: Positioning of audio signals in the quadro-

phonic hearing space
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6. Patch-Sheet

The following diagrams of the module can help you
recall your own Patches. They're designed so that a
complete 19” rack of modules will fit onto an A4 sheet
of paper.

Photocopy this page, and cut out the pictures of this
and your other modules. You can then stick them onto
another piece of paper, and create a diagram of your
own system.

Make multiple copies of your composite diagram, and
use them for remembering good patches and set-ups.

C: >« Draw in patchleads with colored pens.
« Draw or write control settings in the little
white circles.

A-144 MC
Morph Controller
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10
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1. Introduction

Module A-145 (LFO) is a low frequency oscillator,
which produces cyclical control voltages in a very wide
range of frequencies.

Five waveforms are available: sawtooth, inverted
sawtooth, triangle, sine and square wave.

The LFO can be used as a modulation source for
any number of modules - for instance modulating the
pulse width or frequency of a VCO, modulation of the
cut-off frequency of a VCF, or amplitude modulation
with a VCA.

A three-way switch lets you select three frequency
ranges, spanning from one cycle every several minu-
tes at the lowest, to audio frequency at the highest.

The LFO signal can also be synchronised, via the
reset input.
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2. Overview

A-145 LFO

o—r 1L

O ~

o

o

©

o A
o

6

10

Reset In

| @ G' Frequ.
MY L Range

"

Frequ.
| @
0

Controls and indicators

@

@

®

LED:

LED:

Frequ.:

frequency indicator for the sawtooth
wave at output @

frequency indicator for the sine and
square waves at output ® and/or @

frequency control

@ Frequ. Range:switch for selecting frequency range

In / Outputs

I 07N

Reset In:

output: inverted sawtooth
output: sawtooth

output: sine wave

output: triangle

output: square wave

synchronisation input
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3. Controls and indicators

® LED ... @ LED

LEDs @ and @ show the frequency of the voltage
output at sockets @ to @.

= If the LFO frequency goes above about 15
Hz, our persistence of vision means that the
LEDs look permanently on.

® Frequ.

This control adjusts the frequency of the LFO, within
the parameters of the frequency range set by switch
@.

@ Frequ. Range

Use switch @ to select a suitable frequency range from
the three available:

e L (low):up to several minutes per cycle
e M (medium): normal LFO range
e H (high): audio range

4. In/ Outputs

1 Y

This is the output for the inverted sawtooth.
(Amplitude: + 2.5 V).

(2 B

This is the output for the ordinary sawtooth, whose
frequency is displayed by LED @.

(Amplitude: + 2.5 V).

(3] N

This is the output for the sine wave, whose frequency
is displayed by LED @. (Amplitude: £2.5V.)

o

This is the output for the triangle wave, whose fre-
quency is displayed by LED @. (Amplitude: £2.5V.)
(5 i

This is the output for the square wave
(Amplitude: £ 2.5 V.)
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O ResetIn

LFO synchronisation is possible, by sending a trigger
signal (eg. a gate) to the reset input. Every time a
trigger voltage is sensed (for instance when a key is
pressed), the LFO’s waveform resets, and starts from
its zero point (see Fig. 2).

Trigger
Moment

Trigger
Moment

CV Output =
CV Output »

Without synchronisation, the LFO is free running, so
that wherever the waveform is when the trigger arri-
ves, that’s where it starts from (see Fig. 1).

8= particularly with lower frequency modulati-
ons, you can use the reset / synchronisation
option to make sure that the LFO starts from
zero whenever a key is pressed (Keyboard |
Gate = Reset LFO). | Time = | Time =
If you don’t want this effect, then leave the of | on of | on
reset input unconnected, for a random LFO . . . .
Fig. 1: LFO without Fig. 2: LFO with

waveform response. oat o
Synchronisation Synchronisation

Trigger

Trigger
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5. User examples

An LFO can be used for all sorts of different modulati-
ons:

e LFO-VCA (A-130, A-131, A-132)
Modulation of the gain produces Tremolo

e LFO-VCF (A-120, A-121, A-122, A-123)
Modulation of the cut-off frequency produces cycli-
cal variation in tone colour - Wah-wah

e LFO-VCO (PWM A-110, A-111)
Pulse width modulation using the LFO produces
cyclical variation in tone colour (phasing type)

e LFO-VCO (FM A-110, A-111)
Pitch modulation using LFO produces vibrato.

e LFO-VCP (A-125)
Phase shift modulation using LFO produces cyclic
phasings or phase vibrato

The above effects occur with LFO frequencies in the
sub-audio range. Once the LFO gets into the audio
range, timbral changes always occur. Examples and
further notes can be found in the manuals for the
respective modules.

Producing echo effects

As well as modulation effects, LFOs can also create
time-based repeat effects. In Fig. 3 the LFO is being
used to produce an echo effect. The frequency and
waveform of the LFO determine the delay-time and
character of the sound, and the ADSR parameters
determine the envelope and feedback amount of the
echoes.

VCO

Fig. 3: Producing an echo effect
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6. Patch-Sheet

The following diagrams of the module can help
you recall your own Patches. They're designed so
that a complete 19” rack of modules will fit onto an
A4 sheet of paper.

Photocopy this page, and cut out the pictures of
this and your other modules. You can then stick
them onto another piece of paper, and create a
diagram of your own system.

Make multiple copies of your composite diagram,
and use them for remembering good patches and
set-ups.

@ » Draw in patchleads with colored
pens.
« Draw or write control settings in the
little white circles.

X

A-145 LFO

@) ~
-l

@ 4 0(<>|=requ.

10
Reset In

@ O Frequ.
ML Range

AN\

@ 4 Qrequ.

10
Reset In

@ O Frequ.
MSTL Range

@) ~
-
@ 4 Qrequ.

10
Reset In

@ O Frequ.
ML Range
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LFO 2 A-146

!
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A-146
LFO 2

Frequ.

1. Introduction

Module A-146 (LFO 2) is a Low Frequency Oscilla-
tor, which produces periodic control voltages over a
wide range of frequencies.

The LFO can be used as a modulation source for a
series of modules (for instance pulse width and/or
frequency modulation of a VCO, modulation of a VCF
cut-off frequency, amplitude modulation with a VCA).

Three outputs are available, with different waveforms:
sawtooth / triangle; square wave, and positive-
voltage square wave.

The waveform is continuously adjustable from rising
sawtooth, through triangle to falling sawtooth. The
same control affects the pulse width of the square
wave.

