Parameter Guide



manual carefully.

Thank you for purchasing the Korg NAUTILUS. To help you get the most out of your new instrument, please read this

About this manual

The owner’s manuals and how to use them

These manuals apply to all NAUTILUS models. The front
panel and rear panel illustrations show the NAUTILUS-61,
but they apply identically to the other models.

The NAUTILUS comes with the following manuals.

* Quick Start Guide (printed and PDF)

* Operation Guide (PDF)

* Parameter Guide (PDF)

* Voice Name List (PDF)

A printed copy is included only for the Quick Start Guide.

You can download these PDF manuals from the Korg
website (www.korg.com).

Quick Start Guide

Please read this first. It introduces all of the basic features of
the NAUTILUS, and is designed to get you up and running
quickly.

Operation Guide

Put simply, the Operation Guide is designed to answer the
question, “How do I do this?”

It explains the names and functions of each part of the
NAUTILUS, basic operation, an overview of each mode,
how to edit sounds, record on the sequencer, sample, and so
on. This guide also explains the basics of effects,
arpeggiator, Wave Sequences, and Drum Kits.

Finally, it also contains a troubleshooting guide and
supplemental information such as specifications.

Parameter Guide (this document)

The Parameter Guide is designed to answer the question,
“What does this do?”

Organized by mode and page, the Parameter Guide includes
information on each and every parameter in the NAUTILUS.

Voice Name List

The Voice Name List lists all of the sounds and setups that
are in the NAUTILUS when it is shipped from the factory,
including Programs, Combinations, Multisamples,
Drumsamples, Drum Kits, Arpeggio Pattern, Wave
Sequences, Drum Track Patterns, Template Songs, and
Effect Presets.

PDF versions

The NAUTILUS PDF manuals are designed for easy
navigation and searching. They include extensive PDF
contents information, which generally appears on the side of
the window in your PDF reader and lets you jump quickly to
a specific section. All cross-references are hyper-links, so
that clicking on them automatically takes you to the source
of the reference.

Conventions in this manual

Abbreviations for the manuals: QSG, OG, PG, VNL

In the documentation, references to the manuals are
abbreviated as follows.

QSG: Quick Start Guide
OG: Operation Guide
PG: Parameter Guide
VNL: Voice Name List

Symbols 4 , [, Note, Tips

These symbols respectively indicate a caution, a MIDI-
related explanation, a supplementary note, or a tip.

Example screen displays

The parameter values shown in the example screens of this
manual are only for explanatory purposes, and may not
necessary match the values that appear in the LCD screen of
your instrument.

MIDI-related explanations

CC# is an abbreviation for Control Change Number.

In explanations of MIDI messages, numbers in square
brackets [ ] always indicate hexadecimal numbers.

* Linux is a trademark or registered trademark of Linus
Torvalds in the United States and in other countries.

* All product names and company names are the trademarks or
registered trademarks of their respective owners.
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PROGRAM mode: HD-1

HD-1 Overview

Flagship sampling & Wave Sequencing Main Features

synth » Korg’s proprietary ultra-high-quality sample

We named the HD-1 “High Definition” because of its interpolation provides minimal aliasing, crystal-clear
superior sound, starting with Korg’s proprietary low-aliasing high frequencies, and sound that is smooth, rich, and
sample playback oscillators, full-bandwidth multimode detailed across the entire audio spectrum.

resonant filters, and extraordinarily fast & smooth envelopes » Gigabytes of ROM and EXs sample libraries

and LFOs.

» User Sample Banks allow multiple gigabyte-sized
Virtual Memory Technology (VMT) gives the HD-1 access custom libraries
to gigabytes of onboard samples covering every “meat and
potatoes” sound in exquisite detail, from orchestral to classic
rock to hip-hop, all instantly available.

* Dual-oscillator structure, providing two complete voice
chains for layers and splits

» Within each oscillator, up to eight-way velocity splits
and crossfades (including two-way layers)

Wave Sequencin
q 9 »  Wave Sequencing, for creating rhythmic patterns or

Wave Sequences play a series of samples over time, creating complex, evolving timbres
distinctive rhythmic timbres or smooth, complex evolving

o . *  Vector Synthesis
sounds. Additionally, step-sequencer-style modulation

outputs allow Wave Sequences to control any modulatable *  Dual multi-mode resonant filters

Program parameter. + Drive and Low Boost, for adding per-voice grit, girth and
In the HD-1, Wave Sequences can be used interchangeably distortion

with standard Multisamples. Wave Sequences are edited in + Three envelopes, two LFOs, and two AMS Mixers per
GLOBAL mode; for more information, see “GLOBAL > OSC, plus a common LFO, X-Y envelope, and Scene
Wave Sequence” on page 657. setup (Arpeggiator, Drum track/Step sequencer) for the

Program as a whole

» Two complex key tracking generators per OSC, plus two
more for the Program as a whole

+ Extensive real-time modulation capabilities

HD-1 Program Structure | o ARP Drum Track/ Key
LFO Step SEQ ||| Track 1
2
e I )
Mixer _ Effect
&EQ || T
—
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e N
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PROGRAM > Home

This is the main page of PROGRAM mode for HD-1

Programs. Among other things, you can: Page Select

* Select Programs Select the pages using the methods shown below.

+ Jump directly to the main editing pages 1. Press the PAGE button to display “Page Select”.

+ Make edits Arpeggiator, Drum truck/Step sequencer to The abbreviated names of each page are shown in “Page
Scene Select”.

« Set up the audio inputs and resampling options 2. Select the desired page using the display.

0-1: Overview

0-1PMC*
(Page Menu Command)

3Band EQ
08C1 Fitter1

1 2 DrumT

Mute = Mute = Mute

127 127 100

Overview Quick Quick
Mix Balance Layer Split

This is the main page for selecting Programs, which are the
basic sounds of the NAUTILUS. It also includes an
interactive overview of the most important Program
parameters, such as envelopes, LFOs, Multisamples, filters,
and so on. Just touch any of these overview areas, and you’ll
jump to the corresponding edit page.

Tip: Wherever you are in the PROGRAM mode pages,
pressing EXIT three times (or fewer) will take you back to
this page, and select the Program name. You can then
immediately use each VALUE controller to select a different
Program.



PROGRAM > Home 0-1:Overview

0-1a: Program Select

PROGRAM = Home

> |FO00: HD-1 German2 D Piano

Program Select Popup Program Select

[0...127 (A...T, a...t Bank),
1...128 (GM, g(1)...9(9), g(d) Bank]

This is the currently selected Program.

Program Select

To switch between Programs, use the VALUE controller or
the Program Select menu.

Changing the Program

+ Select “Program Select” using the VALUE dial or the
+/— buttons.

* Select from the Programs displayed by bank in the
Bank/Program Select menu. For more information, see
“Bank/Program Select menu” on page 6.

+ Select from the Programs displayed by category in the
Category/Program Select menu. For more information,
see “Category/Program Select menu” on page 5.

+ Use the Favorites feature to display and select Programs
whose “Favorite” setting is on in the Bank/Program
Select menu or the Category/Program Select menu.

+ Use the foot switch to switch Programs. For more
information, see “Foot Switch Assign” on page 675,
“Foot Switch Assignments” on page 919.

* Transmit a MIDI program change message from an
external MIDI device connected to the NAUTILUS.
[00...18]

Displays the main category for the Program. Each Program
is categorized into up to 18 categories, and each category
contains eight sub-categories.

Main Category

[(HD-1, EXi)]

This shows whether the current Bank contains HD-1
Programs or EXi Programs. The two Program types can’t be
mixed in a single bank.

HD-1: The Bank contains HD-1 Programs.

Bank Type

EXi: The Bank contains EXi Programs.

Changing the Program Bank Types

Banks can contain either HD-1 Programs or EXi Programs,
but not both. This assignment can be set separately for each
bank. To change the Program bank type, use the “Set
Program Bank Type” page menu command in the GLOBAL
> Basic- Basic Setup page. For more information, see “Set
Program Bank Type” on page 686.

Note: Set the bank to “HD-1" when exporting resampled
multisamples as Programs. These multisamples cannot be
exported to banks set as “EXi”.

Favorite [Off, On]

On (checked): The selected Program(s) will be added to the
favorites. For more information, see “Favorite” on page 7.

Main Category Favorite  Tempo
Bank Type

[040.00...300.00, EXT]

This is the tempo for the current Program, which applies to
tempo-synced LFOs and Wave Sequences, Arpeggiator,
Drum Track, and tempo-synced effects.

040.00...300.00 allow you to set a specific tempo in BPM,
with 1/100 BPM accuracy. In addition to using each VALUE
controller, or by playing a few quarter-notes on the TAP
button. To set values below the decimal point, hold down the
ENTER button and input the value with the VALUE
controller.

Tempo ()

EXT means that the tempo will sync to external MIDI
clocks. You’ll see this if the Global MIDI page MIDI Clock
parameter is set to External MIDI or USB, or if it’s set to
Auto MIDI or Auto USB and the NAUTILUS is currently
receiving MIDI clocks. For more information, please see
“MIDI Clock (MIDI Clock Source)” on page 653.

0-1b: Overview and Page Jump

This section shows an overview of the important Program
settings, such as the selected Multisamples or Wave
Sequences and their velocity ranges, filter settings, EGs and
LFOs, and so on.

The graphics give you a quick way to check all of these
settings at a glance. They also let you jump instantly to any
of the displayed parameters. Just touch one of the graphics,
and you’ll jump to the page containing its parameters. For
instance, if you touch the Filter EG graphic, you’ll go to the
Filter EG page.

0SsC1

0OSC1 Graphic or Multisample/Wave
Sequence/Drum Kit names
This area either shows the names of the Multisamples, Wave
Sequences, or Drum Kit assigned to OSC1, or a graphic
representing the type of sound.
Whether names or the graphic are displayed is controlled by
the Show MS/WS/DKit Graphics menu command. For
more information, see “Show MS/WS/DKit Graphics” on
page 113 and “1-1h: Play Page MS/WS/DKit Display” on
page 40.
If names are shown, colors and abbreviations are used to
distinguish between various possibilities, as detailed below:
* The “GLOBAL > Basic Setup: HD-1 Program
Overview, Show MS/WS/DKit Graphics” checkbox is
selected.

* “Show MS/WS/DKit Graphic” (“PROGRAM > Home
page” menu command) checkbox is selected.

Touch this area to jump to the corresponding PROGRAM >
OSC/Ptich— OSC1 Basic page.
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Key Zone

This indicates the key zone in which OSC1 will sound. The
61-, 73- or 88-note keyboard region is also shown.

Touch this area to jump to the corresponding PROGRAM >
Basic/X-Y/Controllers— Program Basic page.

MS1...8, Velocity Zone Graphic

This shows the velocity zones for OSC 1 multisamples 1—4.
Touch this area to jump to the corresponding PROGRAM >
OSC/Pitch— OSC1 Basic page.

0SC1LFO1, 0SC1 LFO2 Graphic

This shows the waveforms of OSC1 LFO1 and OSC1 LFO2.
If “MIDI/Tempo Sync” is selected, this will indicate
“MIDIL.”

Touch this area to jump to the corresponding PROGRAM >
LFO- OSC1 LFO1 page or OSC1 LFO2 page.
Filter 1

Filter Routing & Type

This shows the filter 1 routing and filter type.

Touch this area to jump to the corresponding PROGRAM >
Filter— Filter1 page.

Filter Graphic

This shows the cutoff frequency.

Touch this area to jump to the PROGRAM > Filter— Filter1
page.

Filter EG Graphic

This shows the shape of the filter 1 EG.

Touch this area to jump to the corresponding PROGRAM >
Filter— Filter1 EG page.

Amp 1

Drive, Low Boost, Pan, Amp Level

This area shows the Amp 1 Driver, Low Boost, Pan, and
Amp Level values.

If Bypass is on, Drive and Low Boost are not shown.
Touch this area to jump to the corresponding PROGRAM >
Amp/EQ- Amp1/Drivel page.

Amp EG Graphic

This shows the shape of the amp 1 EG.

Touch this area to jump to the corresponding PROGRAM >
Amp/EQ- Amp1 EG page.

0-1c: Quick Layer and Quick Split
buttons

These buttons access the Quick Layer and Quick Split
features, which make it easy to create simple layers and
splits. Starting with either a Program or Combination, you
can add another Program as a layer, or split the keyboard so
that the current sound plays on one side of the keyboard
(either upper or lower), and a different Program plays on the
other.

When you press the Quick Layer or Quick Split buttons, the
Quick Layer or Quick Split dialog box appears. For detailed
descriptions, see “Quick Layer,” below, and “Quick Split”
on page 11.

0-1d: Common

3Band EQ Graphic

This shows the MID-sweepable three-band EQ.
Touch this area to jump to the PROGRAM > Amp/EQ- EQ
page.
Mute (1)

When this button is on, oscillator 1 will be muted.

[On, Off]

Mute (2)

When this button is on, oscillator 2 will be muted.

[On, Off]

Mute (DrumT) [On, Off]

When this button is on, the drum track or the step sequencer
will be muted.

0SC 1 Volume [000...127]
Adjusts the volume level of oscillator 1.
0SC 2 Volume [000...127]
Adjusts the volume level of oscillator 2.
Drum Track Volume [000...127]

Adjusts the volume of the drum track or the step sequencer.



PROGRAM > Home Program Select menu

Program Select menu

Category/Program Select menu

Sub-category tab Category tab
Program Select Piano  All
Category Piano Single
tab
SELEMl A060: Prepared Piano Chorus F003: HD-1 Piano Damper World
Organ LeadSynth
B A061: Prepared Motion SW1/2 F004: DASYS Piano i
R EES FastSynth
A062: Ping Pong Piano F005: OASYS Mono Piano
Strings SlowSynth
MaotionSynth
F001: Italian Piano Classic FD07: 2 Way Stereo Grand SW1
&l F002: HD-1 Vertical Piano F008: Stereo Piano Boesy Drums
Scroll bar
Bank(List) Bank(10key) q Favorite
Bank(List) button Category button Favorite button
Bank(10key) button Find button
1. Press the Program Select Popup button, then press the Note: You can assign a category to a Program in the “Write
Category button to open the Category/Program Select Program” dialog.

menu.

2. Press one of the tabs on the left or right to select the
desired category.

If no Programs are assigned to a particular category or sub-
category, you won'’t be able to select its tab.

3. Press a tab in the top to select a sub-category.

This displays Programs categorized by sub-categories. The
tabs will be disabled for sub-categories to which Programs
have not been assigned.

All: All programs in the category will be shown. Choose this
when you don’t need to use sub-categories.

0...7: The programs will be shown by sub-category.
4. Select a program from the list.

You can touch a Program’s name directly, or use the + and -
buttons or VALUE dial.

If there are more Programs than can be shown on the screen

at one time, use the scroll bar to browse through the entire

Category.

5. The Favorite check-box trims the list to show only
Programs you’ve marked as favorites.

If the selected Category contains no Programs marked as
Favorites, the box can’t be checked.

6. You can use the Find button to search for Programs
by name.

For more information, see “Find dialog” on page 7.

7. Press the OK button to confirm your choice, or press
the Cancel button to exit without changing the
Program.
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Bank/Program Select menu

Program list
Program Select

F000: HD-1 German2 D Piano

F001: Italian Piano Classic

F002: HD-1 Vertical Piano

F003: HD-1 Piano Damper

Bank button —— 1 F004: OASYS Piano

FO05: OASYS Mono Piano

FOO06: Stereo Concert Piano

Scroll bar
FDO07: 2 Way Stereo Grand SW1
Bank(10key) Category
Bank(List) button Category button Favorite button
Bank(10key) button Find button
Program Select
KORG KORG " -
A-T M FO00: HD-1 German2 D Piano
X 000
Bank button Numeric
keypad
Bank(List) Bank({10key) Category
Bank(List) button Category button Favorite button
Bank(10key) button Find button

1. Press the Program Select Popup button to open the 5. You can use the Find button to search for Programs
Bank/Program Select menu. Press the Bank(List) by name.
button if the Category/Program Select menu is shown. The Find button is shown as a magnifying glass icon at the

2. Press one of the bank buttons on the left to select a bottom of the display. For more information, see “Find
specific bank. dialog” on page 7.

3. Select a program from the list. You can touch a 6. Press the Bank(10key) button to switch the list to
Program’s name directly, or use the + and - buttons or display a numeric keypad, where you can input the
VALUE dial. Program number to select.

4. The Favorite button trims the list to show only Tips: Press the (update) button on the numeric keypad
Programs you’ve marked as favorites. If the selected to select a Program and check how it sounds without closing
Bank contains no Programs marked as Favorites, the the dialog box.

9
box ca.n the CI.leCked' ' 7. Press the OK button to confirm your choice, or press
For more information, see “0-1b: Overview and Page the Cancel button to exit without changing the

Jump,” below. Program.
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Banks GM, g(1...9), and g(d): General MIDI

Press the Bank(List) button to display “Bank Select”, and
press the GM button.

If a GM variation bank doesn’t have a different version of
the current Program, the basic GM sound will be recalled
instead. In this case.

Program Bank Contents

Bank
Bank Contents a
Type
A..E EXi sounds
Bank type
F..O HD-1 sounds can be set
P.R Initialized EXi Programs to either
HD-1 or EXi
ST a.t Initialized HD-1 Programs
GM GM2 capital Programs
g(1)...9(9) GM2 variation Programs GM
g(d) GM2 drum Programs

* There are 128 programs in each writable bank (A-T and a-t,
for a total of 5,120), as well as the GM bank (GM2 capital
programs), g(1)—g(9) (variation programs) and g(d) (drum)
program areas that can’t be overwritten.

+ Bank M is selected as the default setting when writing a
multisample resampled by the page menu command
“Auto Sampling Setup” as a program.

For details on the factory Programs, please see the separate
Voice Name List (VNL).
[Off, On]

This check-box, right under the Tempo parameter, marks the
Program as a “favorite,” which makes it easy to find in the
Bank/Program Select and Category/Program Select dialogs.

Favorite

Important: you must write the Program in order to save
changes to the Favorite status.

Find [Button]

This magnifying-glass button brings up the Find dialog. You
can use Find to search for Programs by name, as described
below.

Find dialog

The Find dialog lets you search for data by name. It’s
reached by the magnifying glass icon at the bottom of the
Select menu for Programs, Combinations, Songs, Set Lists,
Samples, Multisamples, Wave Sequences, Drum Kits,
Effects, and MOD-7 algorithms.

To use it:

1. Press the magnifying glass to open the Find dialog.

Ignore Case button

2. Enter the text to search for.

For instance, you can enter “Pian” to search for Programs
with “piano” in the name. Ignore Case button is enabled by
default; disable this if you want the find function to
distinguish between upper and lower case.

In addition to the on-screen keyboard, you can use a
commercially available USB alphanumeric keyboard to
enter text. For more information, see “Editing names and
entering text” on page 206 of the OG.

3. Press Find to find matches to the entered text.

The names of Programs which match the provided text will
appear, displayed one at a time.

4. Use the Next and Previous buttons to step through the
Programs. Alternatively, use the front-panel + and —
buttons.

You can audition the Programs by playing on the keyboard.

5. To select a found Program, press the OK button. To
exit without selecting a new Program, press the
Cancel button.
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PROGRAM mode: HD-1

Quick Layer

Quick Layer - Program Mode

BLLARLASR b A L L LLLL

LAYER PROG
Category image I— o

(Layer)

Program Select (Layer) m_ Sotave )
j —tlit— " =

Octave (Layer)
Category image

MAIN PROG

Program Select
S | W
Program Select (Main) —
e | ome o
Octave (Main) e —

Select ARP/DRUM

Select ARP/DRUM J 08500

Tempo

Volume

Overview

This dialog box is reached by pressing the Quick Layer
button on the PROGRAM > Home page.

A “layer” is when playing a single note causes two or more
sounds to be heard simultaneously. When invoked from
PROGRAM mode, the Quick Layer function lets you layer
two Programs together.

All of the Quick Layer controls are non-destructive and
reflected immediately when playing on the keyboard. You
can experiment with different settings, and fine-tune until
you find the perfect sound.

Once you’re happy with the results, you can save the layer as
a new Combination.

Limitations of Quick Layer/Splitin
PROGRAM mode

The sound of the Layer or Split Program may change due to
effects usage. These factors are described in detail below.

Effects

As long as there are enough insert effect (IFX) slots, the
selected Program’s insert effects (IFX) are copied into the
new layer/split sound. If there are not enough available IFX
slots, the Program’s effects won’t be copied, and a caution
icon will appear (see “Caution messages,” below).

The Main Program will continue to use its previously
assigned Master and Total Effects (MFX and TFX). The
Send 1/2 levels of the Layer Program are preserved, but the
MFX and TFX themselves are not. This means that the layer

Program may not sound exactly the same as it did originally.

Caution messages

If there are insufficient free IFX slots to completely merge
the two sounds, an exclamation point icon will appear:

’ > |H002: Muted Guitar Bells

off

| ,> F000: HD-1 German2 D Piano

Keyboard Zones

127

Volume (Layer)

Solo (Layer)

\—Zone

127

Volume (Main)

N— . Solo (Main)

Cancel Write Layered Combi

A

Touch the icon to show information about the specific
limitations encountered. Note that these limitations do not
prevent the creation of the split or layer sound; they just
mean that one or the other of the sounds may not be quite the
same when played in the new Combination.

e “There is not enough empty slot to copy Layer’s IFX.”

*  “There is not enough empty slot to copy
Lower’s/Upper’s I[FX.”

This message appears if the insert effect settings of the
split/layer Program are not copied because there are not
enough insert effect slots.

» Caution |

Cancel

Global MIDI Channel

In PROGRAM mode, Quick Layer may not work as
expected when the Global MIDI Channel (GLOBAL 1-1a)
is set to 16, or set the same as the Drum Track MIDI Channel
(Channel 10 by default).

Keyboard and Zone Graphics

The graphic at the top of the window shows the keyboard
zones of the two sounds. The Layer Program’s note range is
shown in yellow, and the Main Program’s note range is
shown in light blue.

KEYBOARD Graphic

Write Layered Combi
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The keyboard graphic shows notes as they are played on the
physical keyboard.

LAYER PROG

Layer Program Select [List of Programs]

This selects the Program that is layered onto the Main
Program. You can use all of the normal Program selection
methods, including bank and number, and category.

When a Layer Program is selected, some limitations may
cause either the layer Program or the Main Program to sound
a bit different. For more information, see “Limitations of
Quick Layer/Split in PROGRAM mode” on page 8.

Category image [graphic]

This display-only graphic represents the category or sub-
category of the Layer Program.

Octave [-2,-1,0,+1, +2]
This adjusts the pitch of the Layer Program in 1-octave units.
Internally, the Octave setting controls the Timbre’s
Transpose parameter.

Zone [Off, Lower, Upper]

This limits the region in which the Layer Program produces
sound.

Off: No limit. The Layer Program will produce sound across
the entire range of the keyboard.

Lower: Only the lower notes produce sound.

Upper: Only the upper notes produce sound.
[C-1...G9]

The name and function of this parameter changes depending
on the setting of Zone, above.

Top Key (or Bottom Key)

Top Key appears if Zone is set to Lower. This sets the
highest note at which the Layer Program produces sound.

Bottom Key appears if Zone is set to Upper. This sets the
lowest note at which the Layer Program produces sound.

Neither parameter is shown if Zone is set to Off.

You can edit this parameter directly from either the physical
keyboard or the keyboard graphic:

1. Press and hold the ENTER button.
2. While holding ENTER, play a note on the keyboard,
or touch the keyboard graphic.

Volume [000...127]

This adjusts the volume of the Layer Program. The default
setting is 127.
Solo [On, Off]

This turns the Solo function on/off. If Solo is enabled, only
tracks with Solo On will sound; other tracks will be muted.

The setting will alternate on/off each time you press the Solo
button.

MAIN PROG

(Program Select) [List of Programs]

By default, this will be the currently selected Program. You
can also select a different Program, if desired. You can use
all of the normal Program selection methods, including bank
and number, category, and Find.

Category image

This display-only graphic represents the category or sub-
category of the Main Program.

[-2,-1,0,+1, +2]

This sets the pitch of the Main Program in 1-octave units.

Octave

Internally, this edits the Timbre Transpose parameter.

Solo [On, Off]

This turns the Solo function on/off. If Solo is enabled, only
tracks with Solo On will sound; other tracks will be muted.

The setting will alternate on/off each time you press the Solo
button.

Volume [000...127]

This adjusts the volume of the Main Program. The default is
127.

ARP/DRUM

Select ARP/DRUM

You can choose to use the ARP/DRUM from either the Main
or Layer Program. The Tempo is initially set to match the
selected ARP/DRUM,; you can then change it as desired.

When the ARP and DRUM buttons are turned on, notes can
be played using the arpeggiator, drum track or step
sequencer.

Note that you can’t use both Arpeggiator, Drum track/Step
sequencer simultaneously.
[000...127]

This adjusts the volume of the Drum Track. Initially, the
value defaults to match the Drum Track volume in the source
Program.

Volume

[040.00...300.00]

This sets the tempo for Arpeggiator, the Drum track or Step
sequencer.

Tempo

By default, this will be the tempo of the Program whose
ARP/DRUM is selected; you can then change it as desired.

Write Layered Combi

When you’ve created a layer sound that you like, press the
Write Layered Combi button to save it as a combination.
The Write Combination dialog box will appear. For more
information, see “Write Combination” on page 433.

After the Write is complete, the system enters
COMBINATION mode with the newly created Combination
selected.

Cancel

If you press the Cancel button the Quick Layer dialog box
closes, and the settings are canceled.



10

PROGRAM mode: HD-1

Settings that are saved in a Combination

Timbre

The following timbres are used:

* Main Program: TO1

» Layer or Split Program: T02

* Drum Track: T10

All of these Timbres (T01, 02, 10) are set to Play; the
remaining timbres are set to Mute.

Volume

For both Quick Layer and Split, the Volume settings are
applied to the Timbre Volume parameters.

Transpose

For both Quick Layer and Split, the Octave settings are
applied to the Timbre Transpose parameters.

Effect

All IFX, MFX, and TFX settings of the Main Program are
copied. IFX settings are packed forward when they are
copied.

For the Layer or Split Program, IFX settings are copied if
there are available free IFX; if not, the settings are not
copied. Send 1/2 values are copied.

Drum

The main or layer drums that you turned on will be set to
timbre 10.

The tempo value is copied from the selected Program.

MIDI Ch

When “Select ARP/DRUM?” is set to “Main”, the channel
settings are “T01:16ch” and “T02:Gch”; and when “Select
ARP/DRUM?” is set to “Layer”, the channel settings are
“T01:Gch” and “T02:16ch”.
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Quick Split
Quick Split - Program Mode

Select Split Mode —gd _;.I“t Split Mode

LALLM L L

—————————— Split Point
c4 [ENTER}+KBD

Solo (Lower) Split Point

52‘.’3!? pmopup PPN  LOVER PROG

AP > |K007; Strat P4 Mute Rit
(Lower) 4
Octave (Lower) R S-S IE

Category image

Volume (Lower)
Select ARP/DRUM

Select ARP/DRUM —g&d

Tempo

Volume

Overview

This dialog box is reached by pressing the Quick Split button
on the PROGRAM > Home page.

A “split” means that one sound plays on the lower, left-hand
side of the keyboard, and a different sound plays on the
upper, right-hand side. The note at which one sound ends
and the other begins is called the “split point.”

When invoked from PROGRAM mode, Quick Split lets you
split the selected Program with a second Program.

All of the Quick Split controls are non-destructive and
reflected immediately when playing on the keyboard. You
can experiment with different settings, and fine-tune until
you find the perfect sound. Once you’re happy with the
results, you can save the split as a new Combination.

Limitations

Depending on the specific sounds and the Global MIDI
channel setting, the sounds may change slightly when
combined using Quick Split. For more information, see
“Limitations of Quick Layer/Split in PROGRAM mode,” on
page 8.

Split Controls & Keyboard Graphic

Select Split Mode

This controls whether the Split Program is placed on the
upper or lower part of the keyboard.

[Lower / Main, Main / Upper]

Lower / Main assigns the Split Program to the left-hand
(lower) side of the keyboard—useful for bass sounds, for
instance. This is the default.

Main / Upper assigns the Split Program to the right-hand
(upper) side of the keyboard, and the Main Program to the
left-hand (lower) side.

Keyboard Zones

KEYBOARD Graphic

MAIN PROG

Program Select

FO000: HD-1 German2 D Piano— (I}

Solo (Main)
7T e Octave (Main)
( 127

Octave +

Volume (Main)

; Category image

Cancel Write Split Combi Write Split Combi

Note: When using Quick Split, the damper pedal is set to be
enabled for the main Program but disabled for the lower
(upper) Program. For more information, see “MIDI Filter”
on page 12.

Keyboard Zones

Range in which the lower (upper) Program sounds: yellow

Range in which the main Combination sounds: light blue

Keyboard graphic

The graphic at the top of the window shows the keyboard
zones of the two sounds. The Layer Program’s note range is
shown in yellow, and the Main Program’s note range is
shown in light blue.

The keyboard graphic shows notes as they are played on the
physical keyboard.
Split Point [C-1...G9]

The split point sets the lowest key of the Upper range; the
default is C4.

You can edit this parameter directly from either the physical
keyboard or the keyboard graphic:

1. Press and hold the ENTER button.

2. While holding ENTER, play a note on the keyboard,
or touch the keyboard graphic.

LOWER or UPPER PROG

The name of this section changes depending on the setting of
Select Split Mode, above.

LOWER PROG appears if Select Split Mode is set to
Lower / Main.

UPPER PROG appears if Select Split Mode is set to Main
/ Upper.

11
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(Program Select) [List of Programs]

This selects the Split Program to add to the Main Program.
You can use all of the normal Program selection methods,
including bank and number, category, and Find.

Category image

This display-only graphic represents the category or sub-
category of the Split Program.

[-2,-1,0,+1, +2]
This adjusts the pitch of the Split Program in 1-octave units.

Octave

Internally, the Octave setting controls the Timbre’s
Transpose parameter.

[000...127]

This adjusts the volume of the Split Program. The default
setting is 127.

Solo [On, Off]

This turns the Solo function on/off. If Solo is enabled, only
tracks with Solo On will sound; other tracks will be muted.

Volume

The setting will alternate on/off each time you press the Solo
button.

MAIN PROG

(Program Select) [List of Programs]

By default, this will be the currently selected Program. You
can also select a different Program, if desired. You can use
all of the normal Program selection methods, including bank
and number, category, and Find.

Category image

This display-only graphic represents the category or sub-
category of the Main Program.

Octave ['21 -1,0,+1, +2]
This sets the pitch of the Main Program in 1-octave units.
Internally, this edits all of the individual Timbre Transpose
parameters.

Solo [On, Off]

This turns the Solo function on/off. If Solo is enabled, only
tracks with Solo On will sound; other tracks will be muted.

The setting will alternate on/off each time you press the Solo
button.

Volume [000...127]

This adjusts the volume of the Main Program. The default
setting is 127.

ARP/DRUM

Select ARP/DRUM

You can choose to use the ARP/DRUM from either the Main
or Split Program. The Tempo is initially set to match the
selected ARP/DRUM; you can then change it as desired.

When the ARP and DRUM buttons are turned on, notes can
be played using the arpeggiator, drum track or step
sequencer.

Note that you can’t use both Arpeggiator, Drum track/Step
sequencer simultaneously.

Volume [000...127]

This adjusts the volume of the Drum Track. Initially, the
value defaults to match the Drum Track volume in the source
Program.

[040.00...300.00]

This sets the tempo for Arpeggiator, Drum track or Step
sequencer.

Tempo

By default, this will be the tempo of the Program whose
ARP/DRUM is selected; you can then change it as desired.

Write Split Combi

When you’ve created a layer sound that you like, press the
Write Split Combi button to save it as a combination. The
Write Combination dialog box will appear. For more
information, see “Write Combination” on page 433.

After the Write is complete, the system enters
COMBINATION mode with the newly created Combination
selected.

Cancel

If you press the Cancel button the Quick Layer dialog box
closes, and the settings are canceled.

Settings that are saved in a Combination

The settings stored in the Combination are almost the same
as for Quick Layer; for more details, please see “Settings
that are saved in a Combination” on page 10. Quick Split
also controls the Key Zones, MIDI Filter and ARP settings,
as below:

Key Zone

When using Quick Split, this is set according to the Select
Split Mode and Split Point.

Also, the ARP Scan Zone will be set to match the Timbre
Key Zone. Timbre Zone Bypass will turn on.

MIDI Filter

When using Quick Split, MIDI Filter - Enable Damper is
turned on for the Main program Timbre (TO01), and turned off
for the Lower(Upper) program Timbre (T02). This is
convenient for a typical piano/bass split, for instance.

v 0-1:Page Menu Commands
+ Compare —p.112
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0-2: Performance Meter

M > Home

Voice CPUs mmmnmnssnnnnnnnnnnnnnn  EXj Fived

[\ SprP__ \/oice Stealing 0
Effects CPU ] 0%
Smooth Sound Transition Idle

Performance
Meter

This page lets you look at the real-time performance of the
NAUTILUS, including voice usage, voice stealing, and
effects.

0-2a: CPU
Voice CPUs

This meter shows the amount of CPU power being used for
playing voices. It uses two different colors to show the
relative costs of voices and EXi fixed resources (see below).
The relative percentage of each is shown numerically to the
right of the meter graphic.

The figures shown are a real-time view of the actual CPU
usage. Because of this, they may vary slightly even if you
aren’t changing anything. Also, due to the complex way in
which the NAUTILUS uses the CPU, the figures may
sometimes not change by much (or at all) when the number
of voices changes by a small amount, or when you add or
remove EXi with fixed resources.

EXi Fixed: This shows the amount of power used for EXi
fixed resources, in yellow. “Fixed” means that part of the
EXi starts using processing power as soon as the EXi is
loaded, before playing any notes. These include effects built
into the EXi, such as the amps and effects in the CX-3 and
EP-1, as well as features shared by all voices, such as the
MS-20EX’s external signal processor. For more information,
see “CX-3 & other EXi: Limitations on EXi fixed resources”
on page 380.

Voices: This shows the amount of power used for currently-
sounding voices, in green. This includes all HD-1 and EXi
voices.

0-2PMC

Voices

Mumber of Sounding Voices

Quick Quick
Layer Split

Voice Stealing

Sometimes, if a lot of voices are already sounding, there
won’t be enough free power to play a new voice. When this
happens, the system stops older or lower-priority voices to
free enough CPU power for the new voice. This is called
“voice stealing.” This meter shows the amount of voice
stealing, in real time.

The NAUTILUS uses a complex, sophisticated system for
voice stealing, which can stop voices from one synth (such
as the HD-1) to make room for another (such as the
PolysixEX). It also makes sure that you never have to worry
about drop-outs from CPU “overs,” as you do on most
software systems.

In most cases, voice stealing will sound natural. Sometimes,
however, you may notice that voices seem to be cutting off
too early. If this occurs:

1. Check this meter to see whether a lot of voice stealing
is happening.

If the meter doesn’t show voice stealing, then the problem is

being caused by something else. If the meter does show a lot

of stealing, then you can address this in several different

ways. Note that these solutions apply primarily to

COMBINATION and SEQUENCER modes.

2. In COMBINATION and SEQUENCER modes, use
the Track/Timbre Priority setting to protect critical
sounds from voice stealing.

For more information, see ‘“Timbre Priority” on page 405.

3. Use the Max # of Notes setting to limit the polyphony
of specific Timbres or Tracks, leaving more power for
other sounds.

For more information, see “Max # of Notes” on page 407.

4. In SEQUENCER mode, bounce high-polyphony
MIDI Tracks to Audio Tracks, and then mute the
MIDI Tracks.

13
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PROGRAM mode: HD-1

Number of Sounding Voices

This shows the total number of currently sounding voices.
Voices will have different CPU costs depending on which of
the synth engines they use. With double Programs, various
HD-1 options (see below), and layers and crossfades in
COMBINATION and SEQUENCER modes, a single key on
the keyboard may play a large number of voices.

In the HD-1, stereo samples use two voices each, Wave
Sequences double the number of voices (two for mono, four
for stereo), layered Oscillators (normal Double Programs,
for instance) use separate voices for each Oscillator, and
velocity cross-fades between MS use the total number of
voices for both of the crossfaded sounds.

Effects CPU

The NAUTILUS uses multiple CPUs for playing synthesizer
voices, and a separate CPU for effects processing including
IFX, MFX, and TFX. Note that effects integrated into EXi
use the voice CPUs instead, and show up on the meters as
EXi fixed resources, as described above.

This meter may also show activity reflecting the mixer

infrastructure.

Note that effects continue to take up processing resources
even when they are turned Off or bypassed. If you want to
free up the processing resources, change the effect selection
to 000: No Effect.

Smooth Sound Transition

This shows whether or not the system is currently in the
middle of a Smooth Sound Transition (SST). While an SST
is occurring, the Effects CPU meter will generally show
higher levels of activity than normal.

For more information, see “Smooth Sound Transitions” on
page 121 of the OG.

Idle means that SST is not currently happening.

Active means that SST is in progress.

v 0-2:Page Menu Commands

* Compare —p.112

*  Write Program —p.112
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0-6: ARP DRUM

Home

0-6PMC

B > |F000: HD-1 German2 D Piano b
0-6¢
i Gate Veloci Length Swin Drum SD e — 0-6f
0-6b R ' 100 QI ) 127 & +00 312
:\'; A ADOT78: Piano Arpeggio 01 ﬁ"&[ Drum Track ] A B e —0-6d
P0980; Latin 02 BPM140 [All]
20 &1 Il &1
0-6e

']
DRUM

Quick
Layer

This page lets you make basic adjustments to Arpeggiator.

A single arpeggiator and drum track or step sequencer can be
used in PROGRAM mode.

