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Suite, and DirectX versions of 

yle synthesis filtering and 

nalog filters, ring modulators, and 

  

iable poles. Filter frequency and 

  

nd resonance can be modulated.

  

h can be modulated.

  

 be modulated.

  

h width can be modulated.

  

gle wave modulators. Frequency and 

  

th can be modulated.
fusion:FILTER User Guide

OVERVIEW

This manual discusses how to use the Premiere, Audio
fusion:FILTER.

OpcodeÕs fusion:FILTER provides powerful, analog-st
modulation capabilities to the digital audio recordist.

fusion:FILTER contains digital emulations of classic a
distortion devices. Specifically, it offers:

¥ Lowpass filters. Two different models -- one with var
resonance can be modulated.

¥ Highpass filter with variable poles. Filter frequency a

¥ EQ Boost filter. Single band EQ. Frequency and dept

¥ Bandpass filter. Filter frequency and band width can

¥ Notch (band reject) filter. Filter frequency and notc

¥ Ring modulator with sawtooth, sine, square, and trian
depth can be modulated.

¥ OverDrive, for distortion effects. Frequency and dep
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ngle patch -- arranged in any serial, 

lly-programmable modulation 

    

ine style editor to create pulse 
 filters -- turning any pad, drone, or 

  

e shape and use it to modulate any 
a chaotic cacophony.

  

ope from any digital audio file and 
 for imprinting the rhythmic feel of 

  

 file youÕre processing to modulate 

 fusion:FILTER to process your own 
fusion:FILTER User Guide

fusion: FILTER lets you use up to three filters in a si
parallel, or hybrid combination.

Additionally, fusion:FILTER contains the following fu
sources:

¥ Up to six separate low frequency oscillators (LFOÕs).

¥ Up to six separate pulse sequences. Use a drum-mach
sequences and use them to modulate any of the three
ambient file into a pulsating rhythm loop.

¥ Up to six user-drawable envelopes. Draw any envelop
of the three filters, creating subtle filter sweeps or 

¥ Up to six file-extracted envelopes. Extract an envel
use it to modulate any of the three filters -- perfect
one audio file onto another.

¥ An envelope follower. Use the volume envelope of the
any or all of the three filters.

The remainder of this document discusses how to use
audio files.
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d selecting parameters.

  

cursor over a knob, then press and 
e mouse away from you or dragging 

over a knob, then press and hold the 
ou or dragging it to the left.

 along its colored outer arc.

  

stead of knobs. Faders can be 
rizontally. To adjust a fader, simply 
g the path of the fader. To 
long its length. The faderÕs value is 
er. Some faders display their exact 
fusion:FILTER User Guide

BASIC OPERATION

This section discusses basic techniques for setting an

Knobs

To increase the value of a knob, position the 
hold the mouse button while either pushing th
it to the right.

To decrease the value of a knob, position the cursor 
mouse button while either pulling the mouse toward y

To instantly set the knob to any value, click anywhere

Faders

Some parameters use faders in
oriented either vertically or ho
drag the small red ÒthumbÓ alon

instantly set the fader to any value, click anywhere a
indicated graphically by the cyan trail left by the fad
value in a corresponding numerical.
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bÕs position. To change the value of a 
techniques:

numerical to increment its value. 
 increasing values.

 numerical to decrement its value. 
 decreasing values.

lighting it), type a new value, then 

 the left) contain multiple segments 
ntly select different portions of 

 of the display (the integer values) 
ecimal values. Similarly, you can 
s) and enter a new decimal value 
 key moves the selection from left 
po), typing the period key also 

t -- this means, for Tempo, you can 
o is set to that value.
fusion:FILTER User Guide

Numericals

Numericals display the exact value of a kno
numerical directly, use one of the following 

¥ Click the small Òup arrowÓ button to the right of the 
Hold down the button to automatically scroll through

¥ Click the small Òdown arrowÓ button to the left of the
Hold down the button to automatically scroll through

¥ Click anywhere within the numerical to select it (high
hit the ENTER key.

Some numericals (such as the one shown on
Multi-segment numericals let you independe

the display. For example, you can select the left part
and enter a new integer value without affecting the d
select the right part of the display (the decimal value
(without affecting the integer value). Typing the TAB
to right and, in the case of decimal numbers (like Tem
moves the selection from the left portion to the righ
click in the left field and type "97.86" and your temp
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as an LED, then that button has an 
ON, then the LED is lit and the 
then the LED is dark and the button 

  

y than buttons. Use selectors to 
-up or pull-down list of choices. The 

pears in the Control module, is an 

  

 fusion logo in the lower left corner 
fusion:FILTER User Guide

Buttons

Click a button to activate it. If a button h
associated on/off state. If the button is 
button stays down. If the button is OFF, 
is up.

Selectors

Selectors are lighter gra
select an item from a pop
Patch Selector, which ap
example of a Selector.

About Box

Open an About box for fusion:FILTER by clicking the
of the window.
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ationÕs DSP menu (or equivalent).

TER patches or create your own.

using either the Premiere or 
 from the Patch Selector menu in 
irectX version, click the 

 

Import

 

 
on supports standard presets, then 
Õs list).

ile youÕre processing runs at a 
e Modulator moduleÕs Tempo fields, 
lue.
fusion:FILTER User Guide

QUICK START GUIDE

To use OpcodeÕs fusion:FILTER plug-in:

1. Select some audio in your host-application.

2. Open the fusion:FILTER plug-in from your host applic

3. You can either select one of the factory-supplied FIL

To open a factory patch:

1. If you want to start with a factory patch and you're 
AudioSuite versions, select the desired factory patch
the Control module. To select a factory patch in the D
button in the Control module (or, if the host applicati
you can also select a preset from the host application

2. Factory patches are timed at 120 bpm. If the audio f
different speed, enter a different tempo in one of th
then option-click it to set all other tempos to that va
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 your host application provides for 

 

view

 

 button is contained within 
irectX, the Preview button is 

view depends on the speed of your 
eview Status display in the Control 
 calculated.

y. Alt-click (or option-click) it to 
l.

 ahead and process it -- writing it to 
ver button that your host 
dobe Premiere, press the 

 

OK

 

 

e to start tweaking. Some basic 
fusion:FILTER User Guide

3. Preview the effect by clicking whichever button that
this purpose. In the case of Adobe Premiere, the Pre
fusion:FILTER's Control module. In AudioSuite and D
provided by the host application.

NOTE: The amount of time required to compute a pre
computer and the length of the audio file. Use the Pr
module to determine if the preview is currently being

4. Adjust the Output moduleÕs Level control as necessar
automatically normalize the output levelÕs audio signa

5. If you're happy with the previewed sound, you can go
your hard disk. Process the effect by clicking whiche
application provides for this purpose. In the case of A
button within fusion:FILTER's Control module.

6. If you're not happy with the previewed sound, it's tim
editing techniques are discussed in the next tutorial.
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 Default patch):

 the patch named "Default."

 it easy to experiment with a single 
ions with other filters. Specifically, 
ilter #1 (turning it yellow), and open-

e 

 

1

 

 button to select Filter #1 for 

ose the type of filter you wish to 

        

either the numericals or the red 

        

ericals to specify how much 
nd edit modulators in the Modulator 
e.

  

ft-most column (under the number, 1)

h type of modulator you wish to use 
fusion:FILTER User Guide

To create your own filter effects (beginning with the

1. From the patch selector in the Control module, select

If youÕve never used fusion:FILTER, this patch makes
filter and modulator without worrying about interact
it sets the connection order to "Parallel," activates F
circuits filters #2 and #3 (turning them gray).

2. In the upper left corner of the Filter module, click th
editing.

3. From the selector below the Filter Shape display, cho
assign to Filter #1.

4. Set the desired Freq and Q (or W or D) values using 
handles on the Filter Shape display.

5. Use the F mod and Q mod (or W mod or D mod) num
modulation to apply to each parameter (youÕll assign a
module). Modulation can be either positive or negativ

6. In the Modulator module, click the F button in the le

The three columns correspond to the three filters.

