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1 Introduction

1 Introduction

1.1  Whatis © REAKTOR ?

REAKTOR is a piece of software that tums your computer and soundcard into a powerful
syrthesizer and audio processing system. ts completely modular structure ensures that no limits
are imposed on your imagination in the creation of edectronic musical instruments and sound
effects. From the simulation of relatively simple, analog synthesizers as well as large, complex
modular systems, through sample players and FM synthesis up to exotic methods such as
delay-line resonance or granular synthesis — REAKTOR will show itself to be capable of fulfilling
all your desires.

REAKTOR's ability to take on many different forms is the first major difference compared to
hardware synthesizers and & its major advantage. “How do you want to sound today” would
certainly be a good slogan for REAKTOR.

But even if the construction of synthesizers is not amongst your prefesmed activities, you have still
made a good choice with REAKTOR. Together with the program you get a bunch of ready-made
instruments that allow you to dedicate yourself without much ado to your favorite occupation:
making music.

And finally: You never know what will happen. Because of the way it's structured, REAKTOR
always lets you take a look "behind the scenes™ — ancther difference to hardware solutions
where opening the cabinet rarely leads to an increasad understanding of the intemal workings, it
just invalidates your waranty. It could be that you will find these insights so fascinating that after
some time you, who maybe always believed yourself to be someone with the proverbial two left
hands, find yoursalf unexpactadly a member of the guild of synthesizer designers.

1.2 Whatis @ GENERATOR ?

GENERATOR is a modular synthesizer. It has all the power that results from REAKTOR's
flexdble modular structure, but & comes without TRANSFORMATOR's sample playback and

1.3 What is ® TRANSFORMATOR ?

TRANSFORMATOR is a modular sampler. It also has all the power that resulis from
REAKTOR's flexible modular structure, but t comes without GENERATOR's large range of
audio oscillators which are used for bulding synthesizers.
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1.4  Product Specific Texts

This User's Guide covers all three products in the REAKTOR SERIES, that is GENERATOR,
TRANSFORMATOR and REAKTOR.

H you own REAKTOR, then you have all the features describad in this guide, so everything
always applies. If you own one of the other two, however, some parts of the text may not apply.
They are marked like this:

{9’ Text passages that are marked with the GENERATOR icon only apply to GENERATOR and
REAKTOR, but nol to TRANSFORMATOR. When taking about features that are not in
TRANSFORMATOR, the product is called GENERATOR, but REAKTOR is also meant.

®Taﬂpm&gmﬂﬂwemmmdwihihawmmmﬁhmm¥apﬂym
TRANSFORMATOR and REAKTOR, but nat to GENERATOR. When talking about features
that are not in GENERATOR, the product is called TRANSFORMATOR, but REAKTOR is also
rmean.

The rest of the text applies to all three, and the product is called REAKTOR SERIES or simply
REAKTOR.

Similarly, depending on whether you are running the software on a Macintosh or on a Windows
PC, different parts of the text may apply:

¥ Text passages that are marked with the Windows icon, only apply when using the software
with Windows 95, Windows 98 or Windows NT.

‘-Tmmmagmm“mmmmmmm.mlymutmmmmm
with MacOS.

1.5 Getting Started

Omne more word about this guide: We definitely recommend that after installation you first consult
the chapter “First Steps”, even if you are already an expenenced synthasist, There you will leam
much about how you can work quickly, efficientty and economically with REAKTOR and your
initial attempts at creating something will be that much easier.

1.6 Support

NATIVE INSTRUMENTS B a young, independent company founded with a vision = to bring
innovative, cutting edge software to musicians and empower them o make new sounds using
the latest technology.



2 Installation under Windows

2.3 Soundcard Settings

The REAKTOR SERIES software needs a soundcard for playing the sounds it produces. In
addition, the soundcard's inputs can be used to process external audio signals live (REAKTOR
SERIES as effects unit) or to sampla them.

Touse a standard soundcard as the audio interface for the software no exdra drivers are needed.
The REAKTOR SERIES software makes use of the standard WaveAudio or DirectX drivers
installed with the cards.

However, some adjustment of the REAKTOR SERIES software's parameters is necessary to
tune It to the hardware and achieve optimum performance. Choose Soundcard in the
System=Audio Port menu and open the appropriate settings dialog window by selecting
System=Audio Settings.... You can also open this dialog window by double-clicking on the
Audio In or the Audio Out module,

oursdc |r|| Propertes
= L —

231 Devices

If more than one soundcard (or driver port) is installed, the selection boxes In Port and Out Port
allow the choice of which soundcard (or which driver port) i to be used by the REAKTOR
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SERIES software, If the audio inputs of a soundcard are to be used, it must suppon 16-bit full
duplex operation. Also, the In Port and Out Port that the software uses must be on the same
card. Otherwise smooth operation cannot be guaranteed,

In the list of avalable ports for Out Port the avaiable devices are marked MME: or
DirectSound:. The latest DirectSound drivers for your soundcard are probably better optmized
with regard to lalency (delay) in the audio cutput than the eadier MME (WaveOut) drivers and
normally perform better. We recommend that you try out all the available drivers, see what
latency can be achieved with sach and then use the one that performs best.

Do not use emulated DirectSound drivers (which are usually marked “emulated”) because these
are actually MME drivers made to look like DireciSound and will perform worse than all other
options.

Precondition for using DirectSound is that the Windows extension DirectX 5.0 (or laker) is
instalked on your PC. Unfortunately, there are no DirectX drivers available yet for the In Port.

Note: The low latency technology employed in REAKTOR SERIES software makes high
demands on soundcard drivers. Many drivers, especially older ones, are not able to cope and
cause system crashes or incomect operation particulary when using audio input. Please make
sure you have the very latest drivers available for your soundcard.

23.2 Latency

The delay {latency) that occurs during audio output depends on the size of the audio buffer that
the software passes to the soundcard. For smooth operation this buffer must have a minimum
length which depends mainly on the type of soundcard and driver used.

If you are installing the REAKTOR SERIES software for the first time you can skip the settings
described below and first get to know the system. Come back here later to optimize the latency

so that you will get the best possible performance.
With the sliders Play ahead of the Out Port section and Record ahead of the In Port section you

can adjust the size of the audio buffers. The smaller the buffers, the faster is the response of
REAKTOR. However, if the buffer is set too small, dicks will appear in the audio output.

Important: To get good performance from the REAKTOR SERIES software you must optimize
the Play ahead by hand every time you change your soundcard or update the soundcard
driver.

You can optimize the buffer length for sound output on your system like this: Open an ensamble
and play & whie at the same time moving the slider for Play ahead in the Soundcard
Properties dialog window. Move the slider to the left to reduce Play ahead until you start to hear
clicks in the sound output. Now move it back 1o the right a bit to find the pont where the chicks
disappear. Now you have found the minimum cutput buffer size for your card,
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When using MME drivers, the sound will break up when Play ahead is too small, with
DirectSound drivers on the other hand, there will only be one glitch after which the effective
latency suddenly becomes very large (about 1 second).

You can find the optimum position for the Record ahead slider in a similar way. First draw a wire
from the Audio-In module to the Audio-Out module in the ensemble structure window, connect
an audio source (e.g. CD player) to the soundcard input and listen to the soundcard ocutput as
usual. Now move the slide for Record ahead to the left until clicking starts. Then slowly move it
back to the right until the sound become dean. You have now found the optimum for the audio
inputs of your scundcard.

Avdio In Lo Dt

Connection for optimizing Record ahead

The Timing Resolution for arriving MIDI events can be switched between 5 ms, 10 ms and 20
ms. A setting of 5 ms delivers the most precise relative timing (smallest variation in delay). You
should only change the setting to 10 ms or 20 ms if at 5 ms noticeably more dicking or stuttering
occurs. However, at the highest resolution (5 ms) the CPU load caused by the driver is
somewhat higher, If timing accuracy is not 30 imporant but CPU overload is causing problems,
the resolution may be decreased.

When the soundcard is configured well, the In and Out level meters in the Ensemble Toolbar
appear in green/red, otherwisa they appear gray.

By the way, the number of voices and the sample rate used inside the software don't have amy
affect on either latency or timing resolution, but they do, of course, affect overall performance
through the CPU load caused.

Flease note that the input and output levels of the soundcard depand on the seltings of the mier
on the card. You can control this device using the Windows accessory Volume Control, the
Multimedia Properties of the Control Panel or a mixer program, delivered with the soundcard.

2.4 MIDI Interfaces

The MIDI Ports through which the REAKTOR SERIES software is to communicate with the rest
of the world are selected in the MIDI Port dialog window, which is openad via the menu entry
System=MID| Settings.... All the existing MIDI ports in your PC which are installed under
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Windows appear here an can be chosen for use with the REAKTOR SERIES software. For
details see section 7.5.5.

If a MIDI input port has already been opened by another program, the software will not be able to
use it and it will not appear under Avallable Inports. In this case free up the port in the other
program or make sure that the REAKTOR SERIES software starts up first. Conversaly, an in-
port has to be remaoved from the list of Installed Inports before ancther program has access to
it.

MIDI Port E3d

Available | - Avalable 0
Generator inteimal Midport Generator Syntheszer

Rodand MPLI-407 Rolard MPU-407

TTS Vitual Piano In | amaha OPL2/OPL3 Synthesis

st | D |

Generator miemal Midiport
Roland MPU-401

o] owe |

ML Prort debong warchon

2.4.1 Using REAKTOR SERIES with a Software Sequencer

You can control the REAKTOR SERIES software with another piece of MIDI software such as a
sequencer, running on the same computer. The driver genmidi .d11 that provides the intemal
MIDI input and output ports which are required for this has already been copied to your computer
and registered as a MIDI driver during the installation procedure wnder Windows 9598, This
driver does not work with Windows NT, however, where you will need a special MIDI loop-back
device designed for NT (e.g. MIDM Yoke).

genmidi.dll provides the MIDI out-port Generator Synthesizer for use by other MIDI
programes such as your sequencer. MIDI events routed to this port are passed to the REAKTOR
SERIES software inside the computer. You can find this inlerface as Generator intemnal
Midiport in the list of Available Inports.

10
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If you want 1o disable this intemal conneaction o other MIDI programs, simply remove the entry
Generator internal Midiport for the list of Installed Inports n the MIDI Port dialog window
(System=-MIDI Settings...) by selecting it and pressing the Delete button.

If you want to connect the REAKTOR SERIES software's MIDI output 1o the input of your
sequencer you will need another driver (for example the free Hubi's LoopBack device) to forward
MIDI events inside the computer.

2.5 Uninstalling the Software

If you want to remove the software installation from your computer completely, we recommend

the following procedure:;

+  Open EStart—Settings—Control Panel=>Add/Remove Programs

* On the page InstallUninstall choose the REAKTOR SERIES software from the lst of
installed program:s.

+  Click on Add/Remove and confirm deletion by clicking on Yes,

“ou showdd also remove the internal MIDI diver, Procead ke this:

+  Start the program sysedit (BStart="Run...=sysedit).

+  Click on the window C:\Windows\System.ini and look for the section labeled
[drivers].

* In the section [drivers] rémove the line midiX=genmidi.dll, whene the X in midix
stands for the number occupied by genmidi . d11.

+ | entries with higher numbers exist, change them so that the result is again a continuous
sequence

+  Save the changed version of C: \Windows\System. ini.

1"
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6 Basic Operation

The REAKTOR SERIES user interface follows the conventions of the operating system, so it is
easy 10 get used to the software for someone who has already worked with & MacOS or
H Windows 95/98. Nevertheless we want to explain some particular characteristics and draw
your attention to some features that may be new to you.

6.1

Mouse

Practically all functions in the REAKTOR SERIES software can be camied out using the mouse.
The main operations that will be performed are the following:

L]

Selection of an object by clicking on it with the left mouse button. Selected objects are
recognized by their label field which is colored red. If you want to select several objects,
hold down the Ctrl key (8 Windows) or the Shift key @ MacOS) on the computer
keyboard while clicking on the desired objects one after the other, Altemnatively you can
click with the left mouse bution on a blank part of the window and open a frame by
dragging with the button pressed. All objects within the frame are selected.

Moving an object is achieved by clicking the left mouse button on it and keeping the button
pressed while moving the mouse pointer, and with i the object, to the desired location. To
move several objects together, first select all the desired objects, and then move one of the
objects as above. All of them will move together according to the mouse movement and all
the wiring remains and follows like rubber bands. On releasing the mouse button the
modules are aligned on a grid and then remain at the new position. The grd helps 1o
ensure a tidy appearance.

Wires are drawn by dicking with the left mouse button on the out-port whose signal s to be
transmitted. Then you move the mouse pointer, and with it the wire, to the desired in-port of
another module that is to receive the signal. There you perfomn another click with the left
button - the connection is now established. The wiring operation can also be carried out in
the other direction (in-port to out-port) or by dragging with the left mouse button held - the
result is the same.

Double-click with the left mouse button on an object (or on the background of windows)
and one of various actions is performed, depending on the object. The object's contest
menu shows which action it is that is executed on a double-click by listing the
commasponding menu entry in bold type

Right mouse butfon (8 Windows) or ctrl key + mouse button & MacOS) opens the
context menu that belongs to the object (or window) on which the button was clicked.
Context menus play a very important pant in the REAKTOR SERIES operation which i
why the next section is dedicated to explaining them in detad,
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6.2 Context Menus

Context menus are lists of commands that always appear in the spol where you need them, So,
if you want to perform an action on an object or you need information about it, click on it with the
right mouse button (88 Windows) or ctrl key + mouse button & MacOS). A menu appears
whose enfries relate to the selected object. With a dick of the left mouse button you activate the
desired menu itemn. The menu disappears and the operation is carmied out. For example, you can
delete a module by selecting the entry Delete in its context menu.

Objects which have context menus are:

*  Modules in the structure

+  Controls in the panel

*  Input and output ports of modules
+  Structure windows (background)
+  Panel windows (background)

6.3 Key Commands

Most functions in REAKTOR SERIES can be performed with keys or key combinations as well
as with the mouse. Detalled lists of the key commands avadable in the different windows are
given in chapter 16.4 of this guide.

6.4 Windows

There are two kinds of windows - Structure and Panel — whose function will be explained in
detail in the respective chapters of this guide.
In general, the following can be said about the use of windows in REAKTOR:

+  As many windows as you like can be open and displayed on the screen at any time.

+  Opening windows and jumping to other windows is performed through either the Window
menu, a context menu or a keyboard shortout.

+ Goto Structure leads to the window that shows the intemal wirng of the module.
Keyboard shortcut, from the panet: Ctrl + B (8 Windows), % + B & MacOS).

+  Goto Panel opens the window with the contral elements for the Instrument. Keyboard
shortcut, from the panel: Ctrl + B (8 Windows), # + B & Mac03),

+  Goto Parent shows the structure window that is above the current window in the structural
hierarchy. Keyboard shortcut: Ctrl + P (8 Windows), % + P & MacOs).

+ Al open windows are shown in a list at the bottom of the Window menu. A window can be
brought to the front by selecting its entry in the menu.

51
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You can move, size, minimize and dose the windows just like you are used to from other
programs. If a window is too small to display its entire contents, you will find the usual
scrollbars at its right and bottom edges and you can use them to move around the window
contems.

The following applies under B8 Windows:

*

All windows are contained in the main window. When the main window is minimized or
covered by ancther application window, all the contained windows are affected.

When a window is madmized, its border becomes the same as the border of the main
window. Afterwards, the same applies to all the other windows until one of them s reset to
a smaller sze,

When a window is minimized, it appears as a small box at the bottom edge of the main
window

You can step through the individual windows by pressing Cirl + Tab.
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7 Menus

The commands for operating the REAKTOR SERIES system are to be found, apart from the
vanous context menus (see section 6.2), in the menus in the menu bar of the main window. The
program’s giobal functions controlled from there are described below.

7.1 File Menu

7.1.1  New Ensemble

The menu itern Mew Ensemble creates an empty Ensemble. It consists of only the Audio-in
and the Audio-Out modules. The empty ensemble is loaded from the file New.ens in the
installation’s Bin folder. If you would prefer to have a different structure as the basis for new
ensembles, you can replace New.ens Wwith another ensamble, ie. save the desired ensemble
with the: name New. ens in the folder Bin'.

7.1.2 Open..
By selecting Open... you can load one of three kinds of files:

+  Ensembie (flename exdension . ens).
«  Instrument (flename exiension . ism).
* Macro (flename extension .mdl)

7.1.3 Save Ensemble

The menu item Save Ensemble stores the cument ensemble together with all the contained
instruments and their structures, panels and snapshots in an * . eas file.

7.1.4 Save Ensemble As...

The menu item Save Ensemble As... also stores the cument ensemble together with all the
contained instruments and their structures, panels and snapshots in an *.ens file, However,
here you can specify a new filename for the ensembile.

7.1.5 Save Window As...

The instrument of macro in the actve window can be saved here. The same function is also
avalable as Save As... in the contexd menu of the macro or instrument, respectively.



[ill REAKTOR SERIES 88®

7.1.6 Load Audio...

An audio file can be oaded 1o a selected Sampler or Tapedeck module from this menu. The
same function is also available as Load Audio... in the contexd menu of the Sampler or

Tapedeck, respectively.

7.1.7 Reload Audio

An audio file which has already been lcaded by a Sampler or Tapedeck module can be reloaded
here, e.g. if it has been changed using an editor. The same function & also available as Reload

Audio... in the contexd menu of the Sampler or Tapedeck, respectively.

7.1.8 Export Audio...

From this menu, an audio file can be saved from a selected Tapedeck module, The same
function is also available as Export Audio... in the contest menu of the Tapedeck.

7.1.9  Overwrite Audio

An audio file can be saved from a selected Tapedeck module, overariting a previously saved
audio file, e.g. if the Tapedeck now contains a new recording. The same function B also
avadable as Overwrite Audio... in the context menu of the Tapedack,

7.1.10 Batch Analyse...

This function can do the analysis of sound files, which is necessary for some modules in
TRANSFORMATOR / REAKTOR, on whole sound libraries. Usually there is some waiting time
during the import of sound files which have not been analyzed before, This wail can be avoided if
all the sound files of a library are analyzed in one go using Batch Analyse... This time
CONSUMInNg process does not require any user interaction and can be done while you are away
or evermight.,

A standard File Open Dialog opens, prompting you to specify, a sound file from which the batch
process should start, Batch Analyse... will analyze this sound file and all other sound files with
write access in the same directory and all its subdirectories. After finishing the batch analysis, the
program tells you the numbers of files found and the number of files analyzed.

H Windows: Sound files, which were copied from CD-ROM to hard disk are write protected by
default. If you want to save yourself the trouble to remove the write protection for each individual
file in all of the subdirectones, you can use the DOS-command attrib. Let's assume that you
want 1o remove the write protection in the directory d: \soundfiles including all subdirectories.
With #BStart= Programs=MS-DOS-Prompt you descend to your computer’'s basement. Type
od d:\soundfiles' and théen attrib —r d:'\wavefiles\* /5.
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Caution: When storing the analysis data, soundfies will be overwritten by TRANSFORMATOR |
REAKTOR. Even though the sound waveform data dself does not get changed during the
analysis, some awdliary information, which may be included in the sound files, will get lost if
TRANSFORMATOR / REAKTOR does not know what to do with it! This additional data may be
required by other programs working with these files. If such problems should ocour, please tell
us. If in doubt, you should only let TRANSFORMATOR [/ REAKTOR work on sound files of

7.1.11 List of Recently Opened Ensemble Files
With a simple mouse dick, you can open one of the sight most recently used ensembles.

7112 Exit .

The menu item Exit closes the program and all its windows, including those in the task bar.
Before cosing, the software checks if any changes have been made since last saving and asks
you what to do f it finds any.

7.2 Edit Menu

7.2.1 Undo
Selecting Undo from the menu or pressing Ctrl + Z reverses the effect of the last ediing
operation carmied out in any of the structures.

The number of steps through which operations can be reversed is determined by the settings in
the Preferances (see section 7.6). Undo can also be disabled in the Preferences.

7.22 Redo

Selecting Redo from the menu or pressing Cirl + Y reverses the effect of the Undo operation.
You can execule Redo as many times as you previously executed Undo, to retum to the initial
State.

723 Cut .

Selecting Cut from the menu or pressing Ctrl + X removes the curent selection. It is copied to
the dipboard from where it can be inserted at another place, even in another window, using the
Pasta command (Ctrl + V).
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724 Copy

Selecting Copy from the menu or pressing Ctrl + C marks the cument selection for copying. A
copy of the modules is stored in the clipboard from where it can be inserted at another place,
even in another window, using the Paste command (Ctrl + V).

7.25 Paste

Selecting Paste from the menu or pressing Cirl + V copies the current contents of the clipboard
o the struciure,

When using the keyboard shortcut Ctrl + V for pasting, you can specify a window and a point in
the structure by clicking there with the left mouse button first.

7.26 Delete

The menu entry Dalete removes the current salaction, You can also delete the selected modules
and wires with the Del key on the computer keyboard, The same function is also available as
Delete in the contend menu of the selected objects.

7.27 Select All

With the menu item Select All or the keyboard shortcut Cirl + A you can mark the entire
conterts of the current window as selected. You can unsalect individual tems by clicking on
them while holding down the Cirl key.

7.28 Solo .

The Solo function directly connects the output of the selected instrument to the audio output. Al
instruments which lie upstream of the selected instrument in the structure remain active. All other
instruments in the ensembie are muted.

An example: A synthesizer signal is processad by a chorus effect. The chorus effect is switched
te Solo. Then the synthesizer with the chorus effect i connected with the cutput, while all other
instruments in the ensembila are muted.

This function is equivalent to the entry Solo in the contexd menu of the instrument.

729 Mute

The mute function tums off one or more selected modules. Al instruments upstream of the
selected one are also muted. The same function is available as Mute in the contexd menu of the
selected instruments.
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7.210 Mono

For most modules the operating mode can be switched between monophonic and polyphonic.
Unless a module is really needed in poly mode it should definitely be used in mono mode
because otherwise the CPU load rises proportional to the number of voices, The same function
is also available as Mono in the contesd menu of the selected modules.

7.2.11 Properties

This opens the Properties dialog of the selected object. The same function is also available as
Properties in the contexd menu of the selected modules or panel slements.

7.3 Insert-Menu

This menu & used to insert elementary modules or panel elements. It & equivalent to the menu
behind Insert in the context menu of the panel window or Modules in the context menu of the
structure window (see chapler 6.2),

7.4  Settings-Menu

741 Sample Rate

This menu item sets the internal sampie rate for audio signals. With higher sample rates you can
achieve better sound quality, but the CPU load rises proportionately, If the intemal sample rate is
different from the soundcard's sample rate (44100 Hz), the Audio In and Audio Out modules will
do the conversion. The sample rale can also be adjusted using the selector in the Ensemble
Toolbar.

74.2 Control Rate

A number of modules (LFO, Slow Random, Event Hold, A-to-E, Event Smoother, Event Deday)
generate of process events at a constant rate. This rate is set globally here. Since this sample
rate s very low comparad to the auwdio sample rate, these modules need only very lttle CPU
[OMET,

Higher control rates give a better resolution in time, resulting in finer steps in the signal.
743 External Sync

Toggles batween the intemally generated clock and the external cock (received via MIDI) for all
Sync Clock and 1/86 Clock source modules. Control of the Start/Stop source by MIDI-

ar
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Start/Stop is also activated. When Extemnal Sync is activated, the tempo cannot be adjusted in
the Master Clock Tempo field on the toolbar, It shows ext instead of the BPM value,

744 Clock Start

Starts the master clock which conirols the Sync Clock and 1/96 Clock sources. This function
works with both intemal and exdernal clock. It sets the output of the Start/Stop sources to the on-
value, In the ensemble toolbar there is a button for the same function,

745 Clock Stop

Stops the master clock which controls the Sync Clock and 1/96 Clock sources, This function
works with both intermal and external clock. It sets the output of the Star/Stop sources to the on-
value. In the ensambile toolbar there is a button for the same funchion,

7.5 System Menu

The various items in the System menu are for controlling the audio and MIDI inputs and outputs,
sample rate and CPU lead of the REAKTOR SERIES system.

7.5.1 Run/Stop Audio

With this menu item the audio computations can be started (Run Audic) and stopped (Stop
Audio). Effectively this is the main on/olf switch for the REAKTOR SERIES software. The same
function is delivered by a button in the ensemble toolbar and by the 0 in the keypad.

7.52 Measure CPU Usage

This menu item switches the maodules to load measuring mode. The cument processor load is
measured for each module and displayed in black labels on the modules. This feature is useful
to determine how much load the individual modules are causing. With this information it may be
possible to optimize the structure to allow the generation of more voices.

Some modules do not have a number displayed on them, ie. they keep their normal label.
That's because these modules do not actually use up any CPU power for audio processing,
either because they are not active or because they do purely event processing.

The displayed value may differ a little from the actual CPU load in normal operation,

This mode is only avaiable, when Run Audio is active. During load measuring the audio output
is switched off. The same function is reached by the key combination Ctrl + U.
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7.5.3 Audio Port

HE Windows: This menu item & used to select the soundcard whose outputs are to be used to
play the generated sounds (represented by the Audio-Out module) and whose inputs
(represented by the Audio-in module) supply signals for processing by the REAKTOR SERIES
software. Cards that are not installed are shown in gray in the menu, those that are installed are
shown in black,

7.5.4  Audio Settings...
E Windows: This menu item opens a dialog window in which settings for optimizing the
performance of your soundcard are made. Detaled instructions for standard soundcards are
found in chapter 2.2.7. If you have an EMAGIC Audiowerk8 installed in your computer, please
consult chapter 16.2 of this guide.

7.55 MIDI Settings...

This menu Rem allows you to choose which of the MIDI inputs and cutputs installed on your
computer are to be used by the software.

To select one or more inputs from which the REAKTOR SERIES software should receive data,
choose the appropriate in-port from the lst of Available Ports and insert it into the list of
Installed Ports by pressing Insert. If more than one input is installed, they will be active in
parallel. Use Delete to remove a selected port from the lisl. The changes become valid on
clicking OK.

If you install the driver of a MIDI interface or a soundcard as an Inport to the REAKTOR SERIES

software, you can control the software from an external MIDI instrument, .g. a master keyboard,
connected 1o this input.

If you want to contral REAKTOR from a MIDI program (e.g. a software sequencer) running on
the same computer, install Generator intermmal Midiport as one of the Inports.

To sedect one or more outputs to which the software should send data, choose the appropriate
out-port from the kst of Available Ports and insert it into the list of Installed Ports by pressing
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Insert. f more than one output is installed. the same data will be sent to all. Use Delate to
remove a selected port from the list. The changes become valid on dicking OK.

7.6 Preferences

This menu item open a dialog in whose pages you find some options of the program which you
can adjust as required. The seltings are described in the following section.

7.6.1  Files

If you enable Create backup file before saving, existing files will not be overwritten on Save or
Save As... but will be kept with the flename extension .bak. Like this, you can always retum to
the penultimate wersion of a fie i something should go wrong (by renaming lo remove the

With Reload last ensembile at start-up you tell the program whether on starting up it should
Ioad the ensemble which was active when i was last shut doswn,

If you activate Undo Enable, undo information will be stored before all major editing operations.
This gives you the option to reverse the effects of editing operation later if required,

With Number of Undos you can set the depth of the undo buffer. This determines the masdmum
number of steps through which any changes can be reversed,

it REAKTOR should terminate abnomally (e.g. because of a crash or power failure), the stored
undo information allows R o restore the ensemble when the program is next started. i
REAKTOR detects this state on startup, it will ask you whether you want to restore the ensemble
to the way it was just before the abnormal termination.