Here we will configure an arpeggiator and drum track/step
sequencer each for four scenes. You can select a scene and
then change the settings of the arpeggiator and drum
track/step sequencer together.

0-6a: Program Select, Tempo

Bank [A..T, a...t GM, g(1...9), g(d)]
Bank Type [HD-1, EXil
Program [0...127 (A...T Banks),

1...128 (GM Banks)]
. (Tempo) [040.00...300.00, EXT]

Displays the Program bank, bank type, Program number and
name for the currently selected Program. For more
information, see “0—1a: Program Select” on page 3.

0-6b: Panel Switch (ARP, DRUM, LATCH
Button)

LATCH
This switches the LATCH on/off.

On: The arpeggiator will continue playing even after you
take your hand off the keyboard.

Off: The arpeggio will stop playing once you remove your
hand from the keyboard.

Note: The latch will not operate while the latch settings in
each arpeggiator are disabled, even if the LATCH function is
on.

ARP

Switches the arpeggiator function on/off.

Quick
Split

DRUM

Switches the drum function on/off.

0-6¢: RT Control knob (Gate, Velocity,
Length, Swing, Drum SD)

Displays the current values of the RT control knobs when
ARP/DRUM is selected. These values can be directly
changed.

Gate [-64...+63]
Adjusts the note length (gate time) for the arpeggiator and
step sequencer.

[-64...+63]

Adjusts the velocity of the notes played by the arpeggiator
and step sequencer.

Velocity

Length [0...127]

Changes the length of the arpeggiator pattern and the step
sequencer’s sequence. When this is set to “127”, the
arpeggio pattern or step sequencer will play back at the
length set in the pattern or sequence.

[-64...+63]

Adjusts the pattern of the arpeggiator or drum track, or the
shuffle feel of the sequence played by the step sequencer.

Swing

Drum SD [0...127]

Changes the pattern of the drum track, or the snare drum
sound used in the sequence played by the step sequencer.
When this is set to “0”, the snare drum will not sound; and
when this is set to “127”, the sound set in the pattern or
sequence will be used.

0-6d: ARP/Drum Track/Step Sequence

This displays the arpeggio pattern, drum track (drum pattern)
or step sequences A—D that are configured for the selected
scene.

15
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PROGRAM mode: HD-1

0-6e: Scene 1-4 Button

Selects the scene.

When step sequence B
is selected

Arpeggiator A (when 1Shot, latch is enabled)

When the drum track is selected
Scene button

E;—— Time signature

0-6f: Edit button
Switches the ARP DRUM tab page to Edit view.

You can configure the scene settings in Edit view. Here we
configure the arpeggiator, drum track and step sequencer
settings for each of the scene buttons.

Configures the arpeggiator and drum functions. The
parameters of Scene Common Setup and Edit STEP
SEQUENCE are used in common for all scenes.

PROGR
’ |F000: HD-1 German2 D Piano

A Gate Veloci Length Swin Drum SD
Panel Switch " .00 ity +00 g 127 90 o0 V127

Scene Common Setup More Edit STEP SEQUENCE Inst. List
Program

A B c D

fF > 0035 JazzKitDry Mic
Scene CueMode  Measure

Scene 1 Setup

S A > A0078:Piano Arpeggio 01

PO9BO: Latin 02 BPM140 [All

el oo PN

s
DRUM

Scene Common Setup

[0...127 (A...T),
1...128 (G, g(1)...9(9), g(d))]

Select the Program to be used for the drum track or step
sequencer.

(Program for Drum)

Scene Cue Mode

Select either “Immediately” or “Measure” for the timing to
be used when you change scenes while they are playing.

Immediately: The scene will be changed right away once a
new scene is selected.

Measure: After the new scene is selected, the scene will be
changed upon moving to the next measure in the scene, or
when the scene returns to the beginning.

Note: The length of a scene or its measures is determined by
the arpeggiator or drum track/step sequencer settings in that
scene. When the drum function is off, the scene length will
be the length of the selected drum track or step sequencer.
When the drum function is off, the length of the scene is
used for the length of the arpeggiator.

Note: When the drum function is off and the arpeggiator
pattern is set to the preset pattern, the “Immediately” setting
will be used, since it does not have a length parameter.
More

Open the Scene Common Setup detailed settings dialog box.

Common/

Scene Common Setup SoanZone

semecuetiose TR oty

Scan Zone

Drum Program

Bottom Key

S A C1

LA L IR

Drum Trigger

Velocity Zone

Trigger Mode Wait KBD Trig

on

Common/Scan Zone :

Scan Zone

Bottom Key [C-1...G9]
Top Key [C-1...G9]

This sets the tonal range in which the arpeggiator operates,
or the tonal range in which the drum track/step sequencer is
triggered. Set the top of the range using “Top Key”, and the
bottom of the range using “Bottom Key”.

VelocityZone
Bottom [001...127]
Top [001...127]

This sets the velocity range in which the arpeggiator
operates, or the velocity range over which the drum
track/step sequencer is triggered. Set the top of the range
using “Top Velocity”, and the bottom of the range using
“Bottom Velocity”.

You cannot set the top value for the keyboard or the velocity
range lower than the bottom value, or the bottom value
higher than the top value.

Drum Trigger

Trigger Mode [Start Immediately, Wait KBD Trig]

Start Immediately: When the DRUM function is turned on
(the LED will light), the drums will start playing according

to the synchronization settings. When you turn the function

off, the drums will stop.

Wait KBD Trig: When the DRUM function is turned on
(the LED will blink), the drums will be in standby mode.
When you play the keyboard or when the NAUTILUS
receives a MIDI note-on, the drums will start playing
according to the synchronization settings.

When this is set to “Start Immediately”, this will always be
saved as “off” for the DRUM function.
Latch [Off, On, Use Latch Button]

This is enabled when “Trigger Mode” is set to “Wait KBD
Trigger”.
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Off: With the DRUM function turned on (the LED will
blink), the drums will start playing when a note-on is
received (such as when you play a key). The drums will stop
playing at note-off (when you release your fingers from the
keys).

On: With the DRUM function turned on (the LED will
blink), the drums will start playing when a note-on is
received (such as when you play a key). The drums will also
keep playing after note-off (when you release your fingers
from the keys). The drums will stop playing when the
DRUM function is turned off (the LED will go dark).

Use Latch Button: Turning the LATCH function off/on will
turn this feature off or on, as shown above.

Drum Program:

Scene Common Setup

Drum Program

5k Program 0035; Jazz Kit Dry Mic

M Auto Load Program EQ
Detune

+0000
Volume
100

Input Trim Mid Freq.

99 — 680

Low Gain Mid Gain High Gain

This 3-band EQ is dedicated to the Drum Track Program,
and is completely separate from the main Program’s EQ.

[On, Off]

On (checked): When you change the drum track Program,
the new Program’s EQ values will be copied automatically.
This setting is the default.

Auto Load Program EQ

After the Program is loaded, you can still edit the EQ
settings as desired.

Off (unchecked): Newly selected Drum Track Program’s
EQ settings will not replace the current EQ settings. Use this
if you’ve edited the EQ settings, and want to keep them
constant while listening to different Drum Track Programs.

Bypass [On, Off]

When Bypass is checked, all of the EQ will be disabled,
including the Input Trim.

Bypass can be convenient for comparing the results of the
EQ with the original signal.

[00...99]

This controls the volume level going into the EQ. The setting
corresponds with the volume, so that a value of 50 equals a
volume of —6 dB and a value of 25 equals a volume of —12
dB.

Input Trim

High settings of the Low, Mid, and High Gain controls can
cause substantial increases in the overall level. You can
compensate for this by turning down the input trim.

Low Gain [-18.0...+18.0dB]

This controls the gain of the 80Hz Low Shelf EQ, in
increments of 0.5dB.

Mid Gain [-18.0...+18.0dB]

This controls the gain of the Mid Sweep EQ, in increments
of 0.5dB.

[100Hz...10.00kHz]
This sets the center frequency for the Mid sweep EQ.

Mid Frequency

High Gain [-18.0...+18.0dB]
This controls the gain of the 10kHz High Shelf EQ, in
increments of 0.5dB.

Bus

Scene Common Setup

&5 Program
= [T

Drum Program Bus

> 0035: Jazz Kit Dry Mic

Detune

+0000

Use Drum Kit Settings Bus Select |

FX Control Bus off Volume

Send 1 000 100
IFX Patch e
IFX1 > IFX1 IFX2 IFX2 IFX3 IFX4 IFX4

IFX5 IFX5 IFX6 = IFX6 IFX7 IFX8 > IFX8

IFX9 > IFX3 IFX10 > IFX10 IFX11 IFX12 IFX12

These parameters control the output and effects routing for
the Drum Track Program.

Use Drum Kit Settings [Off, On]

On (checked): Drum Kits can have different Bus Select
(IFX/Indiv.Out Assign), FX Control Bus, Send1 (to
MFX1), and Send2 (to MFX2) settings (GLOBAL 4-3b)
for each key. When Use Drum Kit Settings is On, these per-
key settings will be used. You can use this to apply
individual insert effects to specific drum instruments, or to
send specific drum instruments to individual outputs.

Tip: Most of the factory Drum Kits use standard Bus Select
settings, as detailed below:

Snares — IFX1

Kicks — IFX2

Toms — IFX3

Cymbals — [FX4
Percussion, etc. — IFX5

For flexibility in assigning the sounds to different [FX
busses, you can use the “IFX Patch” parameters, below.

Off (unchecked): The Bus Select, FX Control Bus, Send1
(to MFX1), Send2 (to MFX2) settings will be used. All
drum instruments will be sent to the specified bus.

[L/R, IFX1...12,1...4, 1/2...3/4, Off]
This specifies the output bus for the Drum Track Program.

L/R: The Program will go to the L/R bus. This is the default
setting.

IFX1...12: The Program will go to the specified IFX bus.

Bus Select

1...4: The Program will be routed in mono to the specified
AUDIO OUTPUT (INDIVIDUAL).

1/2...3/4: The Program will be routed in stereo, using the
Pan setting, to the specified AUDIO OUTPUT
(INDIVIDUAL) pair.
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Off: The Program will not go to any of the outputs directly.
You can use this to route the sound completely through the
MFX. Use Send1 (to MFX1) and Send2 (to MFX2) to
specify the send levels.

FX Control Bus [Off, 1, 2]

This sends the output of the Drum Track Program to an FX
Control bus (two-channel stereo FX Ctrl 1 or 2).

Use the FX Control busses when you want a separate sound
to control the audio input of an effect. You can use two FX
Control busses (each is a two-channel stereo bus) to control
effects in various ways.

For more information, please see “FX Control Buses” on
page 737.
[Off, 1...4,1/2, 3/4]

These settings send the output of the Drum Track Program to
the REC busses (four mono channels: 1, 2, 3, 4).

RecBus

The REC busses are dedicated internal busses for recording,
used for sampling in the various modes or for recording
audio tracks in SEQUENCER mode.

For more information, see “REC Bus” on page 102.

Off: The signal will not be sent to a REC bus. This is the
default.

1...4: The Drum Program will be sent, in mono, to the
corresponding REC bus. The Pan setting will be ignored.

1/2, 3/4: The Drum Program will be sent in stereo to the
selected pair of REC busses. The drum program is sent to a
stereo pair, either channels 1 and 2, or 3 and 4.

Send 1 [000...127]

Send 2 [000...127]

This sets the level for the drum track output signal sent to the
master effect.

“Send 1” sends the signal to master effect 1.
“Send 2” sends the signal to master effect 2.

When IFX1-12 are configured in “Bus Select”, the send
level to the master effect is set in “Send 1” and “Send 2" (8—
2a), which comes after IFX1-12 in the signal chain.

M “Send 1”canbe controlled by CC#93, and “Send 2” can
be controlled by CC#91.

IFX Patch

As noted above, Drum Kits can have different Bus Select
(IFX/Indiv.Out Assign) settings for each key, as set on the
GLOBAL 4-3b Voice Assign/Mixer page. Since the Drum
Program shares the effects with the main Program, these
routings may or may not make sense; for instance, while the
Drum Program may have originally had a compressor in
IFX1, the main Program may have a vocoder.

This group of parameters lets you re-direct the Drum
Program’s individual Bus Select settings. Continuing from
the above, if some of the keys were set to go to IFX1, you
can route them to an unused IFX instead - maybe IFX9, for
instance. Add a compressor in [FX9, and you’re now good to
go.

See “Use Drum Kit Settings,” above, for notes on the typical
routings for the factory Drum Kits.

This section appears only if Use Drum Kit Settings is On.
Note also that if the Drum Kit doesn’t use routing to the IFX
busses, these parameters will have no effect.

IFX1 [L/R,IFX1...12, 1...4, 1/2...3/4, Off]
This re-route the Drum Program sounds assigned to IFX1,
and re-routes them to the selected bus.

IFX2...12 [L/R,IFX1...12, 1...4, 1/2...3/4, Off]
These work the same as “IFX1,” above.

Note: 1f you want to return the drum kit to its previous state,
change these settings to IFX1=IFX1, IFX2=IFX2, and so on.

Scene1-4 Setup

Here we configure each of the arpeggiator and drum settings
for each scene.

Arppegio Pattern [PO...P4, A0000...A2047,
B000...B127]
Selects the arpeggio pattern.
Preset/User No Contents
PO..P4 Preset arpeggio patterns

A0000...A2047 Preloaded/User arpeggio patterns

B000...B127 User arpeggio patterns

Note: A0000—-A2047 is also rewritable. Use GLOBAL>
Arpeggio Pattern to create arpeggio patterns.

Example: Preset pattern

The way in which the pattern is played will depend on
settings such as Octave and Sort. PO—P4 in the following
diagrams show how the arpeggio will be played when
Octave is set to 1, and Sort is checked. P4: RANDOM is
only one possibility.

PO: UP
h l/
\J T
uP O~ -
D
J &
P1: DOWN
A S~
\J e~
DOWN [fon =)
ANV
3] o
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P2: ALT1
A ] —_
\J T
ALT1 I~
NV
e &
P3: ALT2
) e ~—
‘ -~ ey —
ALT2 /S
NV
e & o @

A ——
\J |
RANDOM 7S o
NV
J &

Loop/1Shot

This sets whether to make the arpeggio pattern repeat itself,
or whether the pattern should play to the end and stop.

Loop: The arpeggio pattern will repeat while you are
playing the keyboard or while Latch is enabled.

1Shot: The arpeggio pattern will play to the end and then
stop, even while you are still playing the keyboard or while
Latch is enabled.

Latch
Selects whether the Latch function is enabled for each
arpeggiator.

Note: The latch will not operate while the Latch function
itself is turned off, even if the latch settings in each
arpeggiator are enabled.

Drum Track/StepSeq select

Selects the drums used by the scene, from the drum track or
step sequencer A—D.

Drum Track Pattern

Selects the drum pattern.

You can write to patterns U000-U999. Patterns that you
create in SEQUENCER mode can be converted into user
drum patterns. See “Convert to Drum Track Pattern” on
page 553 and the “Creating Drum Track patterns” on
page 169 of the OG for how to create a user drum pattern.

More
Open the Scene 1-4 Setup detailed settings dialog box.

Scene 1 Setup X

I ARP ARP Pattern Setup

1 Shot m M Sort M KeySync.

> | A0078: Piano Arpeggio 01

Resolution Velocity Key

Octave 2 3 1 Swing

MIDI Settings

M Keyboard

DRUM Pattem Setup
{5 DRUM Patter Type Tr c D Resolution
P0204: Rock 01 [All]

DRUM Track Pattem M syncTo ARP shift

Sort [Off, On]

This expands all of the notes (keys) that are played together
into an arpeggio, and sets the order in which they sound.

On (checked): The arpeggio is played in order of scale
tones, regardless of the order in which the note-on signals
were played.

Off (unchecked): The arpeggio is played in the order in
which the note-on signals occurred.
[Off, On]

This sets whether the arpeggio plays at the timing with
which you play the keyboard, or whether the arpeggio
always follows the “Tempo” setting.

Key Sync.

On (checked): The arpeggiator will start playing from the
beginning, starting with the first note-on that occurs after
you’ve taken your hands completely off the keyboard. This
works best when you are playing in real time, to match the
timing of when the measure starts.

Off (unchecked): The arpeggiator will always follow the
“Tempo” setting.

Arpeggio Pattern Preview

This shows the steps of the user arpeggio patterns as an

image.

Octave [1,2,3,4]

Specifies the range (in octaves) over which the arpeggiator
notes sound.

When a user arpeggio pattern is selected, the way that the
notes are distributed changes according to the “Octave
Motion” settings.

... Jl

Resolution
This sets the resolution of the arpeggio.

The notes that the arpeggiator plays will be based around the
value you set here. The speed of the arpeggio pattern is
determined by the “Tempo” and “Resolution” settings.

[-100...4+100(%)]

Shifts the timing of the even-numbered arpeggiated notes,
starting from the first note.

Swing

Velocity [001...127, Key, Step]
Specifies the velocity of the notes in the arpeggio.

001-127: Each note will sound with the specified velocity
value.
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Key: Each note will sound with the velocity value at which
it was actually played.

Step: This is available when an user arpeggio pattern
A0000-A2047/B000-B127 is selected for Pattern. When
this is selected, the velocity specified for each step will be
used.

Gate [000...100(%), Step]

Specifies the length (gate time) of each note in the arpeggio.

000-100(%): Each note will be played with the specified
gate time.

Step: This is available when a user arpeggio pattern A0000-
A2047/B000-B127 is selected for Pattern. When this is
selected, the gate time specified for each step will be used.

[Off, On]

This specifies whether the notes you play on the keyboard
will be sounded as usual in addition to being sounded as part
of the arpeggio.

Keyboard

On (checked): The notes you play will be sounded on their
own, in addition to being sounded as part of the arpeggio.

For example if you simultaneously press two or more notes,
they will be sounded as usual in addition to being played as
arpeggiated notes.

Off (unchecked): Only the arpeggiated notes will be heard.
DRUM Pattern Setup:

Sync [Off, On]

To sync the playback of the drum track and arpeggiator (or
sequencer), set “Sync” to “On”.

(Trigger Sync) On: The drum track will start with the
trigger that starts the drum track falling in sync with the
nearest beat played by the arpeggiator that is currently
running. In SEQUENCER mode, the drum track pattern will
start with the trigger falling in sync with the beginning of the
nearest measure of the song, pattern or RPPR that’s currently
playing.

Note: In SEQUENCER mode, when synchronizing the
RPPR pattern to the drum track that is currently playing, set
the “Sync” parameter to “Beat” or “Measure”.

(Trigger Sync) Off: When the “Trigger Mode” parameter is
set to “Start Immediately”, the drum track pattern starts at
the same time that the DRUM function is turned on. Also,
when this parameter is set to “Wait KBD Trig”, the pattern
starts right when you press a key. Note that when “Sync” is
set to “Off”, the drum track pattern will not synchronize with
the arpeggiator that is currently playing; and in
SEQUENCER mode, the drum track pattern will not
synchronize with the RPPR.

Shift [-24...4+00...4+24]

Sets the drum pattern in semitones. This will change the
instruments used in the drum Kkit.

[0 Da D b1

Use this Resolution parameter to add swing to the rhythm.
(Swing for the drum track is controlled with a RT control
knob.) The even-numbered notes in the rhythm will shift in
time according to the resolution you set.

Resolution

Edit STEP SEQUENCE

This is used to edit the step sequencer’s sequence.

The step sequencer features four sequences (A, B, C and D),
and you can select and play one sequence for each scene.
Load Arpeggio Pattern

Loads the arpeggio pattern as a step sequence.

Note: Since any parameter settings that are not in the step
sequence will be lost, the pattern will not be exactly the same
when played back.

Note: The “Fixed Note” setting is not loaded when using
“Load Arpeggio Pattern” to load an arpeggio pattern. Due to
this, the sound you hear may be significantly different,
owing to differences between the “Fixed Note” setting of the
arpeggio pattern and the “Inst. Key” setting of the step
sequencer.

All Clear

Initializes the step sequencer.

Step Edit

This let you input phrases and set the tempo, beat and phrase
length.

Meter [1/4~16/4....1/16...16/16]

Sets the beat (time signature) used by the step sequence.

Length [1...64]

Sets the length of the step sequence.

[0 Ds ]

Sets the resolution of the step sequence.

Resolution

[-64...+63]

This lets you change the amount of accent applied to steps
that are set to be accented.

Accent

Values from +01 to +63 will increase the velocity of the
steps whose accent is turned on.

Values from -01 to -64 will decrease the velocity of the steps
whose accent is turned on.
Steps Per Beat (for Swing)

Sets the steps that will swing. Set the amount of swing using
the “Swing” parameter of the RT Control Knob (0-6c¢).

x1: Swing will be applied to even-numbered steps (2, 4, 6,
8..).

x2: Swing will be applied to steps 3, 7, 11, 15 and numbers
following this pattern.

x4: Swing will be applied to steps 5, 13, 21, 29 and numbers
following this pattern.
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step Seq. A Load Arpeggio Pattern All Clear J
Meter /4 Length 16 Resolution ) Accent 400 Steps PerBeat

Touch View

6:Ride/Crag

5:Hi-Hat

Touch Grid |
(Tone Panel) [EEEG

2:Snare

Touch Grid
(Accent Panel)

Touch View

Selects the display area of the Touch Grid.
Touch Grid

Tone Panel

Insert or delete tones by pressing somewhere on the Tone
Panel (upper part of the matrix).

Accent Panel

Turn the accents of steps on/off using the Accent Panel
(lower part of the matrix).

Inst. Edit

Selects the sound used by the step sequencer.

Step Seq. Inst. List

> [B7] SFX :03879:Stadium
> [C#4]Ride/Crash : 02132Crash 03 -

> [A#3]Hi-Hat: 01857:HiHat 2-Open-c
> [F43]Hi-Hat: 01849:HiHat 2-Closed
>  [D#3]Snare:: 003

> [F3]Tom :01530:Tom 2b Lo -dry-v&

> [E3]Snare: 00712:5D-08b-dry-v8
> [FAIRi

> |c3)Kick :00170:8D-04b-dry-v&

v 0-6:Page Menu Commands
* Compare —p.112

*  Write Program —p.112

* Exclusive Solo —p.113

* Add To Set List —p.113

» Copy External Scene —p.122
* Copy Scene —p.122

* Swap Scene —p.122

* Initialize Scene —p.122

« PAGE —p.126
« MODE —p.126
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0-8: Sampling

Home

> |FO00: HD-1 German2 D Piano

0-8a Sampling
Setup

Source Bus

0-8b —gd Trigger Note On

Sample to Disk 16-bit
Save to
Sample Mode Stereo

Sample Time 04 min = 59.999 sec

This page lets you adjust the volume, pan, effects sends, and
busing for the audio inputs, including analog inputs 1 & 2,
USB 1 & 2. It also controls the sampling-related settings for
PROGRAM mode.

The NAUTILUS can sample external audio from any of the
inputs, at 48 kHz 16-bit resolution (or 24-bit when sampling
to drive), in mono or stereo. You can record samples into
RAM for use in SAMPLING mode, or sample directly to
drive.

You can also digitally resample the complete sound of a
Program, played polyphonically, live or sequenced,
including any effects, Arpeggiator function or drum track
play.

Finally, you can also use the NAUTILUS as a 4-in, 6-out
audio processor. You can process the inputs through the IFX,
MFX, and TFX, or through the synthesis functions of EXi
such as the MS-20EX and MOD-7.

You can combine any and all of these features at once. For
instance, you can sample a live guitar riff from the audio
inputs, processed through NAUTILUS effects, while
listening to drum track play.

0-8a: Sampling Setup
Source Bus [Audio Input1/2, USB 1/2,

L/R, REC1/2...3/4, Indiv.1/2...3/4]

You can sample in stereo from any pair of audio inputs, from
the two stereo REC busses, or from the signal at any of the 6
outputs (L/R and Individual 1/2-3/4).

When you sample from an output pair or REC bus, you’ll
record all audio sent to the output or bus, including internal
Programs or Combis, effects, audio inputs, and HDR audio.

When sampling in stereo, the odd-numbered channel (such
as 1 or 3) corresponds to the left channel, and the even-
numbered channel (such as 2 or 4) corresponds to the right.

0-8PMC
0-8d 0-8e

Audio In Setup

Rec Level [dB] — i

Metronome Setup

Output Bus

Level

Sampling

Quick

Split Sampling

0-8f
L/R: This lets you sample the signal heard at the main L/R
outputs, including any processing by TFX 1/2. This is the
default setting. For more information, see the diagram
“Source Bus = L/R” on page 23.

REC1/2, REC3/4: These let you sample the signals sent to
the REC 1/2 or REC 3/4 busses.

Using the REC busses, you can isolate one or more sounds
for recording or sampling—even if the sounds are also being
mixed into the main outputs. For example, you can play a
guitar through NAUTILUS IFX while listening to a ARP
drum phrase, and record the processed guitar without
recording the drums.

Individual Programs, Combi Timbres, Sequencer Tracks
(both MIDI and Audio), audio inputs, and Insert Effects can
all be routed to the REC busses, in addition to their main
output/IFX bus settings.

For more information, see the diagram “Source Bus = REC
Bus 1/2” on page 23.

Audio Input 1/2, USB: These let you sample directly from
the analog, or USB audio inputs, respectively, without any
other processing by NAUTILUS. The settings on the Audio
Inputs mixer, including volume, pan, busses, sends, mute,
and solo, will have no effect on the recorded audio.

For more information, see the diagram “Source Bus = Audio
Input 1/2” on page 23.

For more information, see the diagram “Source Bus = USB
1/2” on page 24.

Indiv.1/2...3/4: This lets you sample the individual output
busses. For more information, see the diagram “Source Bus
= Indiv. 1/2” on page 24.
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Source Bus = L/R

Source Bus = L/R LR REC REC Indiv,

Bus 12 3/4 172 3/4

g L-MoNO
R-Mono ]Stereo

Audio Inputs A I j

Level Pan

>

L/MONO  AUDIO OUTPUT
R  HEADPHONES

'~ Bus= L/RorIFX1-12

Source Bus = REC Bus 1/2

Source Bus = REC Bus 1/2
L/R  REC REC indiy.
Bus 12 3/4 12 3/4

RECBus=1/2 == -

L-Mono
R-Mono JStereo

Audio Inputs A I :

Level  Pan

>

L/MONO  AUDIO OUTPUT
- ] HEADPHONES

[x] Source Direct Solo

LML SE—

'~ Bus= L/Ror IFX1-12

Source Bus = Audio Input 1/2

Source Bus = Audio Input Bus 1/2 LR REC REC Indiv.

Bus 172 3/4 12 3/4

L-Mono
R_Mono]Stereo

A
| 7 :

pan ‘w

9 4--F+-4- o0—T L/MONO 4 AUDIO OUTPUT
- i ST —- - - ] HEADPHONES

A [x] Source Direct Solo

|7

Level Pan

'~ Bus= L/Ror IFX1-12
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Source Bus = USB 1/2

Source Bus =USB 1/2

L/R REC REC
Bus  1/2 3/4

Indiv.
12 3/4

L-Mono

R-Mono Istereo

USB-B 1 (L)

———

USB-B 2 (R)

L

'~ Bus= L/RorIFX1-12

L/MONO - AUDIO OUTPUT
i I T -0 O = L 1 HEADPHONES

[x] Source Direct Solo

Source Bus = Indiv. 1/2

Source Bus = Indiv.1/2

Insert
Effects

L/R REC REC
Bus 172 3/4

Indiv.
172 3/4

L-Mono

R-Mono Istereo

Audio Input G
[

Master
Effects

Insert
Effects

| I I e NS W LMONO - AUDIO OUTPUT
N A O R - g L 1 HEADPHONES

[x] Source Direct Solo
R

> INDIV.1
O > INDIV.2 J AUDIO OUTPUT

MMM

'~ Bus= Indiv.1/2 or IFX1-12

Source Direct Solo [Off, On]

This selects what is heard through the L/R outputs and
headphones when Sampling REC is enabled.

On (checked): Only the signal of the selected Source Bus
will be heard. This lets you hear only the sound that will be
sampled.

Off (unchecked): The signal of the selected Source Bus
will be merged with the main L/R signal. This is the default.

Note: 1f Source Bus is set to L/R, this setting is ignored—
since that signal is normally heard at the L/R outputs
already!

Trigger [Sampling START Button, Note On]

Specifies how sampling will be initiated.

Sampling START Button: Pressing the SAMPLING REC
button will cause the NAUTILUS to enter sampling-standby
mode, and sampling will begin when you press the
SAMPLING START/STOP button.

Note On: Press the SAMPLING REC button and then press
the SAMPLING START/STOP button to enter sampling-
standby mode. Sampling will begin when you play the
keyboard.

[ Sampling will also begin if a MIDI note-on is received
(instead of playing the keyboard).

Regardless of the settings you’re using, press the
SAMPLING START/STOP button once again when you’ve
finished sampling. Alternatively, sampling will end
automatically if the specified “Sampling Time” elapses.

[Off, 4, 8, 3, 6]

This specifies whether the metronome will sound a count-
down before sampling begins. This can be set only if
“Trigger” is set to Sampling START button.

Metronome Precount

Off: Sampling will begin immediately when you press the
SAMPLING START/STOP button from recording-standby
mode.

4, 8, 3, 6: When you press the SAMPLING START/STOP
button from recording-standby mode, the metronome will
count the specified number of beats at the system tempo, and
then sampling will begin. If you set this to 4, sampling will
begin on the count of 0 after a pre-count of 4-3—2—1-0.

The output destination and level of the metronome sound are
specified by Metronome Setup (0-8d). If “Output Bus” is set
to L/R, the metronome will stop sounding the instant
sampling actually begins.

Sample to Disk [16-bit, 24-bit]

This sets the bit depth for sampling to media. Note that this
does not affect sampling to RAM. This same parameter
appears on the sampling setup pages in Program,
Combination, Sequencer, and SAMPLING modes; changes
in one place are reflected everywhere.
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The resulting 24-bit files can be used at full resolution in
audio tracks. You can also load them into SAMPLING
mode, at which time they will be automatically converted to
16-bit data.

[RAM, Disk]

Specifies the destination to which the data will be written
during sampling.

RAM: The sound will be sampled into RAM for use in
SAMPLING mode. The Select Sample No. menu command
lets you specify the Sample numbers to use, enable Auto
+12dB, and make settings for automatic conversion to a
Program. For more information, see “Select Sample No.” on
page 115.

Note: The amount of RAM available for SAMPLING mode
is shown by Free Sample Memory/Locations (SAMPLING
0-1f). The amount of RAM available will vary depending
upon both the amount of physical RAM installed, and the
size of the currently loaded EXs and User Sample Banks.
For more information, see “Sampling and RAM” on

page 571.

A Samples saved to RAM will be lost when the power is
turned off, so you must save them if you want to keep
them.

Save to

Disk: Samples will be recorded to the internal drive or a
USB storage device.

When you sample, a WAVE file is created on the drive. Use
the Select Directory/File for Sample to Disk page menu
command to specify the writing-destination drive and
directory.

To open the resulting sample, you can either use MEDIA
mode to load the sample into SAMPLING mode, or use
Select Directory/File for Sample to Disk to select the file
and then press the Play button or the SAMPLING
START/STOP button.

Sample Mode [L-Mono, R-Mono, Stereo]

Specifies the channel(s) that you want to sample, and specify
whether a mono or stereo sample will be created.

The L and R channels of the bus specified by Source Bus
(0-8c¢) will be sampled.

L-Mono: The left channel of the Source Bus will be
sampled in mono.

R-Mono: The right channel of the Source Bus will be
sampled in mono.

Stereo: The L and R channels of the bus specified by Source
Bus will be sampled in stereo. This will create a stereo
multisample and samples. For more information, see “About
stereo multisamples and stereo samples” on page 576.

Sample Time [min] [sec]

This sets the amount of time that you wish to sample. This
can be set in 0.001 second increments.

Immediately after the power is turned on, this parameter
shows the maximum available sampling time, equivalent to
the entire amount of free RAM. Each time you press STOP
after sampling to RAM, the change in remaining sample
time will be displayed automatically.

If Save to is set to Disk, the maximum value is determined
by the free space on the current drive, as specified by the
Select Directory/File for Sample to Disk menu command.

Tips: If you have sufficient RAM memory, it’s a good idea to
set a generous amount of Sample Time. After you sample,
you can then use the Truncate menu command to delete
unwanted portions of the sample, and reduce it to the
minimum size necessary. For more information, see
“Truncate (for Sample Edit)” on page 613 and “Truncate (for
Loop Edit)” on page 620.

You can also press the SAMPLING START/STOP button to
manually stop sampling after you have recorded the desired
material. For more details on sampling, see ‘“Preparations for
sampling” on page 126 of the OG.

A& 1fSave tois set to RAM and Auto Optimize RAM is not
enabled, recording and editing multiple samples may
cause wasted space to accumulate in memory, decreasing
the amount of available RAM. In this case, use the
Optimize RAM menu command to recover the wasted
space. For more information, see “Auto Optimize RAM”
on page 635 and “Optimize RAM” on page 114.

Note: “Free Sample Memory/Locations” (SAMPLING 0—
1f) in SAMPLING mode lets you check the remaining
amount of RAM.

Note: The various Recording Setup settings are not made
independently for each program; they apply to the entire
PROGRAM mode.
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0-8b: Audio Input

PROGRAM > Home
> IFOOO: HD-1 German2 D Piano
Use Global Input 1 Input2 USB 1
Setting
Bus Select off
FX Ctrl Bus
REC Bus

Send1

Send2

Mute Solo = Mute Solo Mute Solo

Piano
Hp1

Audioln | Setup
off

oft

off

000

000

Mute  Solo

( Looo ) R12z7 () Looo

[Off, On]

Each Program can either use the single, Global audio input
mixer setup, or have its own custom settings. The Global
settings are described under “0-2: Audio,” on page 637.

Use Global setting

When Use Global Settings is On, the Program uses the
Global settings. This is the default, and lets you change
freely between different Programs, Combis, and Songs
without affecting the audio inputs.

Also, any edits made on this page will affect the Global

setting, along with any other Programs, Combis, or Songs
which use the Global setting.

On the other hand, it may sometimes be convenient to save a
particular mixer setup with an individual Program, Combi,
or Song, to set up special sub-mixer settings or effects
processing for particular inputs. For example, you can set up
a Program to use a mic input with a vocoder, as described
under “Vocoder (PROGRAM mode)” on page 738.

In this case, set Use/Edit Global Setup to Off, and the audio
inputs will use the Program’s custom settings.
Input1 &2

These are settings for the analog inputs.

USB1 &2
These are settings for the USB inputs.

Bus Select (IFX/Indiv.) [L/R, IFX1...12,1...4,

1/2...3/4, Off]
This sets the output bus for the external audio input signal.

You can send the audio directly to physical outputs, or to the
insert effects.

Audio input/output

! "Audio Input" (0-8a)

L/R: The external audio input signal will be sent to the L/R
bus.

IFX1...12: The external audio input signal will be sent to
the IFX1-12 bus. Choose one of these settings if you want to
apply an insert effect while sampling.

1...4: The external audio input signal will be sent in mono to
INDIVIDUAL outputs 1-4. Pan does not apply in this case.

1/2...3/4: The external audio input signal will be sent to the
selected pair of outputs in stereo, with the stereo position
controlled by the Pan parameter

Off: The external audio signal will not be used.

FX Ctrl Bus (FX Control Bus) [Off, 1, 2]

This lets you send the audio input to one of the two stereo
FX Control busses. See “FX Control Buses” on page 737.

REC Bus [Off, 1...4, 1/2, 3/4]

This sends the external audio input signal to the REC busses
(four mono channels; 1, 2, 3, 4).

Using the REC busses, you can isolate one or more sounds
for recording or sampling—even if the sounds are also being
mixed into the main outputs. For example, you can play a
guitar through NAUTILUS IFX while listening to a ARP
drum phrase, and record the processed guitar without
recording the drums.

Individual Programs, Combi Timbres, Sequencer Tracks
(both MIDI and Audio), audio inputs, and Insert Effects can
all be routed to the REC busses, in addition to their main
output/IFX bus settings.

You can sample these signals by setting the sampling Source
Bus (0-8c) to REC bus.

For more information, see the diagram “Source Bus = REC
Bus 1/2” on page 23.

Off: The external audio signal will not be sent to the REC
busses. Normally you will use the Off setting.

1, 2, 3, 4: The external audio input signal will be sent to the
specified REC bus. The Pan setting is ignored, and the
signal is sent in monaural.

1/2, 3/4: The external audio input signal will be sent in
stereo to the specified pair of REC busses. The Pan setting
sends the signal in stereo to busses 1 and 2 or busses 3 and 4.

i Bus(IFX/Indiv.) "Source Bus" (0-8c)
ADCOVERLOAD! | i =L/RorlFX1-12 =LR cLp
AUDIO INPUT 1,2 z I ADC ———F L f — L-Mono
[/ R-Mono ]Stereo
LEVEL Analogto "Level' "Pan"
(MIC/LINE) Digital ; 13‘7’50(13 an REC Sample Setup
(MIN...MAX) Converter ; [127=0dB] "Mode" (0-1d)

USBB(1,2)

Master
Effects

L/MONO - AUDIO

"Level" "Pan"
[127=0dB]

— Joutpur

"Recording Level" (0-1¢)
[-inf...0.0dB ... +18.0dB]
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Send1 (to MFX1) [000...127]

Send2 (to MFX2) [000...127]

These adjust the levels at which the external audio input
signal is sent to the master effects.

Send1 (to MFX1): Send the signal to master effect 1.
Send2 (to MFX2): Send the signal to master effect 2.

If Bus Select (IFX/Indiv. Out Assign) is set to [IFX1-12,
the send levels to the master effects are set by the post-
IFX1-12 Send1 and Send2 (8-2a). For more information,
see “Analog, and USB inputs” on page 749.