A three-way switch can select one of three frequency
ranges, spanning from one cycle every few minutes, at
the lowest, up to audio frequency at the highest.
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2. Overview

A-146 LFO2
Variable Waveform LFO

Frequ. @ —
0

10
Frequ. M
L
Range @

Wave
Form

~1 ™~
o @R+ o —

Controls and indicators:

@ Frequ. : frequency control
@ Frequ. Range : switch for selecting frequency range

® Waveform : control for adjusting the waveform or

pulse width

@ LED : square wave frequency indicator

® LED: sawtooth / triangle wave frequency
indicator

In / Outputs:

QO -[-- output for normal square wave

® 1. output for positive square wave

® A output for sawtooth / triangle wave
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3. Controls and indicators

@ Frequ.

Use this control to set the LFO’s frequency, within the
range set by @.

@ Frequ. Range

Use frequency range switch @ to select a suitable
range from the three available :

e L (low): up to several minutes per cycle
e M (medium): normal LFO range
e H (high): audio range

® Waveform

The waveform of the signal at output ® can be conti-
nuously varied with this control, from rising sawtooth
(fully left) through triangle (centre position) to falling
sawtooth (fully right). The same control alters the
pulse width of the rectangle wave at outputs @ and ®.

@ LED + ® LED

LEDs @ and ® indicate the frequency rate of the
waveforms at outputs @ to ©.

= If the LFO frequency goes above about 15 to

20 Hz, our persistence of vision means that
the LEDs look permanently on.

4. In/ Outputs

0 -F-

This socket is the output for the normal (positive /
negative amplitude - £ 2.5 V) square wave, whose
frequency is displayed by LED @.

o -[1L.

This socket is the output for the positive square wave
(amplitude + 5 V), whose frequency is displayed by
LED @.

e N

This output, depending on the setting of control ®,
sends out a rising sawtooth, triangle or falling sawtooth
waveform (amplitude + 2.5 V) whose frequency is
indicated by LED ®.
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5. User examples
The LFO can be used for all sorts of modulation:

e LFO-VCA
Modulation of the amplifier produces periodic chan-
ges in loudness (Tremolo)
e LFO-VCF
Modulation of the cut-off frequency produces peri-
odic changes in timbre (Wah-Wah)
e LFO-VCO (PWM)
Modulation of the pulse width produces periodic
changes in timbre (Pulse Width Modulation)
e LFO-VCO (FM)
Modulation of the VCO frequency produces peri-
odic changes in pitch (Vibrato).
The above effects occur with LFO frequencies in the
sub-audio range. Once the LFO gets into the audio
range, timbral changes always occur. Examples and
further notes can be found in the manuals for the
respective modules.

LFO as timing generator

Besides modulation, the LFO can also be used as a
timing generator, providing triggers, for instance, to
control the A-160 clock sequencer (see user examples
for the A-160 and A-161).

A-146 special features and their uses

Compared with the A-145 "standard LFO", the A-146
has the following particular features and uses:

e Variable waveform

The adjustable nature of the sawtooth / triangle
waveform gives you great flexibility in controlling
slow filter sweeps or tremolo. Whereas the
rising sawtooth on the A-145 ends abruptly, on the
A-146 you can produce whatever slope on the
falling edge you want, by setting the control ® at
various positions around nine o’clock.

The adjustable envelope also gives flexible control
of Amplitude Modulation (see A-130 user exam-
ples) and Frequency Modulation (see A-110, A-
111 user examples) in the audio range, to produce
new timbres. Whereas the overtone-rich sawtooth
waveform produces lots of sidebands (see the
A-110 manual), moving the control towards the
triangle wave setting (12 o’clock) reduces the side-
bands, because of the triangle wave’s comparative
lack of overtones.

4
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Variable pulse width
In using the square wave for AM or FM in the audio
range, it's possible to control the timbre by adju-
sting the pulse width, because the amount of over-
tones (and sidebands) present is directly related to
the width of the pulse.

The A-146’s pulse width control also comes in
useful when using the LFO as a trigger or gate
generator for repeated sequences. The patch in
Fig. 3 is an example: the envelope (set to a dura-
tion tg which is shorter than the LFO’s half-cycle),
gives the rhythm a more percussive feel. Whereas
with the A-145, an extra A-162 trigger delay module
would have to be used to adjust the gate duration
(Delay = 0, Length =...) to tg, that's not the case
with the A-146: you simply have to adjust the pulse
width.

Positive square wave output
This output has the useful function of being able,

unlike a normal positive/negative square wave, to
create pitched repeats which stay in tune.

A-145

A-162

ADSR

-146

[

t

|

— |
tG

Fig. 3: Producing gate pulses of variable duration

In Fig. 4 on page 6, the pitch of a VCO is controlled by
a CV from a keyboard, but also from the square wave
output of the A-146, via input CV2. The voltage at CV2
is set with the attenuator to exactly 1 volt.
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With the normal positive/negative square wave mo-
dulating the pitch, the result is notes that are annoyin-
gly out of tune with the keyboard (see Fig. 4, top right
of diagram).

If instead you use the positive square wave, the
octave jumps are completely in tune with the key-
board (see Fig. 4, bottom right of diagram).

You can use this characteristic in your music, for
instance to produce a mandolin effect. The interval
of the strummed notes is set with the VCO’s CV2
attenuator, and the speed of repeat is set by the
frequency control on the A-146.

NEL N
&
0
Y|
1LAJ

cv cv1
4 VCO | » 0O
A-146 cv2
o g [&

Fig. 4: Producing pitched repeats that are completely
in tune with the keyboard.




System A -100 VCLFO A-147

Reset A=147

VCLFO
Ccv Frequ.
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1. Introduction

Module A-147 (VCLFO) is a voltage controlled low
frequency oscillator, which can produce cyclical con-
trol voltages over a 0.01Hz to 50Hz frequency range.

The VCLFO can be patched as a modulation source
for a wide range of modules (for instance, modulation
of VCO pulse-width or frequency, VCF cut-off fre-
quency, VCA amplitude modulation) and as a provider
of repetitive or clock voltages (for instance to drive the
A-161 clock sequencer).

Four waveforms are available: triangle, sine, square,
and falling sawtooth waves.

The VCLFO's frequency can be controlled by hand,
but also by voltage control.

You can sync the VCLFO to another waveform by
connecting the other waveform (eg another LFO) to
the VCLFO’s reset input.
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2. Overview

A-147 VCLFO

Voltage Controlled LFO

Reset (jFrequ.