7.6.2 Processor Usage

REAKTOR can automatically reduce the number of voices of polyphonic instruments when the
total CPU load reaches a certain limit. Like this, the polyphony can be adjusted according to the
available processing power. The upper limit for the CPU load is set here in the properties under
Maximum processor usage in % REAKTOR changes the number of voices only for
instruments in which Automatic Voice Reduction is activated in the instrument properties.

7.6.3 Appearance

The color for the background of the structure window can be adjusted here, Clicking on Change
opens a color palette. With Reset you retum to the ongnal color,
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7.64  Directories

Here you can set the paths to the two folders from which macres and instruments are loaded
using the context menu. After installing the software, the paths are initially set pointing to the
supplied library. If you want to build your own library, you can change these paths to point to the
folders in which you keep your library.

Or you can add folders containing your own instruments and macros to the existing library and
they will also appear in the REAKTOR SERIES software's menus. In this way you can
customize your library 1o sult your own taste and needs.

7.7 Window

7.71  Cascade
Gives all windows a standard size and places them in an overlapping arrangement.

7.7.2  Tile Horizontally
Divides the main window horizontally and arranges all windows from top to bottom,

7.7.3  Tile Vertically
Divides the main window vertically and amanges all windows from left ta right,

7.74  Arrange lcons
Arranges the icons of minimized windows in a row at the lower edge of the main window.

7.75 Store Snapshots
Opens a dialog for storing the cumrent settings of an instrument’s panel as a snapshot (see also
section 15.5).

7.76 Leamn

Activates the MIDI-Leam mode for the panel of an instrument (see also section 8.2). This mode
is automatically deactivated after a MIDi-controller message & received. There s a
comesponding button i the instrument toolbar.

61



{ill REAKTOR SERIES HE8:®

7.7.7 Lock

Switches the panel of an instrument into lock mode to prevent inadvertant movements of the
panel elements. There is a comesponding button in the instrument toolbar.

7.7.8 Properties

Opens a dialog for setting the properties of the instrument or macro in the selected window. This
function corresponds to the entry Properties in the context menu of the background of the active
WINQdow,

7.7.9 Goto Panel

Opens the window with the cormespanding panel or brings it to the front.

7.7.10 Goto Structure
Opens the window with the comesponding structure or brings # to the front.

7.7.11 Goto Parent
Opens the window which is one level higher in the hierarchy or brings it to the front.

7.7.12 Show [ Hide Toolbar
Here you can choose whether you want to see the toolbar or not,

7.7.13 Show [ Hide Hints

Switches on and off the hints which appear when the mouse pointer is over an object on the
screen.

7.7.14 Show Ensemble
Opens the structure window of the ensemble.

7.7.15 Close All Panels
Closes all panel windows.

7.7.16 Close All Structures
Closes all structure windows.
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7.7.17 All Panels to Front
Brings all panel windows to the front.

7.7.18 List of Open Windows

By clicking on an entry in this list, the comesponding window will be restored or brought to the
front.

7.8  Help Menu

7.8.1 Help
The menu item Help starts REAKTOR's online help system.

7.82 About

The menu item About opens REAKTOR's info window. In its lower part you find the version
number of the software and the serial number of your REAKTOR license.

7.9 Context Menu

The context menu of the ensemble (accessed with a right mouse-click on an empty part of the
ensemble window) is exactly the same as the contexd menu of an instrument’s siructure window.
Please see chapter 12.7 for details.
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8 Toolbars

B MacOS: The Toolbar appears at the top left of the screen. The top half is the Ensemble
Toolbar, the bottom half is the Instrument Toolbar.

B Windows: The Toolbars appears at the top of the main window. Above is the Ensemble
Toolbar, below that the Instrument Toolbar, The Toolbars can be Yoated” by dragging them

by the edge away from their original position. They then appear as windows flcating above or
beside the main window.

8.1 Ensemble Toolbar
The Ensemble Toolbar contains controls and indicators for the current operational state of the

REAKTOR SERIES system.

The Toolbar has the following displays and controls (from left to right):

*=  With the three buttons New, Open and Save you create a new ensemble, open an existing
ensemble, or siore the current ensemble with all changes.

+  The main switch is used to start and stop all audio processing in REAKTOR. It has the
same function as the entry Run/Stop Audio in the System menu. Audio processing can
be stopped to reduce the CPU load when no sounds are baing played. Switching audio on
and off also causes an initialization (reset) of all audio processes,

*+  The CPU Load Display shows the CPU time (in percent) used by the audio process which
generates the sound. In case of overload the display shows Over. The value that can be
reached in smooth, undisturbed operation is normally between 60% and 80%, in any case
wedl below 100%. The reason B that the transfer of audio data to the soundcard, MIDI and
event processing, and graphic display also take up some CPU time. Furthermore, enough
CPU time must be left over for the operating system and pessibly other programs (e.g. a
saquencer) to funclion. You can find the limit for your computer by raising the number of
voices for an ensemble until the CPU overoad message appears.

*  Theln level meter is used to display the level of the audio input. If it appears gray, no driver
i5 opened as audio nput.

+  The Out level meter is used to display the level of the audio cutput. If it appears gray, no
drivar is opened as audio input.
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+«  The selector for the Sample Rate displays REAKTOR's internal sample rate, which can be
changed by selecting from the list. Which sample rates are available depends on the
installed soundcard.

+  The global MIDI lamp lights up blue whenever REAKTOR raceives a MIDI evernt from one
of the installed MIDI in-ports.

* The Show Hints button (icon with arow and question mark) activates hints.

* The Close All Panels button (icon with a cross above three light biue windows) closes all
panels,

+  The Closa All Structuras button (icon with cross above three dark windows) closes all
structure windows.

+  The All Panels to Front button {icon with three panels) raises all open panel windows to
the front.

+  The Stop button stops the Master Clock

+  The Start button starts the Master Clock

+  The Tempo selector adjusts the rate of the intemal Master Clock in beats per minute
(EPM])

8.2 Instrument Toolbar
The Instrument-Toolbar is used to adjust and control an instrument.

The settings apply to the last selected instrument. The instrument can be chosen by selecting
the instrument module in the ensemble window, or by selecting its structure window, its panel
window, or the structure window of a contained macro.

[V =] #il=d ¥

The Toolbar contains the following displays and controls (from left to right):

+  The first element is a lest for the selection of the instrument which is 10 be controlled by the
Toolbar, The display will also be updated after the selechon of an instrument in the
windows.

+  The Panel button opens the panel or raises the panel of the active window to the front.

* The Structure button opens the structure or raises the structure of the active window to the
front.

+  With the Info button, the Instrument Info of the actve window s displayed.

+  The Properties button opends the Instrument Properties.

+  The Solo button drectly connects the output of the selectad instrument 1o the audi outpu.
All mstruments which lie upstream of the selected instrument in the structure remain active.
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Al other instruments in the ensemble are muted. An example; A syrthesizer signal is
processed by a chornus effect. The chorus effect is switched to Solo. Then the synthesizes
with the chorus effect is connected with the culput, while all other instruments in the
ensamble are muted.

+«  The Mute button mutes the selected instrument. All instruments upstream of the selected
one are also muted.

+  With this selector you can choose a snapshat to recall on the selected instrument.

+  With the Store, Delate, Rename Snapshot... button (camera as icon) you open the dialog
for snapshot management which is described in section 14.5.

+ The Recall Last Snapshot button recalls the last selected snapshot, decarding al
changes.

* The selector for the number of voices displays and changes the number of voices of the
selected instrument. The number of voices can also be adjusted in the instrument
properties.

+  The ned selector determines the (maximum) number of unison voices per note. The
unison effect is enabled by selecting a value greater than one. The unison voices are
detuned by a value which is sat with Unison Spread in the instrument properties. The
minimum number of unisono voices per note (Min Unison Voices) can be set there, as
wael.

* The MIDI Learn buiton allows you to easily assign a panel control to a MIDI-controller. You
select the panel control, acthvate the MIDI Learn button, and then operate the MIDI
Controller, e.g. the modulation wheel. In the Properties you can cancel this assignment by
deselecting Remote.

+  The Instrument MIDI Activity lamp shows the reception of MIDI events by the selected
instruments.

+  The Lock button protects all panal elements against accidental movement.
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9 Ensemble

The ensemble is the highest structural level in the REAKTOR SERIES software. In an ensemble
you store your complete work in s current state so that you can restore it later. As the name
suggests, it is an assembly of different instruments.

9.1 Ensemble Structure

E Ensemble - Shucture

» BT

Ensemibia with five instruments: four sound sources and a mioer. A8 botkom kef is the Audio-In module.
The ensemble’s structure window gives a bird's eye view of the entire emvironment, which

consists of a number of instruments as well as the audio inputs and outputs representing the
soundcard

&7
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9.1.1  Audio-In Module

The Audic-in module represents the audic input you have defined with In Port under Audio
Settings... in the System menu. This module is a fived part of the ensemble window and cannot
be removed from i

The context menu of the Audio-in module contains two entries:

* Mute is used to disable the module.

+  Properties opens the Soundcard Properties dialog window just like System=-Audio
Sattings....

The Audio-in module has the two audio out-ports L and R. These comespond to the left and

right inputs of the selected soundcard.

9.1.2  Audio-Out Module

The Audio-Out module represents the audio output you have defined with Out Port under
Audio Settings... in the System menu. This module is a fixed part of the ensemble window and
can not be removed from it.

The contesd menu of the Audio-0Out module contains two entries:

*  Mute is used to disable the module.

*  Properties opens the Soundcard Properties dialog window just lke Systemc=Audio
Settings....

The Audio-Out module has two event ports for control signals and some audio ports, whose

number depends on the chosan soundcard,

The event input Tun & used to set the master funing of the ensemble. Al a value of zerp,
standard tuning is used with the note a3 (MIDI note 89) at 440 Hz. A value of 21 changes the
twning by £1 semitone or £100 cents.

The event input Lvl i used to set the master output volume of the ensemble in dB, i.e. negative
values reduce the level, positive values increase i

9.2 Ensemble Panel

Since the ensemble can combine several instruments, its panel can display the controls of
saveral instruments, For this purpose, it 5 divided into sub-panels. A sub-panel with the label
Ensemble i always visible. it confains controls of the ensemble’s top structure level, For each
instrument in the ensemble there is an additional sub-panel with the name of the instrament
visible in the tithe bar,
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H[- Enzemble - Panel

i W en Rl

[

B s S e e .:E_.I-'

Eresemble-pansd with the sub-panets of six instruaments

You can use the switch Visible in Ensemble in the Properties of the panel elements to
determine whether you can see them in the ensemble panel. A second switch,
Visible in Instrument, allows you to remove a panel element from the panel window of the
mstrument, as well,

The default setting for instrument's controls is that they are only visible in the panal window of the
instrumert, since you will typically arrange only a selection of them in the sub-panel in the
ensemble panel. An empty sub-panel appears in the ensemble panel as just a titke bar with the
name of the instrument. Like this you get an overview of all the instruments in the ensembile. You
can select one of them for the toolbar by clicking on it with the mouse or you can open its panel
window with a double chick.
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10 Instruments

10.1 What is an Instrument?

An Instrument in REAKTOR is a module that has an intemnal structure, its own MIDI processing,

a separate control panel and separate snapshots. Instrument modules can be recognized by
their dark blue label and have an icon symbeolizing a conirol panel (represented by three faders),

An instrument can contain other instruments and macros in such a way that they fom a
hierarchical structure. The highest level in this hierarchy, Le. the instrument that contans
everything eise, is the ensemble,

10.2 Creating Instruments

Instruments are added into a Structure (nomally the ensemble) by loading them from the library
which comes with the REAKTOR software. In the folder Iastruments of the library there are

numerous ready-made sound generators and effects. If you want to start developing a new
instrument you first nead to load an empty one from the library (Instrument s\ Bew\ ).

When insarting an instrument you are in effect creating a local copy of the instrument from the
fie. This means that changes made later to the file do not touch the instrument once it has been
inserted. Lkewise, the file does not change when editing the instrument in REAKTOR. If you
want to update the file you must write the instrument back to it using Save As....

10.3 Ports

There is no fixed arangement of ports for instruments. The type and number of ports in an
instrument is determined by the user by the insertion of so-called Terminals (see chapler 12.5)
in the instrument structure.

The connections into and out of an instrument through the terminals are always mono, they
cannot be polyphonic, This is necessary because the number of voices inside the instrument will
normally be different from that outside - only mono signals will work in any configuration. If the
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instrument is polyphonic, a Voice Combiner module needs to be inserted before the outpat
port(s) to make sure that the signal leaving the instrument i mono.

10.4 Context Menu

The contexd menu of an instrument contains egiht entries:

+  Mute disables the instrument.

+«  Cut removes the instrument from its current posiion. It is copied to the dipboard from
where it can be nserted al another place, even in another window, using the Paste
comimand.

+  Copy marks the instrument for copying. A copy of the instrument is stored in the dipboard
from where it can be nserted at another place, even in another window, using the Paste
command.

+  Delete removes the instrument and everything it contains.

* Save As... allows saving the instrument. The file location as well as the filename can be
specified. Instrument files are given the flename extension .ism.

+  Panel opens the instrument’s panel window, See chapter 13 of this guide for details about
the panel,

+  Structure opens the instrument’s structure window to display its intemal wiring. See
chapter 12 of this guide for details about creating and editing struciures.

*  Properties opens a window with various information about and settings for the instrument.
Details are given in the following section.

10.5 Properties

10.5.1 Label and Info

In the Label field, the instrument can be given a name which appears on the instrument module
in the ensemble, A description of the instrument can be entered under Info. The text will appear
as a hint while the mouse pointer rests on the instrument module in the structure, if hints are
switched on. The field labeled File shows the name of the file from which the instrument was
loaded,

10.5.2 Number of Voices

Each instrument has its own polyphonic voice allocation. Number of Voices specifies how
many voices of polyphony the instrument is to process at a time. This number applies to all the
polyphonic modules in the instrument (Le. all modules except those set to mona) and tells the
modules how many parallel versions of the processing to camy out.

A
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First Syrth - Propeities
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If Automatic Voice Reduction is activated, REAKTOR can automatically reduce the number of
voices when the total CPU load (set in Preferences under Processor Usage) exceeds a certain
limit. Like this, the polyphony can be adjusted according to the available processing power,

¥ou can use Tune to change the instrument's pitch with respact to the funing set in the
ensemble. The value is given in units of semitonas, Positive values raise the pitch, negatve
values lower it. A typical apphcation would be to detune two instruments to get a fatter sound. A
good value for this would be Tune = 0.05 (5 cents).

With Mute the instrument can be deactivated. It then uses no CPU power and is marked with a
red cross over ils status lamp in the Ensemble structure window.

Unison mode is activated if you set Max Unison Voices to a value greater than 1. This means
that more than one voice plays the same note and the voices are detuned slightly to get a rich,
fal sound. Max Unison Voices determines the number of voices that are assigned to a newly
riggered nole when enough voices are still available,
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Min Unison Volcas is used to et the number of voices assigned to a new note when nol
enough voices are available. It can never be greater than Max Unison Voices.

The parameter Unison Spread determines the degree of detuning between the voices sounding
in unison, The value B given in semione steps, A typical value would be 0.05 (5 cents), which
would mean that each of the voices playing the same note is detunad by 5 cents relative 1o the
nexd voice,

10.5.3 MIDI-Parameters

When All Incremental is switched on here in the instrument properties, Incremental will
be activated in the properties of all the controls belonging to the instrurment. When All
Incremental is switched off in the instrument properties, it will be deactvated m all the
contaned controls. This is usad to put the controls in incremental controller mode, which is
necessary to operate REAKTOR with the optional MIDI control unit 4Control by NATIVE
INSTRUMENTS. The Incremental mode & detected automaticall when using the MIDI
Laarn function. See section 14.3.3. For details about the 4Control please see section 16.5.

When Soft Takeover is switched on, Soft Takeover will be activated for all the controls in
the instrument. When Soft Takeover is switched off in the instrument properties, it will be
deactivated in all controls. This is used to prevent jumps when controlling REAKTOR from
external confrollers, Please see section 14.3.4 for details.

When Panel to MIDI Out s switched on here in the instrument properties, Panel to MIDI
Out will be activated in the properties of all the controls belonging to the instrument. When
Panel to MIDI Out is switched off in the instrument properties, it will be deactivated in all
the contained controls. This is used to control whether MIDI events are generated and
output by REAKTOR when the controls in the panel are moved, Please see section 14.4
for details,

When Remote to MIDI Out is switched on, Remote to MIDI Out will be activated in the
properties of all the controls belonging to the instrument. When Remote to MIDI Out &
switched off in the instrument properties, t will be deactivated in all the contained controks.
This is used 1o control whether MIDI events are output by REAKTOR when the controls are
maved by MIDI remote control. Please see section 14.4 for details.

When Snapshot Recall by MIDI i aclivated, any received MIDI Program Change
messages will cause the snapshot with the appropriate number to be called up if it exists.
Like this you can quickly recall a snapshot in REAKTOR from your MIDI controller (master
keyboard) by ssuing a MIDI Program Change command with the appropriate number.
When Snapshot Recall by Parent is activated, the instrument will change its snapshot
when the instrument above it in the hierarchy (usually the Ensemble) changes its snapshot.
Each snapshot of the parent is linked to one snapshot of the child instrument. The
connection s made whan a snapshot is stored in the parent, storing the number of the
child's currently sedected snapshat,
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With MIDI Channel the number of the channel (1...18) which is used by the instrument for
receiving and sending MIDI data is set. The Instrument only processes MIDI data received
on the selected channal,

With Upper Note Limit and Lower Note Limit the range of MIDI note numbers that the
instrument recognizes can be limited. Any note numbers outside the given range are
ignored. This can be used for example to program a keyboard spiit.

With Note Shift all the received MIDI note information is transposed by the given number
of semitones. For example, if you want to transpose the whole instrument down by one
oclave you have to enter the value —12 here.

With Sustain Control the number of the MIDI controller (foot pedal) which works as
sustain pedal (called "hold® or "damper pedal” by some MIDI equipment manutacturers,
standard controller no; 64) Is sel. As long as sustain is on (controller value 64 or more) any
playing note will be held even after its key is released.

With Hold Control the number of the MIDI controller (foot pedal) which works as hold
pedal (called "sostenuto” by some MIDI equipment manutacturers, standard controller no.
66) is set. All notes that are already playing when hold is switched on will ba held even after
their key is released - until hold is switched off. Keys that are pressed when hold is already
on are not affected.
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11 Macros

11.1  What is a Macro?

Macros have an internal structure just ke instruments, but unlike instruments they do not hawe
their own management of MID| data, no separate panal and no snapshots. Macros have a gray
label and can be recognized by an icon representing a structura (3 modules).

The main application for macros s the encapsulation of functional blocks to obtain a hierarchical
and clearer layout of complex structures. Extensive structures should always be realized using
macros. Macros are also a convenient way to build re-usable components.

ﬁ FM-Macio - Shioclune

Exampie for the integration of a macro into a struciune.

11.2 Creating Macros

Macros are added into a Structure (often an Instrument) by loading them from the library which
comes with the REAKTOR software. In the folder Macros of the library there are numerous

75



(il REAKTOR SERIES £, 5@

ready-made wutility and specialized components. If you want to start developing a new macro you
first need to load an empty one from the library (Macros\New",).

When inserting a macro you are in effect creating a local copy of the macro from the file. This
means that changes made later to the file do not touch the macro once it has been nserted.
Likewise, the file does not change when editing the macro in REAKTOR. i you want to update
the file you must write the macro back to & using Save As....

11.3 Ports

There i no fived arrangement of ports for macros, rather the type and number of ports in a
macro is determined by the user by the insertion of Terminals in the structure, A terminal in the
macro's structure appears as a port on the macro’s module representation at the next higher
level (Parent) in the hierarchy. In this way wires connected 1o the macro's inputs feed it signals
which are processed in its intemal structure and then passed back to the parent structure
through the macro's outputs. For details see chapler 12.5.

11.4 Context Menu

The contexd menu of a macro containg eight entries:

+  Mute disables the macro,

+  Mono switches the macro to monophonic operation by switching all the modules inside to
mono. You should always use this function unless the module has to work polyphonically
becaise in mano mode there is significantty less load on the CPLU,

+  Cut removes the macro from its current position, It is copied to the dipboard from where it
can be insered at another place, even in another window, using the Paste command.

+  Copy marks the macro for copying. A copy of the macro is stored in the clipboard from
where it can be inserted at another place, even in another window, using the Paste
command.

*  Dwelate removes the macro and everything it contains.

* Save As.. allows saving the macro. The fie location as well as the filename can be
specified. Macro files are given the filename extension msdl.

+  Structure opens the macro’s structure window to display its internal wiring. See chapter 12
of this guide for delails about creating and ediion structures.

+  Properties opens a window with information about the macro.
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12 Structures

12.1 What is a Structure?

REAKTOR is based on an open concept that allows the design and realzation of any imaginable
sound generator, In many respects it is similar to the classic modular synthesizer systems, That's
whry the most important basic building block you deal with in REAKTOR is the module.

A library of elementary modules is built into REAKTOR. These provides the basic building blocks
for MIDH and audio signal processing. Complex signal processing structures can be created by
connecting modules which carmy out relatively simple tasks.

A window, where modules are placed and interconnacted is called Structure
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When building structures in REAKTOR, keeping to certain hierarchical principles is highly
recommended, even f REAKTOR doesn’t force these an you but basically gives you complete
freedom. For example, it i possible to make a structure using just elementary modules at the
ensemble level, i.e. the highest level in REAKTOR. But there are at least two good reasons 1o
avoid this method of construction: firstly, you very quickly loose sight of where you are going, and
secondly, the number of elements in a structure is limited (to 100 in the current version),

On the other hand, if you take to heart the following recommendations during the conception and
realization of your structures, an optimum of clarity and ergonomics will resull even with the most
complex layouts.
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* Al the ensamble lovel, only work with instruments if passible, nol with elementary
modules, Also, elements lke mixers which you use to process signals from several
instruments before audio output should be constructed as separate instruments, or at least
A5 Macros.

+  During the construction of Instruments group as many functional blocks as possible in the
form of macros. This has the advantage that identical elements such as oscillators or
envelopes, which are often used more than once in the construction of synthesizers, nead
only be constructed once and can then be copied easily. Also, your structures will become
very clear so that you will find it easier to track down any problems.

12.2 Modules

A module is the smallest hierarchical unit in REAKTOR. It = displayed as a graphical object
Each module is marked with a label and an lcon (2.g. showing its wavedorm for oscillators).

12.2.1 Creating

To create a new module wse the comtexd menu of the structure window, The sub-menu Modules
creates an elementary module from REAKTOR's buit in library, A popup menu with several
levels appears:

First you select the functional group (e.g. Fiter) and then choosa the actual module (e.g. MutiLP
4-Pole), Detailed information about all of REAKTOR's modules can be found in the volume
called Module Reference.

The new module will be placed at the point in the window where you opened the context menu
(with & nght mouse-click fﬂWrﬂm}mdﬂ+m&dﬂ{‘hh:DE}},Mﬂmymm
mowve | around like any other REAKTOR object.
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Man for inserting & new module

12,22 Poris

Each REAKTOR module contains one or more ports through which the module can be
connected to other modules, On the left side of the module are always the In-Ports and on the
right side are the Out-Ports.

When any in-port i left unconnected, it always uses a zero signal. So, connecting no wire 1o an
in-port has the same result as connecting a constant source with the value set 1o zero.

REAKTOR distinguishes between two kinds of information that can be understood or sent by a
port, audio and events:
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+ Auwdio signals are comparable to sound signals and control voltages in the analog world.
The processing of such a signal constitutes a permanent load on the CPU. Ports for audio
signals are labeled with black characters. When wirng audio ports, note that an audio input
can never process mora than one signal. if more than one audio signal is to be fed to an
audio input, they must first be miked using an audio adder or a mixer module, If a
connection is made to an audio in-port that already has a wire attached, the first wire will be
deleted as the second one is connected.

+  Event signals are control messages for changing a value, Typical sources for events are
MICH inputs and panel faders. Event processing allows complex manipuation of control
messanes without continuows calculations and thereby reduces the load on the CPU. Ports
for event signals are labeled with dark red characters and marked with a small dark red dot.
An event input can be fed from several event outputs, in which case the events from the
different sources will be merged into one stream. Gate signals are a special case of Event
signals, where an event with a non-zero value which tums on the gate is followed with a
zero-valued event to tum the gate off again.

Each port has a context menu with the following entries:

+* Create Control automatically creates a suitable panel controller for the port. (see section
13.3 for details about working with controllers on the paned).

+  Wire/Unwire creates a connechon from this port to andther port,

+  Mute temporarily deactivates the por, Le. sats its value to zero, Muted ports are marked
with a small red cross.

*  Properties opans a dialog window with information about the port.

12.2.3 Mono

A module can operate either in monophonic, iL.e. single voice, mode or in polyphonic mode
where processing is camied out for several voices in paralled. The number of voices of a
polyphonic module is determined by the instrument to which the module belongs. Polyphonic
modules are recognized by the yellow color of the status lamp in the bottom left comer of the
module, Monophaonic modules have an orange status lamp.

For most modules the operating mode can be changed using the entry Mono in the context
menu or the Mono switch in the module properies. Unless a module is really needed in poly
mode it should definitely be used in mond mode because the CPU load is proportional to the
number of voices.

1224 Mute

Modules can be deactivated by selecting Mute in the contesd menu of the module or in the
properties. Muted modules are recognized by a red cross over the status lamp.
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A muted module no longer causes any computational load, so f a module B not needed
temporarily it should be deactivated (if it is never used it should be deleted, of course).

Modules are automatically deactivated if their outputs are not connected, or are only connected
to ather deactivated modules. The status lamp of deactivated modules s dark.

This feature is especially usaful when using switches, because aternative branches of signal
processing can be selected but only one causes CPU load at any one time. it works |ke this:
Only one of the inputs of a switch is active at any one time — the swilch position determines
which input. The signals of all the modules connected to inactive inputs are therefore not
needed, REAKTOR tums them off, so that they don't cause any unnecessary load on the CPU.

12.25 Cut, Copy & Paste

The contexd menu entry Cut removes the module from its current position. It is copied to the
dipboard from where it can be inserted at ancther place, even in another window, using the
Paste command.

+  Copy marks the module for copying. A copy of the module is stored in the dipboard from
where it can be inserted at another place, even in another window, using the Paste
command

+  You can also use the key combinations Ctrl + X (Cut), Ctrl + C (Copy) and Ctrl + V

(Paste). When using the keyboard shortcut Ctrl + V for pasting, you can speciy a point in
the structure by dlicking there with the left mouse button first.

1226 Delete

+  The context menu entry Delete removes the module and everything it contains. You can
also delete a selected modula(s) with the Del key on the computer keyboard.

12.2.7 Properties

A dialog window with information about the macro can be opened with the context menu entry
Properties. For detailed information about all modules please see the separate Module
Referance.

12.3 Sources

12.3.1 What are Sources?

In REAKTOR, Source is the name given to a module which outputs a control signal. There are
three different kinds of sources:

a1
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H Control-Sources have a represantation on the panel. The panel element is used to sat the
value of the control signal.

* MIDI-Sources convert MIDI data to control signals.
- Constant-Sources have a fixed value,

12.3.2 Control Sources

The module types Fader, Knob and Button are the control sources, There are two ways 1o
insert them into & structure:

+ Choose the desired module from the context menu of the structure window
{Modules=:Panel=-Fader / Knob / Button).