Mute [Off, On]

Turns on/off mute for the external audio signal being
inputted.

On: The input sound will be muted (silent).
Off: The input sound will be heard.

Solo [Off, On]

Turns on/off Solo for the external audio signal being
inputted. It does this by temporarily muting all non-soloed
Oscillators and audio inputs.

The way in which Solo operates depends on the setting of
the Exclusive Solo menu command.

K The Solo setting is not stored when you Write a Program.

Pan [L000...C064...R127]

This specifies the panning of the audio input. When using
two inputs for a stereo audio source, you’ll normally set the
inputs to LO00 and R127 respectively.

Level [000...127]

This controls the level of the external audio signal. The
default is 127.

The meter to the left of the slider shows the audio input
volume, before the Level control, in realtime.

The analog audio signals from AUDIO INPUTS 1-2 are
converted into digital form by an A/D converter. This
parameter sets the level of the signal immediately after this
conversion.

If the sound is distorted even though this level setting is very
low, see “Tips for eliminating distortion when using the
analog inputs,” below.

Avoiding extraneous noise

k If audio cables are connected to AUDIO INPUTS 1-2,
any noise carried by the cables will enter into the
NAUTILUS mixer structure. This may include hiss, hum,
and other audio noise.

To avoid noise from unused audio inputs, either:
+ Set the input’s Level to 0
or

+ Set all of the bus assignments to Off, including Bus
Select (IFX/Indiv. Out Assign), REC Bus, and FX
Control Bus

If no audio cables are connected to AUDIO INPUTS 1-2,
the input signals are forced to zero, preventing any
additional noise.

0-8c: Rec Level [dB]
ADC OVERLOAD!

If the signal level from the analog audio inputs is too high,
the “ADC OVERLOAD!” indication will appear. You’ll
need to adjust Audio Input Setup, or the output level of your
external audio source.

[-Inf, -72.0...4+0.0...+18.0]

This adjusts the signal level at the final stage of sampling.

The Recording Level setting is made for PROGRAM mode
as a whole, and is not saved independently with each
Program.

Recording Level

Level Meter

This shows the signal level at the final stage of sampling,
after any adjustments on the Audio Inputs page, any effects,
etc. The meter is active only during standby mode and
recording.

CLIP!

If 0 dB is exceeded, the display will indicate “CLIP!” This
means that the level of the sampling signal is too high; in this
case, adjust the Recording Level, and if necessary follow the
instructions under “Tips for eliminating distortion when
using the analog inputs,” below.

Setting levels
For the best results, set the levels as described below:
1. Press the SAMPLING REC button.

NAUTILUS will enter sampling standby mode, and the
Level Meter becomes active.

2. Initially, set the Rec Level [dB] to 0.0dB.

3. Adjust the level of the input signal so that it is as high
as possible without activating the CLIP! or ADC
OVERLOAD! messages.

If you’re using AUDIO INPUTS 1 and/or 2, adjust the

volume by Analog Input Setting.

If you’re using AUDIO INPUT 3 and/or 4, adjust the output
level of your external audio source.

If you’re sampling external audio through the internal
effects, you may also need to adjust the individual effects
input and/or output level parameters.

If you’re using internal sounds, adjust the levels using the
effects input/output trim, etc.

4. If the level is still not high enough, increase the
Recording Level using the on-screen slider.

Again, the goal is to get the level as high as possible without
activating the CLIP! or ADC OVERLOAD! messages.

Tips for eliminating distortion when using the
analog inputs

If sound from the analog inputs is distorted, but the CLIP!
message doesn’t appear, it’s possible that distortion is
occurring at the analog input stage, or that distortion is being
caused by the settings of the internal effects.

If the “ADC OVERLOAD!” message appears above the
Recording Level meters, the distortion is due to excessive
levels at the input. In this case, either lower the output level
of the external audio source, or adjust Audio Input Setting so
that this message does not appear.
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If there is distortion, but the “ADC OVERLOAD!” message
does not appear, it’s possible that the distortion is being
caused by the settings of the internal effects. To solve this
problem, either lower the input Level (see “Level,” above),
or adjust the effects settings (such as changing the individual
effect Input Trim parameters).

0-8d: Metronome Setup

Here you can specify the output destination and volume of
the metronome, as set up in by “Metronome Precount” (0—
2¢). The metronome is available only if “Trigger” is set to
Sampling START button.

[L/R,L,R, 1...4]

This sets the audio output for the metronome sound.

Output Bus

L/R: The metronome will be hear d in the main stereo
outputs (L/Mono and R), USB, and the headphones.

1...4: The metronome will be heard only in the selected
individual output.

Level [000...127]

This controls the volume of the metronome sound.

0-8e: Analog Input Setup

Audio In [Button]

Switches the audio input on/off. This works in tandem with
the AUDIO IN button on the front panel.

Press the Setup button to display the Analog Input Setup
dialog box.

Analog Input Setup dialog

Analog Input Setup

Audio In

Input1 Input 2

ML Mic Mic

Select

el J+160 +16.0
Input Gain

Input Select

Sets the specified level of the input signal. Switch this to
match the device that is connected, and use Analog Input
Gain to adjust the gain.

LINE: Set this to “LINE” when you want to connect a
mixer, computer, audio. system, signal processor or another
synthesizer. The specified level is +4 dBu, with 12 dB of
headroom.

MIC: Use the “MIC” setting if you are connecting a mic.

Analog Input Gain

Use this to fine-tune the gain after setting the gain in “Input
Select”.

When Input Select is set to “LINE”, the “MIN” position
equals unity gain.

The MAX position is about 40 dB higher than the MIN
setting.

Auto Sampling Setup

This command automatically configures the PROGRAM
mode sampling-related parameters, making it easy for you to
sample an external audio source or to resample your
performance as you play a Program. You can also use this
command to initialize the sampling settings. For more
information, see “Auto Sampling Setup” on page 116.

0-8f: Sampling button
Press the button to enter sampling standby.

To begin sampling, press the SAMPLING START/STOP
button.

SAMPLING START/STOP

When you press this button after pressing the SAMPLING
REC button, one of the following will occur depending on
the “Trigger” settings.

*  When “Trigger” is set to “Sampling START Button”,
pressing this button will immediately begin sampling.

*  When “Trigger” is set to “Note On”, sampling begins
after you press this button and then play a key (note on)
on the keyboard.

e When “Trigger” is set to “Threshold”, sampling begins
after you press this button and the threshold level is
reached for the audio source.

Press this button on the Sample Edit page in SAMPLING
mode to play back the selected sample.

v 0-8:Page Menu Commands
* Compare —p.112

e Write Program —p.112

* Exclusive Solo —p.113

* Optimize RAM —p.114

* Select Sample No. —p.115

* Auto Sampling Setup —p.116
e Add To Set List —p.113

+ PAGE —p.126
« MODE —p.126
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0-9: Tone Adjust

> |F003: HD-1 Piano Damper

Sliders

3 4

2:Filter 2:Amp
LFOTIntA LFO1 Int

off off

+10 +
11

Filter
EG Int

off

+10

IFOOB: HD-1 Piano Damper

Switches Sliders

1-16

0-9PMC

5 6 7

20

Quick
Layer

1 2 3 4 5

1:Filter
LFOTIntA

Pitch
Stretch

Pitch
LFOInt

1:Amp
LFO1 Int

LFO1
Speed

+00

Quick
Layer

0-9a: Tone Adjust

The Tone Adjust function lets you edit the parameters of a
program like an analog synthesizer, by using the switches
and sliders shown in the display. Tone Adjust switch and
slider can be assigned to any one of a number of Program
parameters.

Each controller can be assigned to only one parameter, and
each parameter can be assigned to only one controller.

To swap a parameter from one control to another, you’ll need
to first un-assign it from the old control, and then assign it to
the new control.

Tip: In COMBINATION and SEQUENCER modes, Tone
Adjust also lets you edit Program parameters without
needing to save a different version of the original Program.
For more information on Tone Adjust in these modes, see
“0—9a: Tone Adjust” on page 394.

1:MS§/
WS/DKit

1: 2
Transpose Transpose

off off off

+12 +07

Quick

Split Tone Adjust

0-9PMC

6 7

1:.LFO1
Wave

Amp
Vel Int

Guitar

Quick
Split

Tone Adjust

Switches 1-16 button
Switches to the Switch page of Tone Adjust.

Sliders 1-8, 9-17 buttons
Switches to the Slider page of Tone Adjust.

Saving Tone Adjust Edits

Tone Adjust edits are saved in two different ways, depending
on whether the parameter is Relative or Absolute. (For more
information, see “Absolute, Relative, and Meta parameters,”
below.)

Edits to Relative parameters affect the sound immediately,
but don’t change the underlying Program parameter settings
until the Program is saved. When the Program is saved, the
NAUTILUS calculates the combined effects of Tone Adjust
and dedicated CC modulation (from the RT Control Knobs,
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for instance), and saves the results into the Program
parameters directly. At that point, all of the Relative
parameters are reset to 0.

Edits to Absolute parameters are immediately reflected in
the corresponding on-screen parameters, and vice-versa.

Tone Adjust and MIDI SysEx

The Tone Adjust sliders, and switches all send and receive
MIDI System Exclusive messages. You can use this to
record and play back Tone Adjust edits with a sequencer,
including the built-in sequencer.

Note: The SysEx messages are tied to the physical controls,
and not to the functions to which they are assigned. For
instance, let’s say that slider 1 is assigned to control Filter
Resonance, and move slider 1 while recording into a
sequencer. The sequencer will record that slider 1 has
moved, and not that Filter Resonance has changed. If you
later change slider 1 to control LFO1 Speed, playing back
the sequence will affect the LFO, and not Filter Resonance.

Interaction between Tone Adjust and MIDI CCs

A number of the Common Tone Adjust parameters affect
parameters which are also modulated by dedicated MIDI
CCs. The specific CC numbers are noted in the descriptions
for the individual Tone Adjust parameters, below.

Tone Adjust and the CCs work separately. It’s possible, for
instance, for Tone Adjust to reduce the value of a parameter,
and then for a CC to increase it again.

Tone Adjust scales the parameter first, and then the CC
scales the result of the Tone Adjust.

Absolute, Relative, and Meta parameters

There are three kinds of Tone Adjust parameters: Absolute,
Relative, and Meta.

For more on the types of each parameter, see “Common
Tone Adjust Parameters” on page 31 and “HD-1 Tone
Adjust Parameters” on page 32.

Absolute parameters usually control a single Program
parameter, such as Oscillator 1 Transpose. The Program
and Tone Adjust parameters mirror one another; when you
change one, the other will change to match.

Relative parameters typically adjust two or more Program
parameters simultaneously. For instance, Filter/Amp EG
Attack Time affects a total of six Program parameters. The
value of the Relative parameter shows the amount of change
to these underlying Program parameters.

When the Relative parameter is at 0, the underlying Program
parameters are unchanged.

The meanings of higher and lower settings can vary,
depending on the specific parameter. Unless noted
otherwise, they work as follows:

When the Relative parameter is at +99 (the maximum), the
Program parameters are all at their maximum as well.
Similarly, when the Relative parameter is at —99 (the
minimum), the Program parameters are at zero.

Relative Tone Adjust parameter scaling

929

Parameter
Value

As Programmed

00
-99 0 +99

Relative Tone Adjust Value

A few of the Program parameters controlled by Relative
Tone Adjust are bipolar, meaning that they can be either
positive or negative (instead of just positive). When these
Program parameters are set to negative values, Tone Adjust
may behave differently from the description above.

For instance, if EG Intensity is set to a negative value,
Relative Tone Adjust will take it from 0 to —99, like the
inverse of the diagram above. EG Sustain works differently;
if it’s set to a negative value, Tone Adjust takes it from 0
down to the programmed value, and then up to +99, as
shown below.

Relative Tone Adjust parameter scaling: EG Sustain

929

Parameter
Value

00

As Programmed

-99
-99 0 +99

Relative Tone Adjust Value

Meta parameters don’t affect Program parameters directly.
Instead, they affect the way that other Tone Adjust
parameters work. For instance, Multisample Min # and
Max # set the minimum and maximum values of the Tone
Adjust Multisample parameter.
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0-9b: Tone Adjust Edit
Press the B (EDIT) icon to edit the assignments and other

settings for the Tone Adjust function.
Switches 1-16

Set the operation of switches 1-16 in the Tone Adjust
function.

When a switch is assigned to a Relative parameter, or an
Absolute parameter with more than two states:

Switch On = On Value (see below)
Switch Off = the Program’s stored value

When a switch is assigned to a two-state Absolute
parameter, such as Hold, the switch status directly reflects
the parameter value:

Switch On = On
Switch Off = Off

PROGRAM > H

> |F003: HD-1 Piano Damper 2 J 11000

Switches Sliders
- 9-17

3 4 7

2Filter 2Amp 2 1:M8/
LFOTIntA LFOT Int se ‘WS/DKit

off

+20

Quick
it Tone Adjust

Assign [List of Tone Adjust assignments]

This lets you assign a Tone Adjust parameter to the switch.
For a full list of the available choices, please see “Common
Tone Adjust Parameters” and “HD-1 Tone Adjust
Parameters,” below.

On Value

The parameter is set to this value when the switch is On.

[Depends on parameter]

When the switch is assigned to a two-state Absolute
parameter, such as Hold, this will always be the same as the
Switch Status (see below).

Switch Status [Off, On]

This simply shows whether the switch is On or Off. The
status is also shown by the LEDs in the physical buttons.

Sliders 1-8,9-17

Assign [List of Tone Adjust assignments]

This lets you assign a Tone Adjust parameter to the slider.
For a full list of the available choices, please see “Common
Tone Adjust Parameters” and “HD-1 Tone Adjust
Parameters,” below.

Per-Oscillator parameters apply to OSC1 and 2 individually,
and are marked as such: [OSC1] and [OSC2}.

Each controller can be assigned to only one parameter, and
each parameter can be assigned to only one controller.

To swap a parameter from one control to another, you’ll need
to first un-assign it from the old control, and then assign it to
the new control.

Value [Depends on parameter]

This shows the current value of the parameter. The range of
values will vary depending on the parameter assigned to the
slider.

Common Tone Adjust Parameters

These parameters affect both Oscillators 1 and 2.

Unless otherwise noted, all of the Common Tone Adjust
parameters are Relative.

Off. This means that the Tone Adjust control has no effect.

Filter Cutoff. (-99...+99, CC#74)
This scales the cutoff frequency of all of the filters at once.
For instance, in the HD-1, it affects both Filters A and B.

Filter Resonance. (-99...+99, CC#71)
This scales the resonance of all of the filters at once. For
instance, in the HD-1, it affects both Filters A and B.

Filter EG Intensity. (-99...+99, CC#79)

This scales the effect of the Filter EG on the cutoff
frequency. It affects all of the filters at once; for instance, in
the HD-1, it affects both Filters A and B.

—99 means no modulation. +99 means maximum modulation
in the same direction, positive or negative, as the original
Program. For instance, if the original Program’s EG
Intensity was set to —25, then setting the Tone Adjust to +99
moves the EG Intensity to —99.

Amp Velocity Intensity. (-99...+99)
This scales the effect of velocity on the Amp level.

—99 removes the velocity modulation entirely. +99 means
maximum modulation in the same direction, positive or
negative, as the original Program.

Filter/Amp EG Attack Time.

(-99...499, CC#73)

This scales the attack times of the Filter and Amp EGs, along
with other related parameters.

When the value is +1 or more, this also affects the Amp EG’s
Start and Attack Levels, Start Level AMS, and Attack Time
AMS, as described below:

Between values of +1 and +25, the Start Level, Start Level
AMS, and Attack Time AMS will change from their
programmed values to 0. Over the same range, the Attack
Level will change from its programmed value to 99.
Filter/Amp EG Decay Time.

(-99...199, CC#75)

This scales the decay and slope times of the Filter and Amp
EGs. It interacts with CC# 75.

Filter/Amp EG Sustain Level.
(-99...199, CC#70)
This scales the sustain levels of the Filter and Amp EGs.

Filter/Amp EG Release Time.
(-99...499, CC#72)
This scales the release times of the Filter and Amp EGs.

Filter EG Attack Time. (-99...+99)
This scales the attack times of the Filter EGs.

Filter EG Decay Time. (-99...+99)
This scales the decay and slope times of the Filter EGs.

Filter EG Sustain Level. (-99...+99)
This scales the sustain levels of the Filter EGs.
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Filter EG Release Time. (-99...1+99)
This scales the release times of the Filter EGs.

Amp EG Attack Time. (-99...+99)
This scales the attack times of the Amp EGs.

Amp EG Decay Time. (-99...+99)
This scales the decay and slope times of the Amp EGs.

Amp EG Sustain Level. (-99...+99)
This scales the sustain levels of the Amp EGs.

Amp EG Release Time. (-99...+99)
This scales the release times of the Amp EGs.

Pitch EG Attack Time. (-99...+99)
This scales the attack times of the Pitch EG (or EGs, in the
case of some EXi instruments).

Pitch EG Decay Time. (-99...+99)
This scales the decay and slope times of the Pitch EG (or
EGs, in the case of some EXi instruments).

Pitch EG Sustain Level. (-99...+99)
This scales the sustain levels of the Pitch EG (or EGs, in the
case of some EXi instruments).

Note: This does not apply to the HD-1.

Pitch EG Release Time. (-99...+99)
This scales the release times of the Pitch EG (or EGs, in the
case of some EXi instruments).

Pitch LFO1 Intensity. (-99...+99, CC#77)
This scales the effect of LFO1 on the Pitch.

—99 removes the LFO modulation entirely. +99 means
maximum modulation in the same direction, positive or
negative, as the original Program.

LFO1 Speed. (-99...199, CC#76)

This scales LFO1’s frequency. When the LFO is in
MIDI/Tempo mode, this adjusts the Base Note. For more
information, please see “Frequency” on page 84.

LFO1 Fade. (-99...199)
This scales LFO1’s fade-in time. For more information,
please see “Fade” on page 85.

LFO1 Delay. (-99...+99, CC#78)

This scales LFO1’s delay time - the time between note-on
and the onset of the LFO. For more information, please see
“Delay” on page 85.

This parameter interacts with CC# 78.

LFO1 Stop. (PROG/Off/On, Absolute)

This Absolute parameter controls whether LFOL1 is stopped
or running. For more information, please see “Stop” on
page 84.

The PROG setting restores the Program’s original values—
convenient if Oscillator 1’s LFO was stopped, but Oscillator
2’s was not.

LFO2 Speed. (-99...+99)

This scales LFO2’s frequency. When the LFO is in
MIDI/Tempo mode, this adjusts the Base Note. For more
information, please see “Frequency” on page 84.

LFO2 Fade. (-99...+99)
This scales LFO2’s fade-in time. For more information,
please see “Fade” on page 85.

LFO2 Delay. (-99...+99)

This scales LFO2’s delay time - the time between note-on
and the onset of the LFO. For more information, please see
“Delay” on page 85.

LFO2 Stop. (PROG/Off/On, Absolute)

This Absolute parameter controls whether LFO2 is stopped
or running. For more information, please see “Stop” on
page 84.

Common LFO Speed. (-99...+99)
This scales the Common LFO’s frequency. When the LFO is
in MIDI/Tempo mode, this adjusts the Base Note.

Unison. (Off/On, Absolute)
This Absolute parameter turns Unison on and off. For more
information, please see “Unison” on page 37.

Number Of Voices. (2...16, Absolute)

This Absolute parameter sets the number of Unison voices.
If Unison is not On, this parameter has no effect. For more
information, please see “Number of voices” on page 37.

Detune. (0.0...200.0, Absolute)

This Absolute parameter sets amount of detuning between
the Unison voices. If Unison is not On, this parameter has
no effect. For more information, please see “Detune” on
page 37.

Thickness. (Off/01...09, Absolute)

This Absolute parameter sets the pattern of detuning
between the Unison voices. If Unison is not On, or if
Detune is set to 0, this parameter has no effect. For more
information, please see “Thickness” on page 37.

Common Step Sequencer Attack Smoothing. (00...99,
Absolute)

This Absolute parameter sets amount of attack smoothing
for the Common Step Sequencer. Note that this applies only
to EXi Programs. For more information, please see
“Smoothing” on page 137.

Common Step Sequencer Decay Smoothing. (00...99,
Absolute)

This Absolute parameter sets amount of decay smoothing
for the Common Step Sequencer. Note that this applies only
to EXi Programs. For more information, please see
“Smoothing” on page 137.

HD-1 Tone Adjust Parameters

Macro parameters

The following three parameters affect both Oscillator 1 and
Oscillator 2.

* In the list below, the items in parentheses are (value
range, edit type) respectively.

Pitch Stretch. (-12...+12, Relative)

This special control increases the Oscillator Tune parameter
while lowering the Transpose parameter. The result is that
the pitch stays the same, but the mapping of the samples to
the keys changes. You can use this to create interesting shifts
in timbre.

Hold. (Off/On, Absolute)
This lets you turn Hold on and off. For more information on
this parameter, see “Hold” on page 38.

Reverse. (PROG/Off/On, Absolute)

This provides a quick way to turn Reverse on or off for all
Multisamples in both Oscillators. PROG restores the
Program’s original settings—convenient if some
Multisamples had been set to Off, and others set to On.
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Per-Oscillator parameters

These parameters affect each Oscillator separately. In the

list, the parameters for Oscillator 1 appear first, with each
name prefaced by [OSC1]; the parameters for Oscillator 2
appear next, prefaced by [OSC2].

* In the list below, the items in parentheses are (value
range, edit type) respectively.

Tune. (-1200...+1200, Relative)

This Relative parameter adds to or subtracts from the
Oscillator’s Tune setting, as described under “Tune” on
page 50.

Note: As with Transpose, below, this is a simple addition or
subtraction, as opposed to the more complex “scaling”
function.

Transpose. (—60...+60, Relative)

This Relative parameter adds to or subtracts from the
Oscillator’s Transpose setting, as described under
“Transpose” on page 50.

MS/WS/DKit Select. (PROG/0...16383, Absolute)

This lets you select a new Multisample or Wave Sequence
for the Oscillator (in Single or Double Programs), or a
different Drum Kit (in Drum Programs). You can either use
this to select different sounds via a knob or slider—for
instance, to select one out of a set of synth wavetables—or to
override Program settings in a Combination or Song.

PROG restores the Program’s original Multisamples, Wave
Sequences, or Drum Kits, including all velocity ranges and
Reverse and Start Offset settings.

The list of Multisamples, Wave Sequences, or Drum Kits can
be quite long. The sliders will let you sweep through the
entire range, but it may not be possible to select all of the
intermediate values. You can always select a specific value
by editing the on-screen parameter via the standard data
entry controls, such as the + and — buttons.

You can also limit the range of the control by using the Min
# and Max # parameters, described below.

For Single and Double Programs:

*  MS/WS/DKit Select overrides all of the Multisample
Velocity zones, so that the newly selected Multisample
or Wave Sequence plays over the entire velocity range.

* By default, if the original Program’s MS1 is a
Multisample, you can select Multisamples; if MS1 is a
Wave Sequence, you can select Wave Sequences. You
can use the MS/WS Type parameter, described below, to
change between Multisamples and Wave Sequences as
desired.

For Multisamples only:

* By default, you can select from the same Bank as the
original Program’s MS1. To select a different Bank, use
the MS Bank parameter described below. (Note that MS
Bank cannot be used to change to User Sample Banks or
EXs numbered 126 and higher.)

* You can use the Tone Adjust Reverse and Start Offset
parameters to modify the newly selected Multisample.
By default, Reverse is set to Off, and Start Offset is set
to 0.

For Wave Sequences and Drum Kits:

*  Wave Sequence and Drum Kit Banks are ignored; all
items in all banks are available in a continuous list via
the Select parameter.

MS/WS Type. (Off/MS/WavSeq, Meta)

This Meta-parameter modifies the MS/WS Select parameter,
so that you can specifically choose to select either
Multisamples or Wave Sequences.

If the Select parameter is not used, or if the current sound is
a Drum Program, MS/WS Type has no effect.

MS Bank. (ROM mono/stereo, Smp:0ld RAM
mono/stereo, EXs1 mono...EXs125 stereo, Meta)

This Meta-parameter modifies the MS/WS/DKkit Select
parameter, so that you can choose Multisamples from a Bank
other than the one selected in the Program. You cannot use
MS Bank to change to User Sample Banks or EXs
numbered 126 and higher.

If the Select parameter is not used, this setting has no effect.
MS Bank does not apply to Wave Sequences and Drum
Kits, as described above.

MS/WS/DKit Min #. (0...16383, Meta)

This Meta-parameter sets a minimum value for the
MS/WS/DKit Select parameter. You can use this in
conjunction with the MS/WS/DKit Max # parameter,
below, so that a slider selects only from a small set of
choices. This is particularly convenient with the internal
ROM, in which similar Multisamples are grouped together.
For instance, this makes it easy to select between a group of
bells, or a set of electric basses.

If the Select parameter is not used, this setting has no effect.

MS/WS/DKit Max #. (0...16383, Meta)

This Meta-parameter sets a maximum value for the
MS/WS/DKkit Select parameter. Please see MS/WS/DKit
Min #, above, for more information.

Start Offset. (0...8, Absolute)

This allows you to change the Start Offset of the
Multisample specified by the MS/WS Select parameter. It
applies only when:

* The Program is a Single or Double (not a Drum Kit)

* The MS/WS Select parameter is used to select a
Multisample (not a Wave Sequence)

For more information on Start Offsets, see “Start Offset” on
page 52.

Drive. (0...99, Absolute)

This controls the Oscillator’s Drive parameter, as described
under “Drive” on page 74.

Low Boost. (0...99, Absolute)
This controls the Oscillator’s Low Boost parameter, as
described under “Low Boost” on page 74.

Pitch Slope. (-1.0...2.0, Absolute)
This controls the Oscillator’s Pitch Slope parameter, as
described under “Pitch Slope” on page 55.

LFO 1 Waveform. (Triangle...Rad6, Absolute)
This selects the waveform for the Oscillator’s LFO 1, as
described under “Waveform” on page 83.

LFO 2 Waveform. (Triangle...Rad6, Absolute)
This selects the waveform for the Oscillator’s LFO 2, as
described under “Waveform” on page 83.

Amp LFO 1 Intensity. (-99...+99, Absolute)
This controls the depth and direction of Amp modulation
from LFO1, as described under “4-2c: LFO 1/2” on page 78.

Amp LFO 2 Intensity. (-99...+99, Absolute)
This controls the depth and direction of Amp modulation
from LFO2, as described under “4-2c: LFO 1/2” on page 78.
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Filter LFO 1 Intensity to A. (-99...+99, Absolute)

This controls the depth and direction of Filter A cutoff
modulation from LFO1, as described under “3-3a: LFO 1/2”
on page 69.

Filter LFO 1 Intensity to B. (-99...+99, Absolute)

This controls the depth and direction of Filter B cutoff
modulation from LFO1, as described under “3-3a: LFO 1/2”
on page 69.

Filter LFO 2 Intensity to A. (-99...+99, Absolute)

This controls the depth and direction of Filter A cutoff
modulation from LFO2, as described under “3-3a: LFO 1/2”
on page 69.

Filter LFO 2 Intensity to B. (-99...+99, Absolute)

This controls the depth and direction of Filter B cutoff
modulation from LFO?2, as described under “3-3a: LFO 1/2”
on page 69.

Pitch LFO 1 AMS Intensity. (-12.00...+12.00, Absolute)
You can use an AMS source, such as joystick, to modulate
the depth of pitch modulation (vibrato) from LFO1. This
controls the intensity of that AMS modulation. For more
information, see “4—2c: LFO 1/2” on page 78.

Pitch LFO 2 AMS Intensity. (-12.00...+12.00, Absolute)
This is similar to Pitch LFO 1 AMS Intensity, above. For
more information, see “4—2c: LFO 1/2” on page 78.

v 0-9:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113
* Copy Scene —p.122

* Swap Scene —p.122

* Add To Set List —»p.113

« PAGE —p.126
« MODE —p.126



PROGRAM > Basic/X-Y/Controllers 1-1: Program Basic

PROGRAM > Basic/X-Y/Controllers

1-1: Program Basic

lers
1-1a —2Y up-1 F003: HD -1 Piano Damper
Oscillator Mode
1-1b — Single @ Double Double Drums
Voice Assign Mode
1-1c —=3RC W Single Trigger

Mono

Key Zone
1-1d == 9] Bottom

Bottom

Bottom

o0

Program
Basic

This page contains all of the basic settings for the Program.
Among other things, you can:

+ Set up the basic Program type: Single, Double, Drum, or
Double Drum

+ Set the Program to play polyphonically or
monophonically

» Create a keyboard split between OSC 1 and OSC 2
* Select the Program’s scale

* Make basic Wave Sequence Settings

1-1a: Program Name and Tempo
Bank [A...T, a...t]
Program Name [000...127/001...128: Name]

These two read-only parameters show the bank, number, and
name of the current Program.

Tempo () [040.00...300.00, EXT]

This is the tempo used for Wave Sequences, LFOs, effects,
and ARP. For more information, please see “Tempo” on
page 3.

< button

This button is on every page, except for the Top pages of
PROGRAM and COMBINATION mode. Press this button
to show the Home page, where either Program Select or
Combination Select will be selected.

1-1PMC

Play Page MS/WS/DKit Display

0SC1 Acoustic Piano 1 0SC2 Piano Damper 1 s — | —1h

Max # of Notes  Dyn
Unison Mumber of Voices 2 Stereo Spread 0
Detune 000 [cents]  Thickness Off
Scale
Type IEqualTEmpEramEnt LC Random 0 —zESr
Wave Sequence
Swing +000% Quantize Triggers —a=NENid
Half - Damper Control

M Enable Half-Damper ——$};;J¢

1-1b: Oscillator Mode

Oscillator Mode [Single, Double,
Drums, Double Drums]

HD-1 Single Programs have one oscillator, and Double
Programs have two oscillators. Each oscillator includes a
complete synthesis voice, with velocity-switched
multisamples, dual filters, EGs, LFOs, and so on.

The Drum and Double Drum modes are a special variations
of Single and Double modes, respectively, using Drum Kits
(as created in GLOBAL mode) instead of Multisamples.

Single: The Program will use one oscillator, for a
maximum of 140-note polyphony.

Double: The Program will use two oscillators, for a
maximum of 70-note polyphony.

Drums: The Program will use one oscillator to play a Drum
Kit. In this case the Program will normally have a maximum
of 140-note polyphony.

Double Drums: The Program will use two oscillators to
play two Drum Kits. In this case the Program will normally
have a maximum of 70-note polyphony.

Note: when playing drum Kits, it’s often useful to turn on the
Hold parameter. For more information, see “Hold,” on
page 38.

A note about polyphony

Polyphony means the number of notes that you can play at a
time. This number will vary depending on the particular
sound being played, and how that sound is produced.
Generally speaking:

» Double Programs use twice as many voices as Single
Programs.
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* A Wave Sequence uses twice as many voices as a
Multisample. A stereo Wave Sequence uses twice as
many voices as a mono Wave Sequence.

+ Stereo Multisamples use twice as many voices as Mono
Multisamples.

» Ifthe X-Y Envelope is enabled, the number of voices
used increases slightly.

Polyphony also depends on the effects being used, and on
which synthesis types are being used (HD-1, AL-1, CX-3
etc.). For more information, see “0-2: Performance Meter”
on page 13.

1-1c: Voice Assign Mode

Voice Assign Mode [Poly, Mono]

Select the basic voice allocation mode. Depending on which
one you select, various other options will appear, such as
Poly Legato (Poly mode only) and Unison (Mono mode
only).

Poly: The program will play polyphonically, allowing you
play chords.

Mono: The program will play monophonically, producing
only one note at a time.

Poly
[Off, On]

Poly Legato is available when the Voice Assign Mode is set
to Poly.

Poly Legato

Legato means to play note so that they are smooth and
connected; the next note is played before the last note is
released. This is the opposite of playing detached.

On (checked): When you play a legato phrase, only the first
note of that phrase (and notes within 30 msec of the first
note) will use the normal multisample start point specified
by Start Offset (2—1c¢); all subsequent notes will use the
legato start point specified for each multisample.

Note: This is a useful way to simulate the percussive attack
of a tonewheel-type organ.

Off (unchecked): Notes will always use the setting of the
Start Point Offset, regardless of whether you play legato or
detached.

A With some Multisamples, Poly Legato may not have any
effect.

[Off, On]

Single Trigger is available when the Voice Assign Mode is
set to Poly.

Single Trigger

On (checked): When you play the same note repeatedly, the
previous note will be silenced before the next note is
sounded, so that the two do not overlap.

Off (unchecked): When you play the same note repeatedly,
the notes will overlap.

Mono
[Off, On]

This is available when the Voice Assign Mode is set to
Mono.

Mono Legato

Legato means to play note so that they are smooth and
connected; the next note is played before the last note is
released. This is the opposite of playing detached.

When Mono Legato is On, the first note in a legato phrase
will sound normally, and then subsequent notes will have a
smoother sound, for more gentle transitions between the
notes.

The Mode parameter, below, switches between two different
Mono Legato effects, each of which achieves this
smoothness in a different way. See the description of that
parameter for more details.

On (checked): When you play with legato phrasing, the
notes within a legato phrase will sound smoother, according
to the setting of the Mode parameter, below.

Off (unchecked): Legato phrasing will produce the same
sound as detached playing.

Mode

This parameter is available only when Mono Legato is On.

[Normal, Use Legato Offset]

Normal: When you play legato, the multisample, envelopes,
and LFOs will not be reset; only the pitch of the oscillator
will change. This setting is particularly effective for wind
instruments and analog synth sounds.

A& With this option, the pitch may occasionally be incorrect,
depending on which multisample you play, and where on
the keyboard you play.

Use Legato Offset: When you play legato, the second and
subsequent notes will use the legato start point specified for
each multisample, rather than the Start Offset (2—1c)
setting.

This is effective when used with a multisample for which
you’ve assigned a specific legato offset point. For example,
you might use it to control the attack of a breathy, slow-
attack sax sound. On some multisamples, this will have no
effect.

Envelopes and LFOs will still be reset, as they are with
detached playing.

Priority [Low, High, Last]

Priority is available when the Voice Assign Mode is set to
Mono.

This parameter determines what happens when more than
one note is being held down.

Low: The lowest note will sound. Many vintage,
monophonic analog synths work this way

High: The highest note will sound.

Last: The most recently played note will sound.
Max # of Notes

Max # of Notes

Dynamic is the default. With this setting, you can play as
many notes as the system allows.

[Dynamic, 1...16]

1-16 lets you limit the maximum number of notes played by
the Program. Voices will still be allocated dynamically, up to
this maximum number. You can use this to:

* Model the voice-leading of vintage synthesizers, such as
the Polysix

+ Control the resources required by individual Programs in
COMBINATION and SEQUENCER modes
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Max # of Notes applies only when the main Voice Assign
Mode is set to Poly. If Mono is selected, this is grayed out.

This setting does not limit the Unison Number of Voices
parameter. For instance, if Max # of Notes is set to 6, and
Unison Number of Voices is set to 3, you can play up to 6
notes, each with 3 Unison voices.

If the Program is set to Double, the Max # of Notes applies
equally to both Oscillators. For instance, if Max # of Notes
is set to 4, you can play up to 4 notes on each OSC.

Unison

[On, Off]

Unison can be used in both Mono and Poly modes.

Unison

On (checked): When Unison is on, the Program uses two or
more stacked, detuned voices to create a thick sound.

Use the Number of Voices and Detune parameters to set the
number of voices and amount of detuning, and the
Thickness parameter to control the character of the
detuning.

Off (unchecked): The Program plays normally. If Unison is
Off, then all of its associated parameters are grayed out.
[2...16]

This controls the number of detuned voices that will be
played for each note when using Unison. It applies only
when Unison is On.

Number of voices

[0...100]

Stereo Spread lets you create a wider stereo field when
using Unison. It applies only when Unison is On.

Stereo Spread

This feature separates the different Unison voices into two
groups. One group is panned to the left, and the other to the
right. At 0, both groups will be in the center; at 100, the two
groups will be hard-panned left and right, respectively; at
intermediate values, they will be panned to intermediate left
and right positions.

If there is an odd number of voices, one voice will be panned
to the center.

If the voices are true stereo, Stereo Spread “steers” the
stereo image of each voice. In this case, intermediate settings
of Stereo Spread may be the most effective, since they will
still preserve some of the original stereo image.

Unison detuning is spread as evenly as possible across the
left and right channels. The lowest voice will be on the left,
and the highest on the right; the next-lowest on the left, and
the next-highest on the right, etc., as below:

-14 cents: L

+14 cents: R

-10 cents: L

+10 cents: R etc.

Depending on the Thickness setting, the detuning may lean

slightly to one side.

Detune [0...200 cents]

Detune is available when Unison is On.

This parameter sets the tuning spread for the Unison voices,
in cents (1/100 of a semitone). The Thickness parameter,
below, controls how the voices are distributed across the
detune amount. When Thickness is Off, the voices are
distributed evenly, centered around the basic pitch.

For instance, let’s say that the Number of voices parameter
is set to 3, Detune is set to 24, and Thickness is Off:

Voice one will be detuned down by 12 cents, voice two will
not be detuned, and voice three will be detuned up by 12
cents.

Voice Detune

1 -12

2 0

3 +12

As another example, let’s say that Detune is still set to 24
and Thickness is still Off, but Number of voices is set to 4:

Voice one will still be detuned down by 12 cents, voice two
will be detuned down by 4 cents, voice three will be detuned
up by 4 cents, and voice 4 will be detuned up by 12 cents.

Voice Detune
1 -12
2 -4
3 +4
4 +12
Thickness [Off,01...09]

Thickness is available when Unison is On.

This parameter controls the character of the detuning for the
unison voices.