07

(37
o O
e A
0— @—O -
(5 O O U -
(6 O O N 1

Controls and indicators:

@ Frequ. : Manual frequency control

@ CV: Attenuator for the voltage at input @

® LED: Frequency indicator for the triangle
and sine waves at outputs ® and/or
(4]

@ LED : Frequency indicator for the square

wave at output ©

® LED: Frequency indicator for the sawtooth
wave at output @

In-/ Outputs:

O Reset: Reset input for syncing the VCLFO
e CV: Control voltage input

® A Triangle wave output socket

(4] ~n - Sine wave output socket

(5] - Square wave output socket

(6 N Sawtooth wave output socket
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3. Controls and indicators

@ Frequ.

This control sets the frequency of the VCLFO in a
range from 0.01 Hz (one cycle every 100 seconds) to
50 Hz (50 cycles a second).

15y The actual LFO frequency is determined by a
combination of manual control and any vol-
tage patched into CV input @ .

@ CcV

Use Attenuator @ to set the level of the voltage at CV
input @ affecting the VCLFO frequency.

® LED ... ® LED

LEDs ® to ® indicate the frequency and voltage state
of the LFO signals at their respective outputs.

15y If the LFO frequency is higher than about 15
to 20 Hz, our persistence of vision means
that the LEDs look permanently on.

4. In-/ Outputs

O Reset

A gate pulse entering the reset input socket @ enab-
les the VCLFO to be synchronised with another
oscillator.

This means that the waveforms instantly go to their
zero-point, and start from there (see Fig. 1). In the
case of the triangle and sine waves, that's 0 V; with
the square wave it's about +5 V and the sawtooth it’'s
at half its maximum (about +3.5 V).

e CV

Socket @ is the voltage control input for LFO fre-
quency. The voltage at this input is added to whatever
voltage is set on the manual control @. The level of CV
input @ can be adjusted with the Attenuator @.

3 BN

This socket outputs a triangle wave, whose frequency
is indicated by LED ® (amplitude roughly + 5 V).
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|
(3

/\
/\

Gate

—

\
h

Reset

Reset

Fig. 1: How sync affects the waveforms

0 "

This socket outputs a sine wave (amplitude range
roughly + 5 V), whose frequency / voltage state is

indicated by LED ® .

e

This socket outputs a square wave (amplitude roughly
+ 5 V), whose frequency / voltage state is indicated by

LED @.

o NN

This socket outputs a falling sawtooth wave
(amplitude roughly +7 V) whose frequency / voltage

state is indicated by LED ®.

= In contrast to the A-145 standard LFO, the
sawtooth is the identical frequency to the
other waveforms (while the A-145 sawtooth

is double the others’ frequency).
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5. User examples

An LFO can be used for all sorts of different modulati-
ons:

VCLFO - VCA
Modulation of the VCA gain produces tremolo.

e VCLFO -VCF
Modulation of the cut off frequency produces cycli-
cal changes in tone colour (wah-wah).

e VCLFO -VCO (PWM)
Pulse width modulation causes cyclical changes in
tone colour.

e VCLFO -VCO (FM)
Pitch modulation produces Vibrato.

All the above refers to modulation in the sub-audio
range. With modulation at audio frequencies (the low
end of which the VCLFO can just get to), further
changes occur in the sound spectrum. Look at the
examples and suggestions in the manuals of the
respective modules.

Simulating string vibrato

The patch in Fig. 2 shows a string vibrato simula-
tion, copying the common guitar or violin playing
technique, in which the finger applying the vibrato
moves parallel to the fingerboard, in an oscillation of
varying speed, to produce a pleasing and natural
frequency modulation.

In this patch, the VCO is modulated by the VCLFO
(with the VCO’s CV input attenuator set to a low level).

While the key is held down on the keyboard, the
VCLFOQO's frequency increases thanks to the control
voltage from ADSR 1; at the same time, the volume
decreases, thanks to the control voltage patched from
ADSR 2 to the VCA.

Instead of ADSR 1, whose control voltage is raising
the frequency of the VCLFO, and thus the speed of the
vibrato, it's possible to use a MIDI interface (for in-
stance an A-190 or A-191) and use aftertouch to
provide the control voltage to the VCLFO.
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cv

Gate

» ADSR 1

1
—» ADSR 2 I

Fig. 2: Simulation of string vibrato

I

Integrating the VCLFO into a MIDI system That makes the LFO frequency in effect program-
mable, and also naturally means that you can control it
Unlike the A-145 and A-146 LFOs, the A-147’s fre- while p|aying in real time.

quency can be voltage controlled.

This above all gives you the chance to use a MIDI-CV
interface (such as the A-190 or A-191) and use your
chosen controller to adjust the VCLFO frequency via
MIDI.
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A-148
DUAL S&H

Trig. In

Smp. In
Control
S&H Out

PR S

Trig. In

Smp. In
Control

S&H Out

1. Introduction

Module A-148 (Dual S&H) has two identical sample &
hold modules, designed to produce ‘staircase’ volta-
ges.

The signal present at the sample input (voltage range
-8V...+8V) is sampled at a rate set by the signal at the
trigger input, and held at that voltage at the S&H
output.

The exact shape of the staircase depends on the sort
of waveform at the sample input: NOISE or RANDOM
signals produce random patterns; an LFO produces
rising or falling staircase patterns.

Two LEDs for each S&H indicate the voltage (positive
or negative) of the sampled signal.
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2. Overview

oi,T"iQ-

A-148
DUAL S&H
In

|Smp.
In

| S&H
Out %
Ctr. m

- +

Trig.
In

Smp.
In

S&H
Out i
Ctr.

Indicators:

® LEDs: sampled voltage status indicators
In / Outputs:

O Trigin: Input for trigger signal

® Smpin: Input for signal to be sampled

® S&H Out: Output for sampled (and held) voltage
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Dual S&H A-148

3. Indicators
@® LEDs

These LEDs give a visual indication of the voltage
level of the sampled and held signal (- LED: negative
voltages, + LED: positive voltages).

4. In / Outputs

O Triglin

The trigger input signal decides the rate at which the
sampling takes place. Triggering takes place at the
leading edge of the waveform (see arrows in Fig. 1),
so the width of the pulse isn’t important.

® Smp. In

Socket @ is the sample input, where the signal to be
sampled is patched in. The signal fed into this socket
has to be in the range -8V...+8V. For voltages beyond
this range the S&H function will not work any longer.
But the module cannot be destroyed as long as the
voltage is in the range -12V...+12V. And that is the
maximum voltage output from any A-100 module.
Consequently within the A-100 no damage is possible.