*  Inthe contexd menu of a module in-port sedect Create Control. A control source is created
and connected to the input. Type, label and settings of the control source are already
configured to sult the input. In many cases you can save a lot of time by using this feature
to add control sources,

Control sources and their respactive panal elements can be controlled via MIDI in various ways.

Please see section 14.3 for details about this topic,

12.3.3 MIDI Sources

MIDI source modules are used for controlling the audio signal processing with MID! events. For
each type of MIDI event there exists a particular kind of source module. The output signal of
such a source comesponds to the values transmitted by the particular MIDI events. The
OnVelocity scurce for example outputs a control signal

MIDI sources are created through the context menu of the structure window by choosing the
desired kind of MIDI data in Modules=MIDI=.....

12.3.4 Range of Values

For control sources and MIDI sources the range of the output control signal is scaled to the
range between Min and Max (set in Properties) to achieve oplimum control of the particular
module parameter.

For MIDI sources the range can also be limited with the properties Lower Limit and Upper
Limit. The output value of the source is lmited to Min for MIDI values below Lower Limit and to
Max for MIDI values above Upper Limit. The range between the two limits is interpolated
linearly between Min and Max as shown on the diagram:
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The values for Lower Limit and Upper Limit lie between 0 and 127 and the value for Upper
Limit must be greater than that set for Lower Limit.

However, Max can be smaller than Min to achieve inverted operation, If opposite characteristics
are set for two sources, a crosstade efiect can be programmed.
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A switch with adjustable threshold level can be emulated by setting Lower Limit and Upper
Limit to neighboring MIDI values, e.g. 63 and 64. When the input value to such a source is
below 64 Min is output, otherwise the output value is Max.

12,35 Step

The range of values in source modules nomally has a resolution of 128 steps. In many modules
(particularly Fader and Knob) the parameter Step can be used to reduce the resolution to fewer
than 128 steps. You enter the step size by which the output value is to change, beginning at Min.
For example you can set a pitch parameter to sedect only octaves by giving it a Step value of 12.
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12,36 Constant Sources

Constart sources are what you need to supply the input to a module with a fixed value. The
desired value is set in the Properties of the Constant module with Constant Value.

A constart source i5 created by selecting Modules=Constant in the comexd menu of the
structure window.

12.4 Switches

Switches are not sources because the do not generate any control signals. They are controks,
however, because like control sources they are represented in the pana by a control element.

Several modules can be connected to the inputs of a switch and the position of the switch then
detemmines which signal is passed 1o the output of the switch. An exception are switches of type
‘1" which only toggle between activating and deactivating the signal path, e, they are simply
onjoff swilches for signals. Details on all kinds of switches are to be found in the Module
Reference.

The use of switches in structure can furthermore play a significant part in reducing the load on
the processor. This s because modules or parts of the structure that are not connected to
REAKTOR's audio cutputs (or to an input of a Tapedeck module) do not add anything to the
audic signal and are therefore automaltically switchad off. In that state they do not cause any
CPU load. For example, if you are using a switch to select one of several oscillators, only the one
oscillators whose signal s being output will be active while all the other oscillalors are

12,5 Terminals

Teminals are very inconspicucus but mmensely mportant modules in REAKTOR structures,
They are lke the sockets on hardware instruments: Each input of output of a module that is
represented within a struciure by a terminal appears at the next higher level - ie. in the
instrument or macro — as a por through which connections to other instruments, macros elc can
be made,

According to the different kinds of module ports, four different types of terminal ports are
available: Audio In, Audic Out, Event In, Event Out. The nomal rules for wiring apply (see
section 12.6.3), e.g. an Audio In terminal can only be connected to an audio in-port of a module.

Tefminals are created using the contesd menu of the structure window by selecting the desired
kind of terminal under Modules=Terminal=.... The Label of a terminals is initially just In or Out,
but if you have several Ins or Outs you should definitely give them meaningful names (like L and
A here in the picture) to prevent any possible confusion. You should also provide terminals with a
description (info) in the Properties. The label appears as the port label in the representation at
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the next higher level (Parent), and the description is shown as the hint for the port when the
mouse pointer rests on it (provided Show Hints is enabled).

Irestrurment with ports and its structune with terminals

12.6 Wires

The connection between the ports of two modules, shown as a line, is called a wire . Wires
transport signals between the modules.

DN -

M Audioln |
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12.6.1 Creating
There are two ways to make a new wire:

+  Click on one of the two pors 1o be connedied with the left mouse button, move the mouse
pointer o the other port and click this one also, A visible connection {that's the wire)
appears between the ports and the effect on the socund resulting from the change to the
structure can be heard immediately. The wiring operation is aborted if you dick the left
mouse button somewhere other than on a valid port, e.0. on an empty part of the window.
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=  Click on the entry Wire/Unwire in the contexd menu of the port. Then move the mouse
pointer to the other port and click the left mouse button on it. Again, the wiring operation &5
aborted i you click the left mouse button somewhere other than on a valid port, e.g. on an
emply part of the window.

12.6.2 Deleting
Thera are two ways 10 delete a wire:

*  Dothe same as you would to create a new wire. When you repaal the wiring operation for
an endsting wire this removes the connection. (That's why the entry in the contesd menu is
called Wire/Unwire)

+  Select the wire you want 10 delate by clicking on it with the left mouse button or by opening
a frame that covers both its ends (selected wires are displayed colored). To delete it simply

press the Del key on your computer keyboard.

12.6.3 Rules for Wiring
When wiring modules together there are some general rules to be observed:

+ A wire can only connect an out-port to an in-port.

+  An out-port can be connect to up to 16 in-pons.

*  When no wire is connected to an in-port, it receives a zero signal.

In addition, the following special rules apply:

+«  An event in-port cannot process audio signals, If an evert in-port is to be fed from an
audio out-port, the signal must first be converted with an Ato E module (see Module
Reference).

+  An event in-port can be fed from up 0 16 event out-ports. If there & more than one
connection, the event signals are merged so that it is always the last receved event that
determines the value.

*  An audio in-port can only be fed from a single out-port.

+  An event out-port can be connected to audio in-ports as well as event in-ports.

*  When connecting a mone output to a poly input all voices receive the same signal. For
pitch signals this means the voicas in effect play in uneson.

+ A poly output cannot be connected 10 a mone input (2 red cross appears on the in-por). A
Voice Combiner module must be used for converting paly to mono.

12.6.4 Hints

Whie the mouse pointer rests on a wire (and if Show Hints is switched on), the value of the
signal on the wire is shown as a hint.
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For event signals, the value of the last event is shown (if the events come faster than the rate at
which the display updates, some infermediate valuas may be missed).

For audio signals, a rough indication of minimum and maximum values, ie. the range or the
signal, is given, (Short peaks in the signal may be missed and thus do not show up in the
display). If the range of the signal is changeable, you may nead to move the mouse pointer away
from the wire to close the hint, and then point on the wire once more to start again measuring
mirimum and maximum values,

For polyphonic signals, the values for all voices are displayed, one line of values for each voice,
Al the left, the MIDI note numbers which are playing on the respective woices are shown. If a
voice is not playing any note, Note: Off is displayed along with the value of the signal on the
wire. Vioices with note off are always shown below the voices with note on.

12.7 Context Menu

The context menu of the structure window has nme entries;

+  Modules s for nserting elementary modules into the structure,

+  Macros is for inserting macros fram the library into the structure,

+  Instruments is for nsarting instruments from the library into the structure.

+  Pasle inserts a previously cut or copied object into the structure at the point where the
contesd menu was opened. When using the keyboard shortcut Ctrl + V for pasting, you can
specify a point in the structure by clicking there with the left mouse button first.,

+  Saelect All selects all the objects in the structure,

+  Save As... is for saving the structure 10 a file with a new name, Depending on the type of
structure (instrument or macro) the comect filename extension will be appended.

+  Panel opens the panel window which belongs to the structure. For macros, the panel
command opens the panel window of the instrumant or ensemble of which the macro is a
part,

+  Parent opens the structure of the hierarchical level above. For example, if you are in the
structure of a macro which i part of an instrument, the parent command will open the
instrument’s structure.

*  Properties opens a dialog window with settings and a description of the instrument or
macro 1o which the current structure belongs. See section 105 for detals about the
properties of instruments.

a7
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13 Panel Editing

13.1 What is a Panel?

A Panel is the user interface of an instrument. It coresponds 1o the front panel of a hardware
synthesizer or effects unit, where the knobs and switches for operating the device are located.
REAKTOR SERIES panels are displayed in their own type of window, the Panel window.

13.2 What are Controls?

All the control sources and swilches that are part of a structure also appear in the panel window
in the form of controls. Depending on the type of source module, they are represented as
faders, knobs, buttons or switches which are used for setting the output signal of the
cormesponding source module or in the case of switches for changing the signal flow.

= ADSR-Env - Stwclwe

Oin the left a panel with taders, on the right the structure with the comesponding oontndl Souns modules

13.3 Panel Controls

13.3.1 Faders

Faders are linear sliding controllers in the panel, whose position determines the contral value of
the comesponding source module. The range of cutput values of the fader is set with the values
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Min and Max in the module properties. The resolution can be set with the property Step (when
Step is zero there are 128 steps).

Besides moving a Fader with the mouse, it can also be remole controlled with MIDI (see section
14.3).

A fader can be changed to a knob by selecting Knob under Panel Appearance in the
properties, With Show Value and Show Label the display fields for value and label in the panel
representation can be enabled or disabled. The fader can also be deplayed at half size by
sedecting Small Design.

All these settings can be made in the Properties dialog window of the fader control in the Panel
window or in the Properties dialog window of the comesponding control source module in the
Structure window.

1332 Knob
Knobs work just ke faders, only that they appear as rofary controllers in the panead,

A knob can be changed to a fader by selecting Fader under Panel Appearance n the
properties. With Show Value and Show Label the display fields for value and label in the panel
representation can be enabled or disabled. The knob can also be displayed at half size by

selecting Small Design.

13.3.3 Button

Buttons are switching controllers in the panel, whose position detemmines the control value of the
coresponding source module. The output values of the button in the states On and Off are set
with On Value and OFf Value in the module properties.

Besides operating the Button with the mouse, it can also be remote controlled with MIDI (see
section 14.3).

With Show Value and Show Label the display fields for value and label in the panel
representation can be enabled of disabled. The button can also be displayed at half size by
selecting Small Design.

All these settings can be made in the Properties of the button contral in the Panel window or in
the Properties of the comesponding contral source module in the Structure window.

13.3.4 Switch

Switches are used to activale and deactivate different signal paths by chocsing one of the swilch
inputs to connect to the outpul. There are separate types of switch modules for audio and event
signals. Both kinds of switches are avaiable with varying number of inputs.
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The Labels of the switch module’s in-ports in the structure window are also used as labels for
the buttons that make up the switch in the panel window. You should definitely give them
meaningful names, otherwise you quickly forget what it was that the particular switch tums on or
off.

With Show Label the display field for the label in the panel representation can we enabled or
disabled.

13.4 Editing the Panels

Just like the modules in a structure, the controls in the panel can be edited with Cut, Copy,
Paste and Delete. However, with all these operations you should remember that they always
have a direct effect on the respective structure. For esample, f you delete a control from the
panel you are also deleting the comesponding source module in the structure, because the two
are mseparable. We recommend, therefore, to camy out these operations only in the structure
window because only there can you keep control of the outcome.,

Moving controls in the paned, on the other hand, has no effect on the structure. Simply click the
left mouse button on the label of the control you want to maove and drag it with held mouse button
to the desired position. Once all controls have been arranged it i best 1o activale the Lock
function {through the contexd menu of the panel window or by dicking on the button with the
padiock icon in the Instrument Toolbar). When Lock i enabled it is no longer possible to move
and panel elements.



14 Panel Operation

14 Panel Operation

14.1 Mouse Control

14.1.1 Fader

To change the value, click the left mouse button on the fader and, keeping the button pressed,
move the mouse up or down until the desired position is reached.

14.1.2 Knob

To change the value, dick the left mouse button on the knob and, keeping the button pressed,
micwve the mouse up or down until the desired position is reached,

14.1.3 Button

There i a choice of three operating modes for buttons which can be chosen in the properies

dialog window:

+  Trigger: Pressing the button generates an event with the On Value. Releasing the button
does not generate an event.

+  Gate: Pressing the button generates an event with the On Value. Releasing the button
generates an event with the Off Value.

+  Toggle: The button has two stable states. FPressing it once switches & on; an event with the
On Value i generated, Pressing @ again switches it off; an event with the Off Value is
generated.

When connecting the button to an audio in-port, Trigger mode behaves the same as Gate

moda, i.e. the signal retumns to the Off Value when the button is released.

14.1.4 Switch

Pressing one of the buttons on a switch selects the comesponding input of the switch and
connects it to the output. Only one of the buttons of a switch can be adlive at a time, which is to
say only one of the inputs can be enabled at amy one time.

14.2 Key Control

The curently selected fader, knob or switch can also be controlled with keys on the computer
keyboard,

2]
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The position of Faders and Knobs changes ke this:

Key Value Change
- L .|.Step
* e _S]gp
+  Pglp +10 x Step
= PgDn -10 = Step

A Switch changes the active input on pressing the keys .
The control element to which the keys apply can be selected with the keys €/

14.3 MIDI Control

14.3.1 MIDI Data Types

If Remote & activated in the Properties dialog window of a control element it can be remate
controlled via MIDI. One of the following kinds of MIDI data can be used:

+  MIDI Controller messages: The number of the MIDI controller assigned to the panel
element i sel with ControllerMote No in the properties or using the MIDI Learn function.

+*  MIDI Poly-Aftertouch messages: The MIDI note number of the message & set with
Controller/Note No in the properties or using the MIDI Leam function.

Faders and Knobs move their position to follow the recehed MIDI data.

When operaling Buttons by remote conlrol, the Button tums on when the received MIDI
Controller or Poly Aftertouch message has a value grealer than 63, With Bultons it is also
possible to use Mote OnyOff messages to control the bution,

When operating Switches by remote contral with MIDI Controller or Poly Aftertouch messages,
the Switch changes to a position comesponding to the received value. For this the range of
possible values (0 to 127) is divided into regions of equal size according 1o the number of inputs
on the switch (e.g. with 4 inputs: 0 ... 31, 32 . 63, 64 ... 85, 96 ... 127). The value 0 always
selects the input at the bottom, 127 selects the input at the top.

14.3.2 MIDI Learn

The MIDI Learmn function is switched on with the button on the instrument toolbar with an icon
representing a MIDI socket and the letter L. It is a very efficient tool for assigning MIDI messages
to contrad elements on the panel.



14 Panel Operation

Salect the contral alement which s 1o be remote controlled, dick on the Leam button and send
the MIDI data that you want to use for controlling, e.g. by moving the hardware wheal, knab,
fader, pedal or whatever — done. To MfEﬂ-‘fyclIhErmTtmlsiust repeat the operabon,

The REAKTOR SERIES software automatically detects whether the controller data comes from
a standard MIDI controller or from an incremental controller like the 4Control made by NATIVE
INSTRUMENTS. The panel element’s Incremental mode switch is set accordingly, In the rare
case that the MIDI Leam function choses the wrong mode, simply repeat the operation or set
the comed mode in the properties of the panel element manually.

14.3.3 Incremental

You need to activate this entry in the Properties of controls or MIDI source modules if you want
to use the optional 4Control MIDI Unit by NATIVE INSTRUMENTS to set the value. Tha
4Control sends redative position values for forward or backward movement of the knobs (63 = 1
step back, 65 = 1 step forward). In Incremental mode this values get translated to absolute
values (0 ... 127). For details about using REAKTOR with the 4Control please see saction 16.5.

14.3.4 Soft Takeover

When a fader or knob is being operated by MIDI remote, & nomnally jumps straight to the
received controller value. Such a jump can be quite noticeable in the sound, depending on the
controlled parameter (e.g. amplifier level) and is often not desirable. Such jumps can be avoided
by selecting Soft Takeover in the properties of the relevant controls. The contral will only move
when the value received via MIDI reaches or goes past the currant position.

14.4 MIDI Out

When Panel to MIDI-Out is activated in the properties of a panel gement, any movements on
the panel will be transiated to MIDI data which are output by REAKTOR. The same kind of MIDI
events as are received by the controller (Remote) are used to output the movements.

A second option Remote to MIDI-Out determines whether the events that are received over
MIDI (Remote) for the particular control element are also sent to the output. Take care, though,
that when connecting 1o a sequencer which sends MIDI data to REAKTOR and at the same time
receives MIDI from i, a feedback loop may result,
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145 Snapshots

14.51 What are Snapshots?

Snapshots are REAKTOR's sound sattings and comespond to the memones of comeentional
synthesizers, called “programs” or “patches”. A snapshot records the curent setting of all the
instrument's panel control elements and MIDI controllers, By recalling a snapshot all the seftings
are restored to the saved state. Each instrument can store 128 snapshols.

14.5.2 Recalling

Snapshots are recalled using the selection list in the instrument toclbar of the main window. This
presumes that the window of the wanted instrument is active, You open the list of the snapshots
wmmmmMMmmmmmﬂdﬂmmmmnmmmm
recall. Just click on it and it becomes active. The snapshot that was last recalled is always shown
in the toolbar. You can also recall snapshots by moving around the list with the cursor keys W

Snapshots can also be recalled using MIDI Program Change messages. Make sure that
Program Change Enable is activaled in the instruments Properties, otherwise the MIDI
messages have no effect. The number precading the snapshol label, which indicates the
snapshol's position in memory, is also the number of the MIDI Program Change that recalls the
snapshat,

It 5 also possible to link snapshat in different layers of the hierarchy. When recalling a snapshot
in the ensemble, for example, the instruments in the ensemble will also change snapshat if they
have Snapshot Recall by Parent activated in their respactive properties. The snapshot that the
instrument reverts to & the same number that @ was set to at the time that the ensemble’s
snapshot was generated.

The last recalled snapshot can be recalled from memory once more by pressing the Reload
button in the instrument toolbar (to the right of the button with the camera icon). This i very
useful if you want to discards all the changes you have made since the first recall.

14.5.3 Storing
To store a snapshot, lefi-click with the mouse on the Store button (which has an icon
representing a camera) in the instrument toolbar. The Snapshots dialog window opens up.

With Me you can assign a memory position (and MIDI Program Change number) to the
snapshot. With Label you give the snapshot a name. Clicking on Store then saves the snapshot
and closes the dialog window.



14 Panel Operation

You can also replace the snapshot shown under Select (by default the current snapshot) with
the current control seftings by clicking on Overwrite. The snapshot is stored with the new
settings but under the old name at the old location.

Snapshols

The dialog window used to stom, delabe, rname and copy snapshots,

14.5.4 Deleting
To delete a snapshot, left-click with the mouse on the Store button in the instrument toolbar. The
Snapshots dialog window opens up,

MNow choose the snapshot 1o be deleted in the Select list and click on Delete to remove it from
the list.

1455 Copying and Renaming

To copy of rename a snapshot you first have to recall it using the list in the instrument toolbar.
Next open the Snapshots dialog window by pressing the button with the camera icon. Then
choose the current snapshot in the Select list 1o copy its number and label to the fields at the
battomn.

To rename the snapshot, give # a new name under Label and press Store 1o overwrite the old
position with the new name.

To copy the snapshol, enter a new number under No and press Store to copy I to that locabion
with its old name.
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14.5.6 Snap Isolate

When recalling a snapshot, the controts nomally jump to the position stored in the snapshot. if
for some reason you want to prevent this for cerain panel elements or MIDI controllers, you can
do so by acivating Snap lsolate in the Properties dialog window. The relevant controls are then
immune to snapshot recall.
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15 Sampling and Re-Synthesis in
® TRANSFORMATOR

Since TRANSFORMATOR / REAKTOR s a modular system, it does not require a fixed
structure for organizing samples. Chapter 5 entitled "TRANSFORMATOR Tour® uses examples
from the library to show you how lo create instruments as powerful as you like, just by
interconnecting modules in complex ways. However, it also demonstrates how simple
instruments can be constructed using the simplest of means.

15.1 Sample Management

15.1.1 Sound Files and Samples

TRANSFORMATOR takes its samples, i.e. the audio material to be processed in the Sampler
modules, from WAV or AIFF formatted mono or stereo sound files, which can be at any sample
rate, Besides the sound waveforms thal are contained in the sound file, TRANSFORMATOR
also reads any loop and keyboard allocation information (if available) from the sound file.

Belfore TRANSFORMATOR can use a sound file & needs to be loaded into the computer's RAM.
Regardless of the data format (bit depth) of the audio materdal in the sound file
TRANSFORMATOR uses 32-bit format for the intemal representation of the sample, Ths &
done for reasons of efficiency. One minute of stereo sound in CD quality uses 20 MB RAM. If
virtual RAM is being used (the default in 38 Windows, but not in & MacOS), then a great deal
more main memory can be allocated than is actually available. For this reason ermor messages
are not displayed during the loading of large sound files even when the free RAM is already
exhausted.

Instead you will get an ermor message later: TRANSFORMATOR will inform you that the CPU s
overloaded and processing will stop, This emor message i displayed because the software
cannot access the sample data on the hard drive in time (after first having tried 1o access & in
RAM and not having found & there). Frequently the message is preceded by an unintentional
granular sound effect caused by the more or less regular interruptions of the audio data stream.
This situation, particularly undesirable during live performances, can only be avoided through the
addition of more main memory. Under Windows, I latency & not an issue, the susceplibilty of
the system to such problems can be reduced by use of large buffer settings (Play Ahead) (See
section 2.3.2). Under MacOS, virlual memory should be tumed off, also for reasons of MIDI
fiming (See section 3.3.1).
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15.1.2 Multiple Use of Identical Samples

If one particular sample is used by several sampler modules in an ensemble, all the modules wil
access the same reprasentation of the sound file that i stored in RAM. This means you can load
the same sample in a8 many sampler modules as you like without increasing the demand on
RAM by any appreciable amourt, The number of voices used in a sampler module is imelenant
as far a3 memaory requirements are concemed.

TRANSFORMATOR identifies a sample using the path of the sound file from which the sample
was loaded. The path comprises the directory in which the sound file is located and the sound
file's name, When a sound file & loaded, TRANSFORMATOR searches through the list of
samples that are already loaded, looking for a sample that has the same path and name. If this
sample is already present, it will simply be “reused”.

15.1.3 Missing Samples

TRANSFORMATOR saves only the paths of the samples contained in a macro | instrument |
ensemble. i the sound files were deleted, renamed or moved after the macro / instrument /
ensemble was saved, it is likely that the instruments cannot be entirety recreatad.

In this situation you will get an eror message after having opened the macro ( instrument |
ensemble. The “missing” samples are labeled in the properies dialog window as Missing. Via
the Replace button the File-Open dialog window is reached, with which & is possible to localize
or replace missing sound files.

15.1.4 Sample-Backup in the Module

The loss of samples can be avoided if the Backup Sound with Module option is activated,
which can be accessed via the sampler module’'s properties dialog window. Sampler modules,
which make use of this option, save a copy of the sample file with the module file. In most cases
the increase in the file size of macro / instrument | ensembile files will be considerable, but your
work can be reconstructed whatever the crcumstances.

Whenever a module containing a Sample-backup is loaded it will attempt to find the onginal
sound file first. The Backup-files are only used if the onginal fles cannot be located. These
“recovered” samples are labeted in the properties dialog window of the relevant sample modules
as Recoverad.

15.1.5 Sample-Analysis

Some modules (Sample Resynth, Sample Pitch Former) perform realtime re-synthesis. For
this purpose, after loading, the sample will be analyzed. This process lakes approximately as
long as the duration of the sample, To avoid repeating analysis TRANSFORMATOR tries o
save the analysis data with the sound file. This of course is only possible if the sound file is not
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write-profected, Also keep in mind that sound files from CD-ROMs should be copied to hard disk.
If & sound file has been changed it is possible to re-analyze i,

15.1.6 Sample-Editors

TRAMNSFORBMATOR does not have its own sample editor as there are many sample editors
avaiable on the market. In the preferences menu, the edit button can be set to launch your
preferred sample editor (System=>Preferences= Directories: Sample-Editor Application). It
is also possible to edit the sound files saved using the Sample-backup option.

Naturally sound files changed in the sample editor have to be saved before they can be re-
lcaded into TRANSFORMATOR. Use Reload in the properties dialog window and in the context
menu of the sample module.

Attention: Keep in mind that some sample editors will ignore loop information present in sownd
files, In this case the loop regions will be lost.

15.2 Sample-Maps

One of the ways of using sample maps is to better simulate acoustic instruments, usually this
can be achieved by using multiple samples over a keyboard range. Stretching a sample over
fewer keys will improve the naturalness of an acoustic scund. Ancther use of Sample-maps is o
trigger multiple samples with one key. Following are explanations for both uses

15.2.1 Multi-Sampling

The repetitive nature of samples makes it difficult to simulate acoustic nstruments. With
TRANSFORMATOR it is possible to vary the sample each time it is triggered. Usually when a
sample is transposed over multiple keys, the further it is transposed from the root key of the
original sample the greater the loss of sound naturainess. This loss ocowrs because of the
spectral aspeds of transposed samples do not change according to the spectral asped changes
occurring naturally in acoustic instruments. Samplers try to overcome this limitation by using
multiple sample techniques, therefore only transposing the root key of the onginal sample by a
smaller amount.

Assuming a sample-map contains multiple samples of the original sound at least two parameters
have to be set to conirol each sample n the map.

. The Root Key sets pitch of the untransposed sample.

= The Laft Split sets the starting point of the key zone. The end of the zone ("Right Spiit”)
does not have to be set unless wanted or imposed by the Left Spiit of the next sample.
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The optimum result is achieved when the Root Key is kept in the middle of the Split zone and the
transposition is kept 1o a minamum,

Every sampler module has a Piitch) input, which is used to select a samples from the map and
to contral the tuning of the sample, Usually this input is connected to a Note Pitch module, which
sends the cument MIDI note. When a sample i triggered in multi sample mode, the value
received al the P-input selects the appropniate sample and funing.

The sample module also has a Sel(ect) mput, if connected it overrides the sample selection of
the P-input, which then only sets the tuning. This can result in interesting sound variations.

Sample Maps in TRANSFORMATOR can also be used to frigger multiple samples with only one
key. This is a technique used to further reflect an instrument’s dynamics. Velocity i used o
achieve this via MIDI, Usually an instrument is sampled playing the same note with different
dynamics. Then the dynamically different samples can be friggered using different velocities,
resulting in a more expressive representation of the original sound. Chapter
5 TRANSFORMATOR Tour contains appropriate examples.

1522 Drum-Maps

Same as in Multi-Sampling the “Drum-Map® uses the Root Key and Left Spiit 1o determine the
position on the samples in the map. Sometimes in drum sounds the Root Key of the onginal
sample 5 not used or gets overly transposed, with Drum-Maps it is possible to use any area of
the key range, therefore not having the actual Root Key in the range.

As described above the Sel-input is used 1o overwrite the sample selection of the P-input, which
then only sets the tuning. The Sel-input can be used to achieve interesting sound variations. For
example by connecting the output of a Gate-module to the Sel-input, the welocity information is
then usad to select samples from the map. This way it is possible to trigger many different
samples using only one key's velocity information.