Off: Unison voices will be evenly distributed across the
Detune range, as shown above.

01-09: Unison voices will be detuned in an asymmetric way,
increasing the complexity of the detune, and changing the
way in which the different pitches beat against one another.
This creates an effect similar to vintage analog synthesizers,
in which oscillators were frequently slightly out of tune.
Higher numbers increase the effect.

1-1d: Key Zone

You can create keyboard splits by setting top and bottom
keys for Oscillators 1 and 2. Also, you can control the
keyboard range over which the Hold parameter takes effect.
Setting Key Zones from the keyboard

In addition to using the standard data entry controls, you can
also set all keyboard zones parameters directly from the
keyboard. Just do the following:

1. Select the key zone parameter you’d like to edit.

2. Press and hold the ENTER button.

3. Play a note on the keyboard to set the parameter.

4. Release the ENTER button.

You can use this shortcut for all key and velocity parameters
in the NAUTILUS.

Osc 1 Bottom [C-1...G9]
This sets the lowest key on which Oscillator 1 will play.
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Osc 1 Top [C-1...G9]
This sets the highest key on which Oscillator 1 will play.
Osc 2 Bottom [C-1...G9]

This sets the lowest key on which Oscillator 2 will play.

Osc 2 Top [C-1...G9]
This sets the highest key on which Oscillator 2 will play.
Hold [On, Off]

Hold is like permanently pressing down on the sustain pedal.
In other words, notes continue to sound as if you were
holding down the key - even after you lift your fingers from
the keyboard.

Unless the Sustain Level is set to 0 in Amp EG 1 (and Amp
EG 2 in a Double Program), the sound will play for the entire
length of the sample(s).

On (checked): The Hold function is enabled for the range
set by the Hold Bottom and Hold Top parameters, below.

Off (unchecked): Notes will play normally. This is the
default setting.

Using Hold with Drum Kits

Hold can be especially useful for drum programs, since it
lets the samples ring out naturally. In general, when you set
the Oscillator Mode to Drums, it’s good to set Hold to On.

Once you’ve turned on Hold for a drum program, the
function is controlled on a note-by-note basis according to
settings within the selected Drum Kit.

If a key’s Enable Note Off Receive parameter (on the Voice
Mixer tab of the Drum Kit page) is unchecked, the note will
be held.

If the key’s Enable Note Off Receive parameter is checked,
it will not be held.

If you turn off Hold in the Program, no keys will be held -
regardless of their Enable Note Off Receive setting.

Using Hold with Acoustic Pianos

Hold is also useful for simulating the top octaves of an
acoustic piano, in which notes always sustain until they fade
out naturally, regardless of how long you hold the key.

The Hold Bottom and Hold Top parameters are designed
for exactly this purpose. They let you limit the effect of the
Hold parameter to a specific range of the keyboard.

Hold Bottom [C-1...G9]
This sets the lowest key affected by the Hold function.
Hold Top [C-1...G9]

This sets the highest key affected by the Hold function.

1-1e: Scale

Type [Equal Temperament...User Octave Scale15]
Selects the basic scale for the Program.

Note that for many of the scales, the setting of the Key
parameter, below, is very important.

Equal Temperament: This is the most widely used scale by
far, in which each semitone step is spaced at equal pitch
intervals.

Equal Temperament allows easy modulation, so that a chord
progression played in the key of C sounds roughly the same
as the same progression played in F#. Sacrificed, however, is
some of the purity of individual intervals offered by the
scales below.

Pure Major: In this temperament, major chords of the
selected key will be perfectly in tune.

Pure Minor: In this temperament, minor chords of the
selected key will be perfectly in tune.

Arabic: This scale includes the quarter-tone intervals used
in Arabic music.

Pythagoras: This scale is based on ancient Greek musical
theory, and is especially effective for playing melodies. It
produces completely pure fifths, with one exception, at the
expense of detuning other intervals— thirds in particular.

As much as Pythagoras might have like to do so, it’s not
possible to make all the fifths pure while also keeping the
octave in tune. For the sake of the octave, one of the fifths—
the interval from the sharp fourth degree to the sharp first
degree—is made quite flat.

Werkmeister (Werkmeister III): This scale was one of the
many temperament systems developed towards the end of
the Baroque period. These “Well-Tempered” tunings were
aimed at allowing relatively free transposition—although
you’ll still notice that the different keys maintain their own
distinct characteristics, unlike Equal Temperament.

J.S. Bach was referring to these new scales in his title, “The
Well-Tempered Clavier.” As such, this group are particularly
appropriate for late baroque organ and harpsichord music.

Kirnberger (Kirnberger III): This is a second “Well-
Tempered” tuning, dating from the early 18th century.

Slendro: This is an Indonesian gamelan scale, with five
notes per octave.

When Key is set to C, use the C, D, F, G and A notes. Other
keys will play the normal equal-tempered pitches.

Pelog: This is another Indonesian gamelan scale, with seven
notes per octave.

When Key is set to C, use the white keys. The black keys
will play the equal tempered pitches.

Stretch: This tuning is used for acoustic pianos.

User All Notes Scale: This is a user-programmed scale with
different settings for all 128 MIDI notes. You can set up this
scale in GLOBAL > Controllers/Scales— User Scale page.

User Octave Scale 00—15: These are user-programmed
scales with settings for each of the 12 notes in an octave.
You can set them up in GLOBAL > Controllers/Scales— User
Scale page.

Key (Scale Key) [C...B]

Selects the key of the specified scale.

This setting does not apply to the Equal Temperament,
Stretch, and User All Notes scales.

A If you’re using a scale other than Equal Temperament, the
combination of the selected scale and the Key setting
may skew the tuning of the note. For example, A above
middle C might become 442 Hz, instead of the normal
440 Hz. You can use the GLOBAL Mode’s Master Tune
parameter to correct this, if necessary.
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[0...7]

This parameter creates random variations in pitch for each
note. At the default value of 0, pitch will be completely
stable; higher values create more randomization.

Random

This parameter is handy for simulating instruments that have
natural pitch instabilities, such as analog synths, tape-
mechanism organs or acoustic instruments.

1-1f: Wave Sequence

The Swing, Key Sync, and Quantize Trigger settings in this
section affect how the Program plays its Wave Sequences.
These settings are stored within the Program, and do not
change the original Wave Sequence data.

[-300%...+300%]

This parameter applies only when the Program is using one
or more Wave Sequences set to Tempo mode.

Swing

Use Swing to add a sense of swing to the rhythm. For
example, Swing provides an easy way to turn a “square”
rhythm into a shuffle groove.

Swing works by adjusting the position of the up-beats,
relative to the Wave Sequence’s Resolution setting. For
instance, if the Resolution is set to 1/8, Swing affects every
other 8th note.

When Swing is set to +100%, these notes will be moved one
third of the way toward the next down-beat. If the Resolution
is 1/8, for example, +100% changes straight 8th notes into
8th note triplets.

When Swing is set to +300%, up-beats will be moved all the
way to the next down-beat. At this point, the notes on the up-
beats will not be heard at all.

Positive values make the up-beats later, and negative values
make them earlier.

Wave Sequence Swing

Swing Resolution = :\

Beat 1 j; ja Beat 2 .\3 J\G

Swing % ! | | |

“w D DD

| +100

wd B b
2 wd 9
J 5 ) 5

wo P ) )

+300

-100%

+200%

Swing uses the Wave Sequence’s Resolution
setting

Since the programmed rhythms of Tempo Wave Sequences
can vary widely, each has its own Swing Resolution setting,
from 1/32 note triplets to 1/4 note.

If the Program contains two or more Wave Sequences with
different Swing Resolution settings, the Program will use the
finest value. For example, if one is set to 1/8 and the other is
set to 1/16, the Program will use 1/16 notes.

Key Sync [On, Off]

On (checked): When Key Sync is On, each note’s Wave
Sequence(s) will progress independently, so that each one
can be on a different step, or moving at a different rate.

Off (unchecked): When Key Sync is Off, all of the Wave
Sequences will be synchronized on the same step. There is
one exception to this, however: if Duration is modulated
with velocity or note-number, the Wave Sequences can still
progress at different rates.

[On, Off]

This parameter applies only when the Program is using one
or more Wave Sequences set to Tempo mode.

Quantize Trigger

It allows you to force most Tempo-mode Wave Sequence
note-ons to be in sync, making it easier to play along with
other rhythmic elements.

When Quantize Triggers is On, note-ons are quantized to 8th
notes using the current tempo reference. (See below for a
few more details.)

The tempo reference can come from different sources,
depending on the current mode, and whether or not ARP is
on:

¢ In PROGRAM and COMBINATION modes, if ARP is
off, note-ons are synchronized with the sounding Tempo-
mode Wave Sequence, if any.

+ In PROGRAM and COMBINATION modes, if ARP is
on, note-ons are synchronized with ARP.

* In SEQUENCER mode during playback or recording,
note-ons are synchronized with the sequence.

+ In SEQUENCER mode, while the sequencer is stopped,
note-ons are synchronized with RPPR and ARP.

On (checked): Note-ons will be quantized.

Off (unchecked): Note-ons will be played instantly, the
moment that you play the keyboard.

How Quantize Trigger works

The Quantize Trigger feature tries to make a good guess at
where you intended the note to be. If you play the note just a
bit late—within a 32nd note of the 8th note—it will assume
that you meant the note to sound on the beat that just passed.
In this case, the note will play immediately.

On the other hand, if you play the note up to three 32nd notes
early, it will assume that you’re intending the note to sound
on the next beat. In this case, the note-on is delayed until the
next 8th note.

1-1g: Half-Damper Control

A half-damper pedal is a special type of continuous foot
pedal, such as the Korg DS-1H. In comparison to a standard
footswitch, half-damper pedals offer more subtle control of
sustain, which can be especially useful for piano sounds.

The NAUTILUS will automatically sense when a half-
damper is connected to the rear-panel DAMPER input. For
proper operation, you will also need to calibrate the pedal,
using the Calibrate Half-Damper command in the Global
page menu.
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The off and full-on positions of the half-damper work just
like a standard footswitch. In conjunction with the Enable
Half-Damper parameter, below, intermediate positions
allow a graduated control of sustain, similar to the damper
pedal of an acoustic piano.

Enable Half-Damper [On, Off]

When this is On (checked), Half-Damper pedals, normal
sustain pedals, and MIDI CC# 64 will all modulate the Amp
EG, as described below.

When this is Off (un-checked), the pedals and MIDI CC#64
will still hold notes as usual, but will not modulate the Amp
EG.

Half-Damper Pedal and Release Time

The amount of modulation depends on whether the Amp EG
Sustain Level is set to 0 (as is the case with most acoustic
piano sounds), or set to 1 or more. The modulation is
continuous, from 1x (no change) to 55 times longer; the table
below shows a selection of representative points.

Half-Damper modulation of Amp EG Release Time

CC#64 Multiply Amp EG Release Time by...
Value If Sustain = 0 If Sustain = 1 or more
0 1x 1x
32 2.1x 2.1x
64 3.2x
80 5.9x
3.2x
96 22.3x
127 55x

1-1h: Play Page MS/WS/DKit Display
0sC1

[List of installed Play Page MS/WS/DKit Display]

This works in conjunction with the Home page’s Show
MS/WS/DKit Graphics menu command (and its
corresponding Global parameter) to control whether the
PROGRAM > Home page shows the overview/jump
parameters (the graphical envelopes, LFOs, etc.), or the
selected graphics.

If the Show MS/WS/DKit Graphics menu command is not

enabled, then the overview/jump parameters will be shown
regardless of the setting here.

If Show MS/WS/DKit Graphics is enabled (checked), then
this parameter takes effect. See also “Show MS/WS/DKit
Graphics” on page 113.

MS/WS/DK Names shows the names of Osc 1’s
Multisamples, Wave Sequences, or Drum Kit as part of the
overview/jump parameters.

If a graphic is selected, then the graphic will be shown
instead of the normal overview/jump parameters.

0SsC2

[List of installed Play Page MS/WS/DKit Display]

This controls the PROGRAM > Home page display for Osc
2. It works the same as “OSC1,” above.
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1-5: X-Y Control

{Controllers
< Hp-1 FO03: HD-1 Piano Damper

X -¥ Volume Control

Enable Volume Control

Equal Power

0SC1 Center Volume: imn’:-;-.

0SC2 Center Volume: 100%

X-¥ CC Control
M Enable CC Control

X-Y X Mode Positive

Show Point

+X LPF Cutoff (CC#74)

0SC Volume

CC Values

X-YY Mode Positive

+Y¥ Resonance (CC#71)

X-Y Control is a function used for vector synthesis control.

Vector synthesis is a function that controls the parameters of
programs or effects by using an X-Y envelope that you
configure.

What does Vector mean?

Modulation generally works by moving a single control. like
a knob, in a straight line. At one end of the control, the
modulation is at its minimum; at the other end, it’s at its
maximum.

Vector Synthesis is a little different. It works by moving
around a point on a two-dimensional plane, both left-right
and up-down.

X-Y Point and X and Y axis values

X-Y Point
+127
Y value: +50 °
Y-Axis 0
-127 0 +127
X-Axis
X value: -90

You can think of this point as being positioned on two
different lines at once: a left-right line (the X axis), and an
up-down line (the Y axis).

In other words, instead of just having one value (like a
knob), each X-Y point has two values: one for X, and one for
Y. See the graphic “X-Y Point and X and Y axis values” for
an example.

1-5PMC

4 11000
Resonance X 4000 Y +000

Reset

0sC1 0sC2

LPF Cutaft \ m  LPF Cutoff

K7 (N/A) M Show Volume Image

X -¥ Control

0SC1 100 % 0SC2 100 %

+X 064 2 s +¥ D64 -Y

You can also use the X-Y control to move its position
automatically over time, as shown below.

X-Y control moving the X-Y Point

+127

-127 0 +127
X-Axis

X-Y Volume Control and CC Control

The Vector does two main things: it can control the relative
volume of the two Oscillators in PROGRAM mode (or of up
to 16 Programs at once in COMBINATION mode), and it
can generate CCs for controlling Program and Effects
parameters.

Vector and MIDI

The Vector features interact with MIDI through the X-Y CC
Control.

The X-Y CC Control, is generated by the X-Y position.
Normally, this will only affect internal sounds and effects. If
you like, however, you can use a Global parameter to send
these generated CCs to external MIDI devices; for more
information, see “X-Y MIDI Out” on page 653.

1-5a: X-Y Volume Control

X-Y Volume Control lets you adjust the relative volumes of
Oscillators 1 and 2 by moving the X-Y Control from left to
right on the X axis. The Drum Track is not affected.
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The Equal Power check-box makes the Vector create a
smooth fade between the two Oscillators, while the OSC1/2
Center Volume parameters allow you to create more
complex fade shapes.

In COMBINATION mode, you can use this to control the
relative volumes of up to 16 Programs at once, using both
the X and Y axes. For more details, see the X-Y Control
section of COMBINATION mode.

Enable Volume Control

[Off, On]

When this box is checked, the X-Y position will control the
volumes of Oscillators 1 and 2.

‘When this box is not checked, the X-Y position will not
directly affect volume. However, it’s still possible for the
Vector to control volume via X-Y CCs and AMS.

Note: “X-Y Volume Control” cannot be used to control the
volume of the drum track.

Equal Power

[Off, On]

This applies only when Enable Volume Control is turned

On.

When Equal Power is On, the Vector will fade between
Oscillators 1 and 2 using an equal-power volume curve. This
provides a smooth fade between the two sounds, and is the
type of volume control used by classic vector synths.

Also, when this is checked, the OSC 1 and OSC 2 Center
Volume parameters will be grayed out, since Equal Power
sets the center volumes automatically.

When Equal Power is Off, the OSC 1 and OSC 2 Center
Volume parameters determine the way in which X-Y
position affects volume.

0SC1 Center Volume

This sets the volume of Oscillator 1 at the center of the X
axis. It applies only when Equal Power, above, is set to Off.

Vector Synthesis System

X-Y Control

[0, 25,50, 75, 100%]

Global Controllers

X-Y Control
MIDIIn

X-Y Envelope
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MIDICC Assignments
Defaults:X=118,Y=119

The volumes at the extreme ends of the X axis are fixed. At
the left side, Osc 1 is always at 100% volume; at the right
side, Osc 1 is always at 0%.

0SC2 Center Volume [0, 25, 50, 75, 100%]

This sets the volume of Oscillator 2 at the center of the X
axis.

The volumes at the extreme ends of the X axis are fixed, in
the opposite direction of Oscillator 1’s. At the left side, Osc
2 is always at 0% volume; at the right side, Osc 2 is always
at 100%.

Osc Center Volume and X-Axis Position

Volume 50%

0%

X-Y X-axis position

Center Volume Values: 100

1-5b: X-Y CC Control

X-Y CC Control lets you use the combination of the X-Y
Control and the X-Y Envelope as AMS sources, for
modulating Program parameters, and as DMod sources, for
modulating Effects.

Global switch: MIDI page
X-Y MIDIOut

X-Y Control
0

—» | X-YXandYmodes |=—®

S~—» X-Y CC MIDI Output

—O
X-Y CCControl

X+/-and Y+/- / - N X-Y CCModulation of
CCAssignments Program and FX Parameters

> Osc1/2 CenterVqume
and Equal Power settings

Program switch:
Enable CC control

/ ° X-Y Modulation of

Oscillator Volume

Program switch:
Enable Volume control
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Each of the four directions of the Vector can send a different
CC, including left (-X), right (+X), up (+Y), and down (-Y).
You can choose between several different patterns
combining these four directions by using the X-Y X Mode
and X-Y Y Mode parameters.

You can either use the X-Y CCs to automate existing
modulation routings, such as the X-Y-panel knobs, or as
distinct modulation sources. The X-Y CC is transmitted as
MIDI control change messages on the global MIDI channel.
This means that it controls all voices of the program, not
individual voices.

Note: A Global parameter allows you to enable or disable
MIDI output for the CC Control. By default, this is disabled.
This setting does not affect the internal Programs, which can
always receive the X-Y CCs.

Enable CC Control [Off, On]

When this box is checked, the X-Y position will control the
CCs assigned to +X, —X, +Y, and —Y, as set below.

When this box is not checked, the X-Y position will not
affect these CCs. However, the joystick will still send and
receive its dedicated MIDI CCs, just like other physical
controllers. See “Vector and MIDI,” above, for more
information.

X-Y X Mode

You can set up the Vector to send out CCs in several
different patterns, as shown in the graphic below. This
controls the pattern for the X axis. Note that this setting
affects only CC Control; it has no effect on Volume Control.

X-Y CC Modes

[Positive, Negative, Xfade, Split]

Positive
Generates only +X,
increasing from left to right.

Negative
Generates only =X,
increasing from right to left.

0 +X CC 127 127 -XCC 0
-127 0 +127 -127 0 +127
X-Axis X-Axis

Xfade Split

Generates both +X and -X.
One increases as the other
decreases.

0 +X CC 127
0 -XCC 127
-127 0 +127
X-Axis

Generates both +X and -X.
Both are 0 in the center.
+X increases to the right;
-X increases to the left.

=127 0 +127

X-Axis

Positive sends out only +X, starting at 0 at the far left, and
increasing to 127 at the far right. —X is disabled in this mode.

Negative sends out only —X, starting at 0 at the far left, and
increasing to 127 at the far right. In this mode, +X is grayed
out.

Xfade sends out both +X and —X, overlapping throughout
the X axis. As one increases, the other decreases.

Split sends out both +X and —X, with a split in the center. +X

is sent when the point moves to the right of the center, and —
X is sent when the point moves to the left of center.

+X [Off...MIDI CC#119]

This assigns the controller sent by the +X X-Y. You can use
this as an AMS source to control Program parameters, or as a
DMod source to control Effects parameters. It will be grayed
out if the X-Y X Mode, above, is set to Negative.

In addition to the standard list of MIDI controllers, you can
also assign the +X X-Y to duplicate the function of several
front-panel controllers, including JS X, JS+X, JS-X, and SW
1-2.

For instance, if you assign +X to Knob 6, the X-Y’s +X will
use the controller assigned to Knob 6 on the Basic/X-
Y/Controllers— Controllers page.

Finally, you can also assign +X to control the Master
Volume.

-X [Off...MIDI CC#119]

This assigns the controller sent by the —X X-Y. It will be
grayed out if the X-Y X Mode, above, is set to Positive.

The selections are the same as for +X, above.

X-YY Mode

This controls the X-Y CC pattern for the Y axis. For more
information, see the description under X-Y X Mode, above.

[Positive, Negative, Xfade, Split]

+Y [Off...MIDI CC#119]

This assigns the controller sent by the +Y X-Y. It will be
grayed out if the X-Y Y Mode, above, is set to Negative.

The selections are the same as for +X, above.

-Y [Off...MIDI CC#119]

This assigns the controller sent by the +Y X-Y. It will be
grayed out if the X-Y Y Mode, above, is set to Positive.

The selections are the same as for +X, above.

1-5c¢: X-Y Graphic

X-Y Graphic
This is a diagram of the X-Y Control, including the five

points of the X-Y Envelope (labeled 0—4) and the current
position of the X-Y Control (labeled J).

The transitions between the EG’s points are shown by white
lines.

Touch this area to control the vector by moving the X-Y
point.

[Off, On]

The X-Y Control includes an image representing the current
X-Y Volume Control settings. You can use the Show Volume
Image check-box to toggle this part of the graphic on and
off.

Show Volume Image
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Show Point [X-Y Control,
X-Y Envelope Point 0...4]
You can view the volume and CC values for the current

position of the X-Y Control, or for any of the EG’s five
points.

Oscillator Volume & CC Display

This read-only display shows the volume and CC values for
the current X-Y point, as selected by the Show Point
parameter, above.

v 1-5:Page Menu Commands
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1-6: X-Y Envelope

/Controllers

< Hp-1 FOO3: HD-1 Piano Damper

Basic
1-6a —B8 X -¥ Envelope On
M Key Sync
Mode
X-¥ Envelope Loop
Loop Type
1-6b — Loop Repeat
X-Y Envelope

FPOINT 0 1

X-y @ off

1-6PMC

J 11000

Resonance X 4000 Y +000

Reset

0sc1 0sc2
LPF Cutoff : L g n  LPF Cutoff

Knob7 (N/A) M Show Volume Image

. El 4

Position -127 'Y +000 X +000 ¥ +127 X +127 Y +000 X +000 Y -127 X +000 Y +000

1-6¢ Hold Time

Transition

The X-Y Envelope works to control the X-Y position. It’s
also special because it’s the only programmable modulation
source which lets you modulate both Program and Effects
parameters.

The X-Y Envelope is different from the other envelopes in
several ways:

« Each point has two “levels” - one for the X axis, and one
for the Y axis.

* The envelope times can be based on seconds and
milliseconds, or synced to tempo.

» Each point has a hold time, as well as a transition time to
the next point.

* The envelope can loop between two points, for either a
specified number of repeats, or as long as you hold the
note.

X-Y Volume and CC control use separate EGs

There are actually two different X-Y Envelopes, which share
the same parameters: one for Volume Control, and the other
for CC Control.

All of the notes in the Program share a single CC Control
EG, since there can only be one set of CCs for each MIDI
channel. This EG starts when you first play a note, and
continues as long as any notes are held down on the
keyboard. When you release all of the notes, the EG goes
into its release phase.

Each note then has its own, additional Volume Control EG.
The Key Sync parameter applies only to this per-note EG.

When the Key Sync parameter is Off, the CC Control and
Volume Control EGs are completely synchronized.

When Key Sync is On, each note’s Volume Control EG will
start at note-on, and go into release at note-off. All the notes
will still share a single CC Control EG.

Release

J

X-Y
Envelope

1-6a: Basic

X-Y Envelope On [Off, On]

On (checked): When this box is checked, the X-Y Envelope
will work to control the X-Y position.

Off (unchecked): When this box is not checked, the X-Y
Envelope will not run.

Key Sync [Off, On]

The Key Sync parameter applies only to X-Y Volume
control. As described under “X-Y Volume and CC control
use separate EGs,” above, X-Y CC control always acts as if
Key Sync were Off.

On (checked): When Key Sync is On, the X-Y Volume EG
starts each time you press a key, and an independent EG runs
for each note. This is the normal setting.

Off (unchecked): When Key Sync is Off, the X-Y Volume
EG starts from the phase determined by the first note in the
phrase, so that the EGs for all notes being held are
synchronized together.

Mode [Time, Tempo]

Time: When the Mode is set to Time, you can set the EG
segment times in seconds or milliseconds.

Tempo: When the Mode is set to Tempo, the X-Y Envelope
will synchronize to the system tempo, as set by either the
Tempo knob or MIDI Clock. Instead of using seconds and
milliseconds, you can specify the EG times as rhythmic
values, using the Base Note and Multiplier parameters.

1-6b: X-Y Envelope Loop

The X-Y Envelope can loop between two points, and can
continue to loop either for as long as you hold the note, or for
a specified number of repeats. You can also turn the loop off
completely, if you like.
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Loop Type [0—3,1—3,2-3,0+—3,1+—3]

This selects the start and end points of the loop, and whether
the loop is forwards only or forwards-backwards.

The first three selections, 0—3, 1—3, and 2—3, loop
forwards only. For instance, when Loop Type is set to 13,
the EG will play as follows: 0, 1, 2,3, 1, 2,3, 1, 2, 3 etc.

The last two selections, 0——3 and 1+—3, are forwards-
backwards. For instance, with the 1+—3 setting, the EG will
play as follows: 0, 1,2, 3,2, 1, 2, 3 etc.

Loop Repeat [Off, 1...126, INF]
Off: When this is set to Off, the EG will not loop at all.

1-126: The EG will loop the specified number of times, and
then hold at point 3 until the note is released.

INF: The EG will loop as long as the note is held, and then
move to point 4 when the note is released.

1-6c: X-Y Envelope

Like the Filter, Amp, and Pitch EGs, the X-Y Envelope has a
total of five points. Since the X-Y Envelope can loop,
however, the points are labeled differently; instead of names
like attack and decay, they are simply numbered 0—4.

Sustain and Release

When the EG is in the middle of a loop, there is no “sustain”
point per se. However, if the EG has already completed the
specified number of Loop Repeats, or if Loop Repeat is
Off, it will sustain at Point 3 until release.

At release, the EG always moves to Point 4.

Hold and Transition times

The Hold Time sets how long the EG lingers at each point,
and the Transition time sets how long it takes to go from the
selected point to the next.

For instance, the graphic below shows the succession of
Hold and Transition times when the Loop Type is set to
1—3. For clarity, only the Y axis positions are shown.

X-Y Envelope times, Loop Type = 1 =3

Note-on or reset Note-off
Loop
Change to \
Y-Axis Time
Hold 0 H1 T H2 T2 H3 T3 H1 T4

(Release)
Transition 0

The transition from Point 3 into the loop always uses Point
3’s Transition time, regardless of the Loop Type.

Points 0, 1, and 2’s Transition times, however, work in
reverse when moving backwards during a forwards-
backwards loop. It’s as if you were re-tracing the EG shape
in reverse.

For instance, in the backwards section of a loop, moving
from Point 2 to Point 1 uses Point 1°s Transition time.

Forwards-Backwards Loop, Loop Type = 1 +——3

Loop Type =1<—3

Change to
Y-Axis Time
H1 T H2 T2 H3 T3 H2 T1 H1
X-Y [Off, 0...4]

This horizontal row of radio buttons lets you edit the
selected point’s X-Y position using the X-Y Control.

Just press the point’s radio button, move the X-Y Control to
the desired location. When you’re finished, press the Off
radio button again.

When you are not editing the EG’s X-Y positions, you
should leave this set to Off, to avoid inadvertent changes to
the EG.

Point 0

Position

In addition to editing the X and Y parameters with the
standard data entry controls, you can also simply use the X-
Y Control to set the position, as described under “X-Y,”
above.

X [-127...+127]

This sets the point’s position on the X axis.

Y [-127...+127]

This sets the point’s position on the Y axis.

Hold Time

This sets the length of time that the EG will stay on Point 0,
before moving to Point 1. You can set the Hold Time in
either seconds/milliseconds or rhythmic values, depending
on the setting of the EG’s Mode parameter.

[Oms...60sec]
This parameter lets you set the Hold Time in seconds and
milliseconds. It applies only when the Mode is set to Time.
(Base Note) [Off, ﬁ I |

This menu sets a basic rhythmic value for the Hold Time,
relative to the system tempo. The values range from a 32nd
note to a whole note, including triplets.

Time

This parameter applies only when the Mode is set to Tempo.

[01...32]

This multiplies the length of the Base Note. For instance, if
the Base Note is set to a sixteenth note, and the multiplier is
set to 3, the Hold Time will last for a dotted eighth note.

x (Multiply Base Note by...)

Transition

This sets the length of time that the EG takes to move from
Point 0 to Point 1.

When the Loop Type is set to 0—3, this also sets the time
that it takes to move from Point 1 to Point 0 during the
backwards section of the loop.
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Time [Oms...60sec]

This parameter lets you set the Transition time in seconds
and milliseconds. It applies only when the Mode is set to
Time.

(Base Note) [Off... . ]

This sets a basic rhythmic value for the Hold Time, relative
to the system tempo. The values range from a 32nd note to a
whole note, including triplets.

This parameter applies only when the Mode is set to Tempo.

x (Multiply Base Note by...) [01...32]

This multiplies the length of the Base Note. For instance, if
the Base Note is set to a sixteenth note, and the multiplier is
set to 3, the EG will move from Point 0 to Point 1 over a
dotted eighth note.

Points 1 and 2

Points 1 and 2 work exactly like Point 0, as described above.

Point 3

Point 3 also works much like Points 0-2, with two main
differences:

Point 3 always uses its own Time when moving into the
loop, regardless of the direction of the loop.

If Loop Repeat is set to Off, or if the number is set between
1-126 and has already played the specified number of times,
then the EG will stay at Point 3 until the EG either goes into
release.

Hold Time

This works just like the Hold Time for Point 0, as described
under “Hold Time” on page 46.

Loop

This sets the length of time that it takes to move from Point 3
to the first Point in the loop. You can set this in either
seconds/milliseconds or rhythmic values, depending on
whether the Mode is set to Time or Tempo.

The Time, Base Note, and Multiplier parameters work just
like those for Point 0, as described under “Transition” on
page 46.

Point 4

Point 4 is the X-Y Envelope’s release destination. Its time
setting is different from those of the other Points. Instead of
setting the time it takes to move from Point 4 to the next
Point, it sets how long it takes to go from the previous Point
to Point 4.

The EG moves to Point 4 as soon as it releases, regardless of
where it was before the release. For instance, let’s say that
the EG is in the middle of Point 2’s Hold Time at note-off.
The EG will immediately begin to move to Point 4, without
waiting for the Hold Time to complete.

Release

This sets the length of time that it takes to move to Point 4
after note-off. You can set this in either seconds/milliseconds
or rhythmic values, depending on whether the Mode is set to
Time or Tempo.

The Time, Base Note, and Multiplier parameters work just
like those for Point 0, as described under “Transition” on
page 46.

v 1-6:Page Menu Commands

Compare —p.112

Write Program —p.112
Exclusive Solo —p.113
Copy Oscillator —p.119
Swap Oscillator —p.119
Copy X-Y Envelope —p.119

PAGE —p.126
MODE —p.126

47



48

PROGRAM mode: HD-1

1-8: Controllers

Hp-1 F003: HD -1 Piano Damper

Knob1 Knob2

Target II".-Iiner Mixer

RT Control

Mixer Control VOLUME VOLUME

Assign View L

Knob1 0SC
' DRUM TRACK

This page lets you set up the functionality of buttons 1 and 2
(SW1/2) and RT Control Knobs 1-6. These settings are
made independently for each Program.

1-8a: RT Control Knob Assign

These settings assign functions (mainly MIDI control
changes) to RT control knobs 1-6. For a complete list of the
possible assignments, please see “RT Control Knobs 1-6
Assignments” on page 918.

The functions that you set here are enabled when you select
a USER with the SELECT button and then operate the RT
control knobs 1-6.

Knob1

[RT Control, Mixer]
Selects the function controlled by the knob.

Target

RT Control: Controls the parameter that you have selected
with RT Control.

Mixer Control: Controls the parameter that you have
selected using Mixer Control.

RT Control [Off, ..., MIDI CC#119]

When the Target is “Mixer”, you can select the oscillator
(OSC1, OSC2, DRUM TRACK) to be controlled.

[EQ TRIM, EQ LO GAIN,

EQ MID GAIN, EQ MID FREQ,

EQ HI GAIN, SEND1, SEND2, PAN,
VOLUME, EXPRESSION]

Mixer Control

1-8PMC

Knob3 Knob4 Knob5 Knob6
Mixer Mixer Mixer Mixer
VOLUME EQ LO GAIN

EQ MID GAIN EQ HI GAIN

Controllers

1-8b: Panel Switch Assign
These settings control the functionality of SW1 and SW2.

J 11000

Target

RT Control O
Mixer Control

Moade Toggle

Assign View

Controllers

Target
Selects the function controlled by the switch.

RT Control: Controls the parameter that you have selected
with RT Control.

Mixer Control: Controls the parameter that you have
selected using Mixer Control.

RT Control [Off, ..., Soft (CC#67)]
When the Target is “Mixer”, you can select the oscillator

(OSC1, OSC2, DRUM TRACK) to be controlled.

Mixer Control [Play/Mute, Solo]

Switch1 [Off, ..., Soft (CC#67)]

This assigns a function to the SW1 button. The on/off status
can also be memorized. When you change the assignment,
the button is set to the Off condition.

For a complete list of the possible assignments, please see
“SW1/2 Assignments” on page 917.
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1-8: Controllers

Mode [Toggle, Momentary]
This specifies the mode of on/off when the SW1 button is
pressed.

Toggle: The state will alternate between On and Off each
time you press the SW1 button.

Momentary: The state will remain On only while you
continue holding down the SW1 button.
Assign View

When the Target is “Mixer”, this selects the mixer channel to
control. You can select multiple channels.

Switch2 [Off, ..., Soft (CC#67)]
Mode [Toggle, Momentary]

This assigns a function to SW2. The functions that you can
assign to SW2 are the same as for SW1, with the exception
that the SW1 button’s SW1 Mod.:CC#80 assignment is
replaced by SW2 Mod.:CC#81.
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PROGRAM > OSC/Pitch

These pages control the first and most basic elements of HD-
1’s sounds: the Multisamples that the oscillators play, and
the pitch at which it plays them. For instance, you can:

+ Select Multisamples and Wave Sequences for Single and
Double Programs, or Drum Kits for Drum Programs.

» Set up velocity splits, crossfades, and layers for Single
and Double Programs.

* Set the basic pitch of the sound, including the octave,
fine tuning, and so on.

* Control pitch modulation from a wide variety of sources,
such as JSX, LFOs, and the Pitch EG.

Note that when the Oscillator Mode is set to Single or
Drums, only Oscillator 1’s filters are active; the pages for
Oscillator 2’s filters will be grayed out.

2-1: OSC1 Basic

< woa F003:HD-1 Piano Damper

0SC1 Frequency
Octave I+D[E]

Transpose +00 Tune

Mote-0n Control

Delay 0000[ms] = Mode Key

§  Multisample/Wave Sequence
Multi  ROM s 00003:Acoustic Piano 1 ff

Multi ROM s 00002 Acoustic Piano 1 f

Multi  ROM s 00001:Acoustic Piano 1 mf
Multi ROM s 00000:Acoustic Piano 1 mp

off

HD-1’s sounds are based on samples, and this page lets you
set up all of the basic sample-related settings. Among other
things, you can:

+ Select Multisamples and/or Wave Sequences for the
Oscillator (in a Single or Double Program), or select the
Drum Kit for a Drum Program

 Set the Oscillator’s basic pitch

+ Create velocity splits and crossfades between
Multisamples and/or Wave Sequences

2-1a: OSC1 Frequency

Octave [-2[32'], -1[16], +0[8'], +1[41]

This sets the basic pitch of the Oscillator, in octaves. The
default is +0[8']. The standard octave of a multisample is +0

[87.
Transpose [-12...+12]

This adjusts the pitch in semitones, over a range of +1
octave.

[-1200...+1200]

This adjusts the pitch in cents, over a range of £1 octave. A
cent is 1/100 of a semitone.

Tune

+0000 Frequency Offset

2-1PMC

+00.0[Hz]

05C1 Velocity Zone
Top 127 Bottom 001

Start
Offset

Bottom  Xfade
Vel Range

118 Off | Linear

Rev.  Level Curve

099 | Off | Linear
070  Off | Linear
Linear
Linear
Linear

Linear

[-10.0Hz... +10.0Hz]

This adjusts the pitch by increments of 0.1 Hz. Frequency
Offset is different from Tune in that, when used to detune
the two oscillators, it can create a constant beat frequency

across the range of the keyboard.

Frequency Offset

2-1b: Note-On Control

Delay [0000ms...5000ms, KeyOff]

Use this to create a delay between the time that you press a
key, and the time that the note actually sounds.

This is most useful in Double Programs, for delaying one
oscillator in relation to the other.

KeyOff is a special setting. Instead of delaying the sound by
a particular amount of time, the sound will play as soon as
you release the key. You can use this to create the “click”
heard when a harpsichord note is released, for instance.

In general, when you use the KeyOff setting, it’s also best to
set the oscillator’s Amp EG Sustain Level to 0.

Mode

Normally, you play notes simply by pressing keys on the
keyboard. In special cases, however, you can set this
parameter so that you must first be holding down the damper
pedal, and then press a key, in order to play a note. For
instance, this can be useful when modeling the behavior of a
piano soundboard.

[Key, Key + Damper]
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Key is the normal mode.

When you select Key + Damper, notes will only sound if
the damper pedal is being held down. When the damper
pedal is released, all notes will be stopped—even if they are
still being held down.