7. From the selector below the six buttons, choose whic
to modulate Filter #1Õs frequency.
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lay LFO parameters.

e and oscillation rate.

  

h enough, you should be able to hear 

  

er.

oost the level. If you use a lot of 
ing the 

 

Peak

 

 light automatically 

    

 or 

 

D

 

) parameter.

fferent connection orders from the 
s discussed previously.

its state.

ed unfiltered to the output).

he filter).
fusion:FILTER User Guide

You can choose LFO, Envelope, Sequence, or None.

8. For this example, choose LFO.

The area to the right of the selector changes to disp

9. Use the various LFO parameters to select a waveshap

If youÕve set the Filter moduleÕs F mod numerical hig
the LFO modulating Filter #1Õs cutoff frequency.

10.In the Filter module, set the output Level of the filt

If you remove a lot of frequencies, you may need to b
resonance, you may need to cut the level. Option-click
normalizes the filterÕs level to produce a 0dB output.

11.If desired, create a modulator for Filter #1Õs Q (or W
12.Experiment with using multiple filters by selecting di

Order module and configuring the additional filters a

13.In the Order module, click a filter button to change 

Each filter operates in one of three states:

Active - yellow (the audio is processed by the filter)

Bypassed - cyan (sound appearing at the input is pass

Open-Circuited - gray (audio does not pass through t
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uit filters in such a way that no 
isconnected" appear in the Control 

  

verall output level for the processed 

  

alizes the output level to its 

our host application provides for 
e 

 

OK

 

 button in fusion:FILTER's 

meters and operations in detail.
fusion:FILTER User Guide

NOTE: ItÕs possible in some connections to open-circ
output is heard. If this happens, the words "Output D
modules Status area.

14.In the Output module, use the Level knob to set an o
file. Option-clicking the Peak light automatically norm
maximum, unclipped level.

15.Process the audio by clicking whichever button that y
this purpose. In the case of Adobe Premiere, click th
Control module.

The following chapters discuss all fusion:FILTER para
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rs.

frequency, resonance, width, or 

sonance (width or depth) modulation 

arameters in detail.
fusion:FILTER User Guide

FILTER MODULE

Use the Filter module to:

¥ Assign a filter type to one or more of the three filte

¥ Set basic parameters for each filter (such as cutoff 
depth)

¥ Establish the amount of frequency modulation and re
for each of the three filters.

¥ Set an output level for each filter.

The following pages discuss all the Filter modulator p
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l Filter module:

 

or:
 of filter.

rs:
ted filter type. Drag handle(s) to change 
r width if bandpass/notch is displayed).

Filter Level:
Use to set output 
level of each filter.
fusion:FILTER User Guide

Filter Overview

The following figure illustrates the layout of a typica

Figure 1: Typical Filter Module Layout

Filter Select Buttons:
Click to select which filter 
to view and/or edit.

Filter Type Select
Use to select type

Filter Shape Display and Paramete
Graphical representation of selec
filter frequency and resonance (o

Modulation Amounts:
Set a positive or negative amount by which 
to modulate each parameter (modulation 
sources are selected and edited in the 
Modulator module).
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e independent filters, numbered 
 button to display all the parameters 
red filter.

lter Select buttons, the Modulator 
odulator for that numbered filter. 
 the modulator display to change, 

  

d (as described in ÒFilter StatesÓ on 

abled and hidden from view. In the 
te to "active" (yellow).

  

 select the type of filter you wish 
 filter number. You have numerous 

  

onance and rolls off at 12dB/octave.

  

onance and rolls off at 24dB/octave.

  

onance and rolls off at 36dB/octave.
fusion:FILTER User Guide

Filter Select Buttons

fusion:FILTER contains thre
1, 2, and 3. Click a numbered
for the corresponding numbe

When you click one of the Fi
module changes to display the most recently edited m
If you want to view a different filter without causing
alt-click (or option-click) the Filter Select button.

! NOTE: If a filter is either bypassed or open-circuite

page 28), then most (ar all) of its parameters are dis
Order module, click a filter number to change its sta

Filter Type Selector

From the drop-down list of choices,
to assign to the currently displayed
choices, which included:

¥ LP 2 pole -- this lowpass filter features variable res

¥ LP 4 pole -- this lowpass filter features variable res

¥ LP 6 pole -- this lowpass filter features variable res
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odels contained in fusion:FILTER. 
 at 24dB/octave. Although itÕs 
ics are somewhat different.

  

sonance and rolls off at 12dB/

  

sonance and rolls off at 24dB/

  

sonance and rolls off at 36dB/

  

of equalization features variable 
tave.

  

dth and rolls off at 24dB/octave.

  

able width and rolls off at 12dB/

  

wave with your original audio file, 

  

ith your original audio file, creating 
 wave modulators.

  

e with your original audio file, 
fusion:FILTER User Guide

¥ LP Warm -- this is the second of two lowpass filter m
This version features variable resonance and rolls off
similar to the "LP 4 pole" filter, its sonic characterist

¥ HP 2 pole -- this highpass filter features variable re
octave.

¥ HP 4 pole -- this highpass filter features variable re
octave. 

¥ HP 6 pole -- this highpass filter features variable re
octave.

¥ EQ Boost -- this fixed-width (1-octave), single band 
frequency and depth controls, rolling off at 24dB/oc

¥ Bandpass -- this bandpass filter features variable wi

¥ Notch -- this notch (band reject) filter features vari
octave.

¥ RM Saw -- this ring modulator multiplies a sawtooth 
creating the most dissonant overtones.

¥ RM Sin -- this ring modulator multiplies a sine wave w
a less dissonant sound than either sawtooth or square

¥ RM Squ -- this ring modulator multiplies a square wav
creating fairly dissonant overtones.
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ve with your original audio file, 
odulator.

  

distorts the input waveform, then 

play changes to graphically 
f filter chosen from the Filter Type 
le, the screenshot to the left shows 
er.

parameters, which you can edit using 
 on the Filter Shape display, or the 
The various filter types are 
t few pages.
fusion:FILTER User Guide

¥ RM Tri -- this ring modulator multiplies a triangle wa
creating a little more dissonance than the sine wave m

¥ OverDrive -- this special type of lowpass filter first 
wave-shapes it through a lowpass filter.

Filter Shape Display and Parameters

The Filter Shape dis
illustrate the type o
selector. For examp
a 4-pole lowpass filt

Each filter has two 
either the handle(s)
numericals below it. 
discussed on the nex
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dio (allowing low frequencies to 
r, the Filter Shape display looks 

either the Freq numerical or the 
off frequency using the handle, 
(to raise the cutoff frequency). 

e filter. Resonance emphasizes the 
sonance using either the Q 
 and down.

e capable of self-oscillating. 

rs so that they never self-oscillate, 
 "too much." The up side of this is 
The down side is, with certain input 

to set the cutoff frequency.
 set the Q (resonance).
fusion:FILTER User Guide

¥ Lowpass filters:
Lowpass filters remove high frequencies from your au
pass through the filter). When you use a lowpass filte
similar to the following illustration.

Figure 2: Typical Lowpass Filter Display

You can set a lowpass filterÕs cutoff frequency using 
handle on the Filter Shape display. To change the cut
drag it left (to lower the cutoff frequency), or right 

In addition, you can set the resonance (or "Q") for th
frequencies around the cutoff frequency. Set the re
numerical, or by dragging the Filter Display handle up

! NOTE: fusion:FILTER allows resonance levels that ar

Instead of "playing it safe" and scaling back the filte
fusion:FILTER lets you decide how much resonance is
you can create some very aggressive resonant peaks. 