©® S&H Out

The ‘sampled and held’ voltage is available at the S&H
output (see Fig. 1).

out B
N~
LS W\/\/\\/V\/w\w\w/v\]
In
Trig. —
In
A A A A A

Fig. 1: S&H module signal diagram
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5. User examples

Random arpeggios

In the example in Fig. 2, an A-118 is used in conjunc-
tion with the A-148 to produce random voltages from
the random output of the A-118. An LFO triggers the
S&H module, so that with every oscillation of the LFO
a new random voltage is output to the VCO'’s CV input.

If you patch an A-130 VCA in before the VCO, you can
adjust the Gain and Out amounts to restrict the fre-
quency range of the random voltages to whatever you
want.

A-118 VvCo

Random

o

Fig. 2. Random arpeggios

8= you can use the same basic set-up as in Fig.
2, but patch the S & H voltage output to the
CV input of a filter set to high resonance, for
some interesting rhythmic timbral changes
(see page 6).

Glissando

In Fig. 3 an A-148 produces a staircase voltage.

The pitch CV output from a keyboard is patched into
an A-170 Slew Limiter. An A-148 triggered by the
rising edge of an LFO samples the output from the
slew limiter, and produces a staircase voltage which in
turn controls a VCO's pitch.

Playing two notes, particularly widely spaced ones,
produces interesting glissandi.

= It's important to adjust the slew limiter’'s time
setting and the LFQO’s frequency to achieve
the right speed and number of notes in the
glissandi.
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Abb. 3: Glissando

C: > If you like you can patch the gate signal to
the reset input of the LFO, so that its wa-
veform starts at the beginning for each note.

Instead of an LFO, you can also use the
MIDI-Clock from a MIDI-CV interface. That
will produce glissandi synced to MIDI.
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Random filter settings per note

With the patch in Fig. 4, every time a keyboard gate
voltage is received, a new random filter CV is sent
out. For best results, adjust the resonance to a high
setting.

< » vco VCF | » o

#
A-118 |—T~> S&H H

Random

Gate

Fig. 4: keyboard gate triggering random filter settings
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A-149
RCV

VN Quantized RV

@—ﬂi»CVNIn Man N
Ons
O

Q

n+1
4l

2N e

cV D Stored RV

@—;Bl>CVDIn
Ons
Ohs

Man D
@”@
0

Clk In

Remark: The A-149-1 can be expanded by the A-149-2
module (8 digital random outputs with LED displays)

1. Introduction

Module A-149-1 is a Random Control Voltage
Source based on the idea of Don Buchla's "Source of
Uncertainty 265/266" modules. It has available 4 ana-
log random voltages, that are generated in different
ways.

The Quantized Random Voltages section has avai-
lable the outputs N+7 and 2" States. N is an integer
number in the range 1...6 that can be adjusted manu-
ally (Man N) and by an external control voltage CVN.
The voltage steps are 1/12 V for the 2" output (i.e.
semitone intervals) and 1.0 V for the N+1 output (i.e.
octave intervals).

The Stored Random Voltages section has available
an output with even voltage distribution with 256
possible output states and another output with ad-
justable voltage distribution probability. The distri-
bution of this output can be adjusted manually (Man D)
and by an external control voltage CVD. The voltage
range is 0...+5 V for both stored random outputs.

The rising edge of the corresponding Clock input
signal triggers a new random voltage value at the
outputs.

Each output is equipped with a LED that displays the
current output voltage.
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2. Overview Controls and Indicators:

® Man N: manual control of “N”
A-149-1 RCY @ CV N: attenuator for CVN at input @
CuanfzadStored Random Voltaoges
Soaniead Fandem Valiages ®, @ LED : display for output © resp. @
@ Ly e Y e | . H H H " "
v J,,i_ CV N .'UJ”L ® ® Man D : manual control of distribution "D
® CVD: attenuator for CVD at input ®

"— 5 n+l
|.]_‘ Jg |. © ®, ® LED : display for output @ resp. ©

) Ckin ™\ u; ‘thluhhl I- TTTITTY S|
o l. [.l S0

In -/ Outputs:

Slored Rm:lm-n '-f-:llqw

®&— SR it s ©® CVNIn: CVinputfor “N”
ﬁ "r’L N B ® ClkiIn: clock input for Quantized RCV section
L5 A [.H\ J . [.l S Em— ] © n+1: N+1 states output
@7 m,n 5t ManD @C= @ o 2": 2" states output
@7 . \I-)‘_‘.] S E— ® CVDIn: CVinputfor distribution “D”
O Clkin: clock input for Stored RCV section
Grrouten @ output with equal probability distribution
DOEFFER o output with adjustable probability distri-

bution (D)
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3. Controls

3.1 Quantized Random Voltages
@® Man N

This is the manual control for the integer number N in
the range 1 to 6. It defines the number of possible
states at the outputs ® and O:

Possible states of

N Output n+1 Output 2" Remark:

1 2 2

2 3 4 As Nincreases n+1
increases linear

3 4 8 g
too but 2" in-

4 5 16 creases exponen-

5 6 32 tially.

6 7 64

0¥~ The final value of N is the sum of the manual
control @ and the external (attenuated) control
voltage applied to input @.

@ CVN

The external control voltage CVN fed into input @ is
attenuated with this control.

®LED + @ LED

The brightness of each LED is proportional to the
output voltage at the corresponding output ® resp. O.

3.2 Stored Random Voltages
® ManD

This is the manual control for the probability distri-
bution of the 256 states appearing at output (.

With the control set fully counterclockwise most of the
random voltages will be low magnitude but even
medium and high magnitude voltages may appear but
with smaller probability. As the control is turned to the
right (or a positive control voltage appears at the CVD
input) the distribution moves through medium to high
magnitude voltage probability. The symbol at the lo-
wer jack ©® socket shows this coherence graphically
(see also fig. 1).
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g 4.1 Quantized Random Voltages
[3)
o O CVNIn
This socket is the Control Voltage input for the para-
meter "N".
O ClkIn
. This socket is the Clock input for the Quantized Ran-

output voltage

Fig.1: Probability distribution for different settings of "D"

I¥" The final value of D is the sum of the manual
control ® and the external (attenuated) control
voltage applied to input .

® CVD

The external control voltage CVD fed into input ® is at-
tenuated with this control.

@ LED - LED

The brightness of each LED is proportional to the
output voltage at the corresponding output @ resp. ©.

dom Voltages section. Each rising edge of this signal
causes the generation of a new random voltage at the
outputs © resp. @. Any clock or gate signal can be
used to control this input.