2-1c: OSC1 Multisample/Wave Sequence

The parameters in this section will change depending on the
setting of the Oscillator Mode parameter.

In Single and Double modes, each Oscillator can play up to
four Multisamples or Wave Sequences. In Drum mode, there
is one Oscillator, and it plays a single Drum Kit.

Multisamples, Wave Sequences, and Drum Kits

Multisamples, Drum Kits, and Wave Sequences allow you to
play samples in different ways.

* Multisamples lay out one or more samples across the
keyboard. For instance, a very simple guitar Multisample
might have six samples—one for each string.

*  Wave Sequences play back a series of different
Multisamples over time. These Multisamples may
crossfade to create smooth, evolving timbres, or change
abruptly to create rhythms.

* As the name suggests, Drum Kits are optimized for
playing drum samples.

Velocity splits, crossfades, and layers

As mentioned above, unless you’re in Drum mode, each
Oscillator has eight velocity zones, named MS1 (High)
through MS8 (Low). Each of these zones can play either a
Multisample or a Wave Sequence, and has separate settings
for Level, Start Offset, and so on.

Each of the zones can fade into the next, to create smoother
velocity transitions. Zones can even be layered together, two
at a time.

MS1 (High)
These are the settings for the first and highest velocity zone.

If you want to create a simple setup with only a single
Multisample or Wave Sequence, just set up MS1 as desired,
and then set the Bottom Velocity to 1 and the Xfade Range
to 0.

Type [Off, Multisample, Wave Sequence]
This selects whether MS1 will play a Multisample, a Wave

Sequence, or nothing at all.

The Type selection affects the choices shown in the Bank
and Multisample menus.

Bank (Multisample) [List of Multisample Banks]

This menu will appear only if the Type is set to Multisample.

There are four types of Multisample Banks: ROM,
SAMPLING mode, EXs, and User Sample Banks. For
each type, you can also choose between looking at mono and
stereo Multisamples. Note that stereo Multisamples will
require twice as many voices as mono Multisamples.

ROM Multisamples are the built-in “factory” sounds, and
are always available.

Smp (SAMPLING Mode) Multisamples are the ones that
you can see and edit in SAMPLING mode. These may
include Akai, SoundFont 2.0, AIFF or WAV files loaded

from drive, or native NAUTILUS samples (including third-
party sound libraries and samples that you create yourself).
Anything that can be used in SAMPLING mode can also be
loaded as a User Sample Bank.

After the abbreviation “Smp,” several different things may
appear, as described below.

Smp: Old RAM provides compatibility with older
NAUTILUS sounds; it will appear in old Programs which
used “RAM?” samples, but cannot be selected for new
Programs. Instead of pointing to a specific User Sample
Bank, it will use whatever Multisample data is loaded into
SAMPLING mode. This ensures that older Programs and
sample data will continue to work as they did previously.

Smp: New Sampling Session will appear when there’s data
in SAMPLING mode which hasn’t yet been saved to drive as
a User Sample Bank. For instance, this might happen if
you’ve loaded an old KSC file, loaded individual Samples or
Multisamples, or recorded some new samples. Once the
KSC is saved to drive, the name will update to show the file
path (as described below).

Smp: [file name] will appear when a User Sample Bank has
been loaded into SAMPLING mode. The name is the file
name itself along with those of all its enclosing folders.

EXs Multisample banks are PCM expansion sets created
especially for the NAUTILUS. Each has its own unique
number; for instance, EXs301: German2 D Piano, EXs302:
Italian F Piano. Only the currently loaded EXs banks will
appear on this menu.

User Sample Banks bring the benefits of EXs to your own
sample libraries. You can load and play gigabytes of your
custom or converted samples at once, using Virtual Memory.
The name is shown as a path to the KSC file, including the
file name and the names of all enclosing directories. Only
the currently loaded User Sample Banks will appear in this
menu.

If a sound refers to a User Sample Bank which is not on the
internal drive(s), the name will appear as “Unknown Sample
Bank [number]” when the bank select dialog is open,
shortened to “??[number]” when the dialog is closed.

For more information, see “User Sample Banks” on
page 151 of the OG.

Multisample/Wave Sequence Select [List]

This parameter lets you select a Multisample or Wave
Sequence, depending on the Type setting.

k Some Multisamples may have an upper limit to their

keyboard range, over which they may not produce any
sound.
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To select a Multisample or Wave Sequence:

1. Press the Multisample/Wave Sequence Select popup
button to open the menu.

Within the window, ROM Multisamples are organized by
categories; Wave Sequences are organized by bank; and
EXs, User Sample Bank, and SAMPLING mode
Multisamples appear as a continuous list.

2. For ROM Multisamples or Wave Sequences, use the
tabs to select a category or bank.

3. Select a Multisample or Wave Sequence from the list.

4. You can use the Find button to search for
Multisamples or Wave Sequences by name.

For more information, see “Find dialog” on page 7.

5. Press the OK button to confirm your selection, or
press the Cancel button to exit without making a
change.

Note: If the stored selection uses EXs, User Sample Bank,
and SAMPLING mode data which is not currently loaded, it
will not make any sound. The message “Samples Not
Loaded” will also appear at the top of the display. To fix this,
use the Load required samples menu command (see “Load
required samples” on page 114).

Mono and Stereo Multisample lists for ROM and
EXs

If ROM mono or any EXs mono Bank is selected, the list
shows all of the mono Multisamples in the Bank. If the Bank
contains stereo Multisamples, you’ll also see the left and
right channels as separate, mono Multisamples, with -L and -
R appended to the end of the name.

If ROM Stereo or any EXs Stereo Bank is selected, only
stereo multisamples will be shown.

MultiSample (Stereo) Select
Tab — EEEEEM 00000Acoustc Piano 1 mp
00001:Acoustic Piano 1 mf

00002:Acoustic Piano 1

00004:Acou
00005:Acoustic Piano 2 ff

00006:Piano Damper

Mono and Stereo Multisample lists for SAMPLING
mode and User Sample Banks

If SAMPLING mode mono or any mono User Sample Bank
is selected, the list shows all of the mono Multisamples in
the Bank. If the Bank contains stereo Multisamples, you’ll
also see the left and right channels as separate, mono
Multisamples, with -L and -R appended to the end of the
name.

If SAMPLING mode stereo or any stereo User Sample Bank
is selected, only the stereo Multisamples will appear.
However, they will still be listed as separate left and right
Multisamples. Selecting either the left or right channels will
select the stereo pair.

Wave Sequence Select menu

Use the tabs to select a bank, and then select a Wave
Sequence. Press the OK button to confirm your selection, or
press the Cancel button to revert to the previous setting.

A010: Bell Ringer
A001: Ac Guitar Rhythm A011: Bell Waveseq, Bright
A002: Air Rotation A012: Benny's Bounce A
A003: Altemating Currents A013: Benny's Bounce B
A004: Analog Wave Advance A014: Boogie Bells
ADOS: B/W HiHat A015: Bottle Poppin'
A006: Babble Beat A016: Brass Ens Transpose
A007: Bell Boyz A017: Breather

A008: Bell Breath A018: Can't Stop Laughing

A009:Bell Morph

A019: Chippem-Ho2

[Off, On]

This lets you play the selected multisample backwards,
without looping. Reverse applies only to Multisamples;
when the Type is set Wave Sequence, this is grayed out.

Reverse

Note: 1f the individual samples within a Multisample are
already set to Reverse, they will still play in reverse,
regardless of this setting.

Note: Reverse is not available for EXs or User Sample Bank
Multisamples loaded using Virtual Memory. To use reverse
with this data, set the Load Method to RAM. For more
information, see “Change load method” on page 644.

On (checked): The Multisample will play back in reverse.
Off (unchecked): The Multisample will play back normally.

Level [0...127]

This sets the basic volume level of the multisample. The
Amp section can modify this basic level extensively with
envelopes, LFOs, keyboard tracking, and other modulation;
for more information, see “PROGRAM > Amp/EQ,” on
page 74.

K Depending on the multisample, high Level settings may
cause distortion when playing many notes at a time. If
this occurs, lower the Level.

With SAMPLING mode Multisamples, each Sample also
has a +12dB option, configured in SAMPLING mode. If this
is turned on, the Sample will play back approximately 12dB
louder. For more information, see “+12dB” on page 590.

Start Offset [Off, 1st...8th]

In addition to simply starting playback from the beginning,
ROM and EXs Multisamples can have up to 8 different pre-
programmed alternate starting points.

Similarly, SAMPLING mode and User Sample Bank
Multisamples can play either from the beginning of the
waveform, or from the loop start point.

Start Offset applies only to Multisamples; when the Type is
set Wave Sequence, this is grayed out.

Start Offsets: ROM and EXs

With ROM and EXs Multisamples, the Start Offset specifies
whether to use the normal start point (Off), or to use one of
the alternate start points (1st—8th).

Some ROM and EXs Multisamples may have fewer than 8
pre-programmed points, in which case only the available
points can be selected.
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Start Offsets: SAMPLING mode and User Sample
Banks

With SAMPLING mode and User Sample Bank
Multisamples, only Off and 1st are available. Off uses the
normal start point, and 1st uses the loop start instead. 2nd
through 8th will be grayed out.

[1...127]

This sets the lowest velocity at which the Multisample or
Wave Sequence will sound. MS1’s Bottom Velocity can be
equal to, but not lower than, than that of MS2.

[Off, 1...127]

This sets the range of velocities over which MS1 will fade
into MS2, going up from the Bottom Velocity.

Bottom Velocity

Xfade Range

For instance, if the Bottom Velocity is set to 64, and the
Xfade Range is set to 20, MS2 will start to fade in at
velocities of 84 and below.

When velocities are within the Xfade Range, the Oscillator
will use twice as much polyphony as it would normally.

Note: You can only fade between two zones at once.

Select

Xfade Range =20
Curve = Linear

Bottom Velocity = 64

Curve [Linear, Power, Layer]

This controls the volume curve of the crossfade. Linear and
Power (short for Equal Power) let you fine-tune the way that
the two Multisamples mix together; one or the other may be
more appropriate for a given pair of Multisamples. Layer,
true to its name, lets you layer the two Multisamples together
without any crossfading.

Crossfade Curves

Volume
Xfade
Velocity

Volume
Xfade
Velocity

Volume )
Xfade
Velocity

Linear means that the two samples will each be at 50% of
their full volume in the middle of the crossfade. Sometimes,
this may create a dip in the volume level; if so, try using
Power instead.

Power, short for Equal Power, means that the two samples
will each be at around 70% of their full volume in the middle
of the crossfade. Sometimes, this may create a bump in the
volume level, in which case you might try selecting Linear
instead.

Layer means that the two Multisamples will be layered
together, both at full volume, for the entire range of the
crossfade.

MS2...7 and MS8 (Low)

These are the settings for the remaining velocity zones. The
parameters for MS2...7 are exactly the same as those for
“MS1 (High),” above.

The parameters for MS8 (Low) are also similar to those for
MSI1, except that MS8 has no settings for Bottom Velocity
(which is always fixed at 1), Xfade Range, or Curve.

Velocity Graphic

The graphic on the right side of the display shows the
velocity ranges and curves for the eight Multisamples. As
you play on the keyboard, the graphic shows the
Multisample(s) triggered by the most recent note.

53



54

PROGRAM mode: HD-1

2-1d: OSC 1 Velocity Zone

In addition to setting the velocity zones for each of the four
Multisamples in a single Oscillator, you can also set high
and low velocities for each of the two Oscillators as a whole.

These velocity zones take precedence over the velocity
settings for the individual MS1-4.
Top [001...127]

This sets the highest velocity at which the Oscillator will
sound.

Note: The Top velocity must be greater than the Bottom
velocity.

[001...127]

This sets the lowest velocity at which the Oscillator will
sound.

Bottom

Entering velocity values from the keyboard

You can enter velocity values directly by playing them on
the keyboard. To do so:

1. Select one of the Key parameters.
2. Hold down the ENTER Kkey.

3. While holding ENTER, play a note on the keyboard at
the desired velocity.

These parameters appear when the Oscillator Mode is set to
Drum Kit.

2-1e: Drum Kit Frequency

Octave [-2[32'], -1[16'], +0[8’], +1[4’1]

This adjusts the pitch in octave units. When using a drum kit,
set the Octave to 8'.

K When editing a drum program, you must set this
parameter to 8'. With other settings, the sounds of the
drum kit will be assigned to the wrong notes of the
keyboard.

[-12...4+12]

This adjusts the location of the instruments in the selected
drum kit. Unless you need to change this, leave it at 0.

Transpose

Tune [-1200...+1200]

This adjusts the pitch in one-cent units.

The pitch of each drum kit can be adjusted in GLOBAL >
Drum Kit.

Delay [Oms...5000ms, KeyOff]

Use this to create a delay between the time that you press a
key, and the time that the note actually sounds.

KeyOff is a special setting. Instead of delaying the sound by
a particular amount of time, the sound will play as soon as
you release the key.

In general, when you use the KeyOff setting, it’s also best to
set the oscillator’s Amp EG Sustain Level to 0.

2-1f: Drum Kit

Drum Kit [A...O]

This selects a drum kit for the Oscillator. Drum Kits allow
each note to have up to 8 different velocity-crossfaded Drum
Samples, along with per-note settings for volume, pan,
effects routing, and more.

When the Drum Kit Select window is open, you can use the
Find button to search for Drum Kits by name. For more
information, see “Find dialog” on page 7.

Drum Kits are edited in GLOBAL mode. For more
information, see “GLOBAL > Drum Kit” on page 667 and
“Using Drum Kits” on page 193 of the OG.
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2-2: 0SC1 Pitch

tch

Ho-1 F003: HD -1 Piano Damper
Pitch

Pitch Slope ~ +1.0 AMS flori

Ribbon(#16)  +00 Intensity -12.00

JS(+X) +00
JS(-X) +00
Pitch EG
Intensity +00.00 AMS  Velocity
Intensity  +00.00

Portamento
Enable Mode Constant Rate

Fingered Time 000

This page contains all of the settings for Oscillator 1’s pitch
modulation. For example, you can:

» Set up pitch bend from Joystick X (with separate settings
for bending up and bending down).

« Use Pitch Slope to control how the pitch changes when
you play up and down the keyboard.

* Set up Portamento.
* Assign AMS modulation for pitch.

+ Set up initial amounts of pitch modulation from the Pitch
EG and LFO1/2, as well as AMS modulation of LFO and
EG amounts.

2-2a: Pitch

Pitch Slope [-1.0...+2.0]
Normally, this should be set to the default of +1.0.

Positive (+) values cause the pitch to rise as you play higher
on the keyboard, and negative (-) values cause the pitch to
fall as you play higher on the keyboard.

When this is set to 0, playing different notes on the keyboard
won’t change the pitch at all; it will be as if you’re always
playing C4. This can be useful for special effects sounds, for
instance.

Pitch Slope, pitch, and note

+2
Pitch

+1

2oct Tl t
Oci 0

loct

-1

C4 C5  Note on keyboard

2-2PMC

LFO1/2
LFO1
Intensity AMS  After Touch

JS4Y Intensity Intensity +00.00

LFO2
Intensity AMS  After Touch

J5+Y Intensity Intensity  +00.00

JS (+X) [-60...+12]

This sets the maximum amount of pitch bend, in semitones,
when you move the joystick to the right. For normal pitch
bend, set this to a positive value.

For example, if you set this to +12 and move the joystick all
the way to the right, the pitch will rise one octave above the
original pitch.

JS (-X) [-60...+12]

This sets the maximum amount of pitch bend, in semitones,
when you move the joystick to the left. For normal pitch
bend, set this to a negative value.

For example, if you set this to —60 and move the joystick all
the way to the left, the pitch will fall five octaves below the
original pitch. You can use this to create guitar-style
downward swoops.

AMS (Pitch) [List of AMS Sources]

This selects a modulation source to control the pitch. For a
list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

[-12.00...+12.00]

This controls the depth and direction of the pitch
modulation, in semitones. When this is set to “12.00,” the
pitch will change over one octave.

Intensity

2-2b: Pitch EG

Intensity [-12.00...+12.00]

This controls the initial effect of the Pitch EG on Oscillators
1’s frequency, in half-steps, before any AMS modulation.

The Pitch EG’s shape can swing all the way from +99 to —
99. When the Intensity is set to a positive (+) value, positive
values from the EG raise the pitch, and negative values
lower the pitch.
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When the Intensity is set to a negative (—) value, the effect of
the EG is reversed; positive EG values mean lower pitches,
and negative EG values mean higher pitches.

AMS (Pitch EG) [List of AMS Sources]

This selects any AMS modulation source to scale the amount
of the Pitch EG applied to the pitch.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [-12.00...+12.00]

This controls the depth and direction of the pitch EG AMS
modulation. The AMS modulation and the initial Intensity
are added together to determine the Pitch EG’s final effect.

With positive (+) values, greater modulation will increase
the effect of the Pitch EG, as shown in example B below.

Pitch EG AMS

A. Original EG B. Intensity = +12.00
Change /R
to Pitch
C. Intensity = -3.00 D. Intensity = -12.00
Change /R
to Pitch

With negative (-) values, greater modulation will introduce
the opposite effect of the Pitch EG—like inverting the polarity
of the envelope. You can use this in several different ways:

*  You can set an initial positive amount with the Intensity
parameter, and then reduce this amount with AMS. In
this case, the final effect of the EG is simply diminished,
and not actually inverted, as shown in example C.

* You can also set the AMS Intensity amount to be greater
than the initial Intensity. In this case, the EG will have a
positive effect with low modulation amounts, and an
inverted effect at higher modulation amounts—as shown
in example D.

2-2c:LFO1/2

LFO1 and LFO2 can both modulate the pitch. You can
control the strength of each LFO’s modulation in three
different ways:

+ Set an initial amount of LFO modulation, using the LFO
1/2 Intensity parameters.

* Use JS+Y to scale the amount of the LFO.
» Use any AMS source to scale the amount the LFO.

You can use each of these methods for each of the two LFOs.
The results are added together to produce the total LFO
effect.

LFO1

LFO1 Intensity [-12.00...+12.00]

This controls the initial effect of the LFO on the pitch, in
semitones, before any JS+Y or AMS modulation.

Negative (-) settings will invert the phase of the LFO.

JS+Y Intensity (LFO1 JS+Y Int.) [-12.00...4+12.00]

Moving the joystick “up” from the center detent position,
away from yourself, produces the JS+Y controller. You can
use this to scale the amount of the LFO applied to the pitch.
This parameter sets the maximum amount of LFO
modulation added by JS+Y, in semitones.

As this value is increased, moving the joystick in the +Y
direction will cause the OSC1 LFO1 to produce deeper pitch
modulation.

Negative (-) settings will invert the phase of the LFO. You
can also use this to reduce the initial amount of the LFO, as
set by LFO1 Intensity, above. For example:

1. Set LFO1 Intensity to +7.00.

The LFO will now have a fairly strong effect on the pitch,
bending it by a perfect 5th.

2. Set JS+Y Intensity to —7.00.

Now, if you move the joystick up, the effect of the LFO will
fade away. When the joystick is all the way at the top of its
range, the LFO will be completely canceled out.

AMS (LFO1) [List of AMS Sources]

This selects any AMS modulation source to scale the amount
of the LFO applied to pitch.

For a list of AMS sources, see “Alternate Modulation Source
(AMYS) List” on page 905.
Intensity [-12.00...+12.00]

This controls the depth and direction of the LFO AMS
modulation for pitch.

For example, if AMS is set to After Touch, positive settings
mean that aftertouch will increase the amount of pitch
modulation from LFO1.

LFO2

The parameters for LFO2 are identical to those for LFO1.
For more information, see the descriptions under LFO1,
above.

2-2d: Portamento

Portamento lets the pitch glide smoothly between notes,
instead of changing abruptly.

Enable [Off, On]

On (checked): Turns on Portamento, so that pitch glides
smoothly between notes.

Off (unchecked): Turns off Portamento. This is the default
state.

[Off, On]

This parameter allows you to control Portamento through
your playing style. When it’s enabled, playing legato will
turn on Portamento, and playing detached will turn it off
again.

Fingered

This option is only available when Portamento Enable is
turned on.

On (checked): Turns on Fingered Portamento.
Off (unchecked): Turns off Fingered Portamento.
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Mode

Constant Rate means that Portamento will always take the
same amount of time to glide a given distance in pitch - for
instance, one second per octave. Put another way, gliding
several octaves will take much longer than gliding a half-
step.

[Constant Rate, Constant Time]

Constant Time means that Portamento will always take the
same amount of time to glide from one note to another,
regardless of the difference in pitch. This is especially useful
when playing chords, since it ensures that each note in the
chord will end its glide at the same time.

[000...127]

This controls the portamento time. Higher values mean
longer times, for slower changes in pitch.

Time

This option is only available when Portamento Enable is
turned on.

Assigning SW1 or SW2 to Portamento On/Off

You can use the two assignable switches, SW1 and SW2, to
turn portamento on and off.

To do so:

1. Go to the PROGRAM > Basic/X-Y/Controllers—
Switch page.

2. Under Switch, set either Switch1 or Switch2 to
Portamento SW (CC#65).

Now, the selected button will enable and disable Portamento.
It will also send the MIDI Portamento controller, CC#65.

[ Even if you don’t assign SW1/2 to Portamento, you can
still use MIDI Controller #65 to turn Portamento on and
off.
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2-5: 0SC2 Basic

This page controls the basic settings for Oscillator 2. It is
available only when the Oscillator Mode is set to Double; if
not, the page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “2—1: OSC1 Basic,” on page 50.

2-6: OSC2 Pitch

This page controls the pitch settings for Oscillator 2. It is
available only when the Oscillator Mode is set to Double; if
not, the page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “2-2: OSC1 Pitch,” on page 55.
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2-9: Pitch EG =2

< we1 F003:HD-1 Piano Damper

EG Reset

VAR~ AMs  [off Threshold ~ +00

Envelope
+70
2-9b —& i 78
0(Lin)

Level Modulation
2-9¢ AMST  Off
AMS2  Off

Time Modulation

pECL . AMS  Off Attack

The Pitch EG, or Envelope Generator, lets you create
complex, time-varying changes to the pitch of Oscillators 1
and 2. The parameters on this page control the shape of the
EG. For instance, you can:

» Create the basic EG shape by setting the levels and times
of each segment.

* Control the curvature of each EG segment, for subtle
control over the sound of the EG.

* Set up complex modulation of EG levels and times.
» Setup an AMS source, such as an LFO, to restart the
EG.

To control how much effect the EG has on the pitch, use the
Pitch EG parameters on the OSC/Pitch— OSC1(2) Pitch
page, as described under “2-2b: Pitch EG,” on page 55.

Differences from the other EGs

The Pitch EG is different from the Filter and Amp EGs in
several ways:

» The single Pitch EG is shared by both Oscillator 1 and
Oscillator 2.

* The Sustain level is always 0.

* The Level modulation has two AMS sources instead of
one, and the Time modulation has one AMS source
instead of three.

Pitch EG is also an AMS source

You can use the Pitch EG as an AMS source to modulate
other parameters, just like the keyboard tracking and LFOs.
Simply select the Pitch EG in the AMS list for the desired
parameter.

2-9PMC

Release +00
00 00 Release 00

0(Lin) 0(Lin) Release  O(Lin)

2-9a: EG Reset

AMS (EG Reset AMS) [List of AMS Sources]

This selects an AMS source to reset the EG to the start point.
For instance, you can use a tempo-synced LFO to trigger the
EG in a repeating rhythm. This reset is in addition to the
initial note-on, which always causes the EG to start.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Threshold [-99...4+99]

This sets the AMS level which will trigger the EG reset.
Among other things, you can use this to adjust the exact
point in an LFO’s phase at which the EG will be reset,
effectively controlling its “groove” against other rhythmic
effects.

When the threshold is positive, the EG triggers when
passing through the threshold moving upwards. When the
threshold is negative, the EG triggers when passing through
the threshold moving downwards.

Note: With some LFO shapes, and with faster LFO speeds,
the LFO may not always reach the extreme values of +99 or
-99. In this case, setting the Threshold to these values may
cause inconsistent behavior, or may mean that the EG
doesn’t reset at all. If this happens, reduce the Threshold
until the EG triggers consistently.
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2-9b: Envelope

Pitch EG
Attack Break Sustain Level
Level Level (Always 0)
Start Release
Level Level
Change to k 1 k
Pitch :
ite 1 1 Time
Attack Decay Slope Release
Time Time  Time Time
Note-on or reset Note-off

An envelope creates a modulation signal by moving from
one level to another over a specified time, and then moving
to another level over another period of time, and so on.

The parameters below let you set four levels, the amount of
time it takes to go from each of the levels to the next, and the
shape (from linear to curved) of each transition.

Level

Each of the four levels can be either positive or negative.

Positive levels will make the pitch (or other AMS
destination) go up from its programmed value; negative
levels will make it go down.

Note that, unlike the Filter and Amp EGs, the Pitch EG’s
Sustain Level is always 0.
Start

This sets the initial EG level, at note-on.

[-99...+99]

Attack [-99...+99]
This sets the level at the end of the Attack time.

Break [99...4+99]

Break, short for Break Point, sets the level at the end of the
Decay time.

[-99...+99]
This sets the level at the end of the Release time.

Release

Time
Higher values mean longer times, as shown below:
EG Value Actual Time
00 0.667 ms
10 10 ms
20 44 ms
30 104 ms
40 224 ms
50 464 ms
60 944 ms
70 1.8 seconds
80 3.8 seconds
90 10.9 seconds
99 87.3 seconds

Attack [00...99]

This sets how long the EG takes to move from the Start level
to the Attack level.

The minimum attack time is 2/3 of a millisecond—as fast as
the most punchy of classic analog synths.

For the fastest possible attack time, you can set the Start
level to +99; in this case, the EG will start instantaneously at
its maximum value.

[00...99]

This sets the time it takes to move from the Attack level to
the Break level.

Decay

[00...99]

This sets how long the EG takes to move from the Break
level to the Sustain level (which for the Pitch EG is always
0). Once it reaches the Sustain, the EG will stay there until
note-off, unless it is reset via AMS.

Slope

[00...99]

This sets how long it takes the EG to move from the Sustain
level to the Release level.

Release

Curve

For the sake of simplicity, most of the diagrams in this
manual show envelopes as being made out of straight lines.
In actuality, though, envelopes are more likely to be made
out of curves.

In other words, each segment’s level will change quickly at
first, and then slow down as it approaches the next point.
This tends to sound better than straight, linear segments.

Classic analog synth envelopes made these curved shapes
naturally. The NAUTILUS goes a step further than vintage
synths, however, and lets you control the amount of
curvature separately for each of the four envelope segments.

When you change the curvature, the EG times remain the
same. However, greater curvature will tend to sound faster,
because the value changes more quickly at the beginning.

Pitch EG Curve

Curve = O (Linear)

...... Curve = 10 (Exp/Log)

Curve = O (Linear) Curve = 10 (Exp/Log)

Different curve settings for up and down

You may find that different amounts of curvature are suitable
for segments which go up and segments which go down.

For instance, a curve of 3 is a good default setting for
upward segments, such as Attack. On the other hand, a curve
of 6 or more is good for downward segments, such as Decay
and Release.
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Attack [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Attack segment - the transition
from the Start level to the Attack level.

Decay [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Decay segment - the transition
from the Attack level to the Break level.

Slope [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Slope segment - the transition
from the Break level to the Sustain level (which for the Pitch
EG is always 0).

Release [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Release segment - the
transition from the Sustain level to the Release level.

2-9¢c: Level Modulation

These settings let you use two different AMS sources to
control the Level parameters of the EG. For each of the two
AMS sources, the Start, Attack, Decay, and Break levels
each have their own modulation intensities.

By using different settings for each of the three levels, you
can cause both subtle and dramatic changes to the EG shape,
as shown below.

Note: Once the EG has started a segment between two
points, that segment can no longer be modulated. This
includes both the time of the segment, and the level reached
at the end of the segment.

For instance, if the EG is in the middle of the Decay time,
you can no longer modulate either the Decay time or the
Break level.

This also means that modulating the Start level, Attack level,
or Attack time will not affect notes that are already
sounding, unless the EG is then re-started via EG Reset.

Pitch EG Level Modulation
Positive AMS on Start,

Original Shape
Attack, and Break

N (VAN

Negative AMS on Start, Positive AMS on Start and Break,
Attack, and Break Negative AMS on Attack

AMS1 [List of AMS Sources]

This selects the first AMS source to control the EG’s Level
parameters.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Start [-99...+99]

This controls the depth and direction of the AMS modulation
for the Start level.

For example, if you set the AMS source to Velocity and set

Start to +99, the Start level will increase as you play harder.
If you instead set Start to —99, the Start level will decrease as
you play harder.

Attack [-99...+99]
This controls the depth and direction of the AMS modulation
for the Attack level.

Break [-99...4+99]

This controls the depth and direction of the AMS modulation
for the Break level.

AMS2

This selects the second AMS source for controlling the EG’s
Level parameters. The Start, Attack, Decay, and Break levels
share this source, but each has its own modulation intensity.
The parameters of AMS2 are identical to those of AMSI,
above.

2-9d: Time Modulation

These settings let you use an AMS source to control the
Time parameters of the EG. The Attack, Decay, Slope, and
Release times share this AMS source, but each has its own
modulation intensity.

Pitch EG Time Modulation

AMS=Velocity, Intensity = a positive (+) value

Note-on  Note-off Note-on  Note-off Note-on  Note-off
“Attack”= + “Attack”= + “Attack”= —
“Decay”= + “Decay”= + “Decay”= -
“Slope”= + “Slope”= + “Slope”= -

Softly played note.
Original Shape.

Strongly played note.  Strongly played note.
Times are longer. Times are shorter.
Reaches Sustain
more slowly.

Reaches Sustain
more quickly.

AMS [List of AMS Sources]

This selects the AMS source to control the EG’s Time
parameters. Velocity and Keyboard Track can both be useful
here, for instance.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Attack [-99...499]

This controls the depth and direction of the AMS modulation
for the Attack time.

For example, if you set the AMS source to Velocity and set
Attack to +99, the Attack time will get much longer at higher
velocities. If you instead set Attack to —99, the Attack time
will get much shorter at higher velocities.

When the AMS source is at its maximum value—for instance,
when Velocity is at 127—a setting of +8 will make the Attack
time almost twice as long, and a setting of —8 will cut the
Attack time almost in half.

Decay [-99...499]

This controls the depth and direction of the AMS modulation
for the Decay time.
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Slope [-99...+99]

This controls the depth and direction of the AMS modulation
for the Slope time.

v 2-9:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113
» Copy Oscillator —»p.119
* Swap Oscillator —p.119

« PAGE —p.126
+ MODE —p.126



62

PROGRAM mode: HD-1

PROGRAM > Filter

Filtering can make subtle or dramatic changes to the
oscillator’s timbre. Each oscillator has two multimode
resonant filters, A and B, as well as a dedicated filter
envelope and keyboard tracking generator.

These pages let you control all aspects of the filters. Among
other things, you can:

» Make basic settings for each oscillator’s filters, including
routing, modes, cutoff, resonance, etc.

» Set up filter modulation, including keyboard tracking,
the filter envelope, LFO modulation, and AMS control.

Note that when the Oscillator Mode is set to Single, only
Oscillator 1’s filters are active; the pages for Oscillator 2’s
filters will be grayed out.

3-1: Filter1

Hp-1 FQ03: HD -1 Piano Damper
Filter1 Routing

Single Serial Parallel

Filter A

Type Ian Pass (24dB/oct)

Frequency 45

Input Trim 99

Resonance 00 AMS  Velocity
Intensity +00

Output Level 99 AMS  Velocity

Intensity +00

Filter1

This page contains all of the basic settings for Oscillator 1’s
Filter A and Filter B. For example, you can:

+ Set up the filters to produce a single 12dB/oct filter, dual
12dB/oct filters in either serial or parallel routing, or a
single 24dB/oct filter.

* Set each of the two filters to Low Pass, High Pass, Band
Pass, or Band Reject modes.

» Set the cutoff, resonance, and input and output levels of
each filter, including modulation of resonance and output
level.

3-1a: Filter Routing

Filter Routing [Single, Serial, Parallel,

24dB (4-Pole)]

Each oscillator has two filters, Filter A and Filter B. This
parameter controls whether one or both of the filters are
used, and if both are used, it controls how they are connected
to each other.

Single. This uses only Filter A as a single 2-pole,
12dB/octave filter (6dB for Band Pass and Band Reject).
When this option is selected, the controls for Filter B will be
grayed out.

Serial. This uses both Filter A and Filter B. The oscillator
first goes through Filter A, and then the output of Filter A is
processed through Filter B.

® 24dB(4-Pole)

3-1PMC

Filter B

Parallel. This also uses both Filter A and Filter B. The
oscillator feeds both filters directly, and the outputs of the
two filters are then summed together.

24dB (4-Pole). This merges both filters to create a single 4-
pole, 24dB/octave filter (12dB for Band Pass and Band
Reject). In comparison to Single, this option produces a
sharper roll-off beyond the cutoff frequency, as well as a
slightly more delicate resonance. Many classic analog synths
used this general type of filter.

When 24dB (4-Pole) is selected, only the controls for Filter
A are active; the controls for Filter B will be grayed out.
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Serial and Parallel Routing

Serial

Oscillator [ — | Filter A (Low Pass) |— |Filter B (High Pass)

Parallel

— | Filter A (Low Pass)
[Guetor |—

— | Filter B (High Pass)

12db/oct / 24db/oct

Low Pass:
12dB/oct

Low Pass:
24dB/oct

3-1b: Filter A

Filter Type [Low Pass, High Pass,

Band Pass, Band Reject]

The filter will produce very different results depending on
the selected filter type. The selections will change slightly
according to the selected Filter Routing, to show the correct
cutoff slope in dB per octave.

Low Pass. This cuts out the parts of the sound which are
higher than the cutoff frequency. Low Pass is the most
common type of filter, and is used to make bright timbres
sound darker.

High Pass. This cuts out the parts of the sound which are
lower than the cutoff frequency. You can use this to make
timbres sound thinner or more buzzy.

Band Pass. This cuts out all parts of the sound, both highs
and lows, except for the region around the cutoff frequency.
Since this filter cuts out both high and low frequencies, its
effect can change dramatically depending on the cutoff
setting and the oscillator’s multisample.

With low resonance settings, you can use the Band Pass
filter to create telephone or vintage phonograph sounds.
With higher resonance settings, it can create buzzy or nasal
timbres.

Band Reject. This filter type—also called a notch filter—cuts
only the parts of the sound directly around the cutoff
frequency. Try modulating the cutoff with an LFO to create
phaser-like effects.

Filter Types and Cutoff Frequency

Low Pass

High Pass

Band Pass

Band Reject

Cutoff Frequency

Bypass [Off, On]
This lets you bypass Filter A completely.

If Bypass is Off, Filter A functions normally.

When Bypass is On, Filter A has no effect on the input
signal.

[00...99]

This controls the cutoff frequency of Filter A, in increments
of 1/10 of an octave. The specific effect of the cutoff
frequency will change depending on the selected Filter
Type, as described above.

Frequency

[00...99]

This adjusts the volume level at the input to the filter. If you
notice that the sound is distorting, especially with high
Resonance settings, you can turn the level down here, or at
the Output Level.

Input Trim

Note: The filter will not clip internally, so there is no
difference between adjusting the Input Trim and the
Output Level. Either of these controls will allow you to
minimize clipping later in the signal chain, such as may
occur in the Drive section and in some effects.

63



64

PROGRAM mode: HD-1

Resonance

Low resonance value

Resonance [00...99]

Resonance emphasizes the frequencies around the cutoff
frequency.

When this is set to 0, there is no emphasis, and frequencies
beyond the cutoff will simply diminish smoothly.

At medium settings, the resonance will alter the timbre of the
filter, making it sound more nasal, or more extreme.

At very high settings, the resonance can be heard as a
separate, whistling pitch.

To make the resonance track the keyboard pitch, see “Key
Follow,” on page 67.

AMS (Resonance) [List of AMS Sources]

This selects a modulation source to control the Resonance
amount. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...4+99]

This controls the depth and direction of the Resonance
modulation.

For example, if Velocity has been selected, changes in
keyboard velocity will affect the resonance. With positive
(+) values, the resonance will increase as you play more
strongly, and as you play more softly the resonance will
approach the level specified by the Resonance setting. With
negative (—) values, the resonance will decrease as you play
more strongly, and as you play more softly the resonance
will approach the level specified by the Resonance setting.

The resonance level is determined by adding the Resonance
and Intensity values.
Output Level [00...99]

This controls the output level of Filter A. You can use this to
balance the volumes of Filters A and B when the Routing is
set to Parallel, or to turn down the volume to avoid clipping
later in the signal chain.

AMS (Output Level) [List of AMS Sources]

This selects a modulation source to control the output level
of Filter A. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...+99]

This controls the depth and direction of the output level
modulation.

High resonance value

3-1c: Filter B

Filter B is available when the Filter Routing is set to Serial
or Parallel. Otherwise, the parameters in this section will be
grayed out.

The parameters for Filter B are identical to those for Filter A.
For more information, see the descriptions under Filter A,
above.
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3-2: Filter1 Mod.

M > Filter
He-1 F003: HD -1 Piano Damper
Keyboard Track

Intensity to A [|+00

3-2a —5&
LA
o Cl G
Low Break : Center
Ramp Bottom-Low  +45 Low-Center +50
Filter EG
3-2b — TR LYY +48 Intensity to A
Filter A Modulation
BRI — AMS1  CC#16 Intensity

AMS2  Velocity Intensity

Filter1
Mod.

This page contains the settings for Oscillator 1°s filter
modulation. Among other things, you can:

* Set up complex keyboard tracking shapes, and control
how the tracking affects filter cutoff.

+ Control the effect of the Filter Envelope on filter cutoff.
» Assign AMS modulation for filter cutoff.