15.3 Sampler Properties Dialog window

The sampler and re-sampler modules in TRANSFORMATOR use the properties dialog window
to organize Sampler-maps and to set the module’s parameters. The easiest way to open the
properties dialog window is by double-clicking the module or its icon in the toolbar. The
properties dialog window vanes very lithe between modules. For example the Sampler Loop
looks like this:
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Sampler Loop - Propenies
T L T T e T T L PR T L T T e P PN TR e s W T i T i e e _.'I__F"_'_I
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The propertes dialog window s split into three areas:

The General field in the top part of the dialog window is used to set general module
parameters. All REAKTOR SERIES modules have this field in their properties dialog
window,

The Sample Map field including the Module and Quality fields below it are used to set the
parameters for the whole module, independent of the ndividual samples, Use the Done
button to close the dialog window.

The Selected Sample field including the Direction and Loop fields below it are used to set
sample specific parameters. These settings relate to the selected sample shown in bold in
the Sample map field and only affect this module. The Apply to all Samples in
Map button copies the settings from the Module and Quality fields and applies them to al
samples in the sample map.
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15.3.1 The Sample Map Field

The Sample Map field contains sample maps, which can be selected from the list by clicking
with the mouse or using the up and down keys on the computer’s keyboard. This list contains the
names of sound files and its location. Every entry is preceded by the left Spiit-paint, which i
representad as text (C0..G10 etc) and also in MIDI note numbers (0..127).

The Sample Map field contains the following options:

*  Load map files

*  Add sound files to amap

* Sort the map

«  BSave the map file (. map)

When a sound fie is added to a map, the sample's root key information sets the Root Key and
the: Left Split parameters, Should the sample not contain any root key information, a value of 60
1C:3) will be used, if this value is unavailable the sample will be placed at the next available note
number.

When saving a map it i possible to use the Sample Backup option, if used this option saves
samples with the map. Whenever a sound map containing a Sample-backup is loaded it wil
atternpt to find the oniginal sound file first. By saving the sound files with the sound map you
assure that all the sound files are included within the sound map, but the original sound fles wil
remain at their onginal location, therefore resulting in duplicates of the sound files, It is also
possible to transfer sound maps between modules.

A single sample can be used to create a sample map. The properties dialog window of a module
does nat have to be opened to load samples / maps, this task can also be achieved with the
Import Sound option in the context menu.

15.3.2 The Selected Sample Field

To the right of the Sample Map field i the Selected Sample field, which displays the
parameters of the selected sample. The parameters can be changed using the scrollbar or the
up and down keys. Which parameters are used depends on the module type and the map
rmade, All sample parameters are saved with the maps.

The Selected Sample field also contains buttons to:

- Replace the selected sample,

*  Delate the selected sample from a map,

* Edit to open the selected sample in a sample editor,
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* Reload the selected zample.

15.3.3 The Module field
Here a maximum of three parameters can be set;

# No Stereo stops stereo playback (Only the left channel is then used). Activation reduces
the processor load.

* Backup Sound activates the Backup Sound with Module option (see 15.1.4)
* Oscil. Mode places the module into oscillator mode,

Samplers in oscillator mode assume that the samples used contain waveforms or WaveSets, A
waveform is a representation of a single vibration, Through repeated playback it is possible to
recreate the periodic vibration. The module then becomes a digital oscillator. Sampler modules
in oscillator mode interpret the values at the P-input in the same way as oscillators in REAKTOR,
as MIDI note numbers and produce periodical vibrations to the corasponding pitch.

In oscilator mode the Sampler and Sampler FM modules interpret the entire sample as one
vibration. For example to produce a sound at 440 Hz, the entire sample is played 440 times per
second, independent of the duration of the sample.

In wavelorm mode Sampler Loop interprets the loop length as vibrations. The loop length is
read from the sound file, but can be changed at the LL-input of the module (see the Module
Reference), Therefore a sample can contain numerous waveforms, these waveforms are called
WaveSets. Assuming, a waveform contains 100 cycles, then 100 such waveforms fit into a
sampla the size of 10,000 cycles. The first waveform covers cycles 0-99, the second 100-199
etc. If the loop length sets the vibration of a wawveform, the position of the loop logically sets the
choice of waveforms from the WaveSet. Sampler Loop uses the LS-input to control the loop
start point. In wavetorm mode the values at this input are quarntized, so that gitch free playback
between waveforms is achieved. The position in a WaveSet can be easily controlled by velocity,
etc, Obviously such WaveSet samples need to be either created or generated from a sample.
The library contains many WaveSet examples, Sampler Loop integrates WaveSet Synthesis
with REAKTOR's existing synthesis capabilities. Like this, WaveSet Synthesis is now available
for the first time in combination with FM synthesis.,

15.3.4 The Quality Field

Sets the playback quality of the sample in three options (Poor, Good and Excellent). Higher
quality increases the processor load.

The term “CQuality” refers to the absence of noise, Naturally it is the nomse that may improve the
musical “Quality” of a sampile.
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15.3.5 The Direction Field
Sets the playback direction (Forward or Backward) of the sample.

15.3.6 The Loop Field
A masdmumm of three Loop parameters can be set here:
*  On/Off activates the Sample-Loop

*  Altemating Loop aclivates allemating Loop playback. The sample will be played
alternatrvely forwards and backwards within the Loop.

Loop in Release keeps the Loop playback in the release phase (only available for
modules with a G-input).
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16 Appendix

16.4 Key Commands
On the Macintosh, the # key is used instead of Ctrl.

Ctril+ N New Ensemble = Open an empty ensembla Bew. ens

Ctrl + O Open... an ensemble, nstrument, or macro

Ctrl + S Save Ensemble = Save the cument ensemble, overwriting the file
of the ensemble which was loaded last

Cwl +E Save Window As... Save the macro o instrument in the selected
window

Ctrl + Z Undo last edit

Cwl+Y Redo last undo

Ctr + X Cut selected modules or panel elements

Ciri + C Copy selected modules or panel elements

Cl +V Paste modules or paned elements from the clipboard at the point
specified with a left mouse-click

Cirl + A Select All modules or panel elements in the active window

Cul+M Mute on/off for selected modules

0 in keypad Run/Stop the audio process, loggle between on and off

Cil+U Measure CPU Usage = Measure contributions to CPU load

Cil+T Store Snapshot = Store, delete, or rename a snapshot

Cirl +1 MIDi-Learn-function activate/deactivate

Cirl + L Lock panel elements in position

Alt + Return Properties of the instrument or macro whose panel is shown

Alt + Enter

Ctrl + B Panel of the instrument, whose structure window s selected

Fetum Structure of the instrument, whose panel window is selected

Cil + P Parent of the macro or instrument, whose structure window is
selected

13
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1 Panel

With the slider control in the panel you adjust the value which is output (as event and audio) by
the comesponding module in the structure. The signal is mono - whan connected 1o a poly input
all voices receive the same value.

Range

The output value comesponds to the position of the knob (resolution: 128 steps) between the
limits Min and Max set in the properties dialog window. With the parameter Step, the display and
output values can be quantized to coarser steps, e.g. to display less decmal digits.

When Remote is activated, the fader movement can be controlled by MIDI events. You can
choose between MIDI Controller and Poly Aftertouch of a note and you can select the number of
the controller or note.

if Panal to MIDI-Out i enabled, BEAKTOR will send MIDI events whenever the fader in the
panel is moved. Remote to MIDI-OWt determines whether MIDI events are also output by
REAKTOR when the fader is moved by received MIDI events (Remote). Take care, though, that
when connecting o a saquencer which sends MIDI data to REAKTOR and at the same time
recerves MIDI from i, a feedback loop may result,

The selections Controller and Poly Aftertouch are used to set the fader to receive and/or send
aither MIDI Controller or Poly Aftertouch (Key Pressure) messages. ControllerNote No. is used
to display and set the number of the controller or note that is assigned to the fader.
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Activate Incremental if the fader is to be contralled from a 4Control MIDI unit or another device
whach operates in incremental mode.

If Soft Takeover is enabled, the fader will not move on recenving MIDI data urtil the input value
goes past the fader's current value. This is o prevent any sudden jumps in the value when the
pesition of the software fader does not malch that of the hardware controller, e.g. after snapshel
recall,

If the Snap Isclate switch is activated, the fader will not respond 1o snapshal recall.

Panel Appearance

The label will only be shown above the fader in the panel f Show Label is actrvated in the
properties. Likewise, the curently set value will only be shown as a number below the fader if
Show Value is activated,

if Small Design s activaled in the properties, the fader will be shown in the paned at half the
narmal size.

An info text to explain the fader's function can be entered under Info in the properies, The tex
will appear as a hint (ToolTip) while the mouse pointer rests on the fader in the panel, if hints ane
switched on

Just like the Fader but with a different appearance in the pans,

Button

With the push button contral in the pansl you sslect the value which is outpat (as event and
audic) by the cormesponding module in the structure. The output values in the on and off state
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are set with On Value and Off Value in the button's properties. The signal is mono — when
connected to a poly input all voices receive the same value.

Mode
There i a choice of three operating modes: Trigger, Gate and Toggle.

In trigger mode, events are only generated when the button is pressad, nothing happens when it
is redeased. In gate mode, an event with value zero & sent when the button is redeased. In toggle
mode, the button changes state every time it is pressed.

When Remote is activated, the button movement can be controllad by MIDI events, You can
choose between MID| Controller, Poly Aftertouch and Note events and you can select the
number of the controller or nate. A controller or aftertouch value between 64 and 127 or a Note
On event cormesponds to dlicking the mouse on the button, a value between 0 and 63 or a Note
Off event comesponds to letting go.

It Panel to MIDI-Out is enabled, REAKTOR will send MIDI events whenever the button in the
panel 8 operated. Remote to MIDI-Out determines whether MIDI events are also output by
REAKTOR when the bution is operated by received MIDI events (Remote). Take care, though,
that when connecting to a sequencer which sends MIDI data to REAKTOR and at the same time
receives MIDI from it, a feedback loop may result,

The selections Controller, Poly Aftertouch and Note On/Off are used to set the button to
receive andjor send either MIDI Controller, Poly Aftertouch (Key Pressure) or Mote Or/Off
messages, Controller/Note No. is used to display and set the number of the controller or note
that is assignied to the button.

If the Snap Isolate switch is actvated, the button will not respond to snapshat recall,

Panel Appearance
The labed will only be shown above the button in the panel f Show Label is activated in the

properties. Likewise, the curently set value will only be shown as a number below the button i
Show Value is activated,

If Small Design is activated in the properties, the button will be shown in the panel at half the
normal size.

An info text to explain the button's funclion can be entered under Info in the properties. The text
will appear as a hint (ToolTip) while the mouse pointer rests on the buiton in the panel, if hints
are switched on.
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Switches are used for changing the signal fiow. They do not contain any signal processing of
their own but establish a switchable connection between other modules. The output i connected
to the selected input by pushing the comesponding button. All the other unselected inputs are

disconnected.

Modules whose oulputs are disconnected, through the action of a switch or otherwise, are
automatically deactivated to reduce unnecessary load to the CPU. A module’s status lamp

remains dark while the module = deactrvatisd,

When Remote is activaled, the switch movement can be controlled by MIDI events. You can
choose between MIDI Controller and Poly Aftertouch events and you can select the number of
the controller or note. The range of values for the MIDI events i dhvided into regions according to
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the number of possible positions for the switch. The value zero sels the switch to its lowest
position.

If Panel to MIDI-Out is enabled, REAKTOR will send MID| events whenever the switch in the
panel is operated. Remote to MIDI-Out determines whether MIDI events are also output by
REAKTOR when the switch is operated by received MIDI events (Remote). Take care, though,
that when connecting to a sequencer which sends MIDI data to REAKTOR and at the same time
receives MIDI from it, a feedback loop may result.

The label will only be shown above the bution in the pansl f Show Label is activated in the
properties. Also, if Small Design is activated, no labels will be shown to the left of the buttons.
For the Switch 2, only one button {the upper button) i shown when Small Design s selected:
When the button is on input 1 i connected, when the button is off input 2 is connected.

On/Off Switch for one audio signal,

Switch for two audio inputs to one output.

Like Audio Switch 2 but with 3 inputs.

Like Audio Switch 2 but with 4 inputs,

il

Like Audic Switch 2 but with 5 inputs.

Like Audio Switch 2 but with & inputs.
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Like Audio Switch 2 but with 8 inputs.

Double switch with two audio outputs, each of which has two possible audio inputs. When output
a is connected to input Infa then ocutput b is connected to input In1b. Otherwise output a B
connected to input In2a and cutput b is connected to input In2b.

OryOff Switch for one event signal,

Switch for two event inputs to one output,

Like Event Switch 2 but with 3 inputs.

Like Event Switch 2 but with 4 inputs.
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Like Event Switch 2 but with 5 inputs.

Like Event Switch 2 but with 6 inputs.

Like Event Switch 2 but with B inputs.

j Commert I

The Comment module does not process any signals, its purpase is only 1o add texd to the
structure, For example it can be used for noting the author and creation date of an instrument
and to explain how it works.

-
Lmip -
.

Indicator lamp for a monophonic signal,

The lamp in the panel lights up as long as the input signal (sampled at 25 Hz) is within the range
sat with Min and Max in the properties, i.e. the lamp is on when the signal’s value is larger than
Min and less than or equal to Max.

The color of the lamp (red, green, blue or yellow) can be chosen in the properties.

The label will only be shown above the lamp in the panel if Show Label is activated in the
properties.
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Indicator lamp for a monophonic signal with logarithmic settings.

The lamp in the panel lights as long as the input level is within the range set with Min and Max
{in dB) in the properties, i.e. the lamp is on when the signal’s value is larger than Min and less
than or equal to Max.

The color of the lamp (red, green, blue or yellow) can be chosen in the properties.

The label will only be shown above the lamp in the panel if Show Label & adivated in the
properties,

Value indicator for a monophonic signal.

The value of ariving signal is sampled (at 25 Hz) and displayed on a linear scale. The displayed
range is set with Min and Max in the properbes

The label will only be shown above the meter in the panel if Show Label is activated in the
properties.
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Level indicator for a monophonic audio signal.
The amplitude of the connected audio signal is displayed on a logarithmic scale. The dsplayed
range is set in dB with Min and Max in the properties

The label will only be shown above the level meter in the panel if Show Label is activated in the
properties.
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Polyphonic event source for the pitch of MIDI Note On events.

A Note On event sets the output to a value determined by the key number (note pitch). The
range of the output value s set with Min and Max in the properties dialog window, The resolution
i 128 steps. A Note Off event has no effect hare.

When using the default range of Min = 0 to Max = 127 and controlling an oscillator's P-input (for
logarithmic pitch control) you will play in the common equal tempered tuning. One unit
comesponds to one semitone and middle C is at 60. By setting Min and Max to different values,
pitch can be skewed or scaled, e.9. for playing in quarter tones.

[ ¥4FitchBend '

Monophonic event source for MIDI Pitchbend (pitchwheel change) everts. The resolution &
16384 steps. When the pitch bend controller is in its neutral position, the output value is always
0. The range of the output value for upward or downward pitchbend can be set independently in
the properties dialog window. For pitchbend down the range is set with Min and for pitchbend up
with Max.

When controlling an oscillator's P-input (for logarithmic pitch control), e.g. after adding to a note
pitch value, and with a range of Min = —1 to Max = 1 you can change the pitch up or down one
semitone. A range of =12 to 12 means pitchbend within = 12 semitones which is = 1 odtave.

Polyphonic event source for MIDI Note On and Note Off events.

10
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A Note On event sets the cutput to a value determined by the key velocity. The range of the
output value is set with Min and Max in the properties dialog window. The resolution is 128
steps. A Note Off event sets the output to zero. If velocity sensitivity is to be disabled, Min and
Max should be sef to the same value.

Monophonic event source for MIDI Note On and Note Off events with single trigger

A Note On event sets the cutput to a value determined by the key velocity. The range of the
output value is set with Min and Max in the properties dialog window. The resolution is 128
steps. A Note Off event sets the cutput to zero. If velocity sensitivity is to be disabled. Min and
Max should be sef to the same value.

Oniy the first note produces an event and thus triggers (or retriggers) a connected envelope. A
new note that is started while the previous one i still hedd (legato play) does not generate an
event and therefore does not retrigger any envelope.

Monophonic event source for selected Note On and Nate Off events.

A MNote On event which has the selected note number sets the output to a value determined by
the key velocity. The range of the output value s set with Min and Max in the properties dialog
window. The resolution is 128 steps. A Note Off event which has the selected note number sets
the cutput 1o 2ero. If velocity sensilivity i 1o ba disabled, Min and Max should be set to the same
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Polyphonic event source for velocity of MIDI Note On events. A Note On event sets the output to
a value determined by the key velocity. The range of the output value is sat with Min and Max in
the properties dialog window. The resolution s 128 steps.

Polyphonic event source for the velocity of MIDI Note Off events. A Note Off event sets the
output to a value determined by the key release velocity, The range of the outpul value is set
with Min and Max in the properties dialog window, The resclution is 128 steps,

There are very few keyboards that generate a value other than zero for this event.

Monophonic event source for MIDI Cortroller events. An event sets the output to a value
determined by the position of the controller (e.g. modulation wheel). The number of the controller
is set in the properties dialog window with Controller No and the range of the output value is set
with Min and Max. The resolution i 128 steps.

The current position of all MIDI controllers (and faders) of an instrument can be stored in a
snapshot from where it can be recalled at a later time. If the Snap Isolate switch is activated, the
controller module’s output value will not respond to snapshot recall,

The output of a controller is monophonic and can be used as an event or audio signal.
The numbers of some standard MIDI controllers are:

+  Modulation Wheel q
Breath Controller 2
Volume 7
FPanpot 10
Sustain Switch 64
Portamento Switch 85
Hold Switch (Sostenuta) 66
See your keyboard's MIDI implementation chart to find out which controllers & can transmit

12
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Monophonic event source for MIDI Channel Aftertouch events. An event sets the output to a
value determined by the pressure on all keys. The range of the output value B sat with Min and
Max in the properties dialog window. The resolution is 128 steps.

Polyphonic event source for MIDI Poly Aftertouch events. An event sets the output to a value
determined by the pressure on the key. The value is only set for the particular voice in the
REAKTOR instrument which is playing the note associated with the key. The range of the cutput
value is set with Min and Max in the properties dialog window. The resolution is 128 steps.

There are very few keyboards that generate poly afteriouch events.

Monophonic event source for selected MIDI Poly Aftertouch events.

An event which has the selected note number sets the output to a value determined by the
pressure on the key. The number of the key (note numbser) is set in the properties dialog window
with Controller No and the range of the cutput value is set with Min and Max. The resolution is

128 steps.
There are very few keyboards that generate poly aftertouch events,

The current value can be stored {together with the MIDI controllers and faders) in a snapshot
from where it can be recalled at a later ime. If the Snap Isolate swilch i activated, the module's

13
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Monophonic event source for MIDI Program Change events. A MIDI event sets the module’s
output to the value determined by the transmitted program number. The range of the output
value is set with Min and Max in the properties dialog window. The resolution is 128 steps.
When using this module, you probably want to tum off Prog. Change Enable in the Instrument
Properties so that the MIDI Program Change Events do not also recall snapshots.,

14
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3 MIDI Out

Converts a monophonic o polyphonic event signal to MIDI MNote events. Each event at the gate
input G generates a MIDI message at the MIDI port which REAKTOR uses for outpul. The value
of the event specifies the velocity. An event value of 1 produces a velocity of 127. An event with
value zero produces a Note Off event.

The pitch of the Note On and Note Off events is the current value at the pitch input P in the range
sat with Min and Max_ An event with value equal to Min sets the MIDI Note Pitch to 0. an event
with value equal to Max sets the MIDI Mote Pitch 1o 127,

Converts a monophonic event signal to MIDI Pitchbend events. Each event generates a MID|
message at the MIDI port which REAKTOR uses for output. The range of the input value is set
with Min and Max. The output resolution is 16384 steps. An event with value equal to Min sets
the MIDI Pitchbend value to -8192, an event with value equal 1o Max sets the MIDI Pitchbend
value to +8191.

Corverts a monophonic event signal to MIDI Channel Aftertouch events. Each event generates
a MIDI message at the MIDI port which REAKTOR uses for output. The range of the input value
is set with Min and Max. The output resolution 5 128 steps. An event with value equal to Min
sets the MIDI Aftertouch value to 0, an event with value equal to Max sets the MIDI Aftertouch
value 1o 127,

15
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Corverts a monophonic event signal to MIDI Controller events. Each event generates a MID
message at the MIDI port which REAKTOR uses for output. The number of the controller is set
in the properties dialog window with Controller No and the range of the input value is set with
Min and Max. The output resolution is 128 steps. An even! with value equal to Min sets the MIDI
Controller value to 0, an event with value equal to Max sets the MIDI Controller value to 127.

Comverts a monophonic event signal to MIDI Poly Aftertouch events. Each event generates a
MIDI message at the MIDI port which REAKTOR uses for output. The number of the key for
which to set the pressure (note number) is set in the properties dialog window with Note No. and
the range of the input value is set with Min and Max. The cutput resolution is 128 steps. An
event with value equal to Min sets the aftertouch value to 0, an event with value equal to Max
sets the aftertouch value to 127,

There are very few MIDI devices which handle poly aftertouch events.
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Converts a monophonic event signal to MIDI Program Change events, Each event generates a
MIDI message at the MIDI port which REAKTOR uses for output. The range of the input value i
el with Min and Max. The cutput resolution i 128 steps. An event with value equal to Min sets
the MIDI Program Change value to 0, an event with value equal 1o Max sets the MIDI Program

Change value 1o 127.

16
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Monophonic event source for a constant value. The value is set with Constant Value in the
properties dialog window. The module only sends an event once, that is for initialization when it
is activated.

17
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This section contains modules for simple arithmetic applied to events and audio sample values.

Inverter for an audio signal. The output signal is the inverse of the input signal { Out = —In }.

Simply inverting a sound has no audible effect, except when combining in some way with the
unimverted sound. But inverting control signals generally has a very obvious effect.

Adder for two audio signals. The output signal is the sum of the two input signals ( Out = In1 +
In2).

Can also be used as a simple two-channel mixer where the level of both channels is fived at
0 dB.

18



S5+, = X/

Like Audio Add 2 but with 3 inputs.

Like Audio Add 2 but with 4 inputs.

Like Audio Add 2 but with & inputs.

Like Audio Add 2 but with 8 inputs.

Inverter for an event signal. For each event at the input an event with the inverse value is output
{Out =In ).

19



Adder for two event signals, When an event 5 received at an input, an event is output whose
value 5 the sum of the current (last received) input values ( Out = In1 + In2 ).

Like Event Add 2 but with 3 inputs.

Like Event Add 2 but with 4 inputs.

Like Evert Add 2 but with 6 inputs.

Multiplier for two audio signals. The output signal is the product of the two input signals | Out =
In1 - In2 ). The typical application is as an amplifier controlled by a signal (coresponds to VCA in
analog synthesizers) when an audio signal is fed to one input and an amplification factor to the
other.

When an input is not connected (multiplication with zero) the output value is always zero.
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Can also be used to compute the square of a signal when the same signal is fed to both inputs
(Out=In-In=In").

When two different scunds are connected to the inputs, the oulput is the ring modulation of the
two sounds,

Multiplier for three audio signals. The output signal is the product of the three input signals ( Out
=In-In2-In3).

Wihen an input is not connected (multiplication with zero) the output value is always zero.

Like Audio Mult 3 but with 4 inputs.

Muitiplier for two event signals. When an event is received at an input, an event is output whose
value is the product of the curent (last received) input values ( Out = In1 - In2),

When an input is not connected (multiplication with zerc) the output value is always zero,

21
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(Out=1InIn=In®).

Like Event Mult 2 but with 4 inputs

The autput is one divided by the input.
Be careful with small input values (near zerc) because the output values become very large, if
the input signal is exactly zero the output is also sel 1o zero,

Processing sound signals does not nomally yield anything useful. The module is rather meant
for processing control signals (which don't come near zero),

The output is the upper input divided by the lower input.

Be careful with small values (near zero) at the lower input because the output values become
very large. If the input signal is exactly zero the outpat is also set 1o zero.

Dividing by sound signals does not normally yield anything useful.
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Whenever possible use a multiplier instead of a divider because the CPU load will be
significantly less. For example, rather than dividing by a constant or an event signal, invert the
event signal (1/x) and multiply audio with the result.

The output is one divided by the input.
Exception: If the input signal is zero, the output is set to zero.

The output is the first input divided by the second input.
Exception: If the second input signal is zero, the output is set 1o zero.
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Amplifier for an audic signal. The input signal is amplified (or attenuated) by the set amount (in

dB). Al 0 dB the output signal is the same as the input signal.

+ vl Logarithmic event input for controlling the gain, value in dB. When the value
is negative, the output signal is smaller than the input signal,

« In:  Audio signal input

+  Out Audio signal cutput for the amplified signal { Out = In - 104,




6 Mixer

Mixer for two audio signals. The two input signals are amplified (or attenuated) by their

respective amounts and then summed to form the output.

+ Lvil,Lvi2z  Logarithmic event input for controlling the gain, value in dB.

+ In1,In2: Audio signal inputs

+  Out Audio signal output for the mixed signal (Out = In1 - 10%"%
+In2 - 1049,

Like Mixer 2 but with 3 inputs.

Like Mixer 2 but with 4 inputs.
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Like Mixer 2 but with 8 inputs.

If a mixer with more channels is needed, simply use several smaller mibers and add their

Crossfade module for two audio signals. The outpul signal is the weighted sum (linear
interpolation) of the two input signals. The ratio of their respective amounts in the output is
adjustable.

+ X Audio control input for the midng ratio. Value betwsen 0 (Out = In1 ) and 1
(Out=In2).

+ Int,In2 Inputs for the two audio signals to be mixed,

+  Out Audio signal output for the mixed signal ( Out = (1 - X) In1 + X In2).
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Stereo Pan

By changing the signal level at the two cutputs the input signal is positioned in the stereo field.
The sum of the L and R output values is always exactly twice the input value, i.e. the input is split
across the two outputs at a variable ratio,

*  Pan: Audic control input for the left-right position. Value <1 = left, 0 = center, 1 = right

= In: Audio signal input for the signal to be positioned in stereo.

* L Audio signal output for the left channel signal

* R Audio signal output for the right channel signal
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Amplifier for an audio signal with integrated left-night panner, The input signal is amplified (or

attenuated) by the set amount (in dB). By changing the signal level at the two outputs the input

signal is positioned in the stereo field. The sum of the L and R output values is always exactly

twice the amplified input value, i.e, the input is spiit across the two cutputs at a variable ratio.

+  Lvl: Logarithmic event input for controlling the gain, value in dB. When the value
is negative, the output signal is smaller than the mput signal,

*  Pan: Evert control input for the left-right position, Value —1 = left, 0 = center, 1 = right

« In:  Audio input for the signal to be amplified and positioned in stereo,

L Audio signal oulput for the amplified left channel signal

R  Audio signal output for the amplified right channel signal

L

L
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7 Oscillators @

Al of GENERATOR's oscillators can run at any frequency, from 0 Hz (standstil) through the
entire audio range right up to the limit set by the sample rate, Like this they are all equally suited
for use as LFOs or for producing sound waves. When using an oscillator as an LFO to modulate
another module’s input which is of the type that only accepts events (e.g. P as opposed to F) you
nead to insert an A to E (perm) module for comversion,

© Oscillator for sawtooth waveform with logarithmic pitch control and linear amplitude

modulation.

+ P Logarithmic event input for controling the pitch (oscillator frequency). Value
in semitones (69 = 440 Hz, fo = 25 ™ . 440Hz).