©® n+1

This socket outputs the random voltage with n+1 sta-
tes. The voltage range for this output is 0 to +5 V, the
voltage steps are 1.0 V (i.e. 1V quantization). This

corresponds to octave intervals when used to control
the pitch of a VCO.

o2

This socket outputs the random voltage with 2" states.
The voltage range for this output is 0 to +5.25 V, the
voltage steps are 1/12 V (i.e. 1/12 V quantization).

This corresponds to semitone intervals when used to
control the pitch of a VCO.




System A -100

RCV A-149 /1

4.2 Stored Random Voltages
® CVDIn

This socket is the Control Voltage input for the
probability distribution "D".

O ClkIn

This socket is the Clock input for the Stored Random
Voltages section. Each rising edge of this signal cau-
ses the generation of a new random voltage at the
outputs @ resp. ©. Any clock or gate signal can be
used to control this input.

7] e O

These sockets output the random voltages of the
Stored Random Voltages section. Socket @ is the
output with equal probability distribution, socket ©
outputs the voltage with adjustable distribution "D".
The voltage range for both outputs is 0 to about +5.3
V, the voltage steps are about 1/48 V (i.e. 1/48 V
quantization). This corresponds to about 1/4 semitone
intervals when used to control the pitch of a VCO.

5. User examples

The Doepfer web site www.doepfer.com shows some
typical examples of the A-149-1, including sound
examples in the mp3 format. Even more details con-
cerning the technical realization of the module can be
found. An excellent description of several applications
of random voltages like those generated by the A-149-
1 can be found in the Allen Stranges "Electronic music
- systems, techniques and controls" from page 82. The
examples in this book are based on Don Buchla's
modules 265/266 but are valid for the A-149-1 too.

The following patch is taken from this book and shows
how to create very complex permanently changing
sound structures by means of the A-149-1 in combina-
tion with the voltage controlled LFO A-147 and some
additional standard modules (VCO, VCF, VCA,
ADSR):

A high magnitude voltage at the N+1 output of the
A-149-1 causes a high VCO pitch and simultaneously
sets the value of N higher so that the next pitch is
taken from a greater range of possibilities. If the N+1
output is low the VCO pitch will be low too and sets the
value of N so that the next pitch will have a more
restricted range of possibilities. Simultaneously the 2"
output controls the frequency of the filter and the

5
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tempo of the VCLFO A-147. Thus as the range of pitch
selection increases the number of possible spectral
ranges becomes exponentially (or geometrically) grea-
ter. As the tempo of the VCLFO is controlled by the 2"
output too, bright sounds are accompanied by longer
events, longer events are accompanied by greater
range pitch range possibilities and the number of of
range probabilities for pitch selection is correlated ex-
ponentially. This tail-chasing configuration may last a
few hours (to obtain Allen Strange's original patch a
voltage inverter A-175 has to be inserted between the
2" output and the control input of the VCLFO as the
CV input of A-147 controls the tempo rather than the
period).

VCO

A-147

More examples with random voltage sources can be
found in Allen Strange's book from page 80 (e.g. the
"Dream machine" on page 85).

Some additional ideas:

e Use the RND Clock output of an A-117 Digital
Noise Generator as clock input for the A-149-1 to
increase the randomness of events.

e Use the Quantizer module A-156 to obtain more
restricted pitch voltages (e.g. only notes from major/
minor scale/chords)

e Combine the A-149-1 with a A-155 sequencer
(common clock) to obtain random envelopes (A-
142), timbre (filters), loudness (VCA) or stereo posi-
tion (VC panning A-134), frequency shifting (A-126)

VCF b o

cv

» ADSR

Fig. 2: "Random patch" adapted from Allen Strange's book "Electronic music - systems, techniques and controls"
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1. Introduction

Diaital Random A-149-2 is an extension module for the random voltage
9 generator A-149-1. It makes available 8 digital random
__ 1 Out voltages (i.e. only low/high states like a gate signal).
» Driver .
Display The outputs are controlled by the "Quantized Random
2 Out Voltages" section of the assigned A-149-1 and corre-
Driver ] spond to the 8 digital outputs of the shift register that is
Display used to generate the Quantized Random Voltages (for
- 3 Out detailes please refer to the A-149-1 description).
o Driver .
f_rl Display As the alteration of the A-149-2 outputs is clock control-
< 4 out led by the Clock Input of the "Quantized Random Volta-
g Driver ) ges" section of the A-149-1 the A-149-2 can be used to
= Display create random rhythmical sequences.
- 5 Out
2 » Driver . Module A-149-2 requires module A-149-1 and has to be
2 Display assembled next to the A-149-1 into the A-100 frame.
= 6 Qut
o » Driver .
- Display
7 Out
Driver
Display
8 Out
» Driver i
— Display
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2. Overview

Al49-2

DIG.RND.VOLT.

Controls:

@...® (LEDs):

Outputs:

O ... © (sockets):

Display for each output

Digital outputs
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3. Controls 4. User Examples

@...® (LEDs) / @...0 (sockets) not yet ready
At the sockets @...® the 8 random digital outputs are
available. The output levels are ~ 0V (low state) resp.
+12V (high state).

Each positive clock transition of the "Quantized Random
Voltages" section of the A-149-1 causes a new combina-
tion of the A-149-2 output states. The outputs reflect the
digital states of the shift registers used in the A-149-1 to
generate the random voltages. Details about this subject
are available in the A-149-1 manual and on our web site
www.doepfer.com where the method of random voltages
generation with the A-149-1 is described in detail.

As the level changes are triggered by the QRV clock the
A-149-2 outputs have a timing correlation with the clock
signal and can be used e.g. as random gate or trigger
signals with the level changes in sync with the clock.

As the level changes are random even no level change
is possible for a certain output (i.e. the output remains
low or high) as these four level changes are possible:

low — low
low — high
high — low
high — high.
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Appendix: Connection A-149-1 — A-149-2

Module A-149-2 (Digital Random Voltages) is delivered
with two 10 pin ribbon cables connected to two pin hea-
ders on the A-149-2 pc board:

1. One of the ribbon cables is equipped with a 10 pin
female connector on one end and a 16 pin female
connector on the other side. The 10 pin female connec-
tor is connected in the factory to the pin header labelled
"JP1" on the A-149-2 pc board. This is the bus connec-
tion cable and the 16 pin female connector has to be
connected to a free pin header of the A-100 bus board.
Pay attention to the right polarity (red wire = bottom).

10 pin female connector
— JP1/A-149-2

16 pin female connector
— bus board

red wire = bottom

Please refer to the A-100 user's manual (introduction)
for details concerning correct bus cable connection.