Filter B is available when the Filter Routing is set to Serial
or Parallel. Otherwise, the parameters for Filter B will be
grayed out.

Filter Keyboard Tracking

3-2PMC

F#4 High Break G6
Center-High -30 High-Top -50

AMS AMS Mixer2 Intensity to A

Filter B Modulation

3-2a: Keyboard Track B3

Most acoustic instruments get brighter as you play higher
pitches. At its most basic, keyboard tracking re-creates this
effect by increasing the cutoff frequency of a lowpass filter
as you play higher on the keyboard. Usually, some amount
of key tracking is necessary in order to make the timbre
consistent across the entire range.

The NAUTILUS keyboard tracking can also be much more
complex, since it allows you to create different rates of
change over up to four different parts of the keyboard. For
instance, you can:

At the Center Key, key tracking does not affect the filter

+99

Ramp values

Change to +99
Filter Cutoff

Ramp = -50

Ramp values

+99
+50

Low Break: C2 Center: F3

High Break: F#5
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» Make the filter cutoff increase very quickly over the
middle of the keyboard, and then open more slowly—or
not at all-in the higher octaves.

» Make the cutoff increase as you play lower on the
keyboard.

» Create abrupt changes at certain keys, for split-like
effects.

How it works: Keys and Ramps

The keyboard tracking works by creating four ramps, or
slopes, between five keys on the keyboard. The bottom and
top keys are fixed at the bottom and top of the MIDI range,
respectively. You can set the other three keys—named Low
Break, Center, and High Break—to be anywhere in
between.

The four Ramp values control the rate of change between
each pair of keys. For instance, if the Low-Center Ramp is
set to 0, the value will stay the same between the Low Break
key and the Center key.

You can think of the resulting shape as being like two
folding doors attached to a hinge in the center. At the Center
key (the main hinge), the keyboard tracking has no effect.
The two folding doors swing out from this center point to
create changes in the higher and lower ranges of the
keyboard.

[-99...4+99]

This controls how much the keyboard tracking will affect
Filter A ‘s cutoff frequency. The overall effect of the
Keyboard Track is a combination of this Intensity value and
the overall Keyboard Track shape.

Intensity to A

With positive values (+), the effect will be in the direction
specified by keyboard tracking; if the ramp goes up, the filter
cutoff will increase.

With negative values (-), the effect will be in the opposite
direction; if the ramp goes up, the filter cutoff will decrease.

[-99...4+99]

This controls how much the keyboard tracking will affect
Filter B‘s cutoff frequency.

Intensity to B

Key
[C-1...G9]

This sets the breakpoint note between the two lower ramps -
the “hinge” of the lower door.

Low Break

[C-1...G9]

This sets the center of the keyboard tracking - the main
“hinge.” At this key, the keyboard tracking has no effect on
the filter cutoff, or on any AMS destinations.

Center

High Break [C-1...G9]

This sets the breakpoint note between the two higher ramps -
the “hinge” of the upper door.

Entering notes from the keyboard

You can enter note numbers directly by playing them on the
keyboard. To do so:

1. Select one of the Key parameters.
2. Hold down the ENTER key.
3. While holding ENTER, play a note on the keyboard.

Keyboard Track Shape and Intensity

Intensity = +99 (Original Shape)

Intensity = +50 (Less Effect)

\//\

Intensity = O (No Effect)

Intensity = -99: (Inverted)

Low Break Key Center Key High Break Key

Ramp

Positive ramp values mean that the keyboard tracking output
increases as you play farther from the Center Key; negative
ramp values mean that it decreases.

Because of this, the meanings of positive and negative ramp
settings will change depending on whether the ramp is to the
left or right of the Center Key.

Bottom-Low and Low-Center: negative ramps make the
keyboard tracking’s output go down as you play lower on the
keyboard, and positive ramps make the output go higher.

Center-High and High-Top: negative ramps make the
keyboard tracking’s output go down as you play higher on
the keyboard, and positive ramps make the output go up.

The effect on the filter cutoff is a combination of the ramp
values, as set below, and the Intensity to A and B parameters.
When Intensity is set to +99, a ramp of 50 changes the filter
frequency by 1 octave for every octave of the keyboard, and
a ramp of +99 changes the frequency by 2 octaves for every
octave of the keyboard.

Bottom-Low [-Inf, -99...+99, +Inf]

This sets the slope between the bottom of the MIDI note
range and the Low Break key. For normal key track, use
negative values.

[-Inf, -99...4+99, +Inf]

This sets the slope between the Low Break and Center keys.
For normal key track, use negative values.

Low-Center

[-Inf, -99...+99, +Inf]

This sets the slope between the Center and High Break keys.
For normal key track, use positive values.

Center-High

[-Inf, -99...+99, +Inf]

This sets the slope between the High Break key and the top
of the MIDI note range. For normal key track, use positive
values.

High-Top
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+Inf and -Inf ramps

+Inf and —Inf are special settings which create abrupt
changes for split-like effects. When a ramp is set to +Inf or —
Inf, the keyboard tracking will go to its extreme highest or
lowest value over the span of a single key.

+Inf and —Inf Ramps

Ramp = +Inf

Ramp = -Inf

Low Break Center High Break

Note: 1f you set the Center-High ramp to +Inf or —Inf, the
High-Top parameter will be grayed out. Similarly, if you set
the Low-Center ramp to +Inf or —Inf, the Bottom-Low ramp
will be grayed out.

Key Follow

To create the classic Key Follow effect, in which the filter
frequency tracks the pitch of the keyboard:

1. Set the Filter Frequency to 30.

2. Set the Keyboard Track Intensity to +99.

3. Set the Bottom-Low and Low-Center ramps to —50.
4. Set the Center-High and High-Top ramps to +50.

5. Set the Center Key to C4.

The settings for the Low Break and High Break keys don’t
matter in this case.

Filter Keyboard Track is also an AMS
source

You can use the keyboard tracking as an AMS source to
modulate other parameters, just like the envelopes and

LFOs. Simply select Filter Keytrack in the AMS list for the
desired parameter.

3-2b: Filter EG

The Filter] EG modulates the Filter A and B cutoff
frequencies over time. You can control how strongly the EG
will affect the filters in three different ways:

+ Set an initial amount of EG modulation, using the
Intensity to A and B parameters.

« Use velocity to scale the amount of the EG applied to the
filter.

» Use any AMS source to scale the amount of the EG
applied to the filter.

You can use all three of these at once, and the results are
added together to produce the total EG effect.

To set up the EG itself, including attack and release times,
levels, and so on, see “3—4: Filter] EG,” on page 70.

Velocity to A [-99...4+99]

This lets you use velocity to scale the amount of the Filter
EG applied to Filter A.

Velocity control of Filter EG

In all examples below, Intensity to A = +50

A. Original EG B. Velocity to A = +50
Original /\/_\—
Filter Cutoff
C. Velocity to A=-25 D. Velocity to A =-99
Original /\/_\_
Filter Cutoff

With positive (+) values, playing more strongly will
increase the effect of the Filter EG, as shown in example B
above.

With negative (-) values, playing more strongly will
introduce the opposite effect of the Filter EG-like inverting
the polarity of the envelope. You can use this in several
different ways:

*  You can set an initial positive amount with the Intensity
to A/B parameters, and then reduce this amount with
velocity. In this case, the final effect of the EG is simply
diminished, and not actually inverted, as shown in
example C above.

* You can also set the Velocity to A/B amounts so that
they are greater than the initial amounts of Intensity to
A/B. In this case, the EG will have a positive effect at
low velocities, and an inverted effect at high velocities—
as shown in example D.

[-99...4+99]

This lets you use velocity to scale the amount of the Filter
EG applied to Filter B. For more information, see “Velocity
to A,” above.

Velocity to B

Intensity to A [-99...4+99]

This controls the initial effect of the Filter EG on Filter A’s
cutoff frequency, before any velocity or AMS modulation.

The Filter EG’s shape can swing all the way from +99 to —
99. Positive values increase the cutoff frequency, and
negative values decrease the cutoff frequency. For instance,
see the graphic “Velocity to A,” above. The EG shape in
example A rises up at first, and then falls below 0 towards
the end.

When Intensity to A is set to a positive (+) value, EG’s effect
will match its shape. When the EG rises above 0, the cutoff
frequency will increase.

With negative (-) values, the effect will be in the opposite
direction; when the EG rises above 0, the filter cutoff will
decrease.

Intensity to B [-99...4+99]

This controls the initial effect of the Filter EG on Filter B’s
cutoff frequency, before any velocity or AMS modulation.
For more information, see “Intensity to A,” above.
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AMS (Filter EG) [List of AMS Sources]

This selects any AMS modulation source to scale the amount
of the Filter EG applied to Filters A and B. The two filters
share a single AMS source, with separate intensity settings.
Otherwise, the AMS modulation will work in the same way
as the Velocity to A parameter, described above.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity to A [-99...4+99]
This controls the depth and direction of the EG AMS
modulation for Filter A.

Intensity to B [-99...4+99]

This controls the depth and direction of the EG AMS
modulation for Filter B.

3-2c: Filter A/B Modulation

This section lets you assign any two AMS sources to control
Filter A, and another two AMS sources to control Filter B.
This modulation is added to the basic Filter A and B cutoff
frequencies, as set on the Filter 1 page.

Filter A
AMS1 [List of AMS Sources]

This selects the first modulation source for controlling Filter
A’s cutoff frequency. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.
Intensity (AMS1) [-99...4+99]
This controls the depth and direction of AMSI.

AMS2 [List of AMS Sources]
This selects the second modulation source for controlling
Filter A’s cutoff frequency. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.
Intensity (AMS2) [-99...+99]
This controls the depth and direction of AMS2.

Filter B

The parameters for Filter B are identical to those for Filter A.
For more information, see the descriptions under Filter A,
above.
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3-3: Filter1 LFO Mod.

Filter
4 Ho-1 F003: HD -1 Piano Damper
LFO1/2
LFO1
JS-Y Intensity to A

Intensity to A I*DD

LFO2

Intensityto A~ +00 J5-Y Intensity to A

Common LFO

Intensity to A +00 JS-Y Intensity to A

Filter1
LFO Mod.

LFOI1, LFO2, and the Common LFO can all modulate Filter
A and B’s cutoff frequencies. You can control the strength of
each LFO’s modulation in three different ways,
independently for each filter:

+ Set an initial amount of LFO modulation, using the
Intensity to A and B parameters.

* Use JS-Y to scale the amount of the LFO.
» Use any AMS source to scale the amount the LFO.

You can use each of these methods for each of the three
LFOs, and do so separately for both Filter A and Filter B.
The results are added together to produce the total LFO
effect.

3-3a:LFO 1/2
LFO1

Intensity to A (LFO1) [-99...+99]

This controls the initial effect of the LFO on Filter A’s cutoff
frequency, before any JS-Y or AMS modulation.

Negative (-) settings will invert the phase of the LFO. You
can produce interesting effects by using the same LFO to
modulate two different parameters (such as Filter A and
Filter B), but with one set to a positive intensity, and the
other set to a negative intensity.

LFO modulation of Filter Cutoff

Low setting High setting

Intensity to B (LFO1) [-99...4+99]

This controls the initial effect of the LFO on Filter B’s cutoff
frequency, before any JS-Y or AMS modulation.

3-3PMC

AMS  After Touch Intensity to A

AMS CC#19 Intensity to A

Intensity to A

JS-Y Intensity to A (LFO1) [-99...4+99]

Moving the joystick “down” from the center detent position,
towards yourself, produces the JS-Y controller. You can use
this to scale the amount of the LFO applied to Filter A.

Negative (-) settings will invert the phase of the LFO. You
can also use this to reduce the initial amount of the LFO, as
set by Intensity to A, above. For example:

1. Set Intensity to A to +50.

The LFO will now have a fairly strong effect on the filter
cutoff.

2. Set JS-Y Intensity to A to —50.

Now, if you move the joystick down, the effect of the LFO
will fade away. When the joystick is all the way at the
bottom of its range, the LFO will be completely canceled
out.

JS-Y Intensity to B (LFO1) [-99...499]
This lets you use JS-Y to scale the amount of the LFO
applied to Filter B.

AMS (LFO1) [List of AMS Sources]

This selects any AMS modulation source to scale the amount
of the LFO applied to Filters A and B. The two filters share a
single AMS source, but with separate intensity settings.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity to A [-99...4+99]

This controls the depth and direction of the LFO1 AMS
modulation for Filter A.

For example, if AMS is set to After Touch, positive settings
mean that aftertouch will increase the amount of LFO1
applied to Filter A.

Intensity to B [-99...4+99]

This controls the depth and direction of the LFO1 AMS
modulation for Filter B.
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LFO2

The parameters for LFO2 are identical to those for LFO1.
For more information, see the descriptions under LFO1,
above.

3-3b: Common LFO

The parameters for the Common LFO are identical to those
for LFO1. For more information, see the descriptions under
LFO1, above.

Note that while LFO1 and LFO?2 are separate for each voice,
the Common LFO is shared by all voices in the Program.
This makes it useful when you want all of the voices to have
an identical LFO effect.
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3-4: Filter1 EG 22

M = Filter

< Hp-1 FQ03: HD -1 Piano Damper

EG Reset

Ams  Joff

Threshold  +00

Envelope

3-4PMC

Start Attack +99 Sustain Release +00
Attack 23 Decay 75 Release

Attack 8 Decay O(Lin) Release

Level Modulation

AMS  AMS Mixer1

Time Modulation
AMS1  Filter Key Track
AMS2  Velocity
AMS3  Off

Filter1
EG

The Filter EG, or Envelope Generator, lets you create
complex, time-varying changes to the cutoff frequencies of
Filters A and B. The parameters on this page control the
shape of the EG. Among other things, you can:

* Create the basic EG shape by setting the levels and times
of each segment.

» Control the curvature of each EG segment, for subtle
control over the sound of the EG.

* Set up complex modulation of EG levels and times.

» Set up an AMS source, such as an LFO, to restart the
EG.

To control how much effect the EG has on the filters, use the
Filter EG parameters on the Filter— Filter1(2) Mod. page, as
described under “3-2b: Filter EG,” on page 67.

Filter EG is also an AMS source

You can use the Filter EG as an AMS source to modulate
other parameters, just like the keyboard tracking and LFOs.
Simply select the Filter EG in the AMS list for the desired
parameter.

Release
Release

Release

3-4a: EG Reset

AMS (EG Reset) [List of AMS Sources]

This selects an AMS source to reset the EG to the start point.
For instance, you can use a tempo-synced LFO to trigger the
EG in a repeating rhythm. This reset is in addition to the
initial note-on, which always causes the EG to start.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Threshold [-99...4+99]

This sets the AMS level which will trigger the EG reset.
Among other things, you can use this to adjust the exact
point in an LFO’s phase at which the EG will be reset,
effectively controlling its “groove” against other rhythmic
effects.

When the threshold is positive, the EG triggers when
passing through the threshold moving upwards. When the
threshold is negative, the EG triggers when passing through
the threshold moving downwards.

Note: With some LFO shapes, and with faster LFO speeds,
the LFO may not always reach the extreme values of +99 or
-99. In this case, setting the Threshold to these values may
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cause inconsistent behavior, or may mean that the EG
doesn’t reset at all. If this happens, reduce the Threshold
until the EG triggers consistently.

3-4b: Envelope
Filter EG

Attack Break Sustain
Level Level Level

Start
Level

Change to k
filter cutoff 1

Release
Level

$

Time
Attack Decay Slope Release
Time Time  Time Time
Note-on or reset Note-off

An envelope creates a modulation signal by moving from
one level to another over a specified time, and then moving
to another level over another period of time, and so on.

The parameters below let you set five levels, the amount of
time it takes to go from each of the levels to the next, and the
shape (from linear to curved) of each transition.

Level

Each of the five levels can be either positive or negative.

Positive levels will make the cutoff frequency (or other
AMS destination) go up from its programmed value;
negative levels will make it go down.

Start

This sets the initial EG level, at note-on.

[-99...+99]

Attack [-99...+99]
This sets the level at the end of the Attack time.

Break [99...+99]
Break, short for Break Point, sets the level at the end of the
Decay time.

Sustain [-99...+99]

This sets the level at the end of the Slope time. Once it
reaches the Sustain level, the EG will stay there until note-
off, unless it is reset via AMS.

Release [-99...+99]

This sets the level at the end of the Release time.

Time

Higher values mean longer times, as shown below:

EG Value Actual Time
00 0.667 ms
10 10 ms
20 44 ms
30 104 ms
40 224 ms
50 464 ms
60 944 ms
70 1.8 seconds
80 3.8 seconds

EG Value Actual Time
90 10.9 seconds
99 87.3 seconds
Attack [00...99]

This sets how long the EG takes to move from the Start level
to the Attack level.

The minimum attack time is 2/3 of a millisecond-as fast as
the most punchy of classic analog synths.

For the fastest possible attack time, you can set the Start
level to +99; in this case, the EG will start instantaneously at
its maximum value.

[00...99]

This sets the time it takes to move from the Attack level to
the Break level.

Decay

[00...99]

This sets how long the EG takes to move from the Break
level to the Sustain level. Once it reaches the Sustain level,
the EG will stay there until note-off (unless it is reset via
AMS).

Slope

Release [00...99]

This sets how long it takes the EG to move from the Sustain
level to the Release level.

Curve

For the sake of simplicity, most of the diagrams in this
manual show envelopes as being made out of straight lines.
In actuality, though, envelopes are more likely to be made
out of curves.

In other words, each segment’s level will change quickly at
first, and then slow down as it approaches the next point.
This tends to sound better than straight, linear segments.

Classic analog synth envelopes made these curved shapes
naturally. The NAUTILUS goes a step further than vintage
synths, however, and lets you control the amount of
curvature separately for each of the four envelope segments.

Filter EG Curve

Curve = 0O (Linear)

------ Curve = 10 (Exp/Log)

Curve = 0 (Linear) Curve = 10 (Exp/Log)
When you change the curvature, the EG times remain the
same. However, greater curvature will tend to sound faster,
because the value changes more quickly at the beginning.
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Different curve settings for up and down

You may find that different amounts of curvature are suitable
for segments which go up and segments which go down.

For instance, a curve of 3 is a good default setting for
upward segments, such as Attack. On the other hand, a curve
of 6 or more is good for downward segments, such as Decay
and Release.

Attack [0 (Linear), 1...9, 10 (Exp/Log)]
This sets the curvature of the Attack segment - the transition

from the Start level to the Attack level.

Decay [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Decay segment - the transition
from the Attack level to the Break level.

Slope [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Slope segment - the transition

from the Break level to the Sustain level.

Release [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Release segment - the
transition from the Sustain level to the Release level.

3-4c: Level Modulation

These settings let you use any AMS source to control the
Level parameters of the EG. The Start, Attack, and Break
levels share a single AMS source, but can each have
different modulation intensities.

By using different settings for each of the three levels, you
can cause both subtle and dramatic changes to the EG shape,

as shown below.

Filter EG Level Modulation
Positive AMS on Start,

Attack, and Break

Original Shape
Positive AMS on Start and Break,

Negative AMS on Start,
Attack, and Break Negative AMS on Attack

Once an EG segment begins, it can’t be
modulated

Once the EG has started a segment between two points, that
segment can no longer be modulated. This includes both the
time of the segment, and the level reached at the end of the
segment.

For instance, if the EG is in the middle of the Decay time,
you can no longer modulate either the Decay time or the
Break level.

As another example, let’s say that you’ve assigned the
Common LFO to modulate Break Level. The LFO may be
moving all the time, but the Break Level is only affected by
the LFO’s value at the instant that the Decay segment starts.
After that, the level is fixed.

Finally, this also means that modulating the Start level,
Attack level, or Attack time will not affect notes that are
already sounding, unless the EG is then reset via AMS.
AMS [List of AMS Sources]

Selects an AMS source to control the EG’s Level
parameters.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Start [-99...4+99]

This controls the depth and direction of the AMS modulation
for the Start level.

For example, if you set the AMS source to Velocity and set

Start to +99, the Start level will increase as you play harder.
If you instead set Start to —99, the Start level will decrease as
you play harder.

Attack [-99...499]
This controls the depth and direction of the AMS modulation
for the Attack level.

Break [-99...4+99]

This controls the depth and direction of the AMS modulation
for the Break level.

3-4d: Time Modulation

These settings let you use three different AMS sources to
control the Time parameters of the EG. For each of the three
AMS sources, the Attack, Decay, Slope, and Release times
each have their own modulation intensities.

Filter EG Time Modulation

AMS=Velocity, Intensity = a positive (+) value

Note-on  Note-off Note-on  Note-off Note-on  Note-off
“Attack”=+, “Decay”=+, “Attack’=+, “Decay”=+, “Attack”=-, “Decay”=-,

“Slope”’=+, “Release”=+
Softly played note.
Original Shape

“Slope”=+, “Release”=+
Stongly played note.
Times are longer. Times are shorter.
Reaches Sustainmore Reaches Sustainmore
slowly. quickly.

“Slope”=-, “Release”=—
Stongly played note.

AMS1 [List of AMS Sources]

Selects the first AMS source to control the EG’s Time
parameters. Velocity and Keyboard Track can both be useful
here, for instance.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Attack [-99...4+99]

This controls the depth and direction of the AMS modulation
for the Attack time.

For example, if you set the AMS source to Velocity and set
Attack to +99, the Attack time will get much longer at higher
velocities. If you instead set Attack to —99, the Attack time
will get much shorter at higher velocities.
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When the AMS source is at its maximum value—for instance,
when Velocity is at 127—-a setting of +8 will make the Attack
time almost twice as long, and a setting of —8 will cut the
Attack time almost in half.

Decay [-99...499]
This controls the depth and direction of the AMS modulation
for the Decay time.

Slope [-99...499]
This controls the depth and direction of the AMS modulation
for the Slope time.

Release [-99...+99]

This controls the depth and direction of the AMS modulation
for the Release time.

AMS2 and AMS3

These select the second and third AMS sources, respectively,
for controlling the EG’s Time parameters. Each has its own
intensities for Attack, Decay, Slope, and Release. The
parameters of both AMS2 and AMS 3 are identical to those
of AMSI, above.
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3-5: Filter2

This page controls Oscillator 2’s basic filter settings. It is
available only when the Oscillator Mode is set to Double; if
not, the page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “3-1: Filterl,” on page 62.

3-6: Filter2 Mod.

This page controls Oscillator 2’s filter modulation. It is
available only when the Oscillator Mode is set to Double; if
not, the page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “3-2: Filter] Mod.,” on page 65.

3-7: Filter2 LFO Mod.

This page controls Oscillator 2’s LFO filter modulation. It is
available only when the Oscillator Mode is set to Double; if
not, the page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “3-3: Filter] LFO Mod.,” on page 69.

3-8: Filter2 EG =2

This page controls Oscillator 2’s Filter EG. It is available
only when the Oscillator Mode is set to Double; if not, the
page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “3—4: Filterl EG,” on page 70.
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PROGRAM > Amp/EQ

Oscillators 1 and 2 have separate controls for volume (also
called “amplitude,” or “amp” for short), pan, and Drive, as
well as dedicated amp envelopes and keyboard tracking
generators. Additionally, both Oscillators share a three-band
EQ.

These pages let you control all of these related parameters.
Among other things, you can:

+ Set up the Driver circuit, which adds saturation and bass
boost to the timbre.

 Set the pan position and pan modulation.

+ Control amp level and modulation, including keyboard
tracking, the amp envelope, LFO modulation, and AMS
control.

* Set up the three-band Track EQ.

Note that when the Oscillator Mode is set to Single, only
Oscillator 1’s amp, pan, and drive parameters are active; the
pages for Oscillator 2 will be grayed out.

4-1: Amp1/Driver1

> Amp/EQ

Hp-1 F003: HD -1 Piano Damper

Driver
Bypass
Drive AMS  Off
Intensity ~ +00

AMS  Off
Intensity +00

Low Boost

Amp1/
Driverl

This page controls the basic settings for the Amp/EQ
section. Here, you can:

» Set up the Driver circuit.
» Set the initial volume level.

» Control the pan position and pan modulation.

4-1a: Driver

The Driver adds saturation and overdrive to the sound, for
everything from subtle fattening to drastic distortion. Unlike
an overdrive effect, the Driver processes each voice
individually, so the timbre stays the same regardless of how
many voices are being played.

The two main parameters, Drive and Low Boost, work
together to create the overall Driver effect. Drive contributes
edge and bite, and Low Boost provides the body as well as
boosting the bass.

[Off, On]

When Bypass is On, the Driver is completely removed from
the signal path.

Bypass

[00...99

This controls the amount of edge and bite in the timbre. Low
settings will produce mild saturation, and higher settings
create more obvious distortion.

Drive

4-1PMC

Amp Level
Amp Level
127

AMS  Note Number

Intensity +00

Often, it’s useful to increase the Low Boost along with the
Drive.

Note: Even when the Drive amount is set to 0, the Driver
circuit still affects the timbre. If your goal is a completely
pristine sound, use the Bypass control instead.

AMS (Drive) [List of AMS Sources]

This selects an AMS modulation source to control the Drive
amount. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...4+99]
This controls the depth and direction of the AMS modulation
for Drive.

[00...99]

This low-frequency EQ controls the body character of the
sound. The specific EQ frequencies affected will change
with the Drive setting.

Low Boost

Higher amounts increase the bass boost, and will also
intensify the effect of the Drive parameter.

AMS (Low Boost) [List of AMS Sources]

This selects an AMS modulation source to control the Low
Boost amount. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.
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Intensity [-99...499]

This controls the depth and direction of the AMS modulation
for Low Boost.

4-1b: Amp Level
[000...127]

This controls the basic volume level of Oscillator 1, before
keyboard tracking, velocity, and other modulation.

Amp Level

MIDI and volume

M You can control the Program’s overall volume via MIDI
using both Volume (CC#7) and Expression (CC#11).
When used one at a time, the two controllers work in
exactly the same way: a MIDI value of 127 is equal to the
Amp Level setting, and lower values reduce the volume.

If both CC#7 and CC#11 are used simultaneously, the one
with the lower value determines the maximum volume,
and the one with the higher value scales down from that
maximum.

This is controlled on the global MIDI channel (GLOBAL
1-1a).

4-1c: Pan
Pan [Random, L001...C064...R127]

This controls the stereo pan of Oscillator 1. A setting of
L001 places the sound at the far left, C064 in the center, and
R127 to the far right.

If the Oscillator is playing a stereo Multisample, Pan steers
the stereo image while maintaining the relative volumes of
the left and right samples. For instance, as you move Pan to
the right of center, the left sample will start to move to the
right side, until at R127 both the left and right samples sound
entirely in the right channel.

When this is set to Random, the pan position will be
different for each note-on.

m You can also control pan via MIDI Pan (CC#10). A
CC#10 value of 0 or 1 places the sound at the far left, 64
places the sound at the location specified by the Pan
parameter, and 127 places the sound at the far right. This
is controlled on the global MIDI channel (GLOBAL 1—
la).

Note: You can select Random pan only from the on-screen
Ul, and not from MIDI.

AMS (Pan) [List of AMS Sources]

This selects an AMS source to modulate Pan. For a list of
AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [-99...499]

This controls the depth and direction of the AMS modulation
for Pan.

For example, if Pan is set to C064 and AMS is set to Note
Number, positive (+) intensities will cause the sound to
move toward the right as you play higher than C4, and
toward the left as you play lower than C4.

Negative (-) intensities will have the opposite effect.

Use DKit Setting [Off, On]

This option is available only when the Oscillator Mode is
set to Drums or Double Drums.

Unlike standard Programs, Drum Kits can have a different
pan setting for every note. This parameter lets you choose
whether to use the Drum Kit pan settings, or to use the
Program’s pan setting instead.

On (checked): The Program will use the Drum Kit’s per-
note pan settings; pan AMS will still apply. This is the
default setting.

Off (unchecked): The Program will ignore the Drum Kit’s
settings, and use the Program pan instead.
All keys of the drum kit will use the Pan (4—1c¢) setting.

Vv 4-1:Page Menu Commands
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4-2: Amp1 Mod.

= Amp/EQ

Ho-1 FO03: HD -1 Piano Damper

Keyboard Track

4-2a —5
ILLLLILILALLLIL
c0 Ci
Key Low Break C3 Center
Ramp Bottom-Low  +00 Low-Center +00
Amp Modulation
4-2b — R T R I+?D AMS  AMS Mixer2

Intensity ~ +05

4-2c —

This page contains the settings for Oscillator 1’s Amp level
modulation. Among other things, you can:

+ Set up complex keyboard tracking shapes to control the
Amp level.

+ Assign AMS modulation for the Amp level.
» Control the effect of the LFOs on the Amp level.

The total effects of the modulation can increase the volume
to a maximum of two times louder than the Amp Level
setting.

4-2a: Keyboard Track %3

Keyboard tracking lets you vary the volume as you play up
and down the keyboard. Usually, some amount of key
tracking is necessary in order to make the volume consistent
across the entire range.

NAUTILUS’s keyboard tracking can be fairly complex, if
desired. You can create different rates of change over up to
four different parts of the keyboard. For instance, you can:

» Make the volume increase very quickly over the middle
of the keyboard, and then increase more slowly—or not at
all-in the higher octaves.

* Make the volume increase as you play lower on the
keyboard.

* Create abrupt changes at certain keys, for split-like
effects.

How it works: Keys and Ramps

The keyboard tracking works by creating four ramps, or
slopes, between five keys on the keyboard. The bottom and
top keys are fixed at the bottom and top of the MIDI range,
respectively. You can set the other three keys—named Low
Break, Center, and High Break—to be anywhere in between.

The four Ramp values control the rate of change between
each pair of keys. For instance, if the Low-Center Ramp is
set to 0, the value will stay the same between the Low Break
key and the Center key.

4-2PMC

High Break A4
Center-High  +00 High-Top +00

LFO1/2

LFO1

Intensity ~ +00 AMS JS-Y
Intensity ~ +49

LFO2

Intensity ~ +00 AMS  JS-Y (CC#02)

Intensity ~ +00

You can think of the resulting shape as being like two
folding doors attached to a hinge in the center. At the Center
key (the main hinge), the keyboard tracking has no effect.
The two folding doors swing out from this center point to
create changes in the higher and lower ranges of the
keyboard.

Key
[C-1...G9]

This sets the breakpoint note between the two lower ramps -
the “hinge” of the lower door.

Low Break

[C-1...G9]

This sets the center of the keyboard tracking - the main
“hinge.” At this key, the keyboard tracking has no effect on
the volume, or on any AMS destinations.

High Break [C-1...G9]

This sets the breakpoint note between the two higher ramps -
the “hinge” of the upper door.

Center

Entering notes from the keyboard

You can enter note numbers directly by playing them on the
keyboard. To do so:

1. Select one of the Key parameters.

2. Hold down the ENTER Kkey.

3. While holding ENTER, play a note on the keyboard.

Ramp

Positive ramp values mean that the keyboard tracking output
increases as you play farther from the Center Key; negative
ramp values mean that it decreases.

Because of this, the meanings of positive and negative ramp
settings will change depending on whether the ramp is to the
left or right of the Center Key.

Bottom-Low and Low-Center: negative ramps make the
keyboard tracking’s output go down as you play lower on the
keyboard, and positive ramps make the output go higher.
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Center-High and High-Top: negative ramps make the
keyboard tracking’s output go down as you play higher on
the keyboard, and positive ramps make the output go up.

Differences from other Keyboard Tracks

There are several differences between the Amp keyboard
tracking and the Filter and Common keyboard tracking.

For example, the results of the Ramp values are different. As
shown in the graphic “Amp Keyboard Tracking,” below,
negative slopes are more steep than positive slopes.

Also, the amp does not have separate control of Intensity.
Instead, Intensity is always fixed at the maximum amount,
allowing keyboard tracking to change the volume from
complete silence to twice as loud as the programmed level.

Bottom-Low [-Inf, -99...4+99, +Inf]

This sets the slope between the bottom of the MIDI note
range and the Low Break key. For normal key track, use
negative values.

[-Inf, -99...+99, +Inf]

This sets the slope between the Low Break and Center keys.
For normal key track, use negative values.

Low-Center

Center-High [-Inf, -99...4+99, +Inf]

This sets the slope between the Center and High Break keys.
For normal key track, use positive values.

High-Top [-Inf, -99...499, +Inf]

This sets the slope between the High Break key and the top
of the MIDI note range. For normal key track, use positive
values.

Amp Keyboard Tracking

Ramp Change in level
-Inf Silent in one half-step
-99 Silent in one whole-step
-95 Silent in one octave
-48 Silent in two octaves
-25 Silent in four octaves
00 no change
+25 x2 in four octaves
+50 X2 in two octaves
+99 X2 in one octave
+Inf X2 in one half-step

+Inf and -Inf ramps

+Inf and —Inf are special settings which create abrupt
changes for split-like effects. When a ramp is set to +Inf or —
Inf, the keyboard tracking will go to its extreme highest or
lowest value over the span of a single key.

When a ramp is set to +Inf, the keyboard tracking will go to
its highest value (double the programmed volume) over a
single half-step.

Similarly, when a ramp is set to —Inf, the keyboard tracking
will go to its lowest value (complete silence) over a single
half-step.

Note: If you set the Center-High ramp to +Inf or —Inf, the
High-Top parameter will be grayed out. Similarly, if you set
the Low-Center ramp to +Inf or —Inf, the Bottom-Low ramp
will be grayed out.

Amp Keytrack is also an AMS source

You can use the keyboard tracking as an AMS source to
modulate other parameters, just like the envelopes and
LFOs. Simply select Amp Keytrack in the AMS list for the
desired parameter.

Ramp values: +99 +50 +25
Louder x2 A
Change to No change
Volume
Silence v
Ramp values: —99-97 -95 -48 -25

Low Break: D1

Center: G2 High Break: C4
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4-2b: Amp Modulation

You can modulate the Amp level by both velocity and an
AMS source.

This modulation scales the basic Amp level and Amp EG
level parameters. The resulting volume is determined by
multiplying the volume changes of the amp EG by other
values such as AMS. If these original levels are low, the
maximum volume available with modulation will also be
reduced.

[-99...499]

With positive (+) values, the volume will increase as you
play harder.

Velocity Intensity

With negative (-) values, the volume will decrease as you
play harder.

Velocity modulation of Amp level, with Amp EG

Time Time
Low velocity High velocity
AMS [List of AMS Sources]

This selects any AMS modulation source to control the Amp
level. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

[-99...4+99]

This controls the depth and direction of the modulation.

Intensity

For example, if AMS is set to After Touch, positive (+)
values of this parameter will make the volume increase when
you press down on the keyboard.

Note that if the other modulation settings have already raised
the volume to its maximum level (double the Amp Level and
Amp EG level settings), the volume cannot be increased any
further.

With negative (-) values of this parameter, the volume will
decrease when pressure is applied to the keyboard.

4-2c:LFO 1/2
You can modulate the Amp level with both LFO1 and LFO2.

LFO1

Intensity (LFO1) [-99...4+99]

This controls the depth and direction of LFO1’s effect on the
oscillator’s volume.

Negative (—) values will invert the LFO waveform.

AMS (LFO1) [List of AMS Sources]

This selects an AMS modulation source to scale the amount
of the LFO1 applied to the Amp level.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [-99...+99]

This controls the depth and direction of the LFO1 AMS
modulation for the Amp level.

For example, if AMS is set to After Touch, positive settings
mean that aftertouch will increase the amount of LFO1
applied to the Amp level.

LFO2

The parameters for LFO2 are identical to those for LFO1.
For more information, see the descriptions under LFO1,
above.

v 4-2:Page Menu Commands
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4-3: Amp1 EG IPr=

v = Amp/EQ

4 He-1 F003: HD -1 Piano Damper

EG Reset

4-3a —o VIR [V Threshold ~ +00
Envelope
4-3b —4
23
O(Lin)
Level Modulation
EERlaEE— AMS  Velocity
Time Modulation
yEcTopm. . AMS1  Filter Key Track

AMS2  AMS Mixer2
AMS3  Common Key Track2

These parameters let you create time-varying changes in the
volume of oscillator 1.

4-3a: EG Reset

AMS (EG Reset) [List of AMS Sources]

This selects an AMS source to reset the EG to the start point.
For instance, you can use a tempo-synced LFO to trigger the
EG in a repeating rhythm. This reset is in addition to the
initial note-on, which always causes the EG to start.

Note: Once the Amp EG is in its Release segment, it cannot
be reset. (Otherwise, the sound might keep playing forever!)

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Threshold [-99...+99]

This sets the AMS level which will trigger the EG reset.
Among other things, you can use this to adjust the exact
point in an LFO’s phase at which the EG will be reset,
effectively controlling its “groove” against other rhythmic
effects.

When the threshold is positive, the EG triggers when
passing through the threshold moving upwards. When the
threshold is negative, the EG triggers when passing through
the threshold moving downwards.

Note: With some LFO shapes, and with faster LFO speeds,
the LFO may not always reach the extreme values of +99 or
-99. In this case, setting the Threshold to these values may
cause inconsistent behavior, or may mean that the EG
doesn’t reset at all. If this happens, reduce the Threshold
until the EG triggers consistently.

4-3PMC

99 Sustain 00
77 Release 51

0(Lin) 9 Release  10(Exp)

Release
Release

Release

4-3b: Envelope

These parameters specify how the amp 1 EG will change
over time.

Amp EG
Start Attack Break Sustain
Level Level Level Level
Volume
Attack  Decay Slope Release
Time Time  Time Time
Note-on or reset Note-off
Level
Start [00...99]

This sets the initial volume level at note-on.

Attack [00...99]
This sets the level at the end of the Attack time.
Break [00...99]

Break, short for Break Point, sets the level at the end of the
Decay time.

[00...99]

This sets the level at the end of the Slope time. Once it
reaches the Sustain level, the EG will stay there until note-
off (unless it is reset via AMS).