Handle:
Drag left/right 
Drag up/down to
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y. Be careful of very high Q values 
se the filter to self-oscillate 
me of you will love the 
p the total Q level (static plus 
t is to set the default Q between 
nance from the filter -- this 
ing positive modulation, except that 
-oscillates with a low Q value, try 
tly, so as not to accentuate a 
ile youÕre processing.

dio (allowing high frequencies to 
er, the Filter Shape display looks 

to set the cutoff frequency.
 set the Q (resonance).
fusion:FILTER User Guide

signals, you can drive a filter into an oscillating frenz
or very high amounts of Q modulation -- they may cau
(especially with the 4 and 6 pole models). We know so
self-oscillating filters -- those that don't should kee
modulated amount) to below 85-90. Another good tac
85-90, then apply negative modulation to remove reso
produces an effect similar to setting a low Q and add
the results are more predictable. If a filter still self
shifting the filterÕs cutoff frequency up or down sligh
resonant peak that probably exists within the audio f

¥ Highpass filters:
Highpass filters remove low frequencies from your au
pass through the filter). When you use a highpass filt
similar to the following illustration.

Figure 3: Typical Highpass Filter Display

Handle:
Drag left/right 
Drag up/down to
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 either the Freq numerical or the 
off frequency using the handle, 
(to raise the cutoff frequency).

e filter. Resonance emphasizes the 
sonance using either the Q 
 and down.

e capable of self-oscillating. 

rs so that they never self-oscillate, 
 "too much." The up side of this is 
The down side is, with certain input 
y. Be careful of very high Q values 
se the filter to self-oscillate 
me of you will love the 
p the total Q level (static plus 
t is to set the default Q between 
nance from the filter -- this 
ing positive modulation, except that 
-oscillates with a low Q value, try 
tly, so as not to accentuate a 
ile youÕre processing.
fusion:FILTER User Guide

You can set a highpass filterÕs cutoff frequency using
handle on the Filter Shape display. To change the cut
drag it left (to lower the cutoff frequency), or right 

In addition, you can set the resonance (or "Q") for th
frequencies around the cutoff frequency. Set the re
numerical, or by dragging the Filter Display handle up

! NOTE: fusion:FILTER allows resonance levels that ar

Instead of "playing it safe" and scaling back the filte
fusion:FILTER lets you decide how much resonance is
you can create some very aggressive resonant peaks. 
signals, you can drive a filter into an oscillating frenz
or very high amounts of Q modulation -- they may cau
(especially with the 4 and 6 pole models). We know so
self-oscillating filters -- those that don't should kee
modulated amount) to below 85-90. Another good tac
85-90, then apply negative modulation to remove reso
produces an effect similar to setting a low Q and add
the results are more predictable. If a filter still self
shifting the filterÕs cutoff frequency up or down sligh
resonant peak that probably exists within the audio f
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 band of equalization lets you boost 
reasing the effects of resonance 
erial connection. When you use the 

r to the following illustration.

 numerical or the handle on the 
sing the handle, drag it left (to 
y).

ter the depth, the more the 
ng either the Depth numerical, or 

gnal level, you may have to turn 

k light to auto-normalize the level).

 to set the center frequency.
o set the depth.
fusion:FILTER User Guide

¥ EQ Boost:
This fixed-width (1-octave), frequency-variable single
any desired frequency. ItÕs particularly useful for inc
when placed immediately after a resonant filter in a s
EQ Boost filter, the Filter Shape display looks simila

Figure 4: Typical EQ Boost Display

You can set the EQÕs frequency using either the Freq
Filter Shape display. To change the EQÕs frequency u
lower the frequency), or right (to raise the frequenc

In addition, you can set the depth of boost. The grea
specified frequency is emphasized. Set the depth usi
by dragging the Filter Display handle up and down.

! NOTE: Since this filter always increases the audio si

down the filterÕs Level control (or option-click its Pea

Handle:
Drag left/right
Drag up/down t
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s from your audio (allowing only 
nd to pass through the filter). When 
ks similar to the following 

g either the Freq numerical or the 
), or right (to raise the cutoff 

e W numerical, or by dragging the 
iden the band).

y.

et the bandwidth.
fusion:FILTER User Guide

¥ Bandpass filter:
Bandpass filters remove both low and high frequencie
frequencies centered around a specific frequency ba
you use a bandpass filter, the Filter Shape display loo
illustration.

Figure 5: Typical Bandpass Filter Display

You can set a bandpass filterÕs cutoff frequency usin
Frequency handle left (to lower the cutoff frequency
frequency).

In addition, you can set the bandwidth using either th
Width handle left (to narrow the band) or right (to w

Frequency Handle:
Drag left/right to set the cutoff frequenc

Width Handle:
Drag left/right to s
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specific frequency (allowing only low 
gh the filter). When you use a notch 
llowing illustration.

ther the Freq numerical, or by 
ff frequency), or right (to raise the 

using either the W numerical, or by 
otch) or right (to widen the notch).

et the bandwidth.
fusion:FILTER User Guide

¥ Notch filter:
Notch filters remove frequencies centered around a 
and high frequencies outside the notch to pass throu
filter, the Filter Shape display looks similar to the fo

Figure 6: Typical Notch Filter Display

You can set a notch filterÕs cutoff frequency using ei
dragging the frequency handle left (to lower the cuto
cutoff frequency).

In addition, you can set the bandwidth for the notch 
dragging the notch width handle left (to narrow the n

Frequency Handle:
Drag left/right to set the cutoff frequency.

Width Handle:
Drag left/right to s
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outputs their sum and difference 
x, clangorous sounds with many 
dio signals is the audio you wish to 
h, sine, square, triangle). When you 
s similar to the following illustration.

 ring modulator waveform.

e Freq numerical or the handle on 
requency using the handle, drag it 
requency).

. The greater the depth, the greater 
r the Depth numerical, or by 

t to set the modulatorÕs frequency.
 to set the depth of modulation.
fusion:FILTER User Guide

¥ Ring Modulators:
Ring modulation multiplies a pair of audio signals and 
frequencies. Ring modulation can produce very comple
dissonant overtones. In fusion:FILTER, one of the au
process -- the other is a constant waveform (sawtoot
select a ring modulator, the Filter Shape display look

Figure 7: Typical Ring Modulator Display

The Filter Shape display illustrates the shape of the

You can set the modulatorÕs frequency using either th
the Filter Shape display. To change the modulatorÕs f
left (to lower the frequency), or right (to raise the f

In addition, you can set the depth of ring modulation
the ring modulation effect. Set the depth using eithe
dragging the Filter Display handle up and down.

Handle:
Drag left/righ
Drag up/down
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apes it through a lowpass filter. 
er" the sound. When you select 
he following illustration.

g either the Freq numerical or the 
off frequency using the handle, 
e the frequency).

ffect. The greater the depth, the 
e Depth numerical, or by dragging 

o set the cutoff frequency.
 set the depth of distortion.
fusion:FILTER User Guide

¥ OverDrive:
OverDrive distorts the input waveform, then wave-sh
The higher you set the cutoff frequency, the "grungi
OverDrive, the Filter Shape display looks similar to t

Figure 8: Typical Overdrive Display

You can set the overdrive waveshaping frequency usin
handle on the Filter Shape display. To change the cut
drag it left (to lower the frequency), or right (to rais

In addition, you can set the depth of the overdrive e
greater the distortion. Set the depth using either th
the Filter Display handle up and down.

Handle:
Drag left/right t
Drag up/down to
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usion:FILTERÕs three independent 
ncy (F) is always one of the 

te; the other depends on the type 
pass filters can have their 
ass and Notch filters can have 
g Mods, Overdrive, and EQ Boost 
ated.

ed in the Modulator module. The 
ow much to modulate each of the 

ract from the static values set in 

 will have a W mod parameter; 
; RM, OverDrive, and EQ Boost will 
e an F mod parameter.

is being modulated by an LFO, the 
pe, the label will say ENV; if itÕs 
y SEQ; if the modulator is disabled, 
fusion:FILTER User Guide

Modulation Amounts

Each of the two parameters in f
filters can be modulated. Freque
parameters that you can modula
of filter used: Lowpass and High
resonance (Q) modulated; Bandp
their widths (W) modulated; Rin
can have their depths (D) modul

The modulators themselves are assigned and configur
Modulator Amount controls (shown here) determine h
two filter parameters. Modulation can add to or subt
the Filter Shape display.