2. The second ribbon cable is equipped with 10 pin
female connectors on both ends. One of the female
connectors is connected in the factory to the pin header
labelled "JP2 TO A-149-1 EXPANSION CONNECTOR"
on the A-149-2 pc board. The second female connector
of this cable is used to establish the connection between
A-149-2 and A-149-1. This female connector is put on
the pin header labelled "JP5 EXPANSION" on the main
board of the module A-149-1. For both modules the
cable has to be the same polarity (i.e. red wire to bottom
for both modules).

10 pin female connector
— JP2 TO A-149-1 EX-
PANSION CONNECTOR/
A-149-2

10 pin female connector
— JP5 EXPANSION /
A-149-1

red wire = bottom
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A-150

DUALVCS
Ccv

/o1
02

o/

D A o

cv

o1

I02-e

o/

1. Introduction

Module A-150 (Dual VCS) contains two separate
voltage-controlled switches.

Each switch has a control voltage input, a common
Out / Input, and two In / Outputs. The switches are
bi-directional: they can work in both directions, so
can connect one input to either of two outputs, or
either of two inputs to one output. Voltages in the
range -8V...+8V at the O/l resp. I/0O sockets can be
processed by the module.

Two LEDs show which in / output is active (ie. which
is connected to the common out / input).

From about March 2004 a new version of the A-150 is
available. This allows the full A-100 voltage range
-12V...+12V for the voltages at the O/l resp. I/O soc-
kets. The new version can be identified at the pc
board label "A-100 SYSTEM A-150 DUAL VC
SWITCH VERSION 2" near the bus connector at the
pc board edge.
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2. Overview Indicators:
@ LED: indicator for in / output ®

A-150 @ LED: indicator for in / output ®
DUAL VCS
2 @ o In / Outputs:

O— O—©77@ o CV input for digital control voltage
oM e 1/01 : in / output 1

@ E O_© © ® 102 : in / output 2
/0 2 .
4 @ o ol common out / input

cv@

/0 1

—e

/0 2

on (@
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3. Indicators

® LED ... @ LED

LEDs @ and @ serve as status indicators, to show
which of the two in / outputs @ and @ is at that moment
connected to the common out / input ©.

4. In/ Outputs
o CV

Socket @ is the input for the digital control voltage,
whose level determines the switch state (see Fig. 1):
e CViow(<~36V): O/l--—-1/01

e CVhigh(>~3.6V): O/l 102
If a high frequency control voltage is used for swit-

ching, audio frequency modulation results (see Fig. 4
on page 5).

Ccv

~36V

Vo1 O-101 Vo1
on@/& o0 on@ﬁ

O-lo2 ~O-102 O-l1o2

Fig. 1: The A-150’s switching behaviour

8101 - © 102

These sockets are the in / outputs.

0 Ol

Socket @ is the common out / input. Depending on
the level of control voltage at input @ it's connected to
socket ® or ® (see Fig.1).
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" The switches are bi-directional: that is, two 5. User examp|es
inputs can be connected to one output, and vice
versa. The particular arrangement of inputs /

outputs will always be clear from looking at what Switching filter characteristics

is patched to which socket. In the example in Fig. 2, with the help of an A-150, a
0¥ Any signal from -8 V to +8 V can be controlled signal can be switched between a 12dB and 24dB low
by the A-150. Voltages less than -8V or more pass filter.
than +8V will lead to malfunction of the module The control voltage CVg can for instance come from
! It is possible to modify the module so that the CV output of a MIDI-CV interface (e.g. A-191), so
voltages in the range 0...+12V can be proces- that, for instance, a MIDI controller could be assigned
sed. You find a modification of the A-150 for to switch between filter types.
signals in the range 0...+12V on our web site
www.doepfer.com in the FAQ section (click to oV
the FAQ button on the left side of the page). vVCcoO s
IX° Another solution for signals beyond -8V resp. j A-150
+8V is to attenuate and/or to change the offset o
voltage of the signal. The A-129/3 attenuator/ Y
offset generator can be used for both purposes. »El—’% 1o —
0" From about March 2004 a new version of the oz2e 344"
A-150 is available. This allows the full A-100 o o
voltage range -12V...+12V for the voltages at A-121 h
the O/l resp. 1/0 sockets. The new version can O
be identified at the pc board label "A-100 SY-

STEM A-150 DUAL VC SWITCH VERSION 2"
near the bus connector at the pc board edge. Fig. 2: Switching between two filters with the A-150
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Switching between modulation sources

In the example in Fig. 3, the A-150 switches between
two filter cut-off modulation sources. The control
voltage CVj (for instance from a MIDI controller) de-
termines whether the ADSR (when CVg = 0 V) or the
output from the mod wheel CV,, (when CVg = +5 V)
controls the cut-off frequency of the filter.

| .
Gate & » ADSR rb
A-150

CVgo ()= Cv

VCO VCF

@0 |
LN eyot @ vo? |
®— o

Fig. 3: Switching between modulation sources

Switching by audio-range signals

In Fig. 4, the A-150 is set up to switch the audio output
of a VCO. The switching voltage is provided by the
VCO'’s square wave output, with the result that at each
half cycle, synchronised to the VCO frequency, the
waveform changes to sawtooth. Try variations on this
patch, with an independent VCO or LFO providing the
switching voltage, different frequencies, etc..

A-110 A-150
VCO
— (@ cv
B — 0 —@/l/
ol

= |y

Fig. 4: Audio-range switching of an audio signal
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S o

A-151

SEQ. SWITCH
Trig. In

Res. In
o/l

/o 1
/o 2
/o3

/O 4

1. Introduction

Module A-151 (Quad Sequential Switch) is like an
electronic four-position rotary switch.

It includes trigger and reset inputs, four in / out-
puts, and a common out / input.

Each time a pulse is received at the trigger input
socket, the common out / input is connected to the
next in / output. After the fourth in / output, the next
trigger makes it step back to the first again, and so on
(see Fig. 1).

Voltages in the range -8V...+8V at the O/l resp. I/O
sockets can be processed by the module.

Four LEDs indicate the active in / output (ie. the one
that is connected to the out / input at any particular
time).

A positive pulse at the reset input switches the out /
input immediately back to the first in / output (see Fig.

1).