Sustain
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Time

Higher values mean longer times, as shown below.

EG Value Actual Time
00 0.667 ms
10 10 ms
20 44 ms
30 104 ms
40 224 ms
50 464 ms
60 944 ms
70 1.8 seconds
80 3.8 seconds
90 10.9 seconds
99 87.3 seconds
Attack [00...99]

This sets how long the EG takes to move from the Start level
to the Attack level.

The minimum attack time is 2/3 of a millisecond—as fast as
the most punchy of classic analog synths.

For the fastest possible attack time, you can set the Start
level to +99; in this case, the EG will start instantaneously at
its maximum value.

Decay [00...99]

This sets the time it takes to move from the Attack level to
the Break level.

Slope [00...99]

This sets how long the EG takes to move from the Break
level to the Sustain level. Once it reaches the Sustain level,
the EG will stay there until note-off (unless it is reset via
AMS).

Release [00...99]

This sets how long it takes the EG to move from the Sustain
level to silence.

Curve

For the sake of simplicity, most of the diagrams in this
manual show envelopes as being made out of straight lines.
In actuality, though, envelopes are more likely to be made
out of curves.

In other words, each segment’s level will change quickly at
first, and then slow down as it approaches the next point.
This tends to sound better than straight, linear segments.

Classic analog synth envelopes made these curved shapes
naturally. The NAUTILUS goes a step further than vintage
synths, however, and lets you control the amount of
curvature separately for each of the four envelope segments.

When you change the curvature, the EG times remain the
same. However, greater curvature will tend to sound faster,
because the value changes more quickly at the beginning.

Amp EG Curve

Curve = 0 (Linear)

...... Curve = 10 (Exp/Log)

Curve = 0O (Linear) Curve = 10 (Exp/Log)

Different curve settings for up and down

You may find that different amounts of curvature are suitable
for segments which go up and segments which go down.

For instance, a curve of 3 is a good default setting for
upward segments, such as Attack. On the other hand, a curve
of 6 or more is good for downward segments, such as Decay
and Release.

Attack [0 (Linear), 1...9, 10 (Exp/Log)]
This sets the curvature of the Attack segment - the transition

from the Start level to the Attack level.

Decay [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Decay segment - the transition
from the Attack level to the Break level.

Slope [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Slope segment - the transition

from the Break level to the Sustain level.

Release [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Release segment - the
transition from the Sustain level to the Release level.

4-3c: Level Modulation

These settings let you use any AMS source to control the
Level parameters of the EG. The Start, Attack, and Break
levels share a single AMS source, but can each have
different modulation intensities.

By using different settings for each of the three levels, you
can cause both subtle and dramatic changes to the EG shape,
as shown below.

Amp EG Level Modulation
Volume /\/—\ Volume /\/_\
Time Time

Original Shape Positive AMS on Start,

Attack, and Break

Volume /\/—\ Volume \/\_\

Time Time

Negative AMS on Start, Positive AMS on Start and Break,
Attack, and Break Negative AMS on Attack
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Once an EG segment begins, it can’t be
modulated

Once the EG has started a segment between two points, that
segment can no longer be modulated. This includes both the
time of the segment, and the level reached at the end of the
segment.

For more information, see “Once an EG segment begins, it
can’t be modulated” on page 72.
AMS [List of AMS Sources]

This selects an AMS source to control the EG’s Level
parameters.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Start [-99...499]

This controls the depth and direction of the AMS modulation
for the Start level.

For example, if you set the AMS source to Velocity and set

Start to +99, the Start level will increase as you play harder.
If you instead set Start to —99, the Start level will decrease as
you play harder.

Attack [-99...+99]
This controls the depth and direction of the AMS modulation
for the Attack level.

Break [-99...499]

This controls the depth and direction of the AMS modulation
for the Break level.

4-3d: Time Modulation

These settings let you use three different AMS sources to
control the Time parameters of the EG. For each of the three
AMS sources, the Attack, Decay, Slope, and Release times
each have their own modulation intensities.

Amp EG Time Modulation

AMS=Velocity, Intensity = a positive (+) value

Note-on  Note-off Note-on  Note-off Note-on  Note-off

A WA N o

“Attack”= +, “Decay”= +, “Attack’= +, “Decay”=+,  “Attack”=-, “Decay”=-,
“Slope”= +, “Release”= +  “Slope”= +, “Release”= + “Slope”=-, “Release”=—
Softly played note.
Original Shape.

Strongly played note.
Times are longer.
Reaches Sustain
more slowly.

Strongly played note.
Times are shorter.
Reaches Sustain
more quickly.

AMS1 [List of AMS Sources]

Selects the first AMS source to control the EG’s Time
parameters. Velocity and Keyboard Track can both be useful
here, for instance.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Attack [-99...+99]

This controls the depth and direction of the AMS modulation
for the Attack time.

For example, if you set the AMS source to Velocity and set
Attack to +99, the Attack time will get much longer at higher
velocities. If you instead set Attack to —99, the Attack time
will get much shorter at higher velocities.

‘When the AMS source is at its maximum value—for instance,
when Velocity is at 127-a setting of +8 will make the
segment time almost twice as long, and a setting of —8 will
cut the segment time almost in half.

Decay [-99...+99]
This controls the depth and direction of the AMS modulation
for the Decay time.

Slope [-99...+99]
This controls the depth and direction of the AMS modulation
for the Slope time.

[-99...+99]

This controls the depth and direction of the AMS modulation
for the Release time.

AMS2 and AMS3

These select the second and third AMS sources, respectively,
for controlling the EG’s Time parameters. Each has its own
intensities for Attack, Decay, Slope, and Release. The
parameters of both AMS2 and AMS 3 are identical to those
of AMSI, above.

Release
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4-5: Amp2/Driver2

This page controls Oscillator 2’s basic level, pan, and driver
settings. It is available only when the Oscillator Mode is set
to Double; if not, the page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “4—1: Amp1/Driverl,” on page 74.



82

PROGRAM mode: HD-1

4-6: Amp2 Mod.

This page controls Oscillator 2’s amp modulation. It is
available only when the Oscillator Mode is set to Double; if
not, the page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “4-2: Amp1 Mod.,” on page 76.

4-7: Amp2 EG IPT=

This page controls Oscillator 2°s amp EG. It is available only
when the Oscillator Mode is set to Double; if not, the page
will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “4-3: Amp1 EG,” on page 79.

4-9:EQ

PROGRAM = Amp/EQ
He-1 F003: HD -1 Piano Damper
3 Band Parametric EQ
(All OSCs)
Bypass

input Trim |99

!

Low Gain +03.0
1 >

This three-band EQ, with sweepable mid, is shared by both
of the Program’s oscillators. The Drum Track has its own
EQ: for more information, see “EQ” on page 17.

In Combis and Sequences, each timbre and track has its own
individual EQ. You can import the Program’s EQ settings
into Tracks and Timbres by using the Combi and Sequence
“Auto-Load Program EQ” options.

hz 24

Mid Cutoff 5.20k [Hz]

4-9a: 3 Band Parametric EQ

Bypass [On, Off]

When Bypass is checked, all of the EQ will be disabled,
including the Input Trim.

Bypass can be convenient for comparing the results of the
EQ with the original signal.

Input Trim [00...99]

This controls the volume level going into the EQ.

High settings of the Low, Mid, and High Gain controls can
cause substantial increases in the overall level. You can
compensate for this by turning down the input trim.

Low Gain [-18.0...+18.0dB]

This controls the gain of the 80Hz Low Shelf EQ, in
increments of 0.5dB.

4-9PMC

100 1] 10k 24k

Mid Gain +01.5 [dB]
!

High Gain +03.0 [dB]
!

[100Hz...10.00kHz]
This sets the center frequency for the Mid sweep EQ.

Mid Gain [-18.0...+18.0dB]

This controls the gain of the Mid Sweep EQ, in increments
of 0.5dB.

Mid Frequency

High Gain [-18.0...+18.0dB]

This controls the gain of the 10kHz High Shelf EQ, in
increments of 0.5dB.

Vv 4-9:Page Menu Commands
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PROGRAM > LFO

Each of the Oscillators has two LFOs, which you can use to
modulate the filter, amp, pitch, and many other parameters.

The two Oscillators also share a single Common LFO,
similar to the global LFO on some vintage analog synths.

These pages let you set up all of the parameters for all five
LFOs.

5-1: 0SC1 LFO1 =23

=LF0O

. Hp-1 F003: HD-1 Piano Damper
0SC1 LFO1
5-1a —SSuRUEWELT IGuitar Start Phase
Shape +00  AMS  Off

Intensity

Frequency 39 Fine Stop

M Key Sync.
Offset +00 Delay 00

Frequency Modulation

ERaleEs— AMS1  Pitch EG Intensity ~ +40

AMSZ  JS+Y (CC#01) Intensity  +00

Frequency MIDI/Tempo Syne.

5-1c —5¢ MIDI/Tempo Sync.

This page has all of the controls for the first LFO of
Oscillator 1. For instance, you can:

+ Select the LFO’s basic waveform, and modify it with the
Shape parameter.

* Control the LFO’s frequency, and assign AMS
controllers to modulate the frequency.

* Use the Key Sync parameter to choose whether the LFO
runs separately for each voice, or is synchronized across
all of the voices

» Use the Fade and Delay parameters to control how long
the LFO waits to start after note-on, and whether it starts
abruptly or fades in slowly.

* Set the LFO to sync to MIDI tempo.

LFO Waveforms
Triangle /\/ Guitar A
Exponential
Saw I\ Triangle A
Exponential
|_|— Saw Down I\
. Exponential
Sine r\, saw Up _/l

Square Step Saw-4

Step Saw-6

Step Triangle-4

Step Triangle-6

P

5-1PMC

Intensity Mod. AMS
Intensity

5-1a:0SC1LFO1

Waveform [Triangle...Randomé (Continuous)]

This selects the basic LFO waveform, as shown in the
graphic below.

Most of the waveforms should be self-explanatory, but a few
will benefit from more details:

Guitar is intended for guitar vibrato, and its shape is
specifically tuned for this purpose. The waveform is
positive-only, so that when used for pitch, it will only bend
up, and not down.

Random1 (S/H) generates traditional sample and hold
waveforms, in which the level changes randomly at fixed
intervals of time.

Random?2 (S/H) randomizes both the levels and the timing.

Random3 (S/H) generates a pulse wave with random
timing. It’s the opposite of traditional sample and hold; the
timing varies, but the levels don’t.

Random4
(Continuous)

Random1

(S/H) LI
Random2 4 |1_.-"-.||
(S/H)

Random3
S/H) HU

Random5
(Continuous) \/V\f\
Random6
(Continuous) W\A
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Random4-6 (Continuous) are smoothed versions of
Random 1-3, with ramps instead of steps. You can use them
to create more gentle random variations.

Start Phase [-180...+180, Random]

This controls the phase of the waveform at the start of the
note, in steps of 5 degrees.

If Key Sync is Off, the Start Phase will apply only to the first
note of the phrase.

[-99...4+99]

Shape adds curvature to the basic waveform. As you can see
in the graphic below, this can make the waveforms either
more rounded or more extreme. It can also be useful to
emphasize certain value ranges, and de-emphasize others.

Shape

For example, let’s say that you are using a triangle LFO to
modulate filter cutoff. If Shape emphasizes the high value
range, the filter will spend more time at the higher
frequencies. If it emphasizes the low range, the filter will
spend more time at the lower frequencies.

LFO Shape

Shape = 0O (original waveform)

----- Shape = +99
—— Shape =-99

Note: Shape does not affect the Square and Random 3
waveforms, since their values are always either +99 or —99.
When these are selected, Shape is grayed out.

AMS (Shape) [List of AMS Sources]

This selects a modulation source for controlling the LFO’s
Shape. Modulating the shape can dramatically alter the
effect of the LFO—try it out!

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...4+99]
This controls the depth and direction of the Shape
modulation.

[00...99]

This controls the speed of the LFO, before any modulation.
Higher values mean faster speeds, as shown in the table
below.

Frequency

By using AMS modulation, you can also get speeds much
faster and much slower than are available through this basic
setting.

Frequency Value Frequency in Hz
60 4.14 Hz

70 5.69 Hz

80 749 Hz

90 9.53 Hz

99 26.25 Hz

99 + Fine 99 32Hz

Frequency Value Frequency in Hz
00 0.014 Hz

10 0.112 Hz

20 0.422 Hz

30 0.979 Hz

40 1.79Hz

50 284 Hz

[00...99]

This allows you to control the LFO frequency with greater
precision, giving you 98 additional steps for each step of the
main Frequency parameter.

When this is set to 00, the LFO speed is as set by the
Frequency parameter.

Frequency Fine

When this is set to 99, it’s the same as increasing the main
Frequency value by 1.

Stop [Off, On]

On (checked): When Stop is On, the LFO does not advance
normally, and the Frequency parameters are ignored.
Instead, the LFO simply generate its very first value (as
determined by the combination of the Waveform, Start
Phase, Shape, and Offset), and then holds that value until
the end of the note.

You can use this in conjunction with the Random waveforms
to create static, random modulation, with the value changing
only at note-on.

Off (unchecked): When Stop is Off, the LFO will function
normally.

Key Sync [Off, On]

On (checked): When Key Sync is On, the LFO starts each
time you press a key, and an independent LFO runs for each
note. This is the normal setting.

Off (unchecked): When Key Sync is Off, the LFO starts
from the phase determined by the first note in the phrase, so
that the LFOs for all notes being held are synchronized
together. The Fade and Delay settings will only apply to the
first note’s LFO.

Note that even if Key Sync is Off, each note’s LFO speed
may still be different if you modulate the Frequency by note
number, velocity, key scaling, or other note-specific AMS
sources.

Offset [-99...4+99]

By default, almost all of the LFO waveforms are centered
around 0, and then swing all the way from

—99 to +99. This parameter lets you shift the LFO up and
down, so that—for instance—it’s centered on 50, and then
swings from —49 to +149.

For example, let’s say that you’re using an LFO for vibrato.
If the Offset is 0, the vibrato will be centered on the note’s
original pitch, bending it both up and down.

If the Offset is +99, on the other hand, the vibrato will only
raise the pitch above the original note.
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Offset settings and pitch change produced by vibrato

Offset = -99 Offset = 0 Offset = +99

Pitch WW MV MW

The one exception to this is the Guitar waveform, which is
designed to emulate bending a string on a guitar—so that the
pitch only goes up, and not down. Because of this, the
waveform is centered on 50, and not on 0. Of course, you
can always use a negative Offset to shift it back down below
0 again!

Since Offset affects the output values of the LFO, it’s
important to note that it affects the signal after the Shape
function, as shown below:

LFO Signal Flow

Waveform Shape Offset
A - A A
Fade [00...99]

The LFO can fade in gradually, instead of simply starting

immediately at full strength. This parameter specifies the

time from when the LFO begins to play until it reaches its
maximum amplitude.

If the Delay parameter is being used, then the fade will begin
after the delay is complete.

When Key Sync is Off, the fade will apply only to the first
note in the phrase.

LFO Fade and Delay

Delay Fade

— WAV

Note-on Note-off

Delay [00...99]
This sets the time from note-on until the LFO starts.

When Key Sync is Off, the delay applies only to the first
note of the phrase.

5-1b: Frequency Modulation

You can use two alternate modulation sources (AMS) to
adjust the speed of the LFO.
[List of AMS Sources]

This selects the first modulation source for the LFO’s
frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Note that you can use LFO2 to modulate LFO1’s frequency.

AMS1 (Frequency)

Intensity [-99...4+99]

This sets the initial amount of AMS1. The Intensity Mod
AMS then adds to this initial amount.

When AMSI is at its maximum value (for instance, when the
joystick is pushed all the way up), the AMS affects the
frequency as shown below:

Intensity Change to LFO Frequency
+99 64x
+82 32x
+66 16x
Faster
+49 8x
+33 4x
+16 2X
-16 1/2x
-33 1/4x
-49 1/8x
Slower
-66 1/16x
-82 1/32x
-99 1/64x
Intensity Mod AMS [List of AMS Sources]

This selects a secondary AMS modulation source to scale
the intensity of AMSI.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

[-99...+99]

This controls the depth and direction of the Intensity Mod
AMS. Even if the main AMSI Intensity is set to 0, Intensity
Mod AMS can still control the final amount of AMS A over
the full +/-99 range.

For example, if AMSI is set to the Pitch EG, and Intensity
Mod AMS is set to JS +Y, positive settings mean that
pushing the joystick away from yourself will increase the
intensity of the Pitch EG modulation of LFO Frequency.

AMS2 (Frequency) [List of AMS Sources]

This selects the second modulation source for the LFO’s
frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity

[-99...+99]

This controls the amount of modulation from AMS2.

Intensity

5-1c: Frequency MIDI/Tempo Sync

MIDI/Tempo Sync [Off, On]

On (checked): The LFO will synchronize to the system
tempo, as set by either the Tempo knob or MIDI Clock. The
LFO speed will be controlled by the Base Note and Times
parameters, below. All settings for Frequency and
Frequency Modulation will be ignored.

Off (unchecked): The Frequency settings will determine the
speed of the LFO, and the tempo settings will have no effect.

Dol

This sets a basic rthythmic value for the LFO speed, relative
to the system tempo. The values range from a 32nd note to a
whole note, including triplets. It applies only when
MIDI/Tempo Sync is On.

Base Note
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Times [01...32]

This multiplies the length of the Base Note. For instance, if
the Base Note is set to a sixteenth note, and Times is set to 3,
the LFO will cycle over a dotted eighth note.
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5-2: 0SC1 LFO2 =22

This is Oscillator 1’s second LFO. Its parameters are exactly
the same as those for the first LFO, as described under “5-1:
OSC1 LFO1” on page 83—except that LFO1 cannot
modulate LFO2.

5-5:0SC2 LFO1 =22

This page controls Oscillator 2’s first LFO. It is available
only when the Oscillator Mode is set to Double; if not, the
page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “5-1: OSC1 LFO1” on page 83.

5-6: 0SC2 LFO2 e

This page controls Oscillator 2°s second LFO. It is available
only when the Oscillator Mode is set to Double; if not, the
page will be grayed out.

Its parameters are exactly the same as those for the first
LFO, as described under “5—1: OSC1 LFO1” on page 83—
except that LFO1 cannot modulate LFO2.
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5-9: Common LFO ==

=LF0O

He-1 F003: HD -1 Piano Damper
Commen LFO
5-93 —SSERUEWE GTi ITriangIe Start Phase
Shape +00  AMS  Off
Intensity ~ +00
Frequency 70 Fine 00
Reset AMS  Off
Offset +00

Frequency Modulation

5-9b — N JS+Y (CC#01) Intensity  +00

Frequency MIDI/Tempo Syne.

5-9¢ —¢ MIDI/Tempo Sync.

This is a single, free-running LFO, global for all voices in
the Program—like the modulation LFOs in some vintage
analog synths.

Differences from LFO1/2

The Common LFO starts running as soon as you select the
Program, and only resets when you tell it to do so explicitly
via the Reset Source control, below. This is different from
LFO1/2’s Key Sync parameter, which resets whenever all
notes are released.

The Common LFO’s persistence can be handy if you want to
create a constant rhythm with an LFO, and then play
“underneath” that rhythm without re-triggering it. For
instance, you can use a MIDI controller in your sequencer to
reset the Common LFO every few bars, regardless of what
notes are being played.

The Common LFO has most of the same controls as LFO1/2.
However, it does not include the Delay, Fade, and Key Sync
settings, since these only make sense for per-voice LFOs.

5-9a: Common LFO

Waveform [Triangle...Random6 (Continuous)]

This selects the basic LFO waveform. For a complete list of
the waveforms and more details, please see the entry under
LFOL1 “Waveform,” on page 83.

Start Phase [-180...+180, Random]

The Reset Source, described above, lets you reset the
Common LFO. This is the phase from which the LFO will
start when it is reset.

[-99...+99]

Shape adds curvature to the basic waveform. For more
details, please see the entry under LFO1 “Shape,” on
page 84.

Shape

Note: Shape does not affect the Square and Random 3
waveforms, since their values are always either +99 or —99.

5-9PMC

Intensity Mod. AMS off
Intensity +00

Common
LFO

AMS (Shape) [List of AMS Sources]

This selects a modulation source for controlling the LFO’s
Shape. Modulating the shape can dramatically alter the
effect of the LFO—try it out!

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
[-99...4+99]

This controls the depth and direction of the Shape
modulation.

Intensity

[00...99]

This controls the speed of the LFO, before any modulation.
Higher values mean faster speeds. For a complete
description, please see the entry under LFO1 “Frequency,”
on page 84.

Frequency

[00...99]

This allows you to control the LFO frequency with greater
precision, giving you 98 additional steps for each step of the
main Frequency parameter.

When this is set to 00, the LFO speed is as set by the
Frequency parameter.

Frequency Fine

When this is set to 99, it’s the same as increasing the main
Frequency value by 1.

Stop [Off, On]

On (checked): When Stop is On, the LFO does not
advance, and the Frequency parameters are ignored. Instead,
the LFO simply generate a single value when the Program is
selected, and then holds that value until you select another
Program, or until you reset the LFO via AMS.

Note: This is different from LFO1/2, in which the value is
reset with every note-on.

You can use this in conjunction with the Random waveforms
to create static, random modulation, with the value changing
only when you first select the Program.
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Off (unchecked): When Stop is Off, the LFO will function
normally.

Reset AMS [List of AMS Sources]

This selects an AMS source to reset the LFO to the Start
Phase. The LFO resets when the AMS value passes the
halfway mark: +50 for most AMS sources, or 64 for MIDI
controllers.

To create an effect similar to the per-voice LFO’s Key Syne
Off setting, set this to Gate 1+ Damper.

Offset [-99...+99]

By default, almost all of the LFO waveforms are centered
around 0, and then swing all the way from

—99 to +99. This parameter lets you shift the LFO up and
down, so that—for instance—it’s centered on 50, and then
swings from —49 to +149.

For a complete description, please see the entry under LFO1
“Offset,” on page 84.

5-9b: Frequency Modulation

These parameters are identical to the Frequency Modulation
settings for LFO1, as described under “5—1b: Frequency
Modulation,” on page 85.

5-9c¢: Frequency MIDI/Tempo Sync

These parameters are identical to the Frequency
MIDI/Tempo Sync for LFO1, as described under “5-1c:
Frequency MIDI/Tempo Sync,” on page 85.

v 5-9:Page Menu Commands
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PROGRAM > AMS Mixer/Common KeyTrack

Each Oscillator has two AMS Mixers, which are simple but
powerful tools for combining and modifying AMS signals.

The two Oscillators also share two Common keyboard
tracking generators, in addition to the dedicated keyboard
tracking for the Filter and Amp.

These pages let you control all of these modulation sources.

Note that when the Oscillator Mode is set to Single, only
Oscillator 1’s AMS Mixers are active; the pages for
Oscillator 2 will be grayed out.

6-1: 0OSC 1 AMS Mix

1> AM on KeyTrack

< HD-1 FO03: HD -1 Piano Damper

AMS Mixer 1
Mixer Type A+B

A+B
AMSA  Filter Key Track Amount  +99

AMSB  Velocity Amount 499

0SC1
AMS Mix

The AMS Mixers combine two AMS sources into one, or
process an AMS source to make it into something new.

For instance, they can add two AMS sources together, or use
one AMS source to scale the amount of another. You can
also use them to change the shapes of LFOs and EGs in
various ways, modify the response of realtime controllers,
and more.

The AMS Mixer outputs appear in the list of AMS sources,
just like the LFOs and EGs.

This also means that the original, unmodified inputs to the
AMS Mixers are still available as well. For instance, if you
use LFO 1 as an input to a AMS Mixer, you can use the
processed version of the LFO to control one AMS
destination, and the original version to control another.

Finally, you can cascade the two AMS Mixers together, by
using AMS Mixer 1 as an input to AMS Mixer 2.

6-1PMC

AMS Mixer 2

Mixer Type  Offset

— S —
[(AT Amount | [offset |
AMS A x Amount + Offset

Offset

AMSA  Exponential Velocity Amount  +100
Offset -100

6-1a: AMS Mixer 1

[A+B, Amt AxB, Offset, Smoothing,
Shape, Quantize, Gate]

Mixer Type

This controls the type of processing performed by AMS
Mixer 1. Each of the Mixer Types is discussed in detail over
the next several pages.

A+B adds two AMS sources together. For more information,
see “A+B” on page 90.

Amt Ax B scales the amount of one AMS source with the
other. See “Amt A x B” on page 90 for more details.

Offset adds or subtracts a constant value to or from an AMS
source. For more information, see “Offset” on page 91.

Smoothing creates more gentle transitions between values,
smoothing out abrupt changes such as a quick move on a
joystick or a sharp edge on an LFO. For details, see
“Smoothing” on page 92.

Shape adds curvature to the AMS input. For an in-depth
description, see “Shape” on page 92.
Quantize turns smooth transitions into discrete steps. See

“Quantize” on page 93 for more information.

Gate chooses between two AMS inputs (or fixed values)
based on a third AMS source. See “Gate” on page 93 for
more information.
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A+B
AMS Mixer, Type = A+B

A+B merges two AMS sources into one. This can be handy
when you need to add one more modulation source to a
parameter, but you’ve already used up all of the available
AMS slots.

For instance, let’s say that you’re using an LFO to modulate
Filter Resonance, and then you decide that it would be
interesting to scale that parameter with an EG as well.
Resonance has only a single AMS input, but you can easily
merge the LFO and the EG together using the A+B AMS
Mixer:

1. Assign the LFO to AMS A.
2. Assign the EG to AMS B.

3. Assign the AMS Mixer as the Filter Resonance AMS
source.

AMS Mixer A+B example

AMS A: LFO

AMS B: EG

Amt A*B Output

AMS A
This selects the first AMS input.

[List of AMS Sources]

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

AMS A Amount [-99...+99]
This controls the depth and direction of the AMS A input.
AMSB [List of AMS Sources]

This selects the second AMS input.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

AMS B Amount [-99...+99]
This controls the depth and direction of the AMS B input.

AmtAxB
AMS Mixer, Type = Ax B

AMS A

> ®—> Output
v
ams 8 —(X)— P

Amt B AmtA

This Mixer Type uses AMS B to scale the amount of AMS
A. For instance, you can control the amount of LFO1 with
the Filter EG or the amount of the Pitch EG with the Joystick
+Y.

AMS Mixer Amt AxB example

AMS A: LFO

AMS B: EG

Amt A*B Output

AMS A [List of AMS Sources]
This selects the first AMS source, which can then be scaled
by AMS B. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

AMS A Amount [-99...+99]

This controls the initial amount of AMS A, before
modulation from AMS B. Input from AMS B then adds to
this initial amount.

Even if Amount A is set to 0, AMS B can still control the
final amount of AMS A over the full +/-99 range.
AMSB [List of AMS Sources]

This selects the second AMS source, to scale the amount of
AMS A. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

AMS B Amount [-99...4+99]

This controls the depth and direction of the AMS B
modulation of AMS A.

For example, if AMS A is set to LFO 1 and AMS B is set to
the Filter EG, positive settings mean that the EG will
increase the amount of LFO1.

Tips for using Amt Ax B

Using SW 1/2 to turn an AMS source on and off
You can use Amt AxB to “gate” an AMS source:

1. Set AMS A to the desired source, and set AMS A
Amount to 0.

2. Set AMS B to SW 1 or 2, and AMS B Amount to +99.
Now, SW1 or 2 will turn AMS A on and off.
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Muting individual Wave Sequence steps with
SW1

You can use AMS Mixers in conjunction with the AMS
outputs of Wave Sequences. For instance, you can use SW1
to turn one or more steps of a Wave Sequence on or off. To
do this:

1. In the Oscillator which uses the Wave Sequence, set
an AMS Mixer to Amt A*B.

2. In the AMS Mixer, set AMS A to Wave Sequence
AMS Output 2.

In the same AMS Mixer:

3. Set AMS B to SW1.

4. Set AMS A Amount to 0.

5. Set AMS B Amount to +99.

Now, SW1 will “gate” Wave Sequence AMS Output 2.
Next, in the Wave Sequence:

6. For the step(s) you’d like to mute, set the AMS Output
2 to +127.

Leave all other steps set to 00.
Back in the Oscillator which uses the Wave Sequence:

7. Set the Amp AMS source to the AMS mixer you set up
in step 1, above.

8. Set the AMS Intensity to -99.

Now, when SW1 is On, the steps you set up in (6) will be
muted.

When SW1 is Off, they’ll sound normally.

Offset
AMS Mixer, Type = Offset

Amt A OffsetA

.

AMS A —> ®—> @ — Output

This simple processor adds a constant positive or negative
offset to an AMS source, and also allows you to double the
gain. Among other things, you can use this to convert a
bipolar AMS source (both negative and positive) to a
unipolar source (positive only), or vice-versa.

AMS A [List of AMS Sources]
This selects the AMS source to be offset.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

AMS A Amount

This controls the basic level of AMS A.

[-199...+199]

+199 doubles the original signal level, while —199 doubles
the level and inverts the phase. The values are clipped only
at the output; internally, they can be greater than the normal
range of —99 to +99.

AMS A Offset [-199...+199]

This controls the amount of offset for AMS A.

Setting Offset to +199 shifts an AMS input of —99 all the
way to +99. In conjunction with high Amount values, this
can be useful for creating clipped shapes, such as shown in
the last of the “AMS Mixer Offset examples,” above.

AMS Mixer Offset examples

AMS A: LFO
+99

0

-99

Offset = +50, Amount = 50

Offset = =99, Amount = +199

+99
0
e NHUVTEEA L
Clipped
at Output
Tips for using Offset

Converting from bipolar to unipolar

You can use the Offset function to convert a bipolar AMS
source (both negative and positive), such as an LFO, to a
unipolar signal (positive only). To do so:

1. Select the LFO as the AMS A input.
2. Set the AMS A Amount to 50.

This cuts the overall level of the LFO in half, so that instead
of swinging between —99 and +99, it only swings between —
50 and +50.

3. Set the AMS A Offset to 50.

This shifts the LFO signal up, so that it now swings between
0 and +99.

Converting from unipolar to bipolar

Similarly, you can convert a unipolar AMS source (positive
only), such as a knob, joystick, etc., to a bipolar signal (both
negative and positive). To do so:

1. Select the AMS source as the AMS A input.
2. Set the AMS A Amount to +199.

This doubles the overall level of the AMS source, so that
instead of ranging from 0 to +99, it now goes from 0 to
+199.

3. Set the AMS A Offset to -100.

This shifts the AMS signal down, so that it ranges from -99
to +99.
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Smoothing

This Mixer Type smooths out the AMS input, creating more
gentle transitions between values. You have separate control
of the amount of smoothing during the attack (when the
signal is increasing) and decay (when it’s decreasing).

The higher the Attack and Decay settings, the more that the
input will be smoothed.

Low settings provide subtle controller smoothing. Higher
settings create auto-fade effects, transforming a quick
gesture into a longer fade-in and/or fade-out event.

Smoothing can also be used to alter the shape of
programmable mod sources, such as LFOs and EGs. For
instance, you can turn a “blip” into a simple envelope shape,
as shown below.

AMS Mixer Smoothing examples

Original AMS A: Smoothing with Long Attack

and Short Release:

7\

Smoothing with Short Attack & Long Release:

AMS A [List of AMS Sources]
This selects the AMS source to be smoothed.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

AMS A Attack [00...+99]

This controls the attack time of the smoother, or how long it
takes the smoother to reach a new, higher value.

Higher Attack settings mean longer times.

Depending on how quickly the AMS input value is
changing, high Attack settings may mean that the value is
never quite reached, as shown in “AMS Mixer Shape
examples,” above.

AMS A Decay [00...499]

This controls the decay time of the smoother, or how long it
takes the smoother to reach a new, lower value.

Higher Decay settings mean longer times.

Shape

This Mixer Type adds curvature to the AMS input. Shape
can create custom controller curves, such as exponential
joystick, logarithmic velocity, and so on. It can also alter the
shape of programmable modulation sources, such as EGs
and LFOs.

Note: Shape only affects AMS signals which already have
some amount of slope, such as EGs, triangle and sine LFOs,
and so on. It does not affect signals which only contain
abrupt transitions, such as square waves.

AMS A [List of AMS Sources]
This selects the AMS input source to be shaped.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Mode

This selects whether Shape will produce one or two curves.
The graphic “AMS Mixer Shape examples” may help to
visualize how this works.

[Symmetric, Asymmetric]

Asymmetric will produce a single curve, extending from —
99 to +99.

Symmetric will produce two matching curves extending
outwards from 0 to —99 and +99, respectively.

[-99...4+99]

This controls the amount of curvature, and whether the
curves are concave or convex. As you can see in the graphic
examples, the shape will tend to emphasize certain value
ranges, and de-emphasize others.

Shape

For example, let’s say that you are using a triangle LFO,
through Shape, to modulate filter cutoff. If Shape
emphasizes the high value range, the filter will spend more
time at the higher frequencies. If it emphasizes the low
range, the filter will spend more time at the lower
frequencies.

Here’s a handy chart which shows the results of Shape with the different settings and input types:

Mode Input Shape Result
Positive (+) emphasizes upper value range
Unipolar
Negative (-) emphasizes lower value range
Symmetric Positive (+) emphasizes both upper and lower value ranges,
Bipolar and de-emphasizes the center
Negative (-) emphasizes center value range, around 0
Positive (+) emphasizes extreme upper range, with offset
Unipolar
Negative (-) emphasizes extreme lower range, with offset
Asymmetric
Positive (+) emphasizes upper value range
Bipolar
Negative (-) emphasizes lower value range
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AMS Mixer Shape examples

Bipolar Triangle Wave
Asymmetric

Bipolar Sawtooth Wave

Asymmetric
+99
0
-99
Unipolar Triangle Wave
Asymmetric Symmetric
(not recommended)
+99
0
-99
Shape = 0O (original waveform)
----- Shape = +99
Shape = -99

Bipolar and Unipolar AMS sources

To understand Shape, it helps to understand the difference
between bipolar and unipolar AMS sources.

Bipolar sources can swing all the way from —99 to +99, with
0 in the middle. Most LFOs are bipolar, for instance; so is
Pitch Bend.

Generally, bipolar AMS sources will work better with the
Asymmetric mode, but Symmetric may also produce
interesting results.

Unipolar sources only go from 0 to 99, with 50 in the
middle. MIDI controllers, such as JS+Y (CC#1), are all
unipolar. In practice, EGs are usually programmed to be
unipolar, even though the Filter and Pitch EGs do allow both
positive and negative levels.

With unipolar sources, it’s almost always better to use the
Symmetric mode. The Asymmetric mode can cause offsets
and other strange results.

Quantize

This Mixer Type changes the input from a continuous signal
into a series of discrete steps. Instead of moving smoothly
between values, it will snap immediately from one value to
another.

You can use this to change the shape of LFOs or EGs, or to
force a controller to land on a few specific values.

AMS Mixer Quantize examples

Unipolar (e.g., JS+Y)

09 /\/
+99
Quantize o
Steps = 8
-99
+99
Quantize 0
Steps = 16
-99

AMS A [List of AMS Sources]
This selects the AMS input source to be quantized.

Bipolar (e.g., LFO)

Original
AMS A

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

AMS A # Of Steps [2...32]

This controls the severity of the effect. The lower the
number of steps, the more “steppy” the output will be.

For instance, when this is set to 2, there will be “steps™ at 0,
50, and 99. With a bipolar AMS input, there will also be
steps at —50 and —99.

As another example, when it is set to 5, there will be steps at
0, 20, 40, 60, 80, and 99 (as well as —20, —40, —60, —80, and
—99 for bipolar inputs).

Gate
AMS Mixer, Type = Gate

_—0‘
_—0’
This Mixer Type lets you set up two different AMS sources

(or fixed AMS amounts), and then switch between the two
using a third AMS source.

Below O

o

At & Above

It’s similar to an audio gate with a side-chain, but with even
more flexibility—since you get to choose what happens when
the gate is closed (below the threshold), as well as when it’s
open (above the threshold).
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You can also choose whether the gate will be able to open
and close continuously in response to the control source, or
whether it only opens or closes at the beginning of the note,
and then stays that way over the note’s entire duration.

You can use the Gate to:

» Use a foot-switch (or other controller) to apply pitch-
bend or other effects to some notes, but not to others

* Apply controllers to a parameter only after the controller
reaches a certain threshold—for instance, use Velocity to
control harmonics in the STR-1, but only once Velocity
is greater than 90

» Use a joystick, button, or other controller to switch
between two different LFOs (or any two AMS sources)

Gate Control

[List of AMS Sources]
This selects the AMS source to control the gate.

Control at Note-On Only [Check-box]

When this is enabled (checked), the value of the Control
Source at note-on will select the output (Below Threshold
or At & Above Threshold). The selected output will then
remain active throughout the duration of the note, regardless
of any subsequent change in the Control Source’s value.

Source

Note that the output value itself can continue to change; only
the selection of Below or At & Above is fixed.

Threshold [-99...499]

This sets the value of the Control Source at which the gate
opens or closes.

Gate Output

If the value of the Control Source is less than the
Threshold, the Gate outputs the preset value or AMS source
selected under Below Threshold.

If the value of the Control Source is greater than or equal to
the Threshold, the Gate outputs the preset value or AMS
source selected under At & Above Threshold.

Below Threshold [Fixed Value, AMS A]
This selects whether Below Threshold uses a preset value,

or the selected AMS source.

Fixed Value [-99...499]

This lets you set a specific value to be used when the
Control Source is less than the Threshold. This only
applies when Below Threshold is set to Fixed Value.

AMS A [List of AMS Sources]

This lets you set an AMS source to pass through the Gate
when the Control Source is less than the Threshold. This
only applies when Below Threshold is set to AMS A.