The Modulation Amount labels change depending on:

¥ The type of filter selected -- Bandpass/notch filters
lowpass/highpass filters will have a Q mod parameter
have a D mod parameter. All four filter types will hav

¥ The type of modulator selected -- If the parameter 
label will say LFO; if itÕs being modulated by an envelo
being modulated by a pulse sequence, the label will sa
the label will say NONE.
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tput Level control. These can be 
s together in some form of parallel 
rÓ on page 31). You may boost or cut 
us filter effects together.

cussed in ÒFilter StatesÓ on 
. In certain parallel connections, 

sed audio signal into the final output 

ator, which behaves as follows:

reviewed filter output 

previewed filter output 

the previewed audio exceeds 0dB 
ore information).

fusion:FILTER automatically adjusts 
B.
fusion:FILTER User Guide

Filter Level

Each of the three filters has its own ou
particularly useful when you chain filter
order (as discussed in ÒConnection Orde
individual filter levels to "mix" the vario

In addition, if you bypass a filter (as dis
page 28), the Level control is still active
this lets you mix some of your unproces
of fusion:FILTER.

To the right of the Level parameter is the Peak indic

¥ The peak indicator turns green if any portion of the p
exceeds -24dB.

¥ The peak indicator turns yellow if any portion of the 
exceeds -6dB, but remains at or below 0dB.

¥ The peak indicator turns orange when any portion of 
(see ÒFilter Levels in Excess of 0dBÓ on page 27 for m

If you Alt-click (or Option-click) the Peak indicator, 
the Level parameter to produce a filter output of 0d
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n 0dB is exceeded because 
ords enough internal headroom to 

ignal is converted to integer values 

ing orange), as long as the signal 
lly by lowering the Output ModuleÕs 
t moduleÕs Peak indicator).

exceeds 0dB to warn you that 
where further down the processing 
fusion:FILTER User Guide

Filter Levels in Excess of 0dB

The peak indicator turns orange rather than red whe
fusion:FILTERÕs internal floating-point processing aff
prevent clipping. Clipping occurs only when the final s
in the Output module.

Therefore, itÕs OK if a filter level exceeds 0dB (turn
eventually gets reduced before the final output (usua
Level knob, or alt-clicking (option-clicking) the Outpu

Filter peak indicators turn orange when their output 
clipping might occur if you donÕt lower the signal some
chain.
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 open)

ly by combining different filter 

ction orders in detail.

wn below:
fusion:FILTER User Guide

ORDER MODULE

The Order module has two functions:

¥ To specify the state of each filter (active, bypassed,

¥ To specify the connection order of the filters

You can achieve many radically different sounds simp
states with different connection orders.

The following sections discuss filter states and conne

Filter States

Each filter can operate in one of three states, as sho

Figure 9: Three filter states

Active filter

Bypassed filter

Open-Circuited filter
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 yellow color). It processes the 
ameters set in the Filter module.

d by its pale cyan color, which is 
s). Any audio arriving at a bypassed 
 parameter that you can control for 
ease or decrease the level of the 
e way to "mix" unprocessed audio 
ders. When a filter is bypassed, its 
dingly numbered Filter module.

 in the edit area 
 is active.
fusion:FILTER User Guide

The three states operate as follows:

¥ Active - The filter is turned "on" (as indicated by its
audio received at its input in accordance with the par

¥ Bypassed - The filter is "short circuited" (as indicate
the same color as the "wires" that connect the filter
filterÕs input is passed through to its output. The only
a bypassed filter is its Level, which allows you to incr
audio passing through the filter, creating an effectiv
with processed audio in certain parallel connection or
non-editable parameters are hidden in the correspon

... then the word BYPASSED appears
for Filter #2 and only the Level knob

When, for example, 
Filter #2 is bypassed...
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dicated by its dark gray color and 
ting the wire -- any audio arriving 
ut. When a filter is open-circuited, 
mbered Filter module.

ching the final output stage (as 
ut Disconnected" is displayed in the 

pear in the edit area 
disabled.

ea reads "Output Disconnected"
fusion:FILTER User Guide

¥ Open-Circuited - The filter is "open circuited" (as in
broken "wire"). Open circuiting a filter is just like cut
at the filterÕs input does not pass through to its outp
all parameters are disabled in the correspondingly nu

¥ If open-circuiting a filter prevents all audio from rea
would be the case in a serial connection order), "Outp
Control moduleÕs Status area.

... then the words OPEN CIRCUIT ap
for Filter #2 and all parameters are 

When, for example, 
Filter #2 is open 
circuited...

When open-circuiting a filter prevents audio 
from reaching the final output stage... ... the Status ar
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m.

ing from "Active" to "Bypassed" to 

der by alt-clicking (option-clicking) 

ich you can connect in any of five 

Split Serial
fusion:FILTER User Guide

To change states:

1. Click the filter number in the connection order diagra

The filter number acts like a three way switch, chang
"Open", then back to "Active."

NOTE: You can step through the states in reverse or
the filter numer.

Connection Order

fusion:FILTER contains three independent filters, wh
different orders. These are:

Figure 10: Various Filter Orders

Serial Parallel Ser/Par Par/Ser
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cally:

ssed by the second filter, whose 
s in a heavily processed, uniform 
circuiting any filter breaks the 

e selected audio, allowing you to 
mix together using each filterÕs 
, some of the unprocessed audio will 
Level control to set the amount of 

ignal, then split its output such that 
ose outputs are mixed together 

he selected audio, allowing you to 
 you can mix together using each 
rs is then sent through a single 
fusion:FILTER User Guide

Different orders provide different benefits. Specifi

¥ Serial: The output of the first filter is further proce
output is then processed by a third filter. This result
sound with none of the original signal mixed in. Open-
chain and results in no audio output.

¥ Parallel: Each of the three filters acts directly on th
create three different filter effects, which you can 
Level control. If you bypass one or two of the filters
be mixed into the output (using the bypassed filterÕs 
unprocessed audio that appears at the output).

¥ Serial/Parallel: This lets you first filter the entire s
itÕs further processed by two independent filters, wh
(using their respective Level controls).

¥ Parallel/Serial: The first two filters act directly on t
create two completely different filter effects, which
filterÕs Level control. The output of these mixed filte
filter, giving the sound more uniformity.
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 The bottom path contains a pair of 
 the single filter in the top path 
ypass the top filter, some of the 

g the bypassed filterÕs Level control 
t the output).

or menu immediately above the 
fusion:FILTER User Guide

¥ Split Serial: Provides two separate processing paths.
serially connected filters whose output is mixed with
(using each filterÕs respective Level control). If you b
unprocessed audio will be mixed into the output (usin
to set the amount of unprocessed auto that appears a

To change connection order:

1. Choose the desired connection order from the select
connection order diagram.
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lators to control up to two 
rs in all).

l Modulator module:

Modulator Specific Parameters:
This area changes depending on the 
type of modulator selected. This 
example shows a Pulse Sequencer.
fusion:FILTER User Guide

MODULATOR MODULE

Use this module to select, assign, and configure modu
parameters in each of the three filters (six modulato

Modulator Overview

The following figure illustrates the layout of a typica

Figure 11: Typical Modulator Module Layout

Modulator Select Buttons:
Each button represents a parameter that can be modulated in 
each of the three filters. Click any button to set the 
parameters for that modulator.

Type Selector:
Use this to 
select which 
type of 
modulator to use.
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ree independent filters, numbered 
meters that can be modulated. A 
f these parameters. The other 
- Lowpass and Highpass filters can 
. Bandpass and Notch filters can 
verDrive, EQ Boost, and Ring 

h modulator you wish to view and/or 
s of two buttons each. Each column 
represents one of each filterÕs two 

e frequency is always one of the 
elected filter type.