« A Audio mput for controling the ampltude. The oulput signal moves between
+Aand -A

«  Dut Audio signal cutput for the sawtooth wavetorm.

SHCh 5 T, g s By
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8} Oscillator for sawtooth waveform with logarithmic pitch contral, linear frequency modulation
{FM) and linear amplitude modulation,

+ P: Logarthmic event input for controling the pitch (oscillator frequency). Value
in semitones (B9 = 440 Hz),



T Dscillators

F:  Audio input for linear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency: T = F + 25 ™% . 440Hz

A Audio input for controling the amplitude. The oulput signal moves between
+Aand —A

Out: Audio signal cutput for the sawtooth waveform,
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© Oscilator for sawtooth waveform with synchronization, logarthmic pitch control, linear
frequency modulation (FM) and linear amplitude modulation.

Wheanever the synchronization signal leaves zero to positive values (rising edge) the phase of
the oscillater is reset to a position specified by the phase input.

P-  Logarthmic event input for controling the pitch (oscillator frequency). Value
in semitones (69 = 440 Hz).

F:  Audio input for linear frequency modulation. Value in Hz. P and F together detemmine
the oscillator frequency: fu. = F + 25 2. 440Hz

A Audio input for controling the amplitude. The outpul signal moves between
+Aand -A

Snc: Audio input for controlling synchronization of the waveform. A rising edge restarts
the: oscillator.

Ph: Input for specifying the phase (position in the waveform) to which the oscillator is

reset when synchronization ocours.

Out: Audio signal cutput for the sawtooth wavetform,



G} Oscillator for variable sawtooth/needie-pulse waveform with logarthmic pitch control and
linear amplitude modulation. The slope of the ramp is variable and with it the shape of the
waveform can be changed from a normal sawtooth to a shor triangular pulse,

+ P-  Logarthmic event input for controfling the pitch (oscillator frequency). Value
in semitones (B9 = 440 Hz).

« A Audio input for controling the amplitude. The output signal moves between
+Aand -A

+«  Slp: Audio input for controlling the slope of the waveform, A value of O produces a nomal
sawtooth, a larger value shortens the ramp to a short spike (needle).

*  Qut: Audio signal output for the sawtooth/pulse waveform.
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© Oscillator for bipolar sawtooth waveform with zero-phase. With logarithmic pitch control,
puise width modulation (PWM) and linear amplude modulation.

+ P Logarthmic event input for confrolling the pitch (oscillator frequency). Value
in semitones (69 = 440 Hz, . = 27 ™. 440Hz).

« A Audio input for controlling the amplitude. The output signal moves between
+Aand —A

« W Audio nput for controlling the pulse width (PWM). Range of values is 0 to about 6.
Nommal saw-wave at W = 0, larger W results in a shorer putse and a longer
zero-phase.

+«  Qut: Audio signal output for the bipolar sawtooth wavetorm with zero-phase,
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@ Oscillator for symmetric triangle waveform with logarithmic pitch control and linear amplitude

modulation.

+ P: Logarithmic event input for controlling the pitch (oscillalor frequency). Value
in semitones (69 = 440 Hz, fe = 27 ™ - 440Hz).

« A Audio input for controling the amplitude. The output signal moves between
+Aand -A

+  Out: Audio signal output for the triangle waveform,

& Tirv |

8} Oscillator for symmetric triangle waveform with logarithmic pich control, linear frequency

modulation (FM) and linear amplitude modulation.

+ P Logarthmic event input for controlling the pitch (oscllator frequency). Value
in semitones (69 = 440 Hz).

« F. Audio input for linear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency’: f = F + 25 ™ . 440Hz

+ A Audio input for controfling the amplitude. The output signal moves between
+Aand -A

+  Out Audio signal cutput for the triangle wavetom,

N
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{8 Oscilator for symmetric triangle waveform with synchronization, logarithmic pitch control,

linear frequency modulation (FM) and linear amplitude modulation.

Whenever the synchronization signal leaves zero to positive values (rising edge) the phase of

the oscillator is reset to a position specified by the phase input.

+ P Logarithmic event input for controlling the pitch (oscillator frequency). Value
in semitones (69 = 440 Hz).

+ F Audio input for lnear frequency modulation. Value in Hz. P and F together determine
the oscilator frequency: f.. = F + 27 ™. 440Hz

+ A Audio input for controling the amplitude. The output signal moves between
+A and -A

+  Snc: Audio input for controlling synchronization of the waveform. A rising edge restarts
the oscillator,

+  Ph: Input for specifying the phase (position in the waveform) to which the oscillator is

reset when synchronization occurs.
+  Qut: Audio signal output for the triangle waveform.

1 ¥ T =
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& Oscilator for variable triangle and parabolic (near to sine) signals, with logarithmic pitch (F)
control and linear amplitude (A) modulation. The symmetry is adjustable by (W). Setting the
symmetry (with W) allows to produce a range of wavetorms from symmatric with few hamonics
to asymmetric with a broader spectrum.
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+ P Logarthmic event input for controlling the pitch (oscilator frequency). Value
in semitones (69 = 440 Hz),

+« A Audio nput for controlling the amplitude, The output signal moves between
+Aand -A

+ W. Event input for controfing the symmetry of the waveform. A value of -1 produces
a riging-ramp sawlooth, 0 produces a symmetrical triangle and +1 a falling-ramp
sawtooth,

+  Tri: Audio signal output for the triangle signal.
+  Par:. Audio signal output for the parabolic signal.

© Oscilator for parabolic waveform with logarithmic pitch control and linear amplitude

modulation. The waveform consists of two halves that are each a section of a parabola. The

oscillator scunds like a sine wave with some added odd numbered overtones at very low level. In

many cases it can be used as replacemeant for a sine generator with less computational load.

+ P Logasithmic event input for controfling the pich [oscillator frequency). Value
in semitones (69 = 440 Hz, . = 2" ™. 440Hz).

+ A Audio input for controling the amplitude. The output signal moves between
+A and -A

+  Out Audio signal output for the parabolic wavefom.

& Oscillator for parabolic wavetorm waith logarthmic pitch control, linear frequency modulation
{FM} and linear amplitude modulation. The oscllator sounds like a sine wave with some added
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odd numbered overtones at very low level. In many cases it can be used as replacernent for a
sine generator with less computational koad.

+ P Logarthmic event input for controlling the pitch (oscillator frequency). Value
in semitones (69 = 440 Hz).

« F. Audio input for linear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency: fe = F + 25 ™" . 440Hz

« A Audio mput for controling the ampltude. The output signal moves between
+A and -A

+  Out: Audio signal output for the parabolic waveform.

@mmmnmmmmmnmmm
frequency modulation (FM) and linear amplitude modulation.

Whenever the synchronization signal leaves zero 1o positive values (rising edge) the phase of

the oscilator is reset to a position specified by the phase nput.

+ P: Logarithmic event input for controlling the pitch (oscillator frequency). Value
in semitones (68 = 440 Hz).

« F.  Audio input for linear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency: fe. = F + 25 %% . 440Hz

« A Audio mput for controling the amplitude. The output signal moves between
+Aand =A

+  Snc: Audio input for controlling synchronization of the waveform. A rising edge restarts
the oscillator,

«  Ph Input for specifying the phase (position in the waveform) to which the oscillator is

+  Out Audio signal output for the parabolic wavetorm.
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8 Oscilator for variable parabolic waveform with logarithmic pitch control and linear amplitude

modulation. The ratio between the length of the upper and lower parts of the curve can be

controlled, and with i the wave-form can be changed from a nomal symmetric parabolic wave to

a simple parabola.

This variable waveform 5 also particularly effective when used as an LFO,

* P Logarithmic event input for controlling the pitch (oscillator frequency). Value
in samitones (69 = 440 Hz).

+ A Audio input for controling the amplitude. The output signal moves between
+A and -A

* W. Event input for controlling the symmetry of the waveform, A value of -1 produces
parabolas open downwards, 0 a normal symmetric parabolic wave and +1 parabolas
Open upwards.

+  Out: Audio signal output for the variable parabolic waveform.

T e el et e U e g
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© Oscilator for pure sine waveform with logarithmic pitch control and linear amplitude
miodulation,

if the sine tone does not need to be completely pure, the parabolic oscillator makes a good
replacement with less computational load.

+ P Logarthmic event input for controlling the piich (oscillator frequency). Value
in semitones (B9 = 440 Hz).

+ A Audico input for controlling the amplitude, The cutput signal moves between
+8 and =&



& Oscillator for pure sine wavetorm with logarithmic pitch control, linear frequency modulation

(FM) and linear amplitude modulation.

If the: sine tone does not need 1o be completely pure, the parabolic oscillator makes a good

replacement with less computational load.

+ P, Logarithmic event input for controlling the pitch (oscillator frequency). Value
in semitonas. (69 = 440 Hz).

+  F Audio input for inear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency: fue = F + 25 5% - 440Hz2

« A Audio input for controling the amplitude. The output signal moves between

+A and —A
Out: Audio signal output for the sine waveform.

&
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‘@ Dscilator for pure sing waveform with synchronization, logarithmic pitch control, linear
frequency modulation (FM) and linear amplitude modulation.

Whenever the synchronization signal leaves zero to positive values (rising edge) the phase of
the oscllator is reset to a position specified by the phase input.
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If the sine tone does not need to be completely pure, the parabobc oscillator makes a good
replacement with less computational load.

P

+ A

Logarithmic event input for controling the pitch (oscllator frequency). Value
N semitones (69 = 440 Hz).

Audio input for linear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency: fu. = F + 27 ™. 440Hz

Audio input for controling the amplitude. The output signal moves between
+Aand -A

+  Snc: Audio input for controlling synchronization of the waveform. A rising edge restaris

+  Ph:

the oacillator.
Input for specifying the phase (position in the waveform) to which the oscillator is

reset when synchronization occurs, Ph = 0: Phase = 0 deg (middle of rising slope), Ph =
0.5: Phase = 180 deg (middie of falling slope), Ph = 1: Phase = 360 deq (same as 0 deg).

+ Ot

o T P
Il = =%
UISE

L

Audio signal output for the sine waveform.
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B Oscillator for pulse wave with logarithmic pitch control, pulse width modulation (PWM) and
Inear amplitude modulation.

Logarthmic event input for controlling the pitch (oscillator frequency). Value
in semitones (69 = 440 Hz).

Audio input for controling the amplitude. The output signal moves between
+8and A

Audic input for controlling the pulse width (PWM). Range of values is —1 to 1.
Symmetric waveform (square wave) 50:50 at W = 0, LocHi-ratio 3366 at -0.33,
BE33at0.33, 7o25at 05, 90 10at 08 LoHi=({1+W)/(1-W).

+  Dut: Audio signal output for the pulse waveform.

37
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@ Oscillator for pulse wave with logarithmic pitch control, linear frequency modulation (FM),
pulse width modulation (PWM) and linear amplitude modulation.
« P: Logarthmic event input for confroling the pich (oscillator frequency). Value
in semitones (69 = 440 Hz).
« F.  Audioinput for limear frequency modulation. Value in Hz. P and F together detesmine
the oscillator frequency: fe = F + 27 ™ - 440Hz
« A Audio input for controfing the amplitude. The output signal moves between
+Aand —A
« W Audio input for controfling the pulse width (PWM). Range of values is -1 1o 1.
Symmetric waveform (square wave) 50:50 at W = 0, LocHi-ratio 33:66 at -0.33,
66:33at0.33, 75:25at 0.5, 90110 &t 0.8, LocHi = (1 + W)/ {1-W).
Out: Audio signal output for the pulse waveform.

B T A L e e e
Hulse SynG - T

@ Oscillator for pulse wave with synchronization, logarithmic pitch contral, linear frequency
maodulation (FM), pulse width modulation (PWM) and linear amplitude modulation.

Whenever the synchronization signal leaves zero to positive values (rising edge) the phase of
the ascillator is reset to a position specified by the phase input.



7 Oscillators

&

P  Logarithmic event input for controling the pitch (oscillator frequency). Value
in semitones (69 = 440 Hz).

F:  Audio input for linear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency’ T = F + 25 ™% . 440Hz

A Audio input for controling the amplitude. The output signal moves between
+A and A

W. Audio input for controlling the pulse width (PFWWM). Range of values is -1 to 1.
Symmetric wavefomm (square wave) 5050 al W = 0, LoHi-ratio 3366 at -0.33,
6633 at0.33, 75:25at 0.5 9010t 08 LoHi=(1+W)/(1-W).

Snc: Audio input for controlling synchronization of the waveform. A rising edge restarts
the oscilator,

Ph: Input for specifying the phase (position in the waveform) to which the oscillator is

Out: Audio signal output for the pulse waveform.

! Oscillator for rectanguiar trapezoid waveform with logarithmic pitch control, linear frequency
modulation (FM), pulse width moduation (PWM) and linear amplitude modulation. The
waveform is a mbdure of pulse and sawtooth: The rising edge of a pulse wave can be flattenad
and its slope adjusted. The falling edge is vertical.

P:

Logarithmic event input for controlling the piich (oscillator freguency). Value
in semitones (69 = 440 Hz).

Audio input for inear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency: f. = F + 25 ™. 440Hz

Audio input for controling the ampliiude. The oulput signal moves between
+Aand -A

Audio input for controlling the pulse width (PWM). Range of values is —1 to 1.
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+  Slp: Audio input for controlling the slope of the rising edge of the waveform. When Sip
5 zero (or when the input is not connected) the waveform does not rise and
the cutput is always zero, e, there is no sound. Typical range of values: 1 ... 20

= Out: Audio signal output for the trapezoid waveform.

. e TR T T el .';IE" T T i = 3 Y 2Py o DL =T
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€ Oscillator for trapezoid waveform with logarithmic pitch control, linear frequency modulation

(FM), pulse width modulation (PWM) and linear amplitude modulation. The waveform is a

mixture of pulse, sawtooth and triangle: Both edges of a pulse wave can be flattened and their

slope adjusted.

+ P Logarthmic event input for controling the pach (oscillator frequency). Value
in semitones (B9 = 440 Hz).

+ F Audio input for linear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency: fe = F + 25 ™" 440Hz

« A Audio input for controlling the amplitude. The output signal moves between
+Aand —A

« W Audio input for controlling the pulse width (PWM). Range of values is —110 1.

+  Up: Audio input for controlling the slope of the rising edge of the wavetorm.

»  Dn: Audioinput for controfing the slope of the falling edge of the waveforn,

Out: Audio signal output for the trapezoid wavelonm,

#*
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8} Oscillator for bipolar pulse wave with zero-phase. With logarithmic pitch control, pulse width
modulation (PWM) and linear amplitude modulation.

« P Logarthmic evert input for confroling the pitch (oscilator frequency). Value
in samiones (69 = 440 Hz).

+« A Audio input for controling the amplitude. The output signal moves between
+Aand -A

« W Audio input for controling the pulse width (PWM). Range of values 5 0 to 1.
Symmetric wavelorm (square wave) 50:50 at W = 0, larger W results in a shorter
pulse and longer zero-phase.

+  Qut: Audio signal output for the bipolar pulse waveform.

@mmmmmmmwmmﬂwlmm
modulation (A).

« P Logarthmic event input for controlling the pitch (oscillator frequency). Value
in semitones (69 = 440 Hz).

+ A Audioc input for controlling the amplitude.
+  Dut: Audio signal output for the impulse waveform.

41
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modulation (F) and linear amplitude modulation (A).

* P Logarthmic event input for controling the piich (oscillator frequency). Value
in semitones (69 = 440 Hz).

+ F:  Audio input for linear frequency modulation, Value in Hz, P and F together determine
the oscillator frequency: fe = F + 27 ™% . 440Hz

* A Audio input for controlling the amplitude.
+  Qut: Audio signal output for the impulse waveform.

el MNpLASE S PNC |

)

2! Qscillator for synchronizable impulse train signal with logarithmic pitch control (P), linear

Whenever the synchronization signal leaves zero to positive values (rising edge) the phase of

the oscillator is reset lo a position specified by the phase input.

+ P. Logarithmic event input for controlling the pitch (oscillator frequency). Value
in semitones (69 = 440 Hz).

+ F Audio input for linear frequency modulation. Value in Hz. P and F together determine
the oscillator frequency: fe = F + 25 . 440Hz

« A Audio input for controlling the amplitude.
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+  Snc: Audio input for controlling synchronization of the waveform. A rising edge restarts
the oscillator.

«  Ph Input for specifiing the phase (position in the waveform) to which the cscillator is
reset when synchronization ocours.
+  Out Audio signal output for the impulse waveform.

8} Noise generator, Produces white noise, i.e. a random signal containing equal amounts of all
possible frequency components. The signal consists of only two values, A2 and -A/2, but which
appear in a random sequence.

« A Audio input for controlling the amplitude of the output signal,
+  Out Audio signal output for the noise wanseform.

() Random value generator. Produces step waveform where the level of each step is random
in the given interval with equal distribution. It works like a nose generalor with uniform
distribution followed by a sample & hold circuit clocked at a regular frequency.

+ P Logarithmic event input for contralling the step rate (sample & hold frequency). Value
in semitones (69 = 440 Hz).

« A Audio input for controlling the amplitude. The output signal s a random value
between +A and —A

+  Out: Audio signal output for the random step waveform,
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7.1 Multistep
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©F Oscillator for 4-step wavetorm with logarithmic pitch control and linear amplitude modulation,

The level of each slep can be set independent of the others.

+ P Logarthmic event input for controlling the piich (oscillator frequency). Value
in semitones (69 = 440 Hz),

+ A Audio input for controling the amplitude. The output signal moves between
+A and -A

« 51 Audioinput for controing the level of the first step.

« 52 Audioinput for controfing the level of the secand step.

+  S3: Audio input for controlling the level of the third step.

+ 54 Audio input for controfling the level of the fourth step.

+  Out Audio signal output for the step waveform.

Like 4-Step but with 5 steps.
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Like 4-Step but with 6 steps.

-A
-51
52

- . Ou
-54

-55

-5k

Y tRemp |

€ Oscilator for 4-ramp waveform with logarithmic pitch control and linear amplitude
modulation. The level of each of the breakpoints which are connected by ramps can be sot
independant of the others.

« P

e

L

Logarithmic event input for confrolling the pitch (oscillator frequency). Value
in semitonas (69 = 440 Hz).

Audio input for controlling the amplitude, The output signal moves between
+Aand -A

Event input for controfling the leved of the first breakpoint.
Event input for controfling the leved of the second breakpoint.
Ewvent input for controlling the level of the thind breakpoint.

Event input for controlling the level of the fourth breakpoint.
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Like 4-Ramp but with 6 ramps.

Like 4-Ramp but with B ramps.
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8 Samplers @

S armpler

-

@ This is a player used for the polyphonic and transposed playback of a sample or a sample
map.

Sample management is carmed out in the properties dialog box. Organizing samples and editing

sample maps is described in detad in the chapter entitled “Sampling and Resynthesis in
TRANSFORMATOR / REAKTOR".

If loop s activated, the whole sample is repeated continuously and is restarted by a positive
event at the trigger input. If loop is deactivated and a positive trigger event arrives at the tigger
mput, the sample will run from start to finish or, if the direction parameter is set to Backward, will
nun from the end to the beginning.

If Oscillator Mode is active, the playback rate will be adjusted to suit the length of the current

sample in order to produce the comect pitch when operating as a waveform oscillator,

+ P Logarithmic control input for the playback rate (pitch) and for selecting a sample from
the loaded sample map. f P is equal to the Root Key of the current sample, the sample will
by played back at its original pitch.

+  Trig: A positive event at this input triggers the sample to be played back from the beginning
again,

« A Control input for the output amplitude.

+  Out The sample player's output.

47
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Sampler FM

@ This is a player used for the polyphonic and transposed playback of a sample or a sample
map. The F input and the starting point control input (St) allow you 1o manipulate sample
playback.

Sample management is camied out in the properties dialog box. Organizing samples and editing
sample maps is described in detai in the chapter entited "Sampling and Resynthesis in
TRANSFORMATOR / REAKTOR".

If loop is activated, the whole sample is repeated continuously; a positive event at the trigger
input will make playback jump back to the starting point that has been sel via the St input, If loop
is deactivated and a positive trigger event armives at the trigger input, the sample will run from the
starting point to the end or, if the direction parameter is set to Backward, will run from the
starting point to the beginning.

If Oscillator Mode is active, the playback rate will be adjusted to suit the length of the current
samphe in order to produce the comect pitch when operating as a waveform oscilator.

« P Logarithmic control input for the playback rate (pitch) and for selecting a sample from
the loaded sample map. if P is equal to the Root Key of the current sample, the sample will
be played back at its original pitch.

+ F.  Linear control input for modulating the playback rate. The effect achieved is frequency
modulation — the same as for the oscillator modules in GENERATOR. If a large negative
value is present, the sample is played backwards.

+ St Control input for the starting point to be used when the next trigger occurs. The
position is set in milliseconds from the start of the sample.

*  Trig:A positive event at this input triggers the sample to be played from the begnning
again.

« A Control input for the output amplitude.

+  Qut The sample players output.

+  Lng: Polyphonic event output for the length of the current sampile in milliseconds.
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@ This is a universal player for the potyphonic and transposed playback of mono or stereo
samples, sample maps and WaveSets,

Sample management is carried out in the properties dialog boxe. Organizing samples and editing
sample maps is described in detail in the chapter entited "Sampling and Resynthesis in
TRANSFORMATOR / REAKTOR".

After a positive Gate event, sample playback starts from the stanting point (configurable via the
St input). If loop is deactivated, the sample will run once from the starting point to the end or, if
the direction parameter is set to Backward, will run from the starting point to the beginning. If
locp is activated, the sample will be continuously repeated within the loop range as soon as
playback enters this range. The loop range is preset using data from the sound file from which
the sample was loaded. if the sound file does not contain any loop data, the beginning of the
sample i taken to be the beginning of the loop and the sample length is laken as the loop
length. The loop data from the sound file are the default settings. These defaults are always used
if the Loop Start (LS) or Loop Length (LL) inputs are not connected to other modules.

X1 If the Loop in Release option is deactivated, loop playback will fade or fade out completely
upon a Gate event occurring; depending on the direction set, the sample will run to its beginning
or end and will then fade out. If the Loop in Release option is activated or if loop playback is
switched off, the Gate events will only have a sight effect or none at all.

If the No Stereo option s activated (you can set this in the properties dialog box), stereo
samples will be treated as mono samples, Le. the same signal is sent to the L and R outputs, If
this is the case, Sampler Loop only uses the left channel of sterec samples. This option has
been made available because mono playback requires less processing capacity.

+ G A positive event at this input starts output from the position that is set at the St input. If

negative values are present at the input, loop playback is intemupted unless the Loop in
Release option has been activated.
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P.  Logarithmic control input for the playback rate (pitch). if P is equal to the Root Key of
the current sample, the sample will be played back af its original piich. Furthermare, if the
Sel input is not connected, P determines the selection of samples from the sample map. In
Oscillator Mode, the Sampler Loop functions as a digital oscillator. In the same way as in
the oscillator modules in GENERATOR, P determines the fundamental pitch of the
generated oscillation,

Sel: Control input for selecting a sample from the sample map. If this input & not
connected, the values present at the P input are used instead.

F:  Linear conirol input for modulating the playback rate. The effect achieved is frequency
modulation - the same as for the oscillator modules in GENERATOR.

St: Control input for the stating point to be used when the next tngger occurs. The
position is set in milliseconds from the start of the sample.

LS: Control input for the loop starting point in miliseconds from the start of the sample. If
this imput i not connected, the loop data stored in the sound file will be used. f no loop data
are stored in the sound file, the default is used: LS = 0. Changes at this input take effect
when samples are retriggered and when a loop limit is reached.

LL: Control input for the loop length in milliseconds. If this input is not connected, the loop
data stored in the sound file will be used. f no loop data are stored in the sound file, the
default is used: LL = length of the sample. Changes at this input take effect when samples
are retriggered and when a loop imit is reached.

A:  Control input for the output amplitude.

L Audic output for the left channel of the sample player. When mono samples are being
processed or if the No Stereo option has been activated, the same signal is present here
as at the R output,

R:  Audio output for the right channel of the sample player, When mono samples are
being processed or if the No Stereo option has been activated, the same signal is present
here as at the L output.

Lng: Polyphonic event output for the length of the current sample in milliseconds.
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@ This is a realtime resynthesizer for the polyphonic, transposed playback of mono or stereo
samples and sample maps, Sample Resynth allows you to control pitch and playback speed
independently and in real-time, and also lets you extensively manipulate samples.

“Standard” samplers like the familiar hardware samplers or the Sampler, Sampler FM and
Sampler Loop modules in TRANSFORMATOR /| REAKTOR all maintain a pointer for each
voice. This pointer points to the current position in the sample. The amplitude at the output of the
sampler is always the same as the amplitude of the sample at the pointer position. The pointer
maoves more quickly or less quickly through the sample and therefore generates an amplitude at
the outputs which varies with time — e, an oscillation.

The speed of the pointer movement determines the speed of the sample playback (E.g. the
speed of a beat - loop). Al the same time it also determines the pitch that is heard: the more
showly the signal iwhich has been recorded in the sample) s sampled, the longer are the periods
of the oscillations occurring at the output — the pitch therefore decreases. If the pointer stops
maoving, the output amplitude stops changing. No audible signal is produced.

In the same way as a conventional sampler, Sample Resynth uses a pointer at the curent
sample position. However, the signal at the outputs is not simply the sample amplitude occurring
at the pointer position. What actually happens & thal the output signal is generated by a
synthesizer inside the module. This synthesizer resynthesizes the signal at the pointer position.
The pitch of the signal generated by this synthesizer is independent of the pointer's speed, Even
if the pointer i nat moving at all, the synthesizer continues to produce a sound. While the pitch of
the output signal is determined, as is usual, over the P input, the Sp input determines the pointer
spead.

=21



(i) Module Reference &, (0 (@

Of course, the slowed down or “frozen” signal does not always comespond to what you might
mmmnmm.wmmmammamimmruhmumm
infinity? The resynthesis algorithm used by Sample Resynth is designed in such a way that a
broad range of sounds can be processed in a (musically-speaking) sensible, sublle or drastic
manner. The algorthm can be adjusted by configuing the G (Granuarty) and Sm
{Smoothness) parameters, This means that you can manually adjust it to sult the sample and 1o
produce drastic, strange sound effects, In the properties dialog box you can activate the Signal-
Informed Granulation option separately for each sample in a sample map. If this option is
switched on, the resynthesize algorithm in Resynth takes information on the sample into
account. This information was collected during the analysis that was camed out when the
sample was loaded for the first time. What this means is that the algorithm reacts to the
characteristics of the audic malerial, If this option is deactivated, the results produced are
generally quite “electronic”.

Sample management is camied out in the properties dialog box. Organizing samples and editing
sample maps is described in detad in the chapler entiled "Sampling and Resynthesis in
TRANSFORMATOR [ REAKTOR".

After a positive Gate event, sample playback starts from the starting point {configurable via the
St input). If loop is deactivated, the sample will run once from the starting point to the end or, #
the direction parameter is set to Backward, will run from the starting point to the beginning. If
loop is activated, the sample will be continuously repeated within the loop range as soon as
playback enters this range. The loop range is preset using data from the sound file from which
the sample was loaded. If the sound file does not contain any loop data, the beginning of the
sample is taken to be the beginning of the loop and the sample length is taken as the loop
length. The loop data from the sound file are default settings. These defaults are always used if
the Loop Star (LS) or Loop Length (LL) inputs are not connectad 1o other modules.