Version 2 of the module (from about 2005) is equip-
ped with an additional switch that is used to set the
number of steps to 2, 3 or 4. On top of that the new
versions allows to switch audio or control signals
within the full A-100 voltage range (i.e. -12V...+12V).
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2. Overview Indicators:
® LED: Indicator for in / output @
A151 . .
£Q.SWTCH @ LED: Indicator for in / output ©
TE?'@—O ® LED: Indicator for in / output ®
@ LED: Indicator for in / output @
= — 9 ® Steps: Switch for the limitation of the num-
ber of addressed steps to 2, 3 or 4
(available only in version 2)
@)
In / Outputs:
®—e —O0
b O Trig.In: Input for trigger pulse
@—e ©_ [5) ® Res.In: Input for reset pulse
yoz
© Oll: Common out / input
©—”%3©—@ 0 101: In / output 1
6 102: In / output 2
@—%4@—0 @ 1/03: In / output 3
Steps
0 1/04: In / output 4
s @o—© P
q
DOEFFER
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3. Indicators

®LED « @ LED - ® LED - ® LED

LEDs @ to @ are the status indicators, showing
which of sockets @ to @ is connected to the common
out /input ® at any moment.

® Steps

This switch is used to limit the number of addressed
infoutputs to 2, 3 or 4. The switch is available on in
version 2 of the module (about since 2005).

4. In/ Outputs

O Trig. In

Socket @ is the A-151’s trigger input. With each new
pulse (at the rising edge), the common out / input is
switched to the next in / output.

After stepping to the fourth in / output the next trigger
pulse sends the common out / input back to the first in
/ output again (see Fig. 1).

= Don’t forget that with a very fast repeating
trigger, the switching process on the A-151
can produce audio-frequency modulation
(see chapter 5, user examples).

® Res. In

If you want to over-ride the stepping sequence, and
send the common out /input back to the first in / output,
send a reset pulse to the reset input ® (see Fig. 1).
The rising edge of this pulse immediately resets the
common out / input to the first in / output.

Using the reset input, you can create repeated se-
quences which switch between three inputs or outputs
0=>0>02020>0>0..).

e Ol

Socket @ is the common out /input. Each time the
A-100 is switched on, or a reset pulse is received, this
socket is connected to the first in / output socket @
(see Fig. 1).

0101 - 61102 - 61/03 - © 104

Sockets @ to @ are the in / outputs.
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Clock

Reset

Fig. 1: How the A-151 switching works

(m : in / output connected)

The switches are bi-directional, so swit-
ching can take place from four inputs to one
output, or four outputs to one input.
Which process is happening at any one time
will always be clear from looking at the mo-
dules connected.

Any signal from -8 V to +8 V at the O/l resp.
I/O sockets can be processed by the A-151.
Voltages less than -8V or more than +8V will
lead to malfunction of the module ! It is
possible to modify the module so that volta-
ges in the range 0...+12V can be processed.
You find a modification of the A-151 for
signals in the range 0...+12V on our web site
www.doepfer.com in the FAQ section (click
to the FAQ button on the left side of the
page).

Another solution for signals beyond -8V resp.
+8V is to attenuate and/or to change the
offset voltage of the signal. The A-129/3
attenuator/offset generator can be used for
both purposes.

From version 2 of the module (from about
2005) the full voltage range of the A-100 (i.e.
-12V...+12V) can be switched without any
modification. Version 2 can be identified with
the additional switch ® Steps.
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5. User examples

Switching VCO waveforms

In the example in Fig. 2, every time a trigger pulse hits
the A-151’s trigger input socket, the VCO switches to a
new waveform. Since very fast switching of the A-151
(by an LFO set to its fastest range, or even by a VCO)
can produce audio frequency modulation - that is,
changes so fast that the ear can’t resolve them - the
result is in effect a new waveform.

A-151

foo LFo |, o
(@ Res.In
———@®@— on
L aCa T S
P9 102 —@’
o 0s |@"
MmN AN

L -0

Fig. 2: Switching VCO waveforms

C®B=  As an alternative to using an LFO or VCO to
trigger the waveform sequencing, it's possi-
ble to get the VCO to trigger the switching
itself. Simply connect the square wave out-
put into the trigger input @ of the A-151.

Four-step tone sequencing

The patch in Fig. 3 on page 6 produces a four-step
tonal sequence, with a different filter envelope for each
of the four steps.

An LFO simultaneously triggers ADSRs 1 to 4 and the
switch on the A-151, so that for each step the VCF is
affected by a different one of the four envelopes.

ADSR 5 is also triggered by the LFO, and controls the
VCA.

= It's crucial to make the envelopes of all the
ADSRss fit the LFO’s speed.




A-151 Quad Sequential Switch System A -100 DOEPEER

Switching filter characteristics
veco I > VCF With the patch in Fig. 4, you can use an A-151 to step
] through each of the types of output in the A-121
LFO multimode filter, one step for each note played.
M-
ato I¥E r» ADSR r w .
» ADSR 1 — @~ Tig.in
(@-#{ Res.In Gate
Gate o
= ADSR2|— e [ v A5t
Pp-@— 102 4@4’ Trig. In
Gate W@ vos 4®Z Res. In
g ADSR 3 — @104 | 4@ ol
Vo1 4@1/
102 4@3/1’
Gate VCO "
» ADSR 4 i
o4 &
Fig. 3: Four-step tone sequencing

Fig. 4: Switching filter characteristics

™= |f you use a keyboard gate as the trigger
instead of the LFO, each note played steps
through to the next envelope.
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1. Introduction

Module A152 is a useful switching and Track&Hold mo-

Voltage/Clock Controlled dule. It combines three sub-units within one module:
Address Generator

/HL man. . 1-to-8 multiplexer

Address
@781» cv . 8-fold Track&Hold
o1 Internal . 8-fold digital outputs unit
Clock In Addresses
@_-f. Resetin A0 Al AZ The active step of the three sub-units can be controlled

by an external control voltage (CV addressed mode)
| or via a Clock/Reset controlled binary counter
[ 1 (clocked mode). In this case the rising edge of each

In/Out 1 T&H Cut1 Display 1 clock signal causes an advance to the next step. The
InfOut 2 T&H Out 2 Display 2 rising edge of the reset signal resets to step 1.
In/Out 3 T&H Out3 Display 3 The currently active step is displayed by a LED.
In/Out 4 T&H Out4 Display 4 For the CV addressed mode a manual control and a
InOut 5 T&H OUt5 Display & control voltage input with attenuator is available.
In/Out 6 T&H Out 6 Display 6 The module can be used for a lot of switching and

_ controlling functions in the A-100 system. Among other
In/Out 7 TaH out7 Display 7 things the T&H section of the A-152 allows the emulation
In/Out 8 T&H Out 8 Display 8 of the "toggling T&H" function of the Buchla module
Common Common 266 "Source of Uncertainty".
Out/ln In Digital Display

Outputs

Adressed Adressed
Switches T&H




Voltage Addressed T&H/Switch A-152 System A - 100

~

i}
K

DIOEFPF!