 (resonance), "W" (width), or "D" 
d in the Filter module.

e indicated filter parameter. In the 
2Õs cutoff frequency would be 
fusion:FILTER User Guide

Modulator Select Buttons

OpcodeÕs fusion:FILTER contains th
1, 2, and 3. Each filter has two para
filterÕs frequency (F) is always one o
depends on the type of filter used -
have their resonance (Q) modulated
have their widths (W) modulated. O

Modulation can have the depths (D) modulated.

Use the Modulator Select buttons to determine whic
edit. There are six buttons, arranged in three column
corresponds to a filter number (1, 2, or 3). Each row 
modulated parameters.

The top button is always labeled "F" (frequency), sinc
parameters that can be modulate, regardless of the s

The label on the bottom button changes between "Q"
(depth) depending on the type of filter youÕve selecte

Click any button to view the modulator assigned to th
above illustration, the modulator assigned to filter #
displayed.
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uttons, the Filter module changes 

f you want to view a different 
e, alt-click (or option-click) the 

o assign a modulation type to the 
lator. There are three main types 
FO, Envelope, and Sequence. Each 
s will be discussed later in this 

ct None to turn off a modulator.

f the Copy from choices to copy all 
e other modulator to the currently 
fusion:FILTER User Guide

! NOTE: When you click one of the Modulator Select b

to display the filter whose modulator youÕre editing. I
modulator without causing the filter display to chang
Modulator Select button.

Type Selector

Use the Type Selector t
currently displayed modu
of modulation sources: L
of these modulation type
manual.

In addition, you can sele

Finally, you can use one o
the parameters from som
displayed one.
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 right of the Modulator Select 
 depending on which modulator is 
at type of modulator it is.

ctions discuss each type of 
ail.
fusion:FILTER User Guide

Modulator Specific Parameters

The area to the
buttons changes
selected and wh

The following se
modulator in det

This area changes to show parameters 
for selected modulator type.
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ks as follows.

 terms)

 it takes 
um 

eate 

ses 

metric 
tooth 
. For 
etry of 
 waveshape.

Rate Mode Selector:
Determines whether Rate 
parameter is set using note 
values (meter) or Hz 
(freq). If using meter, a 
Tempo numerical appears.

Shape:
Sets the basic LFO waveshape (triangle, 
sawtooth, square, random).

Tempo:
Set sequence tempo 
(appears only in 
meter mode).
fusion:FILTER User Guide

LFO Modulation

When you select an LFO modulator, the edit area loo

Figure 12: Typical LFO Modulation (showing Rate expressed in metrical

Phase:
Sets start (trigger) position 
within LFO. Use the Fader to 
set the trigger position 
visually, or the numerical to 
set it exactly.

Rate:
Sets the rate at which the LFO 
oscillates. If Rate Mode Selector 
is set to "meter," then Rate is 
expressed as a note value. If Rate 
Mode Selector is set to "freq," 
then Rate is expressed in Hz.

Ramp:
Sets how long (in seconds)
for LFO to reach its maxim
amplitude. This lets you cr
LFO effects in which the 
modulation gradually increa
over time.

Width/Symmetry:
Drag horizontally to create asym
LFO shapes. For square and saw
waves, it controls width of wave
triangle wave, it controls asymm
wave. Does not exist for random
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eters in detail.

Õs oscillation rate in terms of Meter 

es and a Tempo numerical appears 
ical to enter the tempo of your 
iodic rate of the LFO.

 per second) and no Tempo 
 the Rate numerical to set the 

tering effects that modulate in time 
m modulations, or LFO rates that 
ode.

precise than those set in freq mode. 

 the other and not switch between 
fusion:FILTER User Guide

The following sections discuss the various LFO param

Rate Mode Selector

You can select whether you want to express the LFO
or Frequency.

¥ meter -- The Rate numerical is expressed in note valu
below the Rate Mode selector. Use the Tempo numer
audio file, then use the Rate numerical to set the per

¥ freq -- The Rate numerical is expressed in Hz (cycles
numerical appears below the Rate Mode selector. Use
periodic rate of the LFO.

Select meter if you want to achieve synchro-sonic fil
with your sequence. Select freq if you want free-for
are slower or faster than those obtainable in meter m

! NOTE: LFO parameters set in meter mode are more 

In general, itÕs best to keep each LFO in one mode or
them.
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ode Selector is set to meter.

po of your host-applicationÕs 
tered audio file in a 120 bpm 
. The Tempo numerical uses a multi-
ge 5.

n tempo, which can create some 

ou want to set ALL tempos in ALL 
k) the Tempo numerical and all 
at same value. This new tempo also 
n, discussed in ÒTrigger Button 

mpos 
 to 

ue.

Modulator 1F

Modulator 2F

Modulator 2Q
fusion:FILTER User Guide

Tempo

This numerical appears ONLY if the Rate M

Generally, youÕll want to set this to the tem
sequence. For example, if youÕll use the fil

sequence, you should set the Tempo numerical to 120
segment numerical as described in ÒNumericalsÓ on pa

! NOTE: fusion:FILTER lets each modulator have its ow

very interesting polyrhythmic effects. If, however, y
modulators to the same value, Alt-click (or option-clic
other tempos in all other modulators will be set to th
becomes the master tempo used by the Trigger butto
(DirectX)Ó on page 72.

Modulator 1F

Modulator 2F

Modulator 2Q

Alt-click (option-click) 
on one of the disparate 
tempo numericals...

... and all te
are updated
the new val
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ch the LFO oscillates. Rate values 
ng on whether you selected freq or 

e than those set in freq mode. In 

e other and not switch between 

ou can choose between triangle, 

eshape, which it displays graphically 
e waveshapeÕs symmetry by dragging 
e phase of the wave by dragging its 
al).
fusion:FILTER User Guide

Rate

Use this numerical/fader to set the frequency at whi
are expressed either in Hz or in note values, dependi
meter in the Rate Mode selector.

! NOTE: LFO rates set in meter mode are more precis

general, itÕs best to keep each LFO in one mode or th
them.

Shape

Use this numerical to set the basic LFO waveshape. Y
sawtooth, square, and random.

¥Triangle
The LFO oscillates using a triangular wav
in the large edit area. You can change th
the handle at its peak. You can change th
phase handle (or using the Phase numeric
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eshape, which it displays graphically 
e waveshapeÕs pulse width by 
change the phase of the wave by 
hase numerical).

ape, which it displays graphically in 
aveformÕs pulse width by dragging 
e phase of the wave by dragging its 
al).

plays generically in the large edit 
es of random height, resulting in a 
it a random LFOÕs shape, nor can you 
 numerical and handle disappear).
fusion:FILTER User Guide

¥Sawtooth
The LFO oscillates using a sawtooth wav
in the large edit area. You can change th
dragging the handle at its peak. You can 
dragging its phase handle (or using the P

¥Square
The LFO oscillates using a square wavesh
the large edit area. You can change the w
the handle at its peak. You can change th
phase handle (or using the Phase numeric

¥Random
The LFO oscillates randomly, which it dis
area. Random oscillation uses square wav
"sample-and-hold" effect. You cannot ed
change the phase of the wave (the phase
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scillation at which the LFO begins 
e numerical or the graphical phase 

O rate/shape, but different 
nt" and "texture."

ning of its waveform.

dle of its waveform.

andom shape.

 square waves all contain an edit 
dle (located at the bottom of the 
e waveshape. For triangle waves, 

ft/right to change the symmetry of 
fusion:FILTER User Guide

Phase

Use this parameter to set the exact position in the o
its cycle. You can set this value using either the Phas
pointer over the LFO waveshape display.