X2, (same as X1 -D) i the Loop in Release option is deactivated, loop playback will fade or
tade out completely upon a Gate event occuming. Depending on the direction set, the sample will
run to its beginning or end and will then fade out. if the Loop in Release option is activated or if
loop playback is switched off, the Gate events will only have a slight effect or none at all.

If the Mo Stereo option is activated (you can set this in the properties dialog box), sterec
samples will be treated as mono samples, i.e. the same signal is sent to the L and R outputs. In
this case, Resynth only uses the left channel of stereo samples. This option has been made
available because mono playback requires less processing capacity.

All of Resynth's inputs, except Gate, are designed as audio inputs. The values al these inputs
are applied when samples are (re-) triggered (L.e. during positive Gate events). Changes to
values during sample playback take effect in the Granularity interval (configured at the Gr
inpt).
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G: A positive event at this input begins output from the position that i sat at the St inpaut.
If negative values are present, loop playback is interrupted unless the Loop in Release
oplion has been activated.

P: Logarithmic audio control input for the playback rate (pitch). If P is equal to the Root
Key of the current sample, the sample will by played back at its original pitch, Furthermore,
if the Sel input is not connected, P also determines the selection of samples from the
sample map.

Sel: Audio control input for selecting a sample from the sample map. i this input is not
connected, the values present at the P input are used instead.

St Audio control input for the starting point to be used when the next trigger occurs. The
position is set in milliseconds from the start of the sample.

LS: Audio control nput for the loop stating point in miliseconds from the starnt of the
sample. If this input is not connected, the loop data stored in the sound file will be used. if
no loop data are stored in the sound file, the default is used: LS = 0.

LL: Audio control input for the loop length in milliseconds. If this input is not connected,
the loop data stored in the sound file will be used. If no lcop data are stored in the sound
fie, the default is used: LL = length of the sample. If LL = 0, the movement within the
sample stops when the loop starting point is reached; the sound is frozen at this point.

Sp:  Audio control input for pitch-independent output speed. Values that are present at the
input are interpreted as a factor: when Sp = 1, playback occurs at the original speed; Sp =
2 comesponds to double the speed; and Sp = 0 means stop. If this input i not connected,
the transposed original speed is taken as the default so that — as in conventional samplers
— the speed reduces as pitch decreases.

Gr.  Audio control input for the granularity of the resynthesis process in milliseconds. This
parameter determines the size of the sound particles used for resynthesis. If the Signal-
Informed Granulation option is active, the values at the input will be used as the default;
the values that are aclually used are adjusted to suit the matenal.

S0O: Audio contral input for modulation of the sample position (Sample Offset) in
milliseconds. This input i used in order to modulate the poasition in the sample independent
of pitch, e.g. via a noise generator,

Sm: Audio control input for the Smoothness of the resynthesis process. The sound
particles are adjusted using this. Small values generally lead to a rougher resulting sound.

Pan: Audio control input for the position in the stereo field (-1 = Left, 0 = Center, 1 = Right).
A Audio control input for the cutput amplitude.

L Audio output for the left channel of the resynthesizer.

R Audio output for the right channel of the resynthesizer.

Lng: Polyphonic event output for the length of the current sample in millisaconds.

Pos: Polyphonic event output for the curment pasition in the sample in millseconds. Events
are generated at time intervals cormesponding 1o the set Granularity (Gr).
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@ This & a real-time resynthesizer for the polyphonic playback of mono or stereo samples and
sample maps or WaveSets. Sample Pitch Former is a WaveSet synthesizer in which not only
WaveSets can be loaded but also any samples you like, Sample Pitch Former removes the
pitch development from a sample and gives the sample any new pitch you wish. Besides
independent real-time control over the playback speed, Sample Pitch Former also allows you
to carry out a spectral transposition, i.e. a pitch-independent transposition of the timbre.

"Standard” samplers like the familiar hardware samplers or the Sampler, Sampler FM and
Sampler Loop modules in TRANSFORMATOR /| REAKTOR all maintain a pointer for each
voice, This pointer points to the current position in the sample. The amplitude at the output of the
sampler is always the same as the amplitude of the sample at the pointer position. The pointer
moves more quickly or less quickly through the sample and therefore generates an amplitude at
the outputs which varies with time — Le. an oscillation.

The speed of the pointer movement determines the speed of the sample playback. At the same
time it also determines the pitch that is heard: the more slowly the signal (that has been recorded
in the sample) is sampled, the longer are the periods of the oscillations occurmng at the output -
the pich therefore decreases. If the pointer stops moving, the oulput amplitude stops changing.
Mo audible signal is produced.

In the same way as a conventional sampler, Sample Pitch Former uses a pointer at the curment
sample position. However, the signal at the cutputs is not simply the sample amplitude oocuming
at the pointer position. What actually happens is that the output signal &5 generated by a
synthesizer inside the module. This synthesizer resynthesizes the signal at the pointer posion.
The pitch of the signal generated by this synthesizer is independent of the pointer's speed. Even
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if the pointer i not moving at all, the synthesizer continues to produce a scund. While the pitch of
the output signal is determined, as is usual, via the P input, the Sp input determines the pointer
speed,

While conventional samplers and the Sample Resynth module in TRANSFORMATOR |/
REAKTOR achieve a relative pitch change by transposing a sample, Sample Pitch Former
forces any absolute and definte pitch that you wish onto a sample. Sample Pitch Former can
therafore be usad like a GENERATOR oscillator. Depending on the type of processed sound
material and the settings used, the result can sound “electronically” allered 10 a greater or lesser
degree, Sample Pitch Former will also generate signals with a ceran pitch if the processed
sample has no unique pitch of its own (e.g. recordings of cymbals or gongs). Sample Pitch
Former produces less sound afterations the more uniquely the fundamental pitch of the
processed material is to be defined, and the less the original pich deviates from the generated
pitch.

In conventional samplers and in the Sample Resynth module in TRANSFORMATOR |/
REAKTOR, the transposing of the fundamental pitch goes hand in hand with the transposing of
all the spectral components, This is often considered a limitation since the transposition also
affects certain spectral components which the listener would not expeact to hear changed. The
"Mickey Mouse effect” that occurs when speech recordings are detuned can be traced badck 1o
the transpesition of the formants whose position for a “real® human speaker would be largely
independent of the fundamental pitch. Within certain limits, Sample Pitch Former decouples
pitch and formant position from one another. The formant position can be shifted independent of
pitch via the formant shift nput (FS). Since the human ear uses all the spectral components 1o
identiy the fundamental pitch, you can manipulate thes parameter to creale interesting
substitutions of fundamental pitch and timbre, especially at very low pitches. Simiar sound
effects are often created by synihesizer experts using ascillator synchronization.

Sample management is camied out in the properies dialog box. Organizing samples and editing
sample maps i described in detail in the chapter entiled "Sampling and Resynthesis in
TRANSFORMATOR / REAKTOR".

After a positive Gate event, sample playback starts from the starting point (configurable via the
St input). If loop is deactivated, the sample will run once from the starting point to the end or, if
the direction parameter is set to Backward, will run from the starting point to the beginning. if
loop & activated, the sample will be continuously repaated within the loop range as soon as
playback enters this range. The loop range is presel using data from the sound file from which
the sample was loaded. If the sound file does not contain any loop data, the beginning of the
sample is taken to be the beginning of the loop and the sample length is taken as the loop
length, The loop data from the sound file are default settings. These defaults are always used if
the Loop Start (LS) or Loop Length (LL) inputs are not connected to other modules.

If the Loop in Release option is deactivated, loop playback will fade or fade out completely upon
a Gate event occurring, Depending on the direction sel, the sample will run to its begnning or
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end and will then fade out. If the Loop in Release option is activated or if loop playback is
switched off, Gate events that are smaller or equal to zero have no effect.

If the No Stereo option is activated (you can sel this in the properties dialog box), stereo
samples will be treated as mono samples, i.e. the same signal is sent to the L and R outputs. In
this case, Sample Pitch Former only uses the left channel of sterec samples. This option has
been made available because mono playback requires less processing capacity.

All of Sample Pitch Former's inputs, except Gate, are designed as audio inputs. The values at

the inputs are applied when samples are (re-) triggered (i.e. during positive Gate events). During

sample playback, changes to values take effect at intervals of the fundamental pitch period (you
can set this via the P input).

+ G A positive event at this input starts output from the position that is set at the St input. If
negative values are present, loop playback is interrupted unless the Loop in Release

+ P Logarithmic audio control input for the playback rate (pitch). Furthermore, if the Sel
input is nat connected, P also determines the selection of samples from the sample map.

+  Sel Audio control input for selecting a sample from the sample map. If this input is not
connected, the values present at the P input ane used instead.

+ St Audio contral input for the starting point to be used when the next trigger occurs. The
position is set in milllseconds from the start of the sample.

+ LS Audio control input for the loop starting point in miliseconds from the start of the
sample.ﬁmnmﬁmmm.mmmmmmmmmnunausad.rr
no loop data are stored in the sound file, the defaul is used: LS = 0.

« L Audio control input for the loop length in milliseconds. If this input is not connected,
the loop data stored in the sound file will be used. If no loop data are stored in the sound
file, the default is used: LL = length of the sample. It LL = 0, the movement within the
sample stops when the loop starting poirt is reached, the sound is frozen at this point.

+  Sp: Audic control input for pach-independent output speed. Values that are present at the
input are interpreted as a factor: when Sp = 1, playback occurs at the oniginal speed; Sp =
2 comesponds to double the speed; and Sp = 0 means stop, If this input is not connected,
the value 1 is taken as the default.

+ FS: Audio control input for pitch-independent transposing of the formant position in semi-
tones.

«  SO; Audio control input for modulation of the sample postion (Sample Offset) in
miliseconds. This input 5 used to modulate the position in the sample independent of pitch,
£.g. via a noise genaralor.

+  Sm: Audio control input for the Smoothness of the resynthesis process. The sound
particles are adjusted using this. Small values generally lead 1o a rougher resulting sound.

«  Pan: Audio control input for the position in the stereo field (-1 = Left, 0 = Center, 1 = Right).
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A Audio control input for the output amplitude.

L Audio output for the left channel of the resynthesizer.

R:  Audio output for the right channel of the resynthesizer.

+  Lng: Polyphonic event output for the length of the curent sample in milliseconds.

+  Pos: Polyphonic event output for the curment position in the sample in millseconds. Events
at this input are generated at time intervals comresponding to the current fundamental pitch

L3

® This is a realtime resynthesizer for the synchronized playback of beat-loop samples. The
transposing of beat-loops can be set via the P input independent of playback speed. Beat Loop
synchronizes itself to a 96" note clock source (24 ppa) that is connected to the C input or, if the C
input is not connected, it can sync with the global TRANSFORMATOR / REAKTOR dock.
Therefore, by default all Beat Loops in TRANSFORMATOR [ REAKTOR run in sync with one
another independent of the sample's intemal speed. Furthermore, Beat Loop also allows you 1o
easily link intemal TRANSFORMATOR / REAKTOR sequencer modules and MIDI clocks to
rhythmic sample material.

Sample management is carried out in the properties dialog box. Organizing samples and editing
sample maps is described in detal in the chapter entiled “Sampling and Resynthesis in
TRANSFORMATOR / REAKTOR".

Beat Loop requires samples that have been cut exactly, and which contain 2, 4, 8, 16, or 32,
etc. beats. The speed of the beat loops used should be between 87 and 174 BPM. If the
samples being used fulfill these conditions, Baat Loop can output them in good quality even if

57
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the playback speed is changed. By aclivaling the sample-relaled Pliched Sound option
{accessible in the properties dialog box), possible patch falsification of basslines (and similar) can
be avoided. Howewver, in doing 50 you will have to accept a deterioration in rhythmic precision.

The loop range of the sample s configured using the Loop Start (LS) and Loop Length (LL)

inputs. If LS and LL are not connected, the whole sample will be played back as a loop. Using

positive Rst events, sample playback will be continued from the starting point (you can set this
via the St input),

If the No Stereo option is activated (you can set this in the properties dialog box), stereo

samples will be treated as mono samples, i.e. the same signal is sent to the L and R outputs. In

this case, Beat Loop only uses the left channel of sterec samples. This option has been made
available because mono playback requires less processing capacity.

All of Beat Loop's inputs, except C and Rst, are designed as audio inputs. During sample

playback, changes to values take effect at intervals of sbdeenths of a note value.

+ € A positive event at this input switches the Beat Loop module by one 967 note value
further. If this input is not connected, the module synchronizes itself with the global
TRANSFORMATOR [ REAKTOR clock.

+  Rst. A positive event at this input resets playback to the position set af the St input,

+ P Logarithmic audio control input for the playback rate (pitch). Furthermore, if the Sel
input is not connected, P determines the selection of samples from the sample map.

+*  Sel Audio control input for selecting a sample from the sample map. If this input is not
connected, the values present at the P input are used instead.

+ 5t Audio control input for the starting point to be used when the next trigger ocours. The
position is set in sixteenths of a note value from the star of the sample.

+ LS Audio control input for the loop starting point in sideenths of a note value from the
start of the sample. If this input iz not connected, the default is used: LS = 0.

* LL: Audio control input for the loop length in sbdeenths of a note value. If this input is not
connected, the default is used: LL = length of the sample.

+ S50 Audio contral input for modulation of the sample postion (Sample Offset) in
sideenths of a note value. This input is used to reach steps in the sample which, for
instance, can be controlled by a sequencer module,

* Sm: Audio control input for the Smoothness of the resynthesis process. The sound
partides are adjusted using this. Very small values generally lead 1o a "cracking” sound
every sideenth interval.

* Pan: Audio controd input for the position in the stereo field (-1 = Left, 0 = Center, 1 = Right).

« A Audio conirol input for the output amplitude.

* L:  Audio output for the left channel of the resynthesizer.

« R Audio output for the right channel of the resynthesizer.
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+  Lng: Polyphonic event output for the length of the current sample in milliseconds.

+ L16: Polyphonic event output for the length of the current sample in sixteenths of a note
value.

+ P16 Polyphonic event output for the current position in the sample in sbdeenths of a note
value.

*  Ct16:Polyphonic event output for counting the sixteenths of a note value that have passed
since the start / reset

| ookup

T

® This module makes samples available as function value look-up tables. A position within the
sample in millisaconds is set via the Pos input. The value of the sample at this point s sent to the
outputs.

You can load sound fles using the Load Sound... entry in the context menu.

The properties dialog box allows you to select one of three levels of quality that is to be used for

interpolation during transposed sample playback (Poor, Good, Excellent). If set to Poor, the

sample values are not interpolated during output. Higher playback quality is achieved at the

expense of processing capacity,

+  Pos: Audio input for the position in the sample in miliseconds.

* A Audio input for amplitude modulation.

+ L Audio output for the left channel of the sample. When processing mono samples, the
same signal is culput here as is sent to the R output.

+ R Audio output for the right channel of the sample. When processing mono samples,
the same signal is output here as is sent to the L output.

*  Lng: Polyphonic event output for the length of the curent sample in milliseconds,
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9 Sequencer
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Source for start and stop events for the synchronization with external MIDI devices or the internal
miaster clock.

The cutput of the Start/Stop module is a monophonic gate signal. Its value can be set with
Output Value in the properies. The signal jumps to the set value when the start button in the
toolbar is pressed or when a MIDI Start event is received, as appropriate. The signal jumps back
to zero when the stop button is pressed or when a MIDI Stop event is received,

The module is typically connected to the reset input of sequencers and event dividers which are
synchronized with the MIDI Clock to force a synchronous start.
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Source for a clock signal which & derived from an external MIDI Clock or the internal master
clock.

The output of the Synch Clock module is a monophonic gate signal. The value can be set with
Output Value in the properties. At each beat, the gate jumps to the respective value and back to
zero after a certain time intenval. The module is activated and deactivated by start-stop events,

The rate of the clock signal (quarter, eighth, sbdeenth notes, elc.) can be adjusted in properties
as Rate.

The duration of the gate signal (eighth, sideenth nole, etc.) can be adpsted in propertes as
Duration.
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Source of a clock signal which comesponds to the exdernal MIDI Clock or the internal master

clock.

For each 96" note an event is sent at the output. The value can be set as Output Value in the
properties.

In contrast to the Sync Clock source, the events of the 1/96 Clock have to be processed by an
Event Freq. Divider (see section 15). This has the advantage that you can axperiment with
arbitrary division factors.

Free running clock source. An infermal oscllator (monophonic) produces regular clock onjoff
pulses in the form of events, e.g. for driving a sequencer. The value of the on-events can be sat
in the module proparies.

L

*

F: Event input for control of clock frequency in Hz. For control of Tempo in BPM,
computte the value in Hz as follows: clocks-per-baat x BPM/80. So, for 168" note clocks at 4
beats to the bar (that's four 16ths per beat), you get F = 4/60 x BPM or 0.0667 x BPM.

W. Event input for control of pulse width, Le. the ratio of the duration of the on-period to
the off-period. Range of values is -1 to 1. Symmetric waveform (equal duration on
and off) at W =0; LocHi= (1 + W) /{1=-W).

Snec: Event input for synchronization of the waveform. A positive event synchronizes the
clock source.

Out: Event output for the dlock signal, aternating between on-value and zero,
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Sequencer with § steps. The output value for each step (e.g. to control oscillator pitch) can be set
independently. In addition a gate signal is output with the amplitude given by the cument value of
the gate amplitude input at the time the step advances,

*

L by

&8 2

Audio input for clock control. A positive zero crossing switches to the next step.
Typically you would connect a Pulse Oscillator or MIDI Syne module here.

Audio input for a reset signal. A positive zero crossing puts the sequencer back o
the first step. Typically you would connect a button or MIDI Start module here.

Audio input for controlling the amplitude of the gate output. When the value is zero
or the input is not connected, no signal appears on the gate output.

Audio input for controlling the value of the first step,

Audio input for controlling the: value of the second step.

Audio input for controlling the value of the third step.



*

S4:  Audio input for controlling the value of the fourth step,
+ 85 Audio input for controlling the value of the fifth step.
S6: Audio input for controlling the value of the sbdh step.
Out: Event output for the sequencer step signal,

G: Ewvent output for the gate signal,

St Event output for the current step number,

-

Like 6-Slep Sequencer but with B steps.

Like 6-Step Sequencer but with 12 steps.

Like 6-Step Sequencer but with 16 steps,

16-input selector switch with Pes-input for direct step selection,
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10 LFO, Envelope

Low Frequency Oscillator with Pulse, Triangle and Parabol Wave outputs. It i typically used as
a source for modulation signals (for vibrato, remolo etc.). The output signal is a stream of events
at the Control Rate selected in the Settings menu.

Since the LFO operates at the Control Rate, it is much more CPU efficient than an audio
oscillator which could do the same job.

F:  Audio input for control of the oscillator frequency in Hz. For control with Tempo n

BPFM, you can compute the required value in Hz as follows: F = oscilations-per-baat x

BPM/E0. So, for evample, for 3 cscillations per bar at 4 beats to the bar {that's 3%

oscillations per beat), you get F = (%4)/60 x BPM or 0.0125 x BPM.

A Input for controling the amplitude, The output signal moves  between
+8 and &

W: Event input for control of pulse width, i.e. the ratio of the duration of the on-period to

the off-period for the pulse output, and appropriate warping of the other waveforms. Range

of values is —110 1. Symmetric waveforms at W = 0.

Snc: Event input for synchronization of the LFO waveform. A positive event synchronizes

the cecillator, resetting it to the phase given by the Ph input.

Ph: Input for specifying the phase {position in the waveform) to which the oscillator is

reset when synchronization occurs. Ph = 0; Phase = () deg (middle of rising slope), Ph =

0.5: Phase = 180 deg (middle of falling slope). Ph = 1: Phase = 360 deg (same as 0 deg).

Par: Event output for the parabolic waveshape signal.

Tri: Ewvent output for the triangle waveshape signal.

Pls: Event output for the pulse waveshape signal.
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Low Frequency Cscillator which produces a random step waveform.

+ F: Contro input for the step frequency in Hz.

+ A Control input for the amplitude. The output value is somewhere in the range —A to
+A

*  Qut: Event cutput for the random signal.

Envelope generator with hold characteristic. When the envelope is inggered the output value
jumps to the current value of the amplitude input and stays there until the hold time has passed,
after which the output jumps back to zero. The envelope can be triggered at any time, including

« T. Audio inpat for triggering the envelope on a rising edge (value leaves zero in
positive direction).

* A Audio input for the output value during the hold time. The input is sampled at
the triggering instant after which the value is held at the cutput.

+ H Logarthmic event input for controlling the hold tme. 0= 1ms, 20= 10ms,
40 = 100 ms (i.e. in dBme).

+  Qut: Audio output for the emvelope signal.
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Envelope generator with hold-release characteristic. When the emvelope s triggered the output

value jumps to the current value of the amplitude input and stays there until the hold time has

passed, after which the output decays exponentially with the release time back to zero.

+ T Audio input for triggering the envelope on a rising edge (value leaves zero in
positive direction).

* A Audio input for the output value during the hold time. The input s sampled at
the: triggering instant after which the value is held at the output.

*+ H Logarithmic event input for controlling the hold time. 0= 1ms, 20= 10 ms,
40 = 100 ms (i.e. in dByy).

+ R Logarithmic event input for controlling the release time, 0= 1ms. 20= 10 ms,
40 = 100 ms (i.e. i dB ).

+  Out Audio output for the envelope signal.
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Envelope generator with decay charactenstic. When the envelope is triggered the cutput value
junps to the current value of the amplitude input, after which the output decays exponentially
with the decay time back to zerg.

« T Audio input for triggering the envelope on a rising edge (value leaves zero in
positive direction).
« A Audioinput for the initial output value. The input i sampled at the triggering instant.

* D Logarthmic event input for controlling the decay time. 0= 1ms, 20= 10ms,
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Ervelope generator with decay-release charactenistic, When the envelope is triggered with a
gate event the output value jumps to the amplitude value of the gate signal, after which the
output decays exponentially with the decay time back to zero. A gate event with amplitude zero
(at note off) sets the decaying time to the release time value which is nomally set to be shorer,

+ G Ewvent input for the gate signal that triggers the envelope. The amplitude of the
gate signal determines the intial output value.,

+ D Logarithmic event input for controlling the decay time. 0= 1ms, 20= 10ms,
40 = 100 ms (Le. in dBm).

+ R Logarthmic event input for controling the release time. 0= 1ms, 20= 10ms,
40 = 100 ms (Le. in dBixa).

+  Dut: Audio output for the ervelope signal,

Emvelope generator with decay-sustain-release charactenstic. When the envelope s triggerad
with a gate event the output value jumps to the amplitude value of the gate signal, after which the
output decays exponentially with the decay time 1o the sustain level (multiplied by the amplitude).
After a gate event with ampliude zero (at note off) the output decays exponentially with the
release time back 1o zero,

« G Event input for the gate signal that triggers the envelope. The ampliude of the
gate signal determines the initial output value.
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+ D: Logarithmic event input for controlling the decay time. 0= 1ms, 20= 10ms,
40 = 100 mz (i.e. in dBima).

+ 8 Event input for controling the sustain level. Typical range of values is: 0 (decay to
zero) to 1 (hold al initial level), but sustain can be greater than 1 or even less than 0.

+ R Logarithmic event input for controling the release time. 0= 1ms, 20= 10 ms,
40 = 100 ms (i.e. in dBymw).

Out: Audio output for the envelope signal,

L

Envelope generator with decay-breakpoint-release characterstic. When the envelope is
triggered with a gate event the output value jumps to the amplitude value of the gate signal, after
which the output decays exponentially with the decay-1 time until it reaches the breakpont level
imultiplied by the amplitude). Next it continues decaying exponentially with the decay-2 time
back to zero. A gate event with amplitude zero (at note off) sets the decaying time 1o the release
tirne value which is normally set to be shorer.

+ G: Event input for the gate signal that triggers the envelope. The amplitude of the
gate signal determines the initial output value.

+ D1 Logarithmic event input for controlling the first decay time. 0= 1ms, 20= 10ms,
40 = 100 ms (i.e. in dB ).

+« B: Event input for controlling the breakpoint level. Range of values: 0 (never use
decay-2 time) to 1 (immediately use decay-2 time).

+ D2 Logarithmic event input for controlling the second decay time. 0 = 1 ms, 20 = 10 ms,
40 = 100 ms {i.e. in dBy).

+ R Logarthmic event input for controlling the release time. 0= 1ms, 20= 10ms,

40 = 100 ms (.2, in dBym.).
Out: Audio output for the emvelope signal.
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Attack-Decay envelope, triggered by the positive slope of the T signal. The decay starts

immediately, when the attack time is over.

T Input for the trigger signal. A positive siope starts the envelope.

A Control input for the output amplitude.

At Control input for the aftack time of the envelope. 0= 1ms, 20= 10ms,
40 = 100 ms i.e. in dBymw).

Dec: Control input for the decay time of the envelope. 0= 1ms, 20= 10ms,
40 = 100 ms (i.e. in dBum).

Out: Qutput for the envelope signal.

*

L

*

Ervelope generator with attack-release charactenstic, When the ervelope s tniggered with a
gate event the output value rises during the attack time with a linear slope to the ampiitude value
of the gate signal. The output is then held at the maximum level until a gate event with amplitude
zero (at note off) amives, after which the output decays exponentially with the release time back
1o Z2ero.

« G Event input for the gate signal that triggers the ervelope. The amplitude of the
gate signal determines the masdimum output value.

= A Logarthmic event nput for controlling the aftack time. 0= 1ms, 20= 10ms,
40 = 100 m= (i.e. in dBiw).

s+ R Logarthmic event input for controling the release time. 0= 1ms, 20= 10ms,
40 = 100 ms (i.e. in dBimw).
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Out: Audio output for the envelope signal.

Ty

e L e L, Enveiops:

Ervelope generator with the classic aftack-decay-sustainrelease characteristic. When the
emvelope is triggerad with a gate event the output value rises during the attack time with a linear
slope to the amplitude value of the gate signal, after which it decays exponentially with the decay
time to the sustain level (multipiied by the amplitude). The output is held at the sustain level unti
a gate event with amplitude zero (at note off) arrives, after which the output decays esponentially
with the release time back 1o zero.

w

G: Ewvent input for the gate signal that triggers the envelope. The amplitude of the

A:  Logarithmic event input for controlling the attack tme. 0= 1ms, 20= 10ms,
40 =100 ms (.2, in dB ).

D Logarthmic event input for comtrolling the decay time. 0= 1ms, 20= 10ms,
40 = 100 ms (i.e. in dByme).

S Event input for controlling the sustain level. Typical range of values is: 0 (decay
to zero) to 1 (hold at end of attack), but sustain can be greater than 1 of aven
less than 0.

R: Logarithmic event input for controlling the release time. 0= 1ms, 20= 10ms,
40 =100 ms (j.e. in dByme).

Out: Audio output for the envelope signal,
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Emvelope generator with attack-decay-breakpoint-decay-release characteristic. VWhen the

envelope is triggerad with a gate event the output value rises during the attack time with a linear

slope o the amplitude value of the gate signal, after which it decays exponentially with the

decay-1 time until it reaches the breakpoint level (multiplied by the amplitude). Next it continues

decaying exponentially with the decay-2 time back to zero, A gate event with amplitude zero (at

note off) sets the decaying time 1o the releasa time value which is normally set to ba shorer,

+ G Event input for the gate signal that triggers the envelope. The amplitude of the
gate signal determines the masxdmum output value,

*+ A Logarithmic event input for controlling the attack time. O= 1ms, 20= 10ms,
40 = 100 ms (i.e. in dB,..).