2. Basic principles

The sum of the voltages coming from the manual
address control and the CV input define the currently
addressed step of the 3 sub-devices. An address in the
range 1...8 is generated by an internal analog-to-digital
converter. Three address signals (A0, A1 and A2) are
used to address the sub-units multiplexer, T&H and the
digital output section with LED display.

Alternatively the address signals AO, A1 and A2 can be
generated by an internal 3 bit binary counter that is
controlled by the signals clock and reset. For this the
the analog voltage applied to the analog-to-digital con-
verter mentioned above has to remain unchanged as the
CV control has priority over the clock/reset control.

Sub-device #1 is the bidirectional 8-fold multiplexer
(nothing but an electronical 8-fold rotary switch). Bidirec-
tional means that it works into both directions like a
mechanical rotary switch. The common socket may
work as an output that is connected to one of the 8
inputs that are e.g. connected to modulation or audio
sources. But the common socket may even function as
input. In this case the signal applied to the common
socket is output to the currently addressed single socket.

Sub-device #2 is the addressed 8-fold T&H. The signal
at the common T&H input is connected to the addressed
T&H output. The addressed output follows the voltage
applied to the common T&H input (track phase). As
soon as another output is addressed the last voltage is
stored (hold phase).

Remark: In contrast to the Sample&Hold (see S&H
A-148) the output voltage follows (i.e. tracks) to the input
voltage as long as the corresponding stage (1...8) is
active. Just when the stage is deselected the last voltage
is held. The S&H has only a very short track phase and
picks out a sample of the input voltage within a very
short time.

Sub-device #3 is the digital output section. The digital
output of the currently addressed step turns to "high". All
other digital outputs are low.

The digital output section also drives the LEDs.
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. —— @a Controls:
3. Overview l ﬁa :
@® Address manual address control
€Bh—152 Addressed T&H/Switch

SWIC. TaHOuls Dig. Culs o m 3 @cCcVv attenuator for address CV input @
®1..8 LED display (8x)
Inputs / Outputs:

@a SWI/0 single multiplexer inputs/outputs (8x)
©b Common Switches In/Out
common multiplexer output/input
0a T&H Outs track&hold outputs (8x)
®b Common T&H Input
common track&hold input
© Digital Outs digital outputs (8x)
O CVin address control voltage input
© ClockIn Clock input for the binary counter
O Reset In Reset input for the binary counter
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3. Controls / Inputs / Outputs

@ Address (control)
@ CV (control) / @ CV In (socket)

This group of elements is responsible for the address
generation in the voltage controlled mode. Control ®
Adress is used to adjust the address manually. The
control voltage input @ CV In with the corresponding
attenuator @ CV can be used to modulate the address
by means of an external control voltage (e.g. ribbon
controller A-198, Theremin A-178, joy stick A-174,
ADSR, LFO, random voltage, sequencer and so on).
The required control voltage difference at socket @ is
about 5V to reach all available addresses with attenuator
@ set to it's maximum position.

© Clock In (socket) / ® Reset In (socket)

This group of elements is responsible for the address
generation in the clocked mode with the internal binary
counter. In this mode each positive transition (rising
edge) of the signal applied to the Clock input ® triggers
an advance to the next step. Any positive transition of
the signal applied to the Reset input ® resets the
counter to step 1.

Attention! If the module is be controlled by clock and
reset signals the analog control voltage has to remain
unchanged as the CV control has priority over the
clock/reset control. E.g. simply turn the CV control @
fully counterclockwise (or make sure that no control
voltage is applied to socket @) and do not touch the
address control knob ®. But of course this overwriting
behaviour can be used intentionally for special effects.

®1...8 (LEDs, 8x)

The currently addressed step of all sub-units is displayed
with one of the LEDs.

@a SW /0 (sockets, 8x)
©Ob Common Switches In/Out (socket)

These sockets belong to the multiplexer sub-unit. The
common socket @b is connected to the currently addres-
sed single I/O socket @a that is displayed by the illumi-
nated LED ®. The remaining seven single 1/0O sockets
are open, i.e. at this moment they have no connection
among each other or to the common socket @b.

The multiplexer works bidirectional. This means that it
works into both directions like a mechanical rotary
switch. The common socket may work as an output that
is connected to one of the 8 inputs (which are e.g.
connected to modulation or audio sources). But the
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common socket may even function as input. In this case
the signal applied to the common socket is output to the
currently addressed single I/O socket.

Both control voltages and audio signals can be pro-
cessed by the multiplexer unit. The voltage range of the
infoutputs to be switched is the full A-100 voltage
range -12V....+12V. All A-100 signals can be switched
without any restrictions.

0a T&H Outs (sockets, 8x)
@b Common T&H Input (socket)

These sockets belong to the Track&Hold sub-unit. The
common T&H input ®b is connected to the currently
addressed T&H output @®a that is displayed by the
illuminated LED ®. The active T&H output follows the
voltage applied to the T&H input (track phase). As soon
as another output is addressed the last voltage is stored
(hold phase).

Only control voltages can be processed by the T&H
unit due to the holding capacitors of the T&H circuits.
The T&H section is not suitable for audio signals.

The T&H section of the A-152 allows the emulation of
the "toggling T&H" function of the Buchla module 266
"Source of Uncertainty". Only the first two T&H outputs
of the A-152 are required for this application (digital
output 3 has to be connected to the reset input).

© Digital Outputs (sockets, 8x)

These sockets belong to the digital output section. The
digital output of the currently addressed step turns to
"high" (i.e. about +12V) . It is displayed by the illuminated
LED ®. All other digital outputs remain at low level.

The digital outputs can be used to reduce the number of
addressed stages in the clocked mode. If the digital
output 5 is connected to the reset input ® only steps
1...4 of the counter will be addressed.

Another application is the triggering of other A-100 mo-
dules (e.g. ADSR, LFO reset, clock divider/sequencer,
trigger delay, analog sequencer and so on). For example
the ribbon controller A-198 can be used to trigger 8
different devices one after another by moving the finger
over the ribbon manual.

For logical connection of several digital outputs the logic
module A-166 can be used (e.g. for simple rhythmic
patterns).

To generate a short trigger signal from the gate-type
digital outputs the trigger modifier A-165 is the right
choice (each digital output remains in the "high" state
while it is addr