By modulating different parameters with the same LF
phases, you can get harmonically interesting "moveme

¥ At 0 degrees, the LFO begins oscillating at the begin

¥ At 180 degrees, the LFO begins oscillating in the mid

! NOTE: This parameter is not available for LFOÕs of r

Width

The graphic representation of triangle, sawtooth, and
handle. For sawtooth and square waves, drag this han
waveshape) left/right to change the pulse width of th
drag this handle (located at the waveshapeÕs apex) le
the waveshape.
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ach its maximum amplitude. This 
gradually increases over time.

igger button in the Control module. 
or AudioSuite versions. For more 
2.

view the first few seconds of audio, 

impossible for you to hear the LFO 
 the LFO ramped up to full 
arameters first -- setting the Ramp 
fusion:FILTER User Guide

Ramp

Sets how long (in seconds) it takes for the LFO to re
lets you create LFO effects in which the modulation 

DirectX users can retrigger a ramp by clicking the Tr
The Trigger button is not available for the Premiere 
information, see ÒTrigger Button (DirectX)Ó on page 7

! PREMIERE USERS: Since, in general, you can only pre

a Ramp time of more than a few seconds will make it 
effect (since the preview time will have ended before
amplitude). Therefore, you should set all other LFO p
speed only after youÕre satisfied with the sound.
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 looks as follows:

nce parameters in detail.

off Buttons

idth
fusion:FILTER User Guide

Pulse Sequence Modulation

When you select a Sequence modulator, the edit area

Figure 13: Typical Pulse Sequence Modulator

The following sections discuss the various pulse seque

Pulse on/Pulse Amplitude

Tempo

W

Grid ShapePreset Pattern Selector
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hich you want the pulse sequence 
 the tempo of your host-

Õll use the filtered audio file in a 
rÕs Tempo numerical to 120. The 
escribed in ÒNumericalsÓ on page 5.

n tempo, which can create some 

ou want to set ALL tempos in ALL 
k) the Tempo numerical and all 
at same value. This new tempo also 
n, discussed in ÒTrigger Button 

mpos 
 to 

ue.

Modulator 1F

Modulator 2F

Modulator 2Q
fusion:FILTER User Guide

Tempo

Use this numerical to enter the tempo at w
to play. Generally, youÕll want to set this to
applicationÕs sequence. For example, if you

120 bpm sequence, you should set the pulse sequence
Tempo numerical uses a multi-segment numerical as d

! NOTE: fusion:FILTER lets each modulator have its ow

very interesting polyrhythmic effects. If, however, y
modulators to the same value, Alt-click (or option-clic
other tempos in all other modulators will be set to th
becomes the master tempo used by the Trigger butto
(DirectX)Ó on page 72.

Modulator 1F

Modulator 2F

Modulator 2Q

Alt-click (option-click) 
on one of the disparate 
tempo numericals...

... and all te
are updated
the new val
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e time signature and pulse spacing 
mericals are discussed in 

d by the pulse sequencer. the shape 
ound of the sequence. You may 
r reverse sawtooth.
fusion:FILTER User Guide

Grid

Use this multi-segment numerical to set th
of the desired sequence (multi-segment nu
ÒNumericalsÓ on page 5).

Shape

This sets the shape of each "pulse" create
of the pulse can dramatically change the s
select either square, triangle, sawtooth, o
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ed as a percentage of the current 

o quarter notes and the Shape is 
ing page shows the effect that 

Staccato Pulses

Legato Pulses
fusion:FILTER User Guide

Width

This sets the width of each pulse, express
Grid size.

For example, assume the Grid size is set t
set to a sawtooth wave. The illustration on the follow
different widths have on the modulator.

Width = 50%

Width = 100%

Width = 200%
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dicated position (causing the button 
pulse off.

ER creates an amplitude fader 
tton. Use this fader to set the 

reset pulse sequence patterns. 
arameters except Tempo.
fusion:FILTER User Guide

Pulse On/Off Buttons

Click a button to create a pulse at the in
to turn yellow). Click it again to turn the 

Pulse Amplitudes

When a pulse is turned on, fusion:FILT
immediately above the Pulse On/Off bu
amplitude of each pulse.

Preset Pattern Selector

This selector contains a number of p
Preset patterns store all sequence p
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is section discusses Draw envelopes, 
 for creating filter sweeps or subtly 

pplying the rhythmic effects of a 
velope Modulation - File ExtractionÓ 

e to modulate the filters. See 
fusion:FILTER User Guide

Envelope Modulation - Drawable

fusion:FILTER contains three types of envelopes. Th
which let you draw your own envelope shapes -- great
shifting textures.

The other two types of envelopes are:

¥ Extract -- extracts an envelope from any audio file, a
different file onto the audio youÕre filtering. See ÒEn
on page 58.

¥ Follow -- uses the processed fileÕs own volume envelop
ÒEnvelope Modulation - FollowingÓ on page 63.



Page 51

 selector.

lect Draw from the Envelope Type 
fusion:FILTER User Guide

Entering Draw Mode

To enter envelope drawing mode:

1. Select Envelope from the Modulator OverviewÕs Type

2. In the lower left corner of the envelope edit area, se
selector.
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 (in time). There are two ways to do 
button.

ime over which you want the 
ssed exactly once at the start of 
uration ModeÓ on page 52.

or any audio file. It sets the 
 file, and lets you draw an envelope 
he handles. See ÒDrawing in File 

sing the Duration numerical.
fusion:FILTER User Guide

You must tell fusion:FILTER how long the envelope is
this: 1) use the Duration numerical or 2) use the File 

¥ Using the Duration numerical lets you set the exact t
envelope to complete its cycle. The envelope is proce
audio processing and does not loop. See ÒDrawing in D

¥ Using the File button lets you display the waveform f
envelope duration to the length of the selected audio
over top of the waveform for precise positioning of t
ModeÓ on page 54.

Drawing in Duration Mode

To use the Duration numerical:

1. Set the length of the desired envelope (in seconds) u
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of time specified in the Duration 
 left handle would be at 0 seconds 

.

ndle, and drag it to the desired 
fusion:FILTER User Guide

The width of the edit area always equals the amount 
numerical. For example, if Duration is 10 seconds, the
and the right handle at 10.

2. Drag either of the two end handles to reposition them

3. Click anywhere along the envelope to create a new ha
position.
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il you achieve the desired envelope 

k the Reset button.

licking the Trigger button in the 

r the Premiere or AudioSuite 
DirectX)Ó on page 72.

x.

 file whose waveform you wish to 
fusion:FILTER User Guide

4. Continue creating new handles and dragging them unt
shape.

5. To erase a handle, option-click it.

6. To reset the entire envelope to its default value, clic

! DIRECTX USERS: You can retrigger an envelope by c

Control module. The Trigger button is not available fo
versions. For more information, see ÒTrigger Button (

Drawing in File Mode

To use the File button:

1. Click the File button to open a standard file dialog bo

2. Use the File dialog box to locate and select the audio
view.
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ac only). If you select a stereo 
ft and right sides.

ct an envelope -- it merely sets a 
raw an envelope.

utton, which you can click to stop 

pends on both the speed of your 
 complete when the entire waveform 
ls the duration of the selected 
fusion:FILTER User Guide

Audio files can be either AIFF, WAV, AU, or SDII (M
file, the displayed waveform will be the sum of the le

The waveform begins drawing from left-to-right.