+ D1: Logarithmic event input for controlling the first decay time. 0= 1 ms, 20 = 10 ms,
40 = 100 m3s {i.e. N dBws).

« B: Event input for controlling the breakpoint level. Range of values: 0 (never use
decay-2 time) to 1 (mmediately use decay-2 time).

+ D2 Logarithmic event input for controlling the second decay time. 0 = 1 ms, 20 = 10 ms,
40 = 100 ms (Le. n dB,.).

* R: Logarithmic event input for controlling the release time. 0= 1ms, 20= 10ms,

40 = 100 ms {i.e. N dB ).
Out: Audio output for the envelope signal.

n
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the envelope is triggered with a gate event the cutput value rises during the attack time with a
linear slope to the amplitude value of the gate signal, after which it decays according to the first
decay time with a linear siope 1o the breakpoint level, From there it continues with the second
decay time fo the sustain level {the levels are muliplied by the amplitude). The output is held at
the sustain level until a gate event with amplitude zero (at note off) amives, after which the output
decays exponentially with the release time back to zero.

*

G

A

2

R ¥

| o

Event input for the gate signal that triggers the envelope. The amplitude of the
gate signal determines the masimum output value.

Logarithmic event input for controlling the attack time, 0= 1ms, 20= 10ms,
40 = 100 ms (i.e. in dB ).

Logarithmic event input for controlling the first decay time. 0= 1 ms, 20 = 10 ms,
40 = 100 ms {i.e. in dByy).

Event input for controlling the break point level. Typical range of values is: 0 1o 1.
Logarithmic event input for controlling the second decay time. 0 = 1 ms, 20 = 10 ms,
40 = 100 ms (L.e. in dB ).

Event input for contralling the sustain level, Typical range of values is: 0to 1.

Logarithmic event input for controlling the release time. 0= 1ms, 20= 10ms,
40 = 100 ms [.e. in dB=g).

Out: Audio cutput for the envelope signal.
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4.stage envelope generator with linear slopes. When the envelope is triggered with a gate event
the output value rises to the first level, reaching it within the time set for the first stage. Then it
continues to the second level within the time set for the second stage, and so on. The third level
is the sustain level, at which the output is held until a gate everit with amplitude zero (at note off)

*

G: Event input for the gate signal that triggers the envelope. The ampliude of the
gate signal combines with all the level values to determine the actual levels reached.

T1: Logarithmic event input for controlling the time for the first stage. 0= 1ms, 20=

10 ms, 40 = 100 ms (i.e. ndB..).

L1: Input for controlling the level which is reached at the end of the first stage.

T2: Logarithmic event input for contralling the time for the second stage. 0= 1ms, 20 =

10 ms, 40 = 100 ms (i.e. N dBw).

L2  Input for controfiing the level which is reached at the end of the second stage.

T3: Logarithmic event input for controlling the time for the thind stage. 0= 1ms, 20 =

10 ms, 40 = 100 ms (Le. in dB ).

LS: Input for controlling the level which is reached at the end of the third stage. This is the

sustain level,

TR: Logarithmic event input for controlling the time for the last stage which is the release.

0=1ms, 20 = 10 ms, 40 = 100 ms {Le. in dB ).

Stg: Event output for the current stage in which the envelope is (1, 2 __). After the end of

the release stage and before a new trigger. the value is 0. With appropriate processing this

value in can be used to chain other envelopes, or for the envelope to refrigger iseff.

Out: Audio output for the envelope signal.
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5-stage envelope generator with linear slopes. When the envelope & triggered with a gate event
the output value rises to the first level, reaching it within the time set for the first stage. Then it
continues to the second level within the time set for the second stage, and so on. The fourth level
is the sustain level, at which the output is held until a gate event with amplitude zero (at note off)
amrives, after which the output retums to zero within the last time-period.

L]
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G: Event input for the gate signal that triggers the envelope. The amplitude of the
gate signal combines with all the level values to determine the actual levets reached.

T1: Logarithmic event input for controlling the time for the first stage. 0= 1ms, 20=

10 ms, 40 = 100 ms (i.e. in dB ).

L1: Input for controlling the level which is reached at the end of the first stage.

T2: Logarithmic event input for controlling the time for the second stage. 0= 1ms, 20 =

10 ms, 40 = 100 ms [Le. N dBim).

L2:  Input for controlling the level which is reached at the end of the second stage.

T3: Logarithmic event input for controlling the time for the third stage. 0= 1ms, 20 =

10 ms, 40 = 100 ms (i.e. in dBix).

L3: input for contralling the level which is reached at the end of the third stage.

T4: Logarthmic event input for controlling the time for the fourth stage. 0= 1ms, 20=

10 ms, 40 = 100 ms (i.e. iN dBuws).

LS: Input for controlling the level which is reached at the end of the fourth stage. This &

the sustain level,

TR: Logarithmic event input for cortroliing the time for the last stage which is the release.

0 =1ms, 20 = 10 ms, 40 = 100 ms (L.e. N dBsws).
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+  Stg: Event output for the cument stage in which the envelope is (1, 2 ...). After the end of
the release stage and before a new trigger, the value is 0. With appropriate processing this
value in can be used to chain other envelopes, or for the envelope 1o retrigger itseff.

«  OQut: Audio cutput for the envelope signal,

- I:'FI Smp - F Ak

6-stage envelope generator with linear slopes. When the envelope is triggered with a gate event

the output value rises to the first leved, reaching it within the time set for the first stage. Then it

continues to the second level within the time set for the second stage, and so on. The fifth level is

the sustain level, at which the output is held until a gate event with amplitude zero (at note off)

arrives, after which the output retums o 2eno within the last time-peniod,

* G Event input for the gate signal that triggers the envelope. The amplitude of the
gate signal combines with all the level values to determine the actual levels reached.

T1: Logarithmic event input for controlling the time for the first stage. 0= 1ms, 20=

10 ms, 40 = 100 ms (Le. in dB ).

+ L1: Input for contralling the level which is reached at the end of the first stage.

+ T2 Logarithmic event input for controlling the time for the second stage. 0= 1ms, 20 =
10 m=, 40 = 100 ms {L2. in dBym).

* L2  Input for controlling the leved which is reached at the end of the second stage.

+ T3 Logarthmic event input for controlling the time for the thind stage. 0= 1 ms, 20=

10 ms, 40 = 100 ms (i.e. in dB-).

L3: Input for controlling the level which is reached at the end of the third stage.

-
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T4: Logarithmic event input for controlling the time for the fourth stage. 0= 1ms, 20=
10 ms, 40 = 100 ms (i.2. in dB;m).

L4: Input for conirolling the level which is reached at the end of the fourth stage.

T5: Logarithmic event input for controlling the time for the fifth stage. 0= 1ms, 20 =
10 ms, 40 = 100 ms (L.e. in dBym).

LS: Input for controlling the leved which is reached at the end of the fifth stage. This is the
siestain level.

TR: Logarithmic event input for contralling the time for the last stage which is the release.
0=1ms, 20 =10 ms, 40 = 100 ms (Le. in dBy.).

Stg: Event output for the cument stage in which the envelope s (1, 2 ...}, After the end of
the release stage and before a new trigger, the value is 0. With appropriate processing this
value in can be used to chain other envelopes, or for the envelope 1o retrigger itself.

Out: Audio output for the ervelope signal.



11 Filter

11 Filter

ANl of REAKTOR's filters can operate at any frequency, from 0 Hz (constant signal) through the
entire audio range right up to the limit set by the sample rate, Like this they are all equally suited
for use for audio processing of for smoothing control signals (e.g. portamento). When using a
filter to process the input to a port which is of the type that only accepts events (e.g. P as
opposed to F) you need to insert an A to E (perm) module for conversion.

All the filters and EQs can optionally display their frequency response in a graph on the panel.
This can be tumed on with the switches Visible in Instr. and Visible in Ens. under Panel
Appearance in the module's properties. These tum on the display in the instrument panel or the
ensemble panel respectively. The size of the graph can be set in the properties with Pixel in X
and Pixel in Y. The graph's frequency axis is logarithmic and ranges from 10 Hz to 20 kHz.

-1 1-Pole Filter

1-pole filter with high pass and low pass outputs (6 dBloctave falloff) and logarithmic control of

cutoff frequency.

+ P: Logarthmic event input for controling the cutoff frequency. Value
in semitones (B9 = 440 Hz).

+ In:  Audio signal input for the signal to be filtered

+«  HP:. Audic output for the high pass filtered signal

« P Audio output for the low pass filtered signal
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1-pole fiter with high pass and low pass oulputs (5 dBloctave falloff), logarithmic and linear
control of cutoff frequency.

+ P Logarthmic event input for controling the cutoffi frequency. Value
in semitones (69 = 440 Hz).

+ F  Audio input for linear control of the cutoff frequency. Value in Hz. P and F
together determine the oscillator frequency: f; = F + 25 ™% . 440Kz

+« In:  Audio signal input for the signal to be filtered

+  HP: Audio output for the high pass filtered signal

+ LP: Audio output for the low pass fitered signal

2-pole fitter with high pass and low pass outputs {12 dB/octave falloff), band pass (above and
below each & dB/octave falloff), variable resonance, and logarithmic control of cutolf frequency.

The pass band gain is always 1 (0 dB), whereas the gain at the cutoff frequency increases with

the resonance, Caution: Very large amplitudes are generated when Res is almost 1.

+ P Logaithmic event input for controlling the cutoff frequency. Value
in semitones (69 = 440 Hz).

Res: Event input for controlling the filter's resonance/damping. Range of values O
imaximal damping, no resonance) to 1 (no damping, maxmal resonance,
seff oscillationl). At high resonance the filter's Qfactor = frequency [Hz] |
bandwidth [Hz] = 1/ (2 - 2 Ras).

n:  Audio signal input for the signal to be filtered

HP: Audio output for the high pass filtered signal

BP: Audio output for the band pass fitered signal

LP: Audio output for the low pass filtered signal

*

L3

*
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2-pole fiter with high pass and low pass outputs (12 dB/octave falloff), band pass (above and
below each 6 dBjoctave falloff), variable resonance, logarithmic and linear control of cutoff

frequency.
The pass band gain is always 1 (0 dB), whereas the gain at the cutoff frequency increases with
the resonance. Caution: Very large amplitudes are generated when Res is almost 1.
* P logarthmic event input for controling the cutoff frequency. Value
in semitones (69 = 440 Hz).
F: Audic input for linear control of the cutoff frequency. Value in Hz, P and F
together determine the oscillator frequency: = F + 27 ™ . 440Hz
*  Res: Event input for controling the filter's resonance/damping. Range of values 0
(maximal damping, no resonance) to 1 (no damping, maamal resonance,
self cscillation!). Al high resonance the fiter's Qfactor = frequency [Hz] /
bandwidth [Hz] = 1/ (2 - 2 Res).
+ In:  Audio signal input for the signal to be filtered
Audio output for the high pass fitered signal
Audio output for the band pass filtered signal
Audio output for the low pass filtered signal

°%3
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2-pole filter with band reject (notch) output, high pass and low pass outputs (12 dB/octave falloff),
band pass (above and below each 6 dBoctave falloff), variable resonance and logarithmic
control of cutoff frequency.

The gain at the cutoff frequency is always 1 (0 dB), whereas the pass band gain decreases with
INCraasing résonance.

Al the notch filter output the selected frequency is completely removed.

P: Logarthmic event input for controling the cutoffi frequency. Value

in semitones (69 = 440 Hz).

* Res: Event input for controlling the filter's resonance/damping. Range of values 0
(maximal damping, no resonance) to 1 (no damping maximal resonance,
seff oscillation). At high resonance the fiter's Qfactor = frequency [Hz] |
bandwdth [Hz] = 1/ (2 - 2 Res).

In:  Audio signal input for the signal to be fitered
HP: Audio output for the high pass filtered signal

«  BP. Audio output for the band pass fitered signal
LP
N

-

» Audio output for the low pass filtered signal
Audio output for the band reject (noteh) fitered signal

—— —
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2-pole filter with band reject (notch) output, high pass and low pass outputs (12 dBfoctave falloff),
band pass (above and below each 6 dB/octave falloff), variable resonance, logarithmic and linear
control of cutoff frequency.

The gain at the cutoff frequency is always 1 (0 dB), whereas the pass band gain decreases with
Al the natch filter output the selected frequency is completely removed.

*+ P Logarthmic event input for controling the cutoff frequency. Value
in semitones (69 = 440 Hz).
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« F. Audio input for linear control of the cutoff frequency. Value in Hz. P and F
together determine the oscillator frequency: f, = F + 27 . 4401z

Res: Event input for conirolling the filters resonance/damping. Range of wvalues 0
(maximal damping, no resonance) to 1 (no damping, maxdmal resonance,
seff oscillation!). At high resonance the fiter's Q-factor = frequency [Hz] /
bandwidth [Hz] « 1/ (2 — 2 Res).

In:  Audio signal input for the signal to be filtered

HP. Audio output for the high pass filtered signal

+  BP: Audio output for the band pass filtered signal

LP:  Audio output for the low pass fittered signal

N Audio cutput for the band reject (notch) filtered signal

*

&

1 -Fole Fiter |

d4-pole fiter with low pass (24 dBjoct falloff), band pass (12/12dBjoct) and bandiow pass

(6/18 dByoct) outputs, 2-pole high and low pass (12 dB/oct) and band pass (66 dBoct) outputs,

variable resonance and logarithmic control of cutoff frequency.

The pass band gain is always 1 (0 dB), whereas the gain at the cutoff frequency increases with

the rescnance. Caution: Very large amplitudes are generated when Res is almaost 1,

+ P. Logarthmic event input for controling the cutoff frequency. Value
in semitones (69 = 440 Hz).

*  Res: Event input for controlling the filter's resonance/damping. Range of values 0 (maxmal
damping, no resonance) to 1 (no damiping, maximal resonance, self cscillationd),

* In:  Audio signal input for the signal to be filtered

* HP2: Audio cutput for the 2-pole high pass filtered signal

+  BP2 Audio output for the 2-pole band pass fitered signal

+  LP2Z Audio output for the 2-pole low pass filtered signal

+  BP4: Audio output for the 4-pole band pass filtered signal

a1
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+  BL4: Audio output for the 4-pole bandlow pass filtered signal
+  LP4: Audio output for the 4-pole low pass filtered signal
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d-pole filter with low pass (24 dBfoct falloff), band pass (12/12 dBjoct) and bandfiow pass
(618 dB/oct) outputs, 2-pole high and low pass (12 dBioct) and band pass (66 dB/oct) outputs,
variable resonance, logarithmic and linear control of cutoff frequency,

The pass band gain is always 1 (0 dB), whereas the gain at the culoff frequency increases with

the resonance, Caution: Very large amplitudes are generated when Res i aimost 1,

* P Logarithmic event input for controlling the cutoff frequency. Value
m semitones (69 = 440 Hz).

« F Audio mput for linear control of the cutoff frequency, Value n Hz. P and F
together determine the cscillator frequency: f; = F + 25" . 440Hz

= Res: Event input for contralling the filter's resonance/damping. Range of values 0 (maximal
damping, no resonance) to 1 (no damping, maximal resonance, self cscillationl ),

+ In:  Audio signal nput for the signal to be fitered

*  HP2: Audio output for the 2-pole high pass filtered signal

*  BP2: Audio output for the 2-pole band pass filtered signal

« P2 Audio output for the 2-pole low pass filtered signal

+  BP4: Audio output for the 4-pole band pass filtered signal

+  Bl4: Audio output for the 4-pole band/low pass fltered signal

+  LP4: Audio cutput for the 4-pole low pass filtered signal
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4-pole filter with high pass (24 dBfoct falloff), band pass (1212 dBfoct) and bandhigh pass

(18/6 dB/oct) outputs, 2-pole high and low pass (12 dB/oct) and band pass (66 dB/oct) outputs,

variable resonance and logarithmic control of cutoff frequency.

The pass band gain is always 1 (0 dB), whereas the gain at the cutoff frequency increases with

the resonance. Caution: Very large amplitudes are generated when Res is aimost 1.

+ P:  Logarthmic event input for controling the cutoff frequency. Value
in semitones (69 = 440 Hz).

+  Res: Event input for controlling the filter's resonance/damping. Range of values 0 (maximal
damping, no resonance) to 1 (no damping, meximal resonance, self oscillationt).

+  In:  Audio signal input for the signal to be fitered

= HP2: Audio output for the 2-pole high pass filtered signal

«  BP2: Audio output for the 2-pole band pass filtered signal

*  LPZ Audio output for the 2-pole low pass filtered signal

*  HP4: Audic output for the 4-pole high pass filtered signal

*  BH4: Audio output for the 4-pole band/high pass fitered signal

«  BP4: Audio output for the 4-pole band pass filtered signal
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| 4-Pole HP

a-pole fiter with high pass (24 dBjoct falloff), band pass (12/12 dBloct) and band/high pass

(18/6 dB/oct) outputs, 2-pole high and low pass (12 dBjoct) and band pass (66 dBioct) outputs,

variable rescnance, logarithmic and linear control of cutoff frequency.

The pass band gain is always 1 {0 dB), whereas the gain at the cutoff frequency increases with

the resonance. Caution: Very large amplitudes are generated when Res is almaost 1.

+ P Logarthmic event input for controling the cutoff  frequency. Value
in semitones (62 = 440 Hz).

F:  Audio input for linear control of the cutoff frequency. Value in Hz. P and F together
determine the oscillator frequency: f, = F + 25 ™% . 440Hz

+  Res: Event input for controling the fiters resonance/damping. Range of values 0 (maximal

damping, no resonance) to 1 (no damping, maxdmal resonance, seif oscillation!).

+ In:  Audio signal input for the signal to be filtered

+  HP2: Audic output for the 2-pole high pass filtered signal

«  BP2: Audio output for the 2-pole band pass filtered signal

+ P2 Audio output for the 2-pole low pass filttered signal

+  HP4: Audio output for the 4-pole high pass filtered signal

+  BHA4: Audio output for the 4-pole band/high pass fitered signal

+  BP4: Audio output for the 4-pole band pass filtered signal
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Parametric equalizer with adjustable boosticut, band width and legarithmic frequency control.
With the Peak EQ a specific frequency in the signal and a narmow or wide band of frequencies
around it can be amplified or attenuated. More distant frequencies are not affected.

* P Logarthmic event input for controlling the cutoff frequency. Value
in semitones (69 = 440 Hz).

Res: Event input for controlling the filter's resonance (G-factor). Range of values 0
iminimal resonance, maxmal band width) to 1 (maximal resonance, minimal band
width). Al high resonance the fiter's Q-factor = frequency [Hz] / bandwidth [Hz]
w 1/(2 -2 Res).

B: Ewvent input for controlling boosticut in dB. At value B = 0 the signal remans
unchanged.

+ In:  Audio signal input for the signal to be equalized

+  Qut Audio cutput for the equalized signal

Parametric equalizer with adjustable boosticut, band width and logarithmic and linear frequency
control. With the Peak EQ a specific frequency in the signal and a namow or wide band of
frequencies around it can be amplified or attenuated. More distant frequencies are not affected.

+« P: Logarthmic event input for controling the cutoff frequency. Value
in semitones (69 = 440 Hz).
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F:  Audio input for linear control of the cutoff frequency. Value in Hz. P and F together
detenmine the oscillator frequency: £ = F + 27 ™" - 440Hz

Res: Event input for controlling the filter's resonance (Q-factor). Range of values O
{minimal resonance, maximal band width) to 1 (maximal resonance, minimal band
width). At high resonance the fiter's Q-factor = frequency [Hz] / bandwidth [Hz]
=1/(2- 2 Res).

+ B: Event input for controling boosticut in dB, Al value B = 0 the signal remains

unchanged.
+ ;. Audiosignal input for the signal to be equalized
+«  Qut: Audio cutput for the equalized signal

L

logarithmic fraquency control.

The level of frequencies above the comer frequency is raised or reduced by the set amount. Low
frequencies are not affected.

* P Logarthmic event input for controling the cutolf  frequency. Value
in semitones (B9 = 440 Hz),
+ B Event input for controing boosticut in dB. At value B = 0 the signal remains
unchanged.
In:  Audio signal input for the signal to be equalized
Out: Audio output for the equalized signal

L3

L
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Parametric equalizer with high shelving characteristic, adjustable boostcut, band width and
logarithmic and linear fraquency control,

The level of frequencies above the comer frequency is raised or reduced by the set amount. Low
frequencies are not affected.

+ P:  Logarthmic event input for controling the cutoff frequency. Value
in semitones (B9 = 440 Hz).

+ F. Audio input for linear control of the cutoff frequency. Value in Hz. P and F together
determine the oscillator frequency: f; = F + 2% ™. 440Hz

«+ B Evenl nput for controling boosticut in dB. At value B = 0 the signal remains
unchanged.

+ In: Audio signal input for the signal to be equalized

«  Qut: Audio output for the equalized signal

logarithmic frequency control,

The level of frequencies below the comer frequency is raised or reduced by the set amount. High
frequencies are not affected,

« P Logarthmic event input for controlling the adoff frequency. Value
in semifones (69 = 440 Hz).
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+ B Event input for controling boosticut in dB. At value B = O the signal remains
unchanged.

+ in.  Audio signal input for the signal to be equalized

«  Out: Audio output for the equalized signal

L 1 Lo Shelf EQ

Parametric equalizer with low shefving characteristic, adjustable boosticut, band width and

The level of frequencies below the comer frequency is raised or reduced by the set amount. High
frequencies are not affected.

+ P Llogarthmic event input for controlling the cutoff  frequency. Value
in semitones (69 = 440 Hz),

F:  Audio input for linear control of the cutoff frequency. Value in Hz. P and F together
determine the oscillator frequency: f, = F + 27 % 440Hz

+ B Event input for controlling boosticut in dB. At value B = 0 the signal remains
unchanged,

In:  Audio signal input for the signal to be equalized

Out: Audio output for the equalized signal

L3

&

Differentiaton

The differentiator gives the slope of the input signal in change units per millisecond. The effect is
like a high pass filter where the ampiification & proportional to frequency. Unity gain at 158 Hz
« In:  Audio signal input for the signal to be differentiated
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+  Qut: Audio output for the differentiated signal

Integrator with Reset input. The output value changes with a slope given by the input in change
units per millisecond. The effect is like a low pass fiter where amplification i proportional 1o
1/frequency. Unity gain at 159 Hz.

* In: Audio signal input for the signal to be integrated
* Rst: EBEvent input for the reset. VWhen an event B received, the output signal B set to
the value of the event.

+  Out: Audio output for the integrated signal
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L 3 Stahic Delay

Polyphonic delay line for audio signals. The input signal appears at the output with a delay
comesponding to the set time. The delay time is controlled by events at the Dly input and is
always rounded 1o an integer number of samples.

The upper limit for the delay time can be adusted in the module's properties dialog window
(default: 1 second) and affects the memory usage. How big this value can be set depends on the
amount of available RAM storage in the computer. At a sample rale of 441 kHz you need
172 kB of RAM for each second of buffer length and for each voice. For one minute you need
10 MB.

*  Dily: Eventinput for controlling the delay time. Value in miliseconds
* In:  Audio input for the signal to be delayed.
+«  Qut: Audio output for the delayed signal
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Polyphonic delay line for audio signals. The input signal appears at the output with a delay
corresponding to the value at the Diy input.

The delay time can be continuously modulated by an audio signal. If the delay time does not
correspond to an integer number of samples, the output signal is generated by nterpolation. The
mnierpolation method can be chosen in the propertes, Linear interpolation may reduce high
frequency companents in the sound somewhat.
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The upper limit for the delay time can be adjusted in the module's properties dialog window
(default: 1 second) and affects the memory usage. How big this value can be depends on the
amount of available RAM storage in the computer. Al a sample rate of 44.1 kHz you need
172 kB of RAM for each second of buffer length and for each voice. For one minute you need
10 ME.

+ Dy Audio input for controliing the delay time. Value in milliseconds
« In. Audio input for the signal to be delayed.
+  Out Audic cutput for the delayed signal

L A0 fuser Dielay

The diffuser is an all-pass fiter containing a delay line with feedback. fts function is to smear

(decomrelate) the input signal without emphasizing any frequency components. lis typical use is
as a building block for reverb type effects, where you would connect several of these modules in
series and give them different delay times of a few milliseconds.

The delay time is conirolled by evenis at the Dly input and is always rounded to an integer

number of samples. The amount of internal feedback s controlled at the Difs input.

When the delay time is set to zero, the Diffuser functions as a 1-pole all pass fiter. Like this you

can construct a phaser, for example, by connecting several diffusers in series and modulating

the Difs parameter,

The upper limit for the delay time can be adjusted in the module’s properties dialog window

{default: 200 ms) and affects the memory usage.

+ Dily: Event input for controlling the delay time. Value in milliseconds

« Dffs: Event input for controlling the diffusion coefficient. Range of values: -1 .. 1.
Dffs = 0: the module is a pue delay, Difs = 1: output = input, Difs = -1:
output = -input. The miost useful values for Difs are near 0.5.

« In: Audioinput for the signal to be diffused.

+  Out: Audio output for the diffused signal

=]
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b Laran Delay
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delay comesponding to the set time at the Dly input, transposed by the amount set at the P input
in semitones.

The input signal is “chopped-up” into sound particles, whose size s controlled by the Granularity

input (Gr). The “roughness” of the resulting sound can be controfled via the Smoothness input

(Sm). The position of the sound particles in the stereo field is set at the Pan input.

The delay time of the Grain Delay can be varied without affecting the pitch. Interesting effects

are possible in combination with randomynoise generators,

In the properties dialog window the playback quality and also the upper limit of the delay time

can be set. The available maximum deday time can deviate from the set amount by up to 50 %,

« P Logarthmic audio control input for transposing in semitones (Pitch).

+  Diy. Audio control input for the delay time in millseconds.

« Gr Audio control input for the granularity of the re-synthesis process, in milliseconds.
This parameter sets the size of the sound particles used for the re-synthesis.

*  5m: Audio control input for the Smoothness of the re-synthesis process. This affects the
formation of the sound particles. Low settings result generally in a rougher sound.

+  Pan: Audio control input for stereo field positioning (-1 = Left, 0 = Middle, 1 = Right).

+ A Audio control input for the output amplitude.

* In:  Input for the audio signal to be delayed.

* L Audiooutput for the left channel of the delay.

* R Audio output for the right channel of the delay.

+  Dly. Polyphonic event output, which is set 1o the current delay time. This output ahways
produces an event whenever a new sound particle s made.
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Signal shaper with piecewise linear input/output curve and one breakpoant.

The slope of the curve above the breakpoint can be adjusted. Signal values below the

breakpoint are passaed unchandged.

+ Bp: Audioinput for controlling the level of the braakpoint

+ 81 Audio input for controlling the slope of the upper pant of the inputioutput curve
= no change in signal).

+ In:  Audio input for the signal to be shaped

+  Qut: Audio output for the shaped signal
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The slope of the curve above the upper and below the lower breakpoint can be adjusted. Signal
values between the breakpoints are passed unchanged.,

+  Bp1: Audio input for controlling the level of the upper breakpoint
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SI1: Audio input for controling the slope of the upper part of the inputioutput curve
{i=r‘rﬂﬂl'ﬂ"lgﬂin5'-ig'ﬂl}.

Si22 Audio input for controling the slope of the lower part of the nputioutput curve
{1 = no change in signal),

In;  Audio input for the signal to be shaped

Out: Audio output for the shaped signal

Signal shaper with piecewise linear input/output curve and three breakpoint.