NOTE: In Draw mode, the File button does not extra
duration and provides visual feedback over which to d

3. During this time, the File button changes to a Clear b
the waveform drawing at any time.

The amount of time required to draw an waveform de
computer and the length of the audio file. Drawing is
is displayed and a Duration value is shown (which equa
audio file).
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.

ndle, and drag it to the desired 

il you achieve the desired envelope 

eset button.
fusion:FILTER User Guide

4. Drag either of the two end handles to reposition them

5. Click anywhere along the envelope to create a new ha
position.

6. Continue creating new handles and dragging them unt
shape.

7. To erase a handle, option-click it.

8. To reset the envelope to its default value, click the R
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ation numerical, click the Clear 

licking the Trigger button in the 

r the Premiere or AudioSuite 
DirectX)Ó on page 72.
fusion:FILTER User Guide

9. To clear the waveform display and bring back the Dur
button.

! DIRECTX USERS: You can retrigger an envelope by c

Control module. The Trigger button is not available fo
versions. For more information, see ÒTrigger Button (
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is section discusses Extract 
es, allowing you to apply the dynamic 
e audio youÕre filtering.

hich is great for creating filter 
dulation - DrawableÓ on page 50.

e to modulate the filters. See 
fusion:FILTER User Guide

Envelope Modulation - File Extraction

fusion:FILTER contains three types of envelopes. Th
envelopes, which let you draw your own envelope shap
or rhythmic effects of a different audio file onto th

The other two types of envelopes are:

¥ Draw -- allows you to draw your own envelope shape, w
sweeps or subtly shifting textures. See ÒEnvelope Mo

¥ Follow -- uses the processed fileÕs own volume envelop
ÒEnvelope Modulation - FollowingÓ on page 63.
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 selector.

lect Extract from the Envelope 

x.
fusion:FILTER User Guide

Extracting an Envelope

To extract an envelope from an audio file:

1. Select Envelope from the Modulator OverviewÕs Type

2. In the lower left corner of the envelope edit area, se
Type selector.

3. Click the File button to open a standard file dialog bo
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 file from which you wish to extract 

ac only). If you select a stereo 
he left and right sides.

utton, which you can click to stop 
fusion:FILTER User Guide

4. Use the File dialog box to locate and select the audio
an envelope.

Audio files can be either AIFF, WAV, AU, or SDII (M
file, the envelope will be extracted from the sum of t

5. The waveform begins drawing from left-to-right.

6. During this time, the File button changes to a Clear b
the file extraction at any point.
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epends on both the speed of your 
 you extract the waveform. The file 
isplayed and the red modulation 

y the extracted envelope conforms 
fusion:FILTER User Guide

The amount of time required to extract an envelope d
computer and the length of the audio file from which
extraction is complete when the entire waveform is d
envelope appears.

Figure 14: High Tightness Value

7. Use the Tightness numerical to determine how tightl
to the audio file.
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 drum loop and you set a low 
 just slightly in rhythm with the 
tness value, the extracted envelope 
hmic nuances of the audio file.

racted waveform.

mes a File button and you can 
 envelope.

so that the highest peak always 

 youÕre processing an 8 bar file and 

xtracted envelope will repeat itself 

ff Previewing.

Lower tightness 
values result in 
less rhythmically 
"tight" envelopes.
fusion:FILTER User Guide

For example, if you extract an envelope from an audio
Tightness value, the extracted envelope will modulate
highest peaks in the audio file. If you set a high Tigh
will very closely follow all the peaks, valleys, and rhyt

Figure 15: Medium Tightness Value

8. Click the Clear button to clear the waveform and ext

When the waveform is cleared, the Clear button beco
select a different audio file from which to extract an

! NOTE 1: Extracted envelopes are always normalized, 

produces full modulation.

! NOTE 2: Extracted envelopes "loop." For example, if

you extract an envelope from a 2 bar drum loop, the e
every 2-bars, modulating the entire 8-bar file. 

! NOTE 3: Extraction occurs much faster if you turn o
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is section discusses Follow 
ess to modulate the filters using its 

hich is great for creating filter 
dulation - DrawableÓ on page 50.

pplying the rhythmic effects of a 
velope Modulation - File ExtractionÓ 
fusion:FILTER User Guide

Envelope Modulation - Following

fusion:FILTER contains three types of envelopes. Th
envelopes, which cause the audio file you wish to proc
own dynamics.

The other two types of envelopes are:

¥ Draw -- allows you to draw your own envelope shape, w
sweeps or subtly shifting textures. See ÒEnvelope Mo

¥ Extract -- extracts an envelope from any audio file, a
different file onto the audio youÕre filtering. See ÒEn
on page 58.
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ssing

he audio file youÕre currently 

 selector.

lect Follow from the Envelope Type 
fusion:FILTER User Guide

Following the Dynamics of the File YouÕre Proce

To create an envelope that follows the dynamics of t
processing:

1. Select Envelope from the Modulator OverviewÕs Type

2. In the lower left corner of the envelope edit area, se
selector.
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e youÕre currently processing to 

y the envelope follows the dynamics 

 set a low Tightness value, the 
e highest peaks in the drum loop. If 
 closely follow all the peaks, valleys, 

ame as an extracted envelope (as 

 dynamic range, the audible effects 

true if the audio file has not been 
lowing should be applied to files 
t have first been normalized.
fusion:FILTER User Guide

The modulator will use the volume envelope of the fil
create the envelope.

3. Use the Tightness numerical to determine how tightl
of your audio.

For example, if youÕre processing a drum loop and you
envelope will modulate just slightly in rhythm with th
you set a high Tightness value, the envelope will very
and rhythmic nuances of the drum loop.

Tightness affects an envelope follower exactly the s
depicted on page 61 and page 62.

! IMPORTANT: If an audio file doesnÕt contain a lot of

of envelope following will be very subtle. The same is 
normalized. To achieve maximum effect, envelope fol
that, themselves, have a lot of dynamic range and tha
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meter to set the overall output 

r is the Peak indicator, which 

any portion of the previewed output 

any portion of the previewed output 
low 0dB (clipping).

 any portion of the previewed audio 

ameter to the loudest possible 
uto-Normalizing.Ó
fusion:FILTER User Guide

OUTPUT MODULE

Level

Use the Output moduleÕs Level para
level of the processed audio file.

To the right of the Level paramete
behaves as follows:

¥The peak indicator turns green if 
exceeds -24dB.

¥The peak indicator turns yellow if 
exceeds -6dB, but remains at or be

¥The peak indicator turns red when
ÓclipsÓ the output signal.

fusion:FILTER can automatically adjust the Level par
unclipped output, as described in the next section, ÒA
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her:

erical).

 automatically set Level parameters 
 do this:

 the Level parameter to the value 
ut file.

tion of the entire audio file. If this 
le outside the preview range might 
fusion:FILTER User Guide

Once the peak indicator lights, you can reset it by eit

¥ clicking the Peak indicator.

¥ setting a new Level (using either the knob or the num

Auto-Normalizing

OpcodeÕs fusion:FILTER provides a convenient way to
to create the loudest possible unclipped audio file. To

1. Tweak some fusion:FILTER parameters.

2. Wait for the preview to finish processing.

3. Alt-click (or Option-click) the Peak indicator.

This resets the peak indicator and automatically sets
that will produce the loudest possible unclipped, outp

Caveats

There are a few caveats to keep in mind:

¥ The section youÕre previewing may be only a small por
is true, itÕs possible that some portion of the audio fi
still cause the processed output to clip.
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 still calculating, fusion:FILTER may 
 preview calculation to finish.

s may be inaccurate by 1 or 2dB. 
ing auto-normalizing technique:

-click the Peak indicator to set an 

s button again.

m unclipped level.
fusion:FILTER User Guide

¥ If you Alt-click (or Option-click) while the preview is
set the wrong output level -- itÕs best to wait for the

AudioSuite Technique

Due to architectural constraints, AudioSuite preview
Therefore, for AudioSuite, you should use the follow

1. Set up the parameters, preview the audio, and option
approximate output level.

2. Click the AudioSuite-provided Process button.

3. After processing finishes, select the Undo command.

4. Option-click the Peak indicator, then click the Proces
The resulting file will be accurately set to its maximu
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nce of the Control module changes 
e following sections discuss the 
fusion:FILTER User Guide

CONTROL MODULE

As depicted by the previous illustrations, the appeara
depending on the plug-in architecture youÕre using. Th
various Control module elements.

Control Module for Premiere

Control Module for AudioSuite

Control Module for DirectX
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ed segment of audio. The length of 
plication. Preview allows you to hear 
lly process the audio.

ton to listen only to the selected 
ignal.

ending on the plug-in architecture 

:FILTER to internally process your 
viewed audio. The faster your 
lation occurs.
fusion:FILTER User Guide

Preview Button (Premiere)

Press this button to audition a small, loop
the preview is determined by your host ap
the effect of your edits before you actua

Bypass Button (Premiere)

If youÕre previewing audio, press this but
input audio, while muting the processed s

Preview Status (All)

The function of the Preview Status area changes dep
used by your host application.

For Premiere & AudioSuite

It takes a little time for fusion
edits and apply them to the pre
computer, the faster this calcu
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 youÕre listening to processed or 

s the entire preview length of your 
ves left to right to indicate the 

bottom-half of the display is the 
 parameter, the computer 
ted by the pointer. As your 

ates that the region has been 
n has not yet been reprocessed.

eans youÕre listening to an audio 
wn in the plug-in window. If the 
 an audio preview that does not yet 

to view the current processing 
FILTER is currently processing your 
ING,Ó otherwise the area is blank.
fusion:FILTER User Guide

Use the Preview Status display to determine whether
unprocessed audio.

It works like this: The width of the display represent
audio file. In the top-half of the display, a pointer mo
current play location within the preview time. In the 
processed/unprocessed indicator. When you change a
recalculates the output starting from the point indica
computer recalculates the data, a light blue bar indic
reprocessed. A dark red bar indicates that the regio

Therefore, if the pointer is over a light blue bar, it m
preview that accurately reflects the parameters sho
pointer is over a red area, it means youÕre listening to
reflect the settings shown in the window.

For DirectX

Use the Preview Status display 
status of the plug-in. If fusion:
edits, this area says ÒPROCESS
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ulators. This is particularly useful 
 in the middle of an audio file.

t the NEXT quarter note, assuring 

po, and different modulators can 
sion:FILTERÕs master tempo, which 
 by setting a new tempo in any 
at tempo numerical. This sets both 
r tempos to this value. For more 
oÓ on page 46.

pareÓ feature, allowing you to 
h another. Basically, the filter gives 
led Setup A and Setup B.
fusion:FILTER User Guide

Trigger Button (DirectX)

Click this button to retrigger all the mod
for retriggering envelopes or LFO ramps

The Trigger button always triggers the modulators a
that your envelopes and music stay in sync.

Since the idea of a quarter-note is dependent on tem
have different tempos, the latency will always use fu
defaults to 120 bpm, but can be changed in any patch
tempo numerical, then alt-clicking (option-clicking) th
fusion:FILTERÕs master tempo and all other modulato
information, see either ÒTempoÓ on page 40 or ÒTemp

Setup/Copy to Buttons (All)

These buttons work as a Òcom
compare one filter setting wit
you two memory buffers, labe
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he parameters stored in Setup A -- 
 B button. Whenever the button 
 in Setup B -- you can copy them to 

ween the two different sets of 

ws:

 Setup A and Copy to B. The 
. Any changes that you make to 
etup A. If you create a filter patch 

s your parameter setup into 
ents in an attempt to fine-tune 
etup A. At any point, you can click 

 you saved when you clicked the 
ost recent edits by clicking the 

 filter patches.
fusion:FILTER User Guide

Whenever the button says Setup A, you are editing t
you can copy them to Setup B by clicking the Copy to
says Setup B, you are editing the parameters stored
Setup A by clicking the Copy to A button.

Press the Setup button to switch back and forth bet
filter parameters.

Use the Copy to and Setup buttons together as follo

When you first open fusion:FILTER, the buttons read
parameters you first begin editing belong to Setup A
these parameters are automatically remembered by S
that you like, click the Copy to B button, which copie
Setup B. You can continue to make parameter adjustm
your sound, and these edits continue to be stored in S
the Setup A button to recall the parameter set that
Copy to B button. You can then switch back to your m
Setup B button. This lets you compare two different
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e)

ave fusion:FILTER patches. 
 a number of factory patches 
uild your own sounds. Also, you can 

elect it from the Patch Selector 
e stored in ÒSystem Folder/
r/Audio Plug-ins/Filter,Ó and must 
ppear in the Patch Selector list.

ist of fusion:FILTER patches, the 
 has facilities for saving and loading 
:

 stored in the ÒSystem Folder/
ectory.

parameters currently displayed in 

g the parameters currently 
to create your own patch:
fusion:FILTER User Guide

Patch Selector (Premiere & AudioSuit

Use this area to load or s
fusion:FILTER ships with

(templates), which you can use as starting-points to b
save any of your own parameter sets as patches.

To open a patch, simply s
menu. Factory patches ar
Extensions/Opcode Folde
remain here in order to a

Aside from containing a l
Patch Selector menu also
your own custom patches

¥ Choose Load to open a fusion:FILTER patch that isnÕt
Extensions/Opcode Folder/Audio Plug-ins/FilterÓ dir

¥ Choose Save to overwrite an existing patch with the 
the fusion:FILTER window.

¥ Choose Save As to name and create a new patch usin
displayed in the fusion:FILTER window. For example, 
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ommand.

me, then click the OK button.

 sure to give the patch name a 

ttings contained in any 
 window. Use it to import OpcodeÕs 
tches created by any version of 
n architecture or its host 
ain a Ò.PATÓ extension.

rrent fusion:FILTER settings to a 
ed with fusion:FILTER customers 
 as Premiere or AudioSuite), or 
ewalk, etc.) Exported patches 
fusion:FILTER User Guide

1. Set all filter parameters to their desired values.

2. From the Patch Selector menu, choose the Save As c

3. In the resulting dialog box, type the desired patch na

If you wish to share patches with Windows users, be
Ò.PATÓ file name extension.

Import/Export Buttons (DirectX)

Press the Import button to import the se
fusion:FILTER patch into the open plug-in
factory-supplied patches, or to import pa
fusion:FILTER -- regardless of the plug-i
application. Factory supplied patches cont

Press the Export button to export the cu
standard patch format, which can be shar
that use other plug-in architectures (such
other host applications (Sound Forge, Cak
should be named with a Ò.PATÓ extension.
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s in the Control module whenever 
or over any element in the filter. 
ff button at the far left of the 

window for fusion:FILTER.

ow and return to your host 
 unprocessed.
fusion:FILTER User Guide

Cursor Help (All)

Cursor help appear
you move your curs

You can disable cursor help by clicking the small on/o
text area.

Online Help (All)

Press this button to open a detailed online Help 

Cancel Button (Premiere)

Press this button to close the plug-in wind
application, leaving the selected audio file
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ER window and pass its current 

cess the audio and create a new 
imply apply the settings to the 

 until later. See your host 
g-ins.
fusion:FILTER User Guide

OK Button (Premiere)

Press this button to close the fusion:FILT
settings to the host application.

At this point, some host applications immediately pro
audio file on your hard disk. Other host applications s
internal audio preview and donÕt write new audio files
application manual to see how it handles Premiere plu
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 were created using a combination of Photoshop, 

eate this PDF file.

duced, translated or distributed in any means 
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CREDITS, COLOPHON, & NOT

Credits
The following people were responsible for the creation of fusion:FILTE

Engineering (alphabetically): John S. Cooper; Daniel Steinberg; Dan T

Special Engineering Thanks to: David Zicarelli, Mike Berry, Muscle F

Product Design, Architecture, and Documentation: Gregory A. Simps

Additional Art and fusion Logo: Dean Suko

Management: Bruce Nolen; Tim Self

Colophon
This manual was written and produced in Adobe FrameMaker. Graphics

ClarisWorks, and Macromedia Freehand. Adobe Acrobat was used to cr

Notices
©1998 Opcode Systems, Inc.

This document may not, in whole or part, be copied, photocopied, repro

(electronic or otherwise) without prior consent of Opcode Systems, In
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ystems, Inc.

y to NeoLogic Systems, Inc. and is licensed to 

n:FILTER. NeoLogic Systems makes no 

ncluding warranties with respect to its 
fusion:FILTER User Guide

This program was developed using NeoAccess: ©1992-1998 NeoLogic S

The NeoAccess software contained within fusion:FILTER is proprietar

Opcode Systems for distribution only for use in combination with fusio

warranties whatsoever, expressed or implied, regarding this product, i

merchantability or its fitness for any particular purpose.
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