The slope of the curve above the upper breakpoint, below the lower breakpoint and between the
breakpoints and zero can be adusted. Signal values between the breakpoints are passed
unchanged.

L

*

Bp1: Audio nput for controlling the level of the upper breakpoint

SI: Audio nput for controlling the slope of the upper part of the input/output curve

Bp2: Audio input for controlling the level of the lower breakpoint

Si2. Audio input for controlling the slope of the lower part of the inputoutput curve
{1 = no change in signal).

Sl+: Audio input for controlling the slope of the inputioutput curve between zero and
the upper breakpoint (1 = no change in signal).

Sk Audio input for controling the slope of the inputioutput curve between the
lower breakpoint and zero (1 = no change in signal).

In:  Audio input for the signal to be shaped

Out: Audio cutput for the shaped signal
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The linear and square parts of the signal can be adjusted { Out = Lin In + Par In® ),
* Lin: Audio input for controlling the leved of the linear, undistorted part

+*  Par: Audio input for controlling the level of the square, distorted part

« In:  Audioinput for the signal to be shaped

+  Out Audio cutput for the shaped signal

Signal shaper with cubic parabolic (3° order polynomial) input/output curve.

The linear, square and cubic parts of the signal can be adjusted (Out = Uin In + ParIn® +
Cub In*).

+  Lin: Audio input for controlling the level of the linear, undistorted pan

+  Par. Audio input for controlling the level of the square, distorted part

+  Cub: Audio input for controlling the level of the cubic, distorted part

+ In:  Audio input for the signal to be shaped

+  Qut Audio output for the shaped signal
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output it produced by linear interpolation between the given points,
+  100: Output value atIn = 1 (100%).

50: Output value at the breakpoint at In = 0.5 (50%).

0 Output value at In = 0 (0%).

+ Im:  Eventinput for the signal to be shaped

+  Out: Event cutput for the shaped signal

-

&

Event signal shaper with piecewise linear inputioutput curve and two fixed breakpoints. The
output it produced by linear interpolation between the given points.

+  100: Output value at In = 1 (100%),

+ 86 Output value at the upper breakpoint at In = 0,66 (66%).

+ 33 Output value at the lower breakpoint at In = 0.33 (33%).

+ 0 Outputvalueatin =0 (0%).

+ In: Eventinputfor the signal to be shaped

Out: Event output for the shaped signal

-



13 Shaper

Event signal shaper with piecewise linear inputjoutput curve and three fived breakpoints. The
output it produced by linear interpolation between the given points.
* 100: Output value at In = 1 (100%).
+ 75 Output value at the upper breakpoint at In = 0.75 (75%).
50: Output value at the middle breakpoint at In = 0.5 (50%).
25 Output value at the lower breakpoint at In = 0.25 (25%).
« 0 Output value at In = 0 {0%).
In:  Event input for the signal to be shaped
Out: Event output for the shaped signal

A A
Neo)

Event exponential function with scaling as for level control inputs (e.g. on a Mbger module). With

this converter a linear amplitude confrel input can be controlled like a level confrol input with a

logarithmic event value in dB.

+  Lvl: Event input for the logarithmic amplitude control signal. 0 [dB] at A= 1, 20 [dB] at
A=10

+ A Eventoutput for the linear amplitude control signal
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Event exponential function with scaling as for pitch control inputs (e.g. on an oscillator module).

With this converter a linear frequency control input can be controlled like a piich control input with

a logarithmic event value.

+ P Event input for the logarthmic pitch control  signal. Value
in semilones, 69 = AJ (440 Hz).

+« F.  Event output for the linear frequency control signal

A Lyl

d 100
Logarithmic converter for level control. A linear amplitude control signal s converted to a
logarithmic level control signal (in dB).

This converter can also be used to control logarithmic time control inputs in dBuw (8.9 In
ervelopes) using linear time values in ms (according to the table on page 122).
s A Eventinput for the amplitude control signal

*  Lvl: Event output for the logarithmic e control signal.
0 [dB] at A =1, 20 [dB] at A =10

£ P
L Log

Logarithmic converer for level control. A linear amplitude control signal is comverted to a
logarithmic level control signal (in dB).

+« F Event input for the linear frequency control signal
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* P: Event cutput for the logarithmic pitch control signal.
Value in semitones, 69 = A3 (440 Hz).

v A
d £ |

Audio exponential function with scaling as for logarithmic amplitude control inputs. With this
corverer a linear control input can be controlled with a logarithmic audio signal.

« Lvi Awdic input for  the  logarthmic  ampltude  control  signal
0 [dE] at A =1, 20 [dB] at A =10

+« A Audio output for the linear amplitude control signal

Audio exponential function with scaling as for logarithmic frequency control inputs. With this
corverter a linear contral input can be controlled with a logarithmic audio signal,

P: Audic input for the logarthmic  frequency  control  signal
Value in semitones, 69 = A3 (440 Hz).

« F Audio output for the linear frequency control signal. Value in Hz
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14 Modifier

S aburator

Distortion with a smoothly rounded input-cutput curve for soft transition to saturation. The output
value is imited 10 22 (reached for input values bigger than =4). Very small input values are nol
changed.

+ In:  Audioinput for signal to be saturated
= Out Audio cutput for saturated signal

el 1= g
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Distortion with a hard clipping and adjustable upper and lower limit. When the inpul signal
exceads the upper limit  is clipped to the imit value, simiarly for the lower limit. Signal values
between the limits are passed unchanged.

«  Max: Audio input for controlling the upper imit of the signal

+  Min: Audio imput for controlling the lower limit of the signal

+ In:  Audio input for signal to be dipped

+  Dut Audio output for clipped signal

100
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Distortion with a hard clipping and variable limit. When the absolute value of the nput signal
exceads limit it is dipped to that value, Smaller signal values are passed unchanged.

* M: Audio input for controfing the limit on the absolute value of the signal

* In:  Audio input for signal 1o be clipped

+«  Qut: Audio cutput for clipped signal

Hechifie

The input signal is rectified, i.e. negative values are inverted and become positive. The sign of
the input signal is avallable at the Sign output.

*+ In: Audio input for signal to be rectified. Negative values become positive with
equal magnitude.

+  Sign: Audio output for the sign of the input signal (-1 of +1),

+  Qut Audio output for the rectified signal

_J?E_.:__ﬂh \..5:5._3_—1.& E_.j\_q-.l-nr_:"b-\.ir ey T
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Distortion by signal value mirroring with adjustable miror level. Signal values above the mirmor
level are “reflected” at the level 1o end up smaller, Signal values below the mirror level are
passed unchanged.

1m
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+  Max: Audio input for controlling the mirmor leved
+ In:  Audio input for signal to be modified

Distortion by double signal value mirroring with adjustable mirror levels. Signal values above the
upper miror level are “reflected” at the level to end up smaller, those below the lower miror leved
are "reflected” at that level to end up larger. Signal values in the middle are passed unchanged.

+  Max: Audio input for controlling the upper mimor level
+  Min: Audio input for controlling the lower mirror level
« In  Audio input for signal to be modified
+  Qut Audio output for the modified signal

Chopper Modulator that switches amplification of the input signal between and variable factor
and one.

When the modulation signal is positive, the input signal is multiplied by the value X. When the
modulation signal is negative, the input is output unchanged.

+ M Audio input for the modulation signal (only the sign is relevant).

+« X Audio input for controlling the amplification facior used when M is positive.

* In:  Audio input for the signal to be chopped.

+  Out Audio output for the chopped signal
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Slew rate limiter with separately adjustable maximum rate for rising and falling signals. The

output signal tracks the input signal, but for fast movement and jumps at the input, the output

follows with a lmited rate of change (ramp) until its value reaches that of the input signal.

+  Up: Audio input for controling the maximum slew rate for rising signals. Value in
units of 1/sec

+ Dn: Audio input for controling the maximum slew rate for faling signals. Value in
units of 1/sec

+ In.  Audio input for signal to be slew rate limited

+  Qut: Audio output for slew rate limited signal

Detector for the peak amplitude. The input signal is rectiied and smoothed with an adjustable
release time. The attack time is zero.

The result of the Peak Detector's action is that the output value follows the amplitude envelope of
the input — use this module as an envelope follower.

+  Rel: Logarithmic event input for controling the release time. 0= 1ms, 20= 10ms,
40 = 100 Ms {i.e. in dBm).

+ In: Audio input for signal to be detected

+  Out: Audio output for the signal

103
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Sample & Hold with clock input.

When the clock signal rises above zero, the curment input value is passed to the output and held
there until the next cdock pulse. The result is a step waveform at the output,

«  C Audioinput for the cdock signal. The nput i sampled on a riging edge hera.

+ In:  Audicinput for the signal 1o be sampled

+  Dut Audio output for the sampled signal

Luanhzer

Cluantizer for audio signals, with adjustable step size.

The input signal is rounded to the nearest quantization step before baing output.

* St Audio input for controlling the size of the quantization step. When set to zero,
the signal is not quantized.

+ In:  Audio input for the signal to be quantized

+  Out Audio output for the quantized signal

+« Em Audio output for the quantization error that is generated by rounding: Err = Out - In
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Frequency divider (pulse sub-oscillator) with independently controllable high and low level

duration.

A pulse wave is generated by counting the zero crossings of the input signal. The frequency of

the output waveform will be a fraction of the frequency of the input waveform, The frequency

ratio can be adjusted (f.e = 2 f/ (C+ + C-) ). An asymmetnic waveform results when C+ and

C- have different values.

*  C+: Audio input for controlling the number of zero crossings of the input signal during
the high phase of the output,

« G- Audio input for controlling the number of zero crossings of the input signal during
the low phasa of the output.

* A Audio input for controlling the amplitude. The output signal moves between
+Aand -A

+ In.  Audio input for the signal to be frequency-divided

+  Out: Audio output for the frequency divided signal

On/off switch for audio signals, with control input. The cutput signal is ether zero or equal to the

+  Ctrl: Audio input for control of switching. A value greater than zero swilches the input to
the output.
In:  Audio input for the signal to be switched
+  Out: Audio output for the switched signal
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Change-over switch for two audio inputs, with control input. The cutput signal is equal o the
signal of either the first or the second input.

+  Ctrl: Audio input for control of switching. A value greater than zero switches input 1 to
the output, otherwise input 2 is output.

+  In1: Audio input for the first signal to be switched

+  In2 Audio input for the second signal to be switched

+  Out: Audio output for the switched signal
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15 Event Processing

Logic gate for event signals. The output is the logic AND of the two input values, i.e. the output is
1 when both inputs are positive, otherwise the output is 0.

The inputs treat values of 2ero and below as the logic False state, values above zero are logic

Logic gate for event signals. The output is the logic OR of the two input values, i.e. the output i 1
when one or both inputs are positive, otherwise the output is 0.

The inputs treat values of zero and below as the logic False state, values above zero are logic
True.

Logic gate for event signals. The output is the logic EXOR of the two input values, i.e. the output
s 1 when one but not bath inputs are positive, otherwise the output is 0. So in effect one input
inverts the logic value of the other input.

The inputs treat values of zero and below as the logic False state, values above zero are logic
True,
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Logic: gate for event signals. The output is the logic complement of the input value, i.e. the output
is 0 when the input is positive, athenwise the output is 1.

The input treats values of zero and below as the logic False state, values above zero are logc
True.

Separator

All recened events are comparad to the threshold value and are sent to ather one or the other
oafput,

One use for the separator would be to convert a gate signal to a trigger signal by fitering out the
zero events (Thid = 0, Hi = tngger output).

«  Thid: Audio control input for the threshold value

+ In:  Input for the events to be separated and sent 1o the two outputs.

+  Hi: Output for those events whose value is greater than the threshold level.

« Lo Output for those events whose value is less than or equal to the threshaold level.

Cuaniiders sy nlinh i Tsale
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Quantizer

CQuantizer for events, with adjustable step size and gnd offset.

The input signal is rounded to the nearest quantization step before being culput. The distance
between the steps of the quantizaton grid is set with 51, and the position of the gnd is adpusted
with Ofs, where Ofs gives the value of one of the steps.

« St Audio input for controling the size of the quantization step. When set lo zero,
the signal is not quantized.
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Ofs: Auwdio input for controlling the position of the guantization steps. One step i at
the value Ofs, the nad is al Ofs + St, then Ofs + 2 5t elc., but also at Ofs — St
Ofs = 2 5t

In:  Input for the events o be quantized
+  Out: Output for the quantized events

« Em Output for the gquantization emor that & generated by rounding the events:
Emr=0ut-In

Event randomizer with adjustable spread.

The amiving events are modified with a random positive or negative offset in the given range
(Out = In + X, where —Rng = X = Rng).

+  Rng: Audio input for controling the range of the random signal modification
+« In: Eventinput for signal to be randomized
+  Qut: Event output for randomized signal

Accumulator (sum) for event values, The value of each event at the input is added to the total
value stored in the module. The value of the updated sum is sent as an event at the output.
+ In.  Input for the events to be accumulated.

+«  Sgt Event input for (rejsetting the internal sum. The value of an event al thes input
determines the new value of the internal sum.,

+  Qut: Event output for the accumulated total value,
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Counter controlled by events. A positive event at the appropriate input increases or decreases
the output value by one.

*  Up: Input for counting up. Only events with a positive, non-zero value have an effect here,
increasing the output by one.

«  Dwn:input for counting down. Only events with a positive, non-zero value have an effect
here, decreasing the output by one.,

+  Set Event input for (re)setting the counter value, The value of an event at this input
determines the new value of the counter,

«  Qut: Event output for the counter value.
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The elapsed time between the two last received events is measured and output as an ever,
Also, the frequency whose period of oscillation is equal to the measured duration is calculated
and output.

* In: Polyphonic input for the events whose distance in time s to be measured.

* F. Polyphonic evert output for the frequency of input events in Hz.
* T Polyphonic event output for the time between events in milliseconds.

The frequency of the output events is the frequency of the input events divided by a number
controdled by the input M. The output signal returns o zero after a certan number of input events,
depending on the pulse length which s set with the nput W,
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+ N Control nput for the number of input events per output  period.
(M <2 nodivision, 2 ... 2.99 : division by 2, 3 ... 3.99 : division by 3, elc.).

*+ W: Contral input for the pulse width of the output signal. Range of values: 0 .. 1
(0% ... 100%). W = 0 the gate signal at Out retums to zero already at the nexd
event at In, W = 0.5: the gate signal at Out retums to zero after half the period,
W = 1. the gate signal at Out stays on all the time.

* In:  Input for the event (clock) signal to be frequency-divided (e.g. MIDI Clock pulses).
Only events with a positive, non-zero value have an effect here,

= Rst Event input for reseting the intemal counter in order to force a synchronous
start (connect to MIDI Stant signal if using the Event Freq. Divider for
MIDI  synchronization). Requires  an  evenl  with  positive

MCn-Zero value,

+  Qut Event output for the frequency divided signal

Value-changer for events, Events armving at the input In have their value replaced with the
current value at the Val input, and are then sent with the new value from the output,

This module can also be used as an event-controlled sample&hold module.

+ In: Input for events to be changed in value,
+  Val; Input for specitying the new value for the events.
+  Qut: Event output for the value-changed events.

Tl LRI AR

e

Haold envedope.

When the module is triggered by a positive event at the T input, the event's value i held as the
output value until the hold time has passed, after which the output jumps back to zero. The
module can be triggered at any time, induding retriggering during the hold time,
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+ In: Event input for triggering the envelope. Only events with a positive values (not zero)
have an effect here.

+« H  Input for controlling the hold time in millseconds.
+  Out Event output for the envelope signal.
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Delay line for events. An event arriving at the input appears at the output after the set time.

In this version of REAKTOR only one event can be in the delay at any one time. If another event
amrives before the first one has been output, the first event is lost.

«  Dily. Eventinput for controlling the delay time. Value in millseconds

+ In: Eventinput for the signal lo be delayed.

+«  Qut: Event output for the delayed signal

“In ‘?}
L4 Felay1 |

Onyjoff switch for event signals, with control input. The last event passad through is held at the
output even while off.

+  Ctrl: Audio input for control of switching. While the value i greater than zero all
input events are passad to the output.

+ In: Eventinput for the signal to be switched

s Qut Event output for the switched signal. While Ctrl is smaller that zero, the last value
is held at the output.
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Change-over switch for two event inputs, with control input. Depending on the value at the
contral input, the events from either the first or the second input are passed (o the output.

«  Ctrl: Audio input for control of switching. While the value is greater than zero the
events from input 1 are passad to the output, otherwise those from input 2.
In1: Event input for the first signal to be switched
+  In2: Event input for the second signal to be switched
Out

» : Evert output for the switched signal. After switching inputs, the last value from the
old input is hedd at the output undil a new event amives at the new input.

#*
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16 Auxiliary

ek B T L i R T R 1 1 B
i + i, e R g e e ST R T - | :
B 1 ! - by o e N Iy e 1 e o1 ol Wl (3 i b cem

1-channel Tapedeck module for recording and playback of audio signals.

WAV files can be imported for playback with the entry WAY Import... in the contexd menu of the
Tapedeck module, A file that is already loaded can be imported again by selecting WAV Reload,
e.g. if t has been changed using a sample editor.

A recording can be and exported using WAV Export... in the contexd menu. If the file has
already been exported, it can be overwritten with WAV Overwrite, e.g. f you have madea a new
recording in the Tapedeck.

If Show Control is activated in the properties, a display for the file name will appear in the pansi.
By opening the context menu on this box files can also be imported and exported.

The maximum recording time is set with Size {sec) in the module's properties dialog window
{value in seconds). How big this value can be depends on the amount of available RAM storage
in the computer, At a sample rate of 44.1 kHz you need 86 kB of RAM for each second of buffer
length, for one minute you need 5 MB. If the buffer memory for the Tapedeck has been chosen
too large, virtual memory swaps by the operating system can cause signiiicant hard disk activity
during recording. This can prevent REAKTOR from processing audio smoothly.

If interruptions to the sound due to operating system disturbance or processor overioad should
occur during recording, this will not affect the recorded sound. It is even possible to sef the
system sample rate so high that real time processing is no longer possible, and ignore the
resulting noises - the recording will be pure,

When importing a WAV file, the length of the tapedeck's memory bufier is adyusted to match the
loaded data. If you later want 1o make a recording which is longer than this, you wall first need to
set a bigger value under Size (sec) n the module’s properties dialog window.
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*

In:

Event input for swilching recording mode on and off, e.g. with a gate signal. Start
of recording on an event with a positive value, End of recording on an event
with negative or zero value or when the maxamum recording time is reached.

Event input for switching playback mode on and off, e.g. with a gale signal, Start
of playback on an event with a positive value, playback stops on an event
with negative or zero value.

Event input for switching loop playback mode on and off. When this input receives
a positive value, playback starts from the beginning when the end of playback
i5 reached. The result s an infinite loop while playback is switched on.

Maonophonic audio input for the signal to be recorded. Maximum value =1. To
record a polyphonic signal a Voice Combiner has to be inserted.

Out: Audio output for the playback signal or the signal being recorded,

This works just like Tapadeck 1-Ch but has two channels for recording and playback of audio
signals.

It imports and exports stereo WAV files,
In L. Monophonic audio input for the signal to be recorded on the left channel, Masdrmum

value = 1. To record a polyphonic: signal a Voice Combiner has to ba inserted.

In R: Monophonic audio input for the signal to be recorded on the night channel. Maximum

value = 1. To record a polyphonic signal a Voice Combiner has to be inserted.

L- Audio output for the playback signal or the signal being recorded on the left channel.
R:

Audio output for the playback signal or the signal being recorded on the nght channel,
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Audio Voice Combiner.,
Converts a polyphonic audio signal to monophonic by summing all the voices.

*« In: Polyphonic audio input for the signal 1o be combined to mono
+  Qut: Monophonic audio output for the combined signal

Event Voice Combiner,

Converts a polyphonic event signal to monophonic by sending the events of all the voices to the
Same monophonic voice,

+ In: Polyphonic event input for the signal to be combined to mono

«  Qut Monophomc event output for the combined signal

Event Voice Combiner with maxdmum value sedection,

Converts a polyphonic event signal to monophonic by finding the voice with the highest current
value and sending i 1o the mono cutput. A polyphonic gate signal input is necessary 10
+ In; Polyphonic event input for the signal whose maximum value is to be output

+ G Polyphonic event input for the gate signal of the polyphonic instrurment
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«  Out: Monophonic event output for the maxdmum value signal

Event Voice Combaner with minmmum value selection,

Converts a polyphonic event signal to monophonic by finding the voice with the lowest current
value and sending £ to the mono output. A polyphonic gate signal input is necessary o
recognize active voIces,

+ In: Polyphonic event input for the signal whose minimum value is to be output
+ G Polyphonic event input for the gate signal of the polyphonic instrument
+  Qut: Monophonic event cutput for the minimum value signal

Polyphonic event source for a constant value used to spread out parameters for uneson voices.

In unison mode, the different voices that play the same note need o have their parameters
spread out a lithe to make them shghtly different so that their sum results in a sound that is fatter,
and not just louder, For note pitch this happens automatically and is controlled by the Unison
Spread parameter in the instrument properties. Other parameters can be spread out by adding
an offset generated by the Unison Spread module.

The value at the module's input determines the amount of spread. Al the cutput you get a value
which is different for each of the voices playing the same note. The value only changes once a

new note 5 played,
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Merger for event signals. When more than one wire is connected at the input, the output value is
that of the last received input event, mespective of which wire & came from.

When several events with the same value occur in a row, only the first i passed through, the
others are filtered out. Like this, superfluous events can be eliminated.

Audio 1o event converter.

The audic signal is sampled using the Control Rate specified in the Settings menu and the
values are sant out a5 a stream of events.

Audio to event converter with trigger input.

When the trigger input signal leaves zero to positive values (rising edge) the audio signal is
sampled and cutput as an event.

« T Audioinput for triggering the conversion. Triggers on a rising edge

+  In:  Audioinput for signal to be sampled and output as events

+  Qut: Event output for the sampled signal
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Audio to event converter with permanent conversion at regular intervals and adjustable sampling
frequency.

The audio signal is sampled with the given frequency and oulput as a stream of events. When
running this module at a high frequency (above 1000 Hz) the CPU-Load caused by event
processing can rise significantly. Typically F = 200 Hz is sufficient.

+ F. Audioinput for controlling the sample frequency. Value in Hz

+ In: Audioinput for signal 1o be sampled and output as events

+  Qut: Event output for the sampled signal

(8l A to Late §

Audio to gate event converter with gate ampltude input,

When the trigger signal leaves zero to positive values (rising edge), the gate signal is switched
on with an amplitude of the current value of the ampiitude input. When the trigger input retums to
zero or negative values (falling edge) the gate signal is switched off.

+« T Audio input for triggering the gate signal

* A Audio input for confralling the amplitude of the gate events

*  Qut: Event output for the gate event signal

Smocther for monophonic event signals with audio output. Typically, a smoother is connected
after a fader or button to get smooth transitions.

The jumps in the value of the input event signal are smoothed to ramps. The Transition Time
{in milliseconds) can be adpusted in the properties. Exactly after this time has elapsed, the outpat
reaches the same value as the input, assuming that no further jumps occurred at the inpul. The
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« In:  Mono event input for the signal to be smoathed.
«  Out Mono audio output for the smoathed signal.

Smoother for monophonic event signals, Typically, a smoother is connected after a fader or
button to get smooth transitions.

The jumps in the value of the input event signal are smoothed to ramps. The Transition Time
{in milliseconds) can be adjusted in the properties. Exactly after this time has elapsed, the output
reaches the same value as the input, assuming that no further jumps occurred at the input. The
larger the Transition Time, the stronger the smoothing effect.

During the transition, events are output with the rate selected as the Control Rate in the
Settings menu. The higher the rate, the higher the resolution of the smoothing transition.

« In:  Mono event input for the signal to be smaoothed.
+  Dut Mono event output for the smoathed signal.

Oscilloscope for displaying a tima-varying signal.

Ewvery time an Event is received at the Trigger input (Trg), the module starts recording the audio
EWHMMMJMdEﬂaﬁthMH.WHMWMMW‘H
display continues showing the stored signal and it can be shown at vanying scales and positions
by adjusting the relevant control inputs.

The size of the graph in the panel can be set in the module’s properties with Pixel in X and Pixel
inY.

¥ou would typically connect an A to E Trig module to the Trg input for triggering the Scope from
an audio signal.

+  Trg: Mono event input for the Irigger signal that synchronises the trace.
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TP: Mono event input for controlling the offset in time (Time Position) of the trace in
milliseconds. The trace starts at the left edge of the display TP ms after the trigger event,
TS: Mono event input for controlling the time scale of the displayed trace. From left to right
adge, the display shows TS ms of the signal,

YP: Mono event input for controlling the amplitude offset (Y Position) of the trace. YP = -1
cofresponds to the bottom edge of the display, +1 is the top edge.

¥S: Mano event input for contralling the amplitude scaling (Y Scale) of the trace. The
difference between the signal values at the top and at the bottom of the display is 2 YS.
When YP = 0, the display shows values between +YS and -YS.

In:  Mono audio input for the signal to be displayed.
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17 Conversion Tables for Control Values

17.1  Control Value / Time

Conversion of logarithmic time contral value in dByy.. e.g. for envelopes (A, D, D1, D2, R, H).
The contral value is calculated in dB with the reference value 1 ms. Therefore, the modules
Log (&) and Expon. (4) can also be used for conversion.

Comtrol Vakue

Timea

Time

Control Vake

10 s

100 us

3162 ps

200 us

100 ps

500 us

ol&lz]B

3162 s

1ms

1 ms

3,162 ms

5ms

10 mes

10ms

B2 ms

20 ms

100 s

50 ms

16,2 ms

100 ms

15

200 ms

31625

S00ms

105

18

zlzlzlzlalalslslzlolzl k]|l s

316258

25

8

100 =

bs

b
=

6.2 5

0=

]

1000 5

208

Conversion Formula

+  Timeg =

«  Value = 20log( Time/1ms)
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17 Conversion Tables for Control Values

17.2 Pitch/ Frequency

Conversion of logarithmic pitch control value, e.g. for oscillators.

Fitch [(Semitone)

Frequency

-100

0,02535 Hz

0,04517 Hz

&%

0,08048 Hz

|
=
=]

01434 Hz

0,2555 Hz

0,4552 Hz

08111 Hz

14453 Hz

B8l&|5|8|8

25752 Hz

L
=

4,5885 Hz

B,1758 Hz

14,568 Hz

25,957 Hz

46,249 Hz

82 407 Hz

146,83 Hz

261,63 Hz

440 Hz

456,16 Hz

830,61 Hz

Frequency Pitch (Semitone)
0.1 Hz 116,10
0,02 Hz -104,10
0,05 Hz 88,24
0,1 Hz ~76.24
0,2 Hz 64,24
0.5Hz -48,38
1 Hz 36,38
2Hz -24,38
5 Hz -8,51

10 Hz 3,49
20 Hz 15,49
50 Hz .35

100 Hz 43,35

200 Hz 55,35

500 Hz 712

1000 Hz 8321
2000 Hz 95.21
5000 Hz 111,08
10000 Hz 123,08
20000 Hz 135,08

14800 Hz

S EE I EIEIEHEE B E

26370 Hz

-
=

4688.6 Hz

8

83720 Hz

8

14917 Hz

Conversion Formula
+  Frequency = 2F -2 440 Hz
+  Pitch = 69 + 12 log( Frequency / 440 Hz ) /log( 2 )

The MIDI note range ( C-2 to GB ) comesponds to the pitch range 0 1o 127
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