At & Above Threshold [Fixed Value, AMS B]
This selects whether At & Above Threshold uses a preset
value, or the selected AMS source.

[-99...499]

This lets you set a specific value to be used when the
Control Source is greater than or equal to the Threshold.
This only applies when At & Above Threshold is set to
Fixed Value.

Fixed Value

AMS B [List of AMS Sources]

This lets you set an AMS source to pass through the Gate
when the Control Source is greater than or equal to the
Threshold. This only applies when At & Above Threshold
is set to AMS B.

Tips for using Gate

Selective pitch-bend, using only the joystick

You can also use a single AMS source as both the Control
Source and a value source:

. Set the Control Source to JS X.

. Set Control At Note-On Only to On (checked).

. Set the Threshold to 00.

. Set Below Threshold to AMS A: JS X.

. Set At & Above Threshold to a Fixed Value of 00.

. On the Pitch Mod page, assign the AMS Mixer to
control the pitch.

7. Also on Pitch Mod, set the standard JS+X and JS-X
amounts to 0.

A N AW N -

This way, only the AMS Mixer’s processed version of the
joystick will affect the pitch.

8. With the joystick in the center, play a chord, and hold
it through step 9.

9. Bend the joystick to the left, and then play a new note
above the chord.

10.Use the joystick to bend the pitch of the new note.

The new note will bend, but the original chord (played

before you bent the joystick down) will not. This method is

particularly good for bending the top note of a chord up to

pitch.

Generating a static value

Sometimes, it can be handy to have a preset value as an
AMS source. The Gate is one way to create this. To do so:

1. Set both Below Threshold and At & Above Threshold
to Fixed Value, and enter the same value into each.

Now, the AMS mixer will always generate this static value.

6-1b: AMS Mixer 2 [I2¥2

This is the second AMS Mixer for Oscillator 1. The
parameters are exactly the same as those for AMS Mixer 1,
as described under “6—1a: AMS Mixer 1” on page 89.
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6-5: 0SC 2 AMS Mixer =2

This page controls the two AMS Mixers for Oscillator 2.
These are available only when the Oscillator Mode is set to
Double; if not, the page will be grayed out.

The parameters are identical to those for Oscillator 1, as
described under “6—1: OSC 1 AMS Mix,” on page 89.
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6-9: Common KeyTrack

Common KeyTrack
< He-1 FO03: HD -1 Piano Damper
Keyboard Track1

Low Break |F2

Ramp Bottom-Low 420

Keyboard Track2

Key Low Break Center

Ramp Bottom-Low  +00

The two Oscillators share two Common keyboard tracking
generators, in addition to each Oscillator’s dedicated
keyboard tracking for the Filter and Amp. You can use these
Common keytracks as AMS sources for modulating most
AMS destinations.

The Common Key Track parameters are shared by the entire
Program, but the actual AMS values are calculated
individually for each voice.

Low-Center +00

Overview

What does Keyboard Tracking do?

At its most basic, keyboard tracking lets you vary the
modulation amount as you play up and down the keyboard.
This can be useful for making the timbre consistent across
the entire range, or adjusting parameters according to pitch.

The NAUTILUS keyboard tracking can be fairly complex, if
desired. You can create different rates of change over up to
four different parts of the keyboard. For instance, you can:

* Make the modulation increase very quickly over the
middle of the keyboard, and then increase more slowly—
or not at all-in the higher octaves.

* Make the modulation increase as you play lower on the
keyboard.

» Create abrupt changes at certain keys, for split-like
effects.

6-9PMC

High Break G6
Center-High -50 High-Top +00

F#4 High Break Gé

Center-High +99 High-Top +Inf

Commeon
KeyTrack

Common Keyboard Tracking

At the Center Key, the AMS value is always 0.

AMS Ramp:
+99 +99
+50
Ramp: Ramp =+99 " 00
+99 -50
0 _/ 0
_99 Ramp = -50
-99
b '" '"
Low Brearkr 7 Center ngh Break

How it works: Keys and Ramps

The keyboard tracking works by creating four ramps, or
slopes, between five keys on the keyboard. The bottom and
top keys are fixed at the bottom and top of the MIDI range,
respectively. You can set the other three keys—named Low
Break, Center, and High Break—to be anywhere in between.

The four Ramp values control the rate of change between
each pair of keys. For instance, if the Low-Center Ramp is
set to 0, the value will stay the same between the Low Break
key and the Center key.

You can think of the resulting shape as being like two
folding doors attached to a hinge in the center. At the Center
key (the main hinge), the keyboard tracking has no effect.
The two folding doors swing out from this center point to
create changes in the higher and lower ranges of the
keyboard.
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6-9a: Keyboard Track 1 B3
Key

Low Break [C-1...G9]

This sets the breakpoint note between the two lower ramps -

the “hinge” of the lower door.

Center [C-1...G9]

This sets the center of the keyboard tracking - the main
“hinge.” At this key, the keyboard tracking has no effect on
the AMS destinations.

High Break [C-1...G9]

This sets the breakpoint note between the two higher ramps -
the “hinge” of the upper door.

Entering notes from the keyboard

You can enter note numbers directly by playing them on the
keyboard. To do so:

1. Select one of the Key parameters.

2. Hold down the ENTER key.

3. While holding ENTER, play a note on the keyboard.

Ramp

Positive ramp values mean that the keyboard tracking output
increases as you play farther from the Center Key; negative
ramp values mean that it decreases.

Because of this, the meanings of positive and negative ramp
settings will change depending on whether the ramp is to the
left or right of the Center Key.

Bottom-Low and Low-Center: negative ramps make the
keyboard tracking’s output go down as you play lower on the
keyboard, and positive ramps make the output go higher.

Center-High and High-Top: negative ramps make the
keyboard tracking’s output go down as you play higher on
the keyboard, and positive ramps make the output go up.

Bottom-Low [-Inf, -99...4+99, +Inf]

This sets the slope between the bottom of the MIDI note
range and the Low Break key. For normal key track, use
negative values.

Low-Center [-Inf, -99...+99, +Inf]

This sets the slope between the Low Break and Center keys.
For normal key track, use negative values.
Center-High [-Inf, -99...+99, +Inf]
This sets the slope between the Center and High Break keys.
For normal key track, use positive values.
High-Top [-Inf, -99...499, +Inf]

This sets the slope between the High Break key and the top
of the MIDI note range. For normal key track, use positive
values.

The table below shows how the ramps affect the AMS
output:

Ramp value AMS change
~Inf goes to -99 in 1 half-step
-99 —20 per octave
-50 -10 per octave

Ramp value AMS change
0 no change
+50 +10 per octave
+99 +20 per octave
+Inf goes to +99 in 1 half-step

+Inf and -Inf ramps

+Inf and —Inf are special settings which create abrupt
changes for split-like effects. When a ramp is set to +Inf or —
Inf, the keyboard tracking will go to its extreme highest or
lowest value over the span of a single key.

+Inf and —Inf Ramps

Ramp = +Inf

Ramp = -Inf

Low Break Center High Break

Note: If you set the Center-High ramp to +Inf or —Inf, the
High-Top parameter will be grayed out. Similarly, if you set
the Low-Center ramp to +Inf or —Inf, the Bottom-Low ramp
will be grayed out.

6-9b: Keyboard Track 2 B2

This is the second Common keyboard tracking generator.

Its parameters are exactly the same as those for Keyboard
Track 1, as described under “6—9a: Keyboard Track 1” on
page 97.
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PROGRAM > IFX

These pages let you can make settings for the insert effects.
For instance, you can:

+ Send the output of a oscillator to an insert effect

* Route a sound to an insert effect

* Make detailed settings for insert effects
» Make common LFO settings for effects

For more information, please see “Effect Guide” on
page 733.

8-1: Routing

8-1PMC

[E]

T Piano Body/Damper

8-1a —3&
All 0SCs Drum Track
He-1 FO03: HD-1 Piano Damper
Bus Select (IFX/Indiv.Out Assign)
8-1c — BTIVEEEN [
0SC MFX Send
8-1d —

Routing

8-1a: Routing Map

This graphic shows an overview of the insert effects,
including the routing of the oscillators to the effects, the
effects names and on/off status, chaining between the
effects, and the output bus to which the insert effects are
themselves routed.

This page lets you adjust the routing of the oscillators to the
insert effects. To adjust the other settings shown in this
graphic, see “8-5: Insert FX,” as described on page 101.

Note: Configure the routing for the drum track in “Bus”,
Scene Common Setup on the ARP DRUM page. For more
information, see “Bus” on page 17.

8-1b: Use Dkit Setting
Use Dkit Setting [Off, On]

This is shown if Oscillator Mode is set to Drums or Double
Drums. If Oscillator Mode is set to Single or Double, it is
ignored. For more information, please see “Oscillator Mode”
on page 35.

On (checked): Drum Kits can have different Bus Select
(IFX/Indiv.Out Assign), FX Control Bus, Send1 (to
MFX1), and Send2 (to MFX2) settings (GLOBAL 4-3b)
for each note. When Use DKit Setting is On, these per-key
settings will be used. You can use this to apply individual
insert effects to specific drum instruments, or to send
specific drum instruments to individual outputs.

Reverb Wet Plate
Stereo Mastering Limiter LR

IFX4 No Effect LR

IFX5 Mo Effect LR

FX Control Bus REC Bus
AlloSCsto  Off AllOSCsto  Off

8-1d 8-1e

Tip: Most of the factory Drum Kits use standard Bus Select
settings, as detailed below:

Snares — [FX1

Kicks — IFX2

Toms — IFX3

Cymbals — [FX4
Percussion, etc. — IFX5

Off (unchecked): The Program’s normal settings for Bus
Select, FX Control Bus, and OSC MFX Send will be used;
see below for more information on these parameters. All
drum instruments will be sent to the same busses.
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Use Dkit Setting = On

All 0SCs

< woa 0018: Studio Standard Kit

Bus Select (IFX/Indiv.Out Assign)

0SC MFX Send

Routing

8-1c: Bus Select

Bus Select (IFX/Indiv.Out Assign) (All OSCs to)
[L/R,IFX1...12, 1...4, 1/2, 3/4, Off]

This specifies the output bus for both oscillators 1 and 2.

L/R: The oscillators will go to the L/R bus. This is the
default setting.

IFX1...12: The oscillators will go to the specified IFX bus.

1...4: The oscillators will be routed in mono to the specified
AUDIO OUTPUT (INDIVIDUAL).

1/2...3/4: The oscillators will be routed in stereo, using the
Pan setting (4—1c, 4-5: Amp2/Driver2), to the specified
AUDIO OUTPUT (INDIVIDUAL) pair.

Off: The oscillators will not go to any of the outputs directly.
You can use this to route the sound completely through the
MFX. Use Send1 (to MFX1) and Send2 (to MFX2) to
specify the send levels.

8-1d: FX Control Bus

All OSCs to [Off, 1, 2]

Sends the output of oscillators 1 and 2 to an FX Control bus
(two-channel stereo FX Ctrl 1 or 2).

Use the FX Control busses when you want a separate sound
to control the audio input of an effect. You can use two FX
Control busses (each is a two-channel stereo bus) to control
effects in various ways.

For more information, please see “FX Control Buses” on
page 737.

8-1e: RECBus
All OSCs to [Off, 1...4, 1/2, 3/4]

These settings send the output of oscillators 1 and 2 to the
REC busses (four mono channels: 1, 2, 3, 4).

The REC busses are dedicated internal busses for recording,
used for sampling in the various modes or for recording
audio tracks in SEQUENCER mode.

I3 =] Stereo Limiter |———— ¢
"IN Stereo Dyna Compressor f———————L&
el Stereo Limiter  ~ |——— .+
"ML= Stereo Parametric4EQ _ |——— L
[ZE =] Stereo Dyna Compressor |———————L*

IFX12 == Stereo Limiter
M Use DKit Setting J 09500
FX Control Bus REC Bus

All 0SCs to off

In PROGRAM mode, you can resample your keyboard or
Arpeggiator performance, or sample an external audio signal
from the AUDIO INPUT jacks.

In order for you to sample, Source Bus must be set to a REC
bus.

Normally you will set Source Bus to L/R so that you can
sample the signal of the L/R bus line, such as your keyboard
or Arpeggiator performance. However, you can use a REC
bus if you want to sample only an audio input while
performing on the keyboard or Arpeggiator function which
are being output via L and R. If desired, multiple audio
inputs can be mixed to a REC bus, or the direct signal from
an audio input can be mixed to a REC bus along with the
sound from an insert effect and sampled. For more
information, see the diagram “Source Bus = REC Bus 1/2”
on page 23.

Off: The signal will not be sent to a REC bus. This is the
default.

1...4: The oscillators will be sent to the specified REC bus,
in mono. The Pan settings (4—1c, 4-5: Amp2/Driver2) will
be ignored.

1/2, 3/4: The oscillators will be sent in stereo to the selected
pair of REC busses.

8-1f: OSC MFX Send
0SC1 Send1 (to MFX1) [000...127]

Sets the volume (send level) at which the output of oscillator
1 will be sent to master effect 1. This applies only when Bus
Select (8—1c) is set to L/R or Off.

If Bus Select is set to IFX1-1FX12, the send levels to
master effects 1 and 2 are set by Send 1 and Send 2 (8-5a)
after passing through IFX1-12.

0SC1 Send2 (to MFX2) [000...127]

Sets the volume (send level) at which the output of oscillator
1 will be sent to master effect 2 (see “OSC1 Send1 (to
MFX1)).

29
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0SC2 Send1 (to MFX1) [000...127]

0SC2 Send2 (to MFX2) [000...127]

Sets the volume (send level) at which the output of OSC2
will be sent to master effects 1 and 2. These parameters will
be valid when Oscillator Mode is set to Double and Bus
Select is set to L/R or Off.

m CC#93 scales OSC 1/2’s Send 1 level, and CC#91 scales
the Send 2 level. These are controlled on the global MIDI
Channel (GLOBAL 1-1a). The actual send level is
determined by multiplying these values with the send
levels of each oscillator.
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8-5:Insert FX

= |FX

: Piano Body/Damper

3: Reverb Wet Plate
3. Stereo Mastering Limiter
: No Effect
: No Effect
000: No Effect
000: No Effect
000: No Effect
000: No Effect
000: No Effect
000: No Effect

000: No Effect

8-5a: IFX

Here you can choose effects for each of the 12 inserts, turn
them on and off, configure chaining, and adjust the post-IFX
mixer settings. Meters below the IFX labels display the
effect output levels in realtime, showing the combined peak
signals of the left and right channels.

For insert effects, the direct sound (Dry) is always stereo-in
and out. The input/output configuration of the effect sound
(Wet) depends on the effect type. For more information,
please see “Insert Effects (IFX1...IFX12)” on page 741.

IFX1

IFX1
This selects the effect type for insert effect 1.

[000...197]

The meter below the label displays the effect’s output level
in realtime, showing the combined peak signals of the left
and right channels.

Category/IFX Select menu

When you press the popup button, the Category/IFX Select
menu will appear, letting you select effects by category.

IFX1 Select

EQUFilter

021: Talking Modulator

011: Stereo Parametric 4£Q

012; Stereo Graphic 7EQ 022; Stereo Decimator

013: Stereo Master 3EQ 023: Stereo Analog Record

014; Stereo Exciter/Enhancer 024; Stereo Wave Shaper

025; Piano Body/Damper I

026: Vocoder

Cho/Fin/Phs

. 015: Stereo Isolator
Mod/P.Shift

016: Stereo Wah/Auto Wah

Delay

017:St. Vintage/Custom Wah
018: Stereo Random Filter
019: Stereo Mutti Mode Filter

020: Stereo Sub Oscillator

Cancel

Use the tabs to select a category, and then select an effect
within that category. Press the OK button to execute your
selection, or press the Cancel button to cancel.

8-5PMC

Pan{CC#2)

You can also use the Find button to search for effects by
name. For more information, see “Find dialog” on page 7.

IFX1 On/Off [Off, On]

Switches the insert effect on/off. The setting will alternate
between on and off each time you press the button.

If this is off, the input will simply be passed to the output.
(When 000:No Effect is selected, there’s no audible
difference between On and Off.) Note, however, that even
when this is set to Off, the effect will continue to use
processing power.

[l Separately from this setting, you can use MIDI CC #92
(on the global MIDI Channel) to turn all insert effects
off. A value of 0 turns them off, and values of 1-127
restore the original setting.

Chain to [IFX2...IFX12]

You can chain up to twelve insert effects together in series,
to create more complex effects. Set up the chain using this
parameter, and then enable it using the Chain check box,
below.

Effects must be chained in ascending numeric order. For
example, IFX1 can be chained to any of IFX2 through
IFX12, and IFX2 can be chained to IFX3 through IFX12.

You can chain two or more effects into the same down-
stream effect. For instance, both IFX1 and IFX2 can be
chained to IFX6.

Effects can also join a chain in the middle. For instance, you
can chain IFX3 to IFX4 to IFX9, and then chain IFX2 to
IFX9 as well.

The Pan (CC#8), Bus Select, REC Bus, and Send1/2
settings apply only to the last effect in the chain. However,
any effect in the chain can be sent to the FX Control buses.

Chain [Off, On]

This enables the chain, as set up by the Chain to parameter,
above.
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Pan (CC#8) (Post IFX Pan)  [L000...C064...R127]

Specifies the panning immediately after the insert effect.
M You can use CC#8 to control this.

Bus Sel. (Bus Select) [L/R, 1...4, 1/2...3/4, Off]

Specifies the bus to which the signal will be sent
immediately after the insert effect.

L/R: The signal will be sent to the L/R bus, which passes
through TFX 1 and 2 and then goes to the main L/R outputs.
This is the default setting.

1...4: The signal will be sent, in mono, to the selected
individual output.

1/2, 3/4: The signal will be panned by the Pan (CC#8)
setting, and sent in stereo to the selected pair of audio
outputs.

Off: The signal will not be sent directly to the outputs. This
setting is useful if you want to:

* Use Send 1 or 2 to route the signal entirely through the
master effects, without sending the dry signal to the
outputs.

* Use the FX Control Bus to route the signal to an effects
side-chain, such as a gate or vocoder, without being
heard directly at the outputs.

* Use the REC Bus to record the signal, without routing
the signal directly to the outputs.

FX Control Bus [Off, 1, 2]

This sends the post-IFX signal to the FX Control busses. For
more information, see “8—1d: FX Control Bus” on page 99.

REC Bus [Off, 1, 2, 3,4, 1/2, 3/4]

Sends the post-IFX signal to the REC busses. For more
information, see See “8—1e: REC Bus” on page 99. If you
want to resample via the REC busses, set the sampling
Source Bus (0-8d) to REC 1/2 or REC 3/4.

Send1 [000...127]

Send2 [000...127]

These adjust the level at which the post-IFX signal is sent to
master effects 1 and 2. This is valid if Bus Select (8—5a) is
set to L/R or Off.

m You can use CC#93 to control the Send 1 level, and
CC#91 to control the Send 2 level. The global MIDI
channel specified by MIDI Channel (GLOBAL 1-1a) is
used for these messages.

IFX2...12

Here you can specify each insert effect’s effect type, on/off
status, chaining, and mixer settings following the insert
effect. With the exception of Chain to and Chain, the
parameters are the same as for [FX1. See “IFX1” on

page 101.

IFX2: Chain to [IFX3...IFX12]

IFX3: Chain to [IFX4...IFX12]

IFX4: Chain to [IFX5...IFX12]

IFX5: Chain to [IFX6...IFX12]

IFX6: Chain to [IFX7...IFX12]

IFX7: Chain to [IFX8...IFX12]

IFX8: Chain to [IFX9...IFX12]

IFX9: Chain to [IFX10...IFX12]

IFX10: Chain to [IFX11...IFX12]

IFX11: Chain to [(IFX12)]

These specify the chain destination for each insert effect. If
Chain is enabled, the insert effect will be connected in series
to the IFX specified by the Chain to setting.

The only chain destination for IFX11 is IFX12. You cannot
chain IFX12 to another IFX.

Chain [Off, On]
Specifies whether insert effects will be connected in series.

If the Chain check box is on, this insert effect will be
connected in series to the insert effect selected by “Chain
to.” This is not available for IFX12.

Tip: If you move from this page to the IFX— IFX1-12 page,
the IFX you choose here will be selected.
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8-7:IFX 1-12

8-7a —¢=

> IDES:PhnDBndeampH

SOUND BOARD
Depth 100

8-7b

DAMPER
Depth

OUTPUT

Wet/Dry  30:70

This page lets you edit the parameters of the insert effect 1.
Use the tabs at left to select IFX1 through IFX12.

To select different effects types, use the Insert FX page. For
more information, see “8-5: Insert FX” on page 101.

Effects Modulation: Dmod

Most effects have one or more parameters which can be
modulated in realtime. In the NAUTILUS, this is called
Dynamic Modulation, or Dmod for short.

For a complete list of Dmod sources, see “Dynamic
Modulation Source List” on page 914.

[ Effect dynamic modulation (Dmod) is controlled on the
global MIDI Channel (GLOBAL 1-1a). For more
information, see “Dynamic modulation (Dmod) and
Tempo Synchronization” on page 736.

Source Off

8-7a: IFX1

This configures the parameters of insert effect 1. Use the
tabs at the left to select IFX1-12.

IFX1 [000...197]
This selects the effect type for insert effect 1.

— p.101 “IFX1”

IFX1 On/Off [Off, On]

This turns the insert effect on and off. It is linked with the
on/off setting in the Insert FX page.

P (Effect Preset) [POO, PO1...15,U00...15, ------- ]
This selects the effect preset.

Effect preset function

You can store the parameters for each effect on the
NAUTILUS to internal memory. This function is called
“effect presets”.

8-7PMC

Tone
Mid Shape 3

Tune +0

Source Off

Effect parameters you edit are saved as part of each
Program, but effect presets let you save the variations for the
parameter settings per effect. The effect settings you like are
saved as presets, and you can easily recall them from other
Programs or modes.

The following presets can be saved to memory for each
effect.

PO0O: Initial Set: These are the default settings that are
recalled when you select an effect type. You can’t save your
own settings here.

PO01...P15: These usually contain Korg preset data (though
some effects may not include presets). We recommend that
you store your settings in U00-U15.

U00...U15: These are areas in which you can store your
own settings.

A& Some effects do not contain preset data.

------—-——-—-—-: This shows that no Effect Preset has been
selected. You’ll see this if you’ve just selected an effect,
written a Program, or selected a new Program. Selecting this
setting from the menu will not have any effect.

Note: Programs save the effects parameter settings, but they
don’t save the number of the selected Effect Preset. If you

select an Effect Preset, and then save the Program, the Effect
Preset setting will revert to “------------—- .

Using Effect Presets
1. Select an effect in the Insert FX page.
2. The P0O: Initial Set settings will be recalled.

“P (Effect Preset)” will show -------- .

3. Use “P (Effect Preset)” to select an effect preset: PO0—
P15 or U00-U1S5.

The stored parameters will be recalled. Note that this will
overwrite all parameters of the effect.

4. Edit the recalled parameters as desired.

5. You can save the settings for each program using the
“Write Program” page menu command.
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6. If you’ve come up with settings you like and want to
save them as a new preset, use the Write FX Preset
menu command.

IFX1 Parameters

Set the parameters for the effect type selected for insert
effect 1.

For details on the specific parameters of each effect, please
see “Insert Effects (IFX1...IFX12)” on page 741.

8-7b: IFX2...12

This configures the parameters of insert effects 2—12.

They have the same controls as described under “8—7a:
IFX1,” above.
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PROGRAM > IFX 8-9: Common FXLFO

8-9: Common FXLFO

FX
< He-1 FO03: HD -1 Piano Damper
Common FX LFO1

Sync(Reset)

Frequency [Hz]  JJo.02

Commeon FX LFO2
Sync(Reset)

Frequency [Hz] 0.02

The two Common FX LFOs allow you to synchronize LFO-
based modulation for multiple effects, such as phasers,
flangers, filters, and so on.

The Common LFOs control only the frequency, MIDI
synchronization, and reset options; each individual effect
still has its own settings for the LFO waveform and phase.

Within the individual effects, you can choose whether to use
one of the Common LFOs, or to use the individual effect’s
frequency, sync, and/or reset settings instead. This is done
via the effect’s LFO Type parameter; select Individual to
use the effect’s settings, or Common 1 or 2 to use the
Common LFOs.

[ Dmod (Dynamic Modulation) is controlled on the global
MIDI channel specified in GLOBAL mode MIDI page.

8-9a: Common FXLFO1

Sync (Reset) [Off, On]
This specifies whether the Common FX LFO will be reset.

If this is on, operating the Source (below) will reset the
phase of the LFO.

Source (Dmod Source) [List of Dmod Sources]

If “Sync (Reset)” is on, this selects the Dmod source that
will reset the Common LFO. For a complete list of Dmod
sources, see “Dynamic Modulation Source List” on

page 914.

[ This will be off when the modulation source specified by
Source has a value below 64, and on when the value is
above 64. The LFO will be reset when this value rises
from a level below 64 to a level higher than 64.

[0.02...20.00 Hz]

This specifies the frequency of the Common FX LFO.
Higher values make the LFO faster.

Frequency

8-9PMC

MIDI/Tempo Sync.

MIDI/Tempo Sync.

MIDI/Tempo Sync [Off, On]

On (checked): The LFO will synchronize to the system
tempo, as set by either the Tempo knob or MIDI Clock. The
LFO speed will be controlled by the Base Note and Times
parameters, below. All settings for Frequency and
Frequency Modulation will be ignored.

Off (unchecked): The Frequency settings will determine the
speed of the LFO, and the tempo settings will have no effect.

[MIDI, 40.00...300.00]

[ﬁ“'o]

This sets a basic rhythmic value for the LFO speed, relative
to the system tempo. The values range from a 32nd note to a
whole note, including triplets. It applies only when
MIDI/Tempo Sync is On.

BPM

Base Note

[01...32]

This multiplies the length of the Base Note. For instance, if
the Base Note is set to a sixteenth note, and Times is set to 3,
the LFO will cycle over a dotted eighth note.

Times

8-9b: Common FX LFO2

The parameters are identical to those for Common FX
LFOl1, as described under “8-9a: Common FX LFO1” on
page 105.
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Common FX LFO

Common FX LFO1

Frequency[Hz] —{ /M

Reset —— Generate original LFO waveform

LFO Type = Common1

Stereo Flanger

VAV

[<¢—— Waveforem =Triangle
[<¢—— Phase Offset = 0 [deg]

Stereo Phaser

.

[<—— Waveforem = Sine
|<¢—— Phase Offset = 0 [deg]

Stereo Auto Pan

JAVAN

[<¢—— Waveforem = Sine

[<—— Phase Offset = +90 [deg]

v 8-9:Page Menu Commands
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PROGRAM > MFX/TFX 9-1:Routing

PROGRAM > MFX/TFX

Here you can make settings for the master effects and total
effects. For instance, you can:

* Route a sound to an master effects and total effects

» Make detailed settings for master effects and total effects

For more information, please see “Effect Guide” on
page 733.

9-1: Routing

AM = N FX
Hp-1 F003: HD -1 Piano Damper

MFX1

048: Stereo Flanger

100: O-verb

000: No Effect

2 000: No Effect

Routing

Here you can specify the type of master effects and total
effects, and turn them on/off. The meters below the effects
names display the effect output levels in realtime, showing
the combined peak signals of the left and right channels.

The master effects are sent to the L/R bus. The total effects
are inserted into the L/R bus.

9-1a: MFX1, 2

The master effect does not output the direct sound (Dry).
Adjust the “Return 1” and “Return 2” return levels to return
the signal to the L/R bus and mix it with the L/R bus signal.

The master effects are stereo-in/out, but depending on the
selected effect type, the output may be monaural. See
“In/Out” on page 741.

MFX1
MFX1 [000...197]

This selects the effect type for master effect 1. You can use
any of the available effects, without limitation. If you choose
000:No Effect, the output from the master effect is muted.

The meter below the effect name displays the effect’s output
level in realtime, showing the combined peak signals of the
left and right channels.

Category/MFX Select menu

When you press the popup button, the Category/MFX Select
menu will appear, letting you select effects by category. Use
the tabs to select a category, and then select an effect within
that category. Press the OK button to execute your selection,
or press the Cancel button to cancel.

9-1PMC

Chain
Direction  MFX1 = MFX2

Level 127

Return1  Return2

050 050
N \

Master Volume

127 L/Mona
R

N

You can also use the Find button to search for effects by
name. For more information, see “Find dialog” on page 7.

MFX1 On/Off [Off, On]

Switches the master effect 1 on/off. When off, the output
will be muted. This will alternate between on and off each
time it is pressed.

[l Separately from the settings here, you can use control
change #94 to turn master effects 1 and 2 off. A value of 0
turns them off, and values of 1-127 restore the original
setting. The global MIDI channel specified by MIDI
Channel (GLOBAL 1-1a) is used for this message.

Return 1 [000...127]

This specifies the return level from the master effect to the
L/R bus (after which it passes through TFX1 and 2, and is
sent from L/MONO and R).

MFX2

MFX2 [000...197]
MFX2 On/Off [Off, On]
Return 2 [000...127]

These parameters specify the effect type for master effect 2,
its on/off status, and the return level from master effect 2 to
the L/R bus. See “MFX1” on page 107.

Chain:
Chain On/Off [Off, On]

On (checked): Chain (series connection) will be turned on
for MFX1 and MFX2.
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Category/MFX Select menu

MFX1 Select

Dynamics

040: Stereo Chorus

EQ/Filter 041; Stereo Harmonic Chorus

042: St. Bi-phase Modulation

ODAmp/Mic

043: Multitap Cho/Delay 4Taps

I Cho/FIn/Phs

044: Multitap Cho/Delay 6Taps
045: Bi Chorus
046: Ensemble

047: Polysix Ensemble

Mono-Mono

Mono/Mono

049: Stereo Random Flanger

[MFX1->MFX2, MFX2->MFX1]

Specifies the direction of the connection when MFX1 and
MFX2 are chained.

MFX1—>MFX2: Connect from MFX1 to MFX2.
MFX2—-MFX1: Connect from MFX2 to MFX1.

Chain Direction

Chain Level [000...127]

When chain is On, this sets the level at which the sound is
sent from the first master effect to the next master effect.

9-1b: TFX1, 2

These are the parameters for total effect 1 and 2, which are
placed at the final stage of the L/R bus. After passing
through the total effects, the sound is output to AUDIO
OUTPUT (MAIN OUT) L/MONO and R.

For the total effects, the direct sound (Dry) is always stereo-
in/out. The input/output configuration of the effect sound
(Wet) will depend on the selected eftect type.

The total effects are stereo-in and stereo-out, but the output
may be monaural depending on the type of effect you select.
(See “In/Out” on page 741.)

TFX1

TFX1 [000...197]

This selects the effect type for total effect 1. You can use any
of the available effects, without limitation.

Category/TFX Select menu

When you press the popup button, the Category/TFX Select
menu will appear, letting you choose effect types by
category. Use the tabs to select an effect category, and then
choose an effect within that category. Press the OK button to
execute your choice, or press the Cancel button to cancel.

You can also use the Find button to search for effects by
name. For more information, see “Find dialog” on page 7.

Chorus/Flanger/Phaser

050: Stereo Envelope Flanger
051: Stereo Phaser

052: Stereo Random Phaser
053: Stereo Envelope Phaser

054: Bi Phaser

048: Stereo Flanger

TFX1 On/Off [Off, On]

This turns total effect 1 on/off. If this is off, the input will be
passed directly through. The setting will alternate between
on/off each time you press this.

[ Separately from this setting, you can use control change
#95 to turn both total effects off. A value of 0 turns them
off, and values of 1-127 restore the original setting. The
global MIDI channel specified by MIDI Channel
(GLOBAL 1-1a) is used for this message.

TFX2
TFX2 [000...197]
TFX2 On/Off [Off, On]

These parameters specify the effect type and on/off status for
total effect 2. See “TFX1” on page 108.

9-1c: Master Volume
[000...127]

This controls the final volume level after total effects 1 and
2, as heard at AUDIO OUTPUT (MAIN OUT) L/MONO
and R.

Master Volume

The stereo meter to the right of the volume control shows the
audio levels at the main output in realtime, including

clipping.

v 9-1:Page Menu Commands
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PROGRAM > MFX/TFX 9-2: MFX1

9-2: MFX1

> IIJ=18: Stereo Flanger
FLANGER LFO

Delay Time [msec] 0.0 Waveform

Phase [degree] +180

Depth
Feedback
High Damp [%]

Type

OUTPUT
Wet/Dry  Dry

MFX
1

9-2a: MFX1

Here you can edit the parameters of the effect you choose for
MFX1 in the MFX/TFX— Routing page.

[ Effect dynamic modulation (Dmod) is controlled on the
global MIDI Channel (GLOBAL 1-1a). For more
information, see “Dynamic Modulation Source List” on
page 914.

MFX1 [000...197]

This selects the effect type for master effect 1.
— p.107 “MFX1”

MFX1 On/Off [Off, On]
This turns master effect 1 on/off. It is linked with the on/off
setting in the MFX/TFX— Routing page.

P (Effect Preset) [P0O, PO1...15, U00...15, -------- 1
This selects the effect preset.

For more information, please see “Effect preset function” on
page 103.

9-2PMC

Triangle

M MIDI/Tempo Sync
BPM  MIDI

Base Note Times  x1

Source Knob Mod5 (CC#20)

9-2b: MFX1 Parameters

Here you can edit the parameters of the master effect.

For more information on using the master effects, please see
“Master Effects (MFX1, 2)” on page 753.

v 9-2:Page Menu Commands
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9-3: MFX2

9-4: TFX1

9-5: TFX2

These pages let you edit the parameters of Master Effect 2
and Total Effects 1 and 2.

The parameters for MFX2, TFX1, and TFX2 are the same as
for MFX1. For more information, see “9-2: MFX1” on
page 109.



HD-1: Tone Adjust 9-5: TFX2

HD-1: Tone Adjust

Tone Adjust provides an elegant physical interface to the
HD-1’s parameters. Most of the factory sounds use the
default layout, as shown below. You can also customize the
layout for individual sounds, if desired.

HD-1 Tone Adjust Default Settings

Button 9-11:
Filter Cutoff,
Filter Resonance,

Filter EG Intensity

[OsC1] Button 7:[0SC2]
Filter LFO1 Intensity to A Multisample
Button 3:[0SC2] /Wave Seq/Drum Kit
[0SC1] Button 5, 6:
Button 1: [OSC1] Tune Amp LFOT Intensity [OSC1] Transpose, [OSC1] Drive

Button 2: [OSC2] Tune Button 4: [0SC2] [OSC2] Transpose Button 8: [0SC2]
|

3 4
2:Filter 2:Amp . L : 2
LFOTIntA LFO1 Int Transpose Transpose /DKl Drive
off off off off
+10 2 +12 +07
1

Filter
EG Int
off

+10

Pitch Pitch LFO1 Filter LFO1 ~Amp LFO1 LFO1 LFO1  Amp Velocity

Stretch Intensity Intensityto A Intensity Speed Waveform  Intensity Drive

1 2 3 4 6 7 8

Pitch Pitch 1:Filter 1T:Amp 1T.LFO1 Amp 1:
Stretch LFO Int LFO1IntA LFO1 Int Wave Vel Int Drive

Guitar

Filter EG Filter EG Filter EG Filte EG Amp EG Amp EG Amp EG Amp EG
Attack Decay Sustain Release Attack Decay Sustain Release

9 10 11 12 13 14 15 16

FilterEG FilterEG FilterEG FilterEG Amp EG Amp EG Amp EG Amp EG
Attack Decay Sustain Release Attack Decay Sustain Release

HD-1 Tone Adjust parameters

The HD-1 supports all of the Common Tone Adjust
parameters, as described under “0—9a: Tone Adjust” on

page 29.

111



112

PROGRAM mode: HD-1

PROGRAM: Page Menu Commands

Compare —p.112
Write Program —p.112
Exclusive Solo —p.113
Show MS/WS/DKit Graphics —p.113
Add To Set List —p.113
Initialize Program —p.113
Load required samples —p.114
Optimize RAM —p.114
Select Sample No. —p.115
Select Directory/File for Sample To Disk —p.115
Auto Sampling Setup —p.116
Copy Tone Adjust —p.118
Reset Tone Adjust —p.119
Copy Oscillator —p.119
Swap Oscillator —p.119
Copy X-Y Envelope —p.119
Sample Parameters —p.120
Remap MS/Sample Banks —p.121
Sync Both EGs —p.121
Swap LFO 1&2 —p.121
Copy External Scene —p.122
Copy Scene —p.122
Swap Scene —p.122
Initialize Scene —p.122
Copy Insert Effect —p.122
Swap Insert Effect —p.123
Insert IFX Slot —p.123
Cut IFX Slot —p.124
Clean Up IFX Routings —p.124
Copy MFX/TFX —p.125
Swap MFX/TFX —p.125
Write FX Preset —p.126
PAGE —p.126
MODE —p.126
Compare

This command is available on all pages in PROGRAM
mode.

Use this when you wish to compare the edits you have made
to a Program or Combination’s sound with the unedited
original (i.e., the sound that is saved in memory). When you
execute this command while editing a Program or
Combination, the last saved settings for that Program or
Combination number will be recalled. Use the Compare
command once more to return the settings to how they were
while you were editing them.

If the Compare command is not shown in the page menu
commands, you cannot revert to the edited version of the
settings.

Write Program

This command is available on every page in PROGRAM
mode.

This command writes an edited Program into the
NAUTILUS internal memory. It is available on every page
in PROGRAM mode.

Write Program lets you:

* Save your edits

* Rename the Program

+ Assign the Program to a Category

* Mark the Program as a Favorite

» Copy the Program to a different Bank and number

A Be sure to Write any Program that you wish to keep. An
edited Program cannot be recovered if you do not write it
before turning off the power or selecting another
Program.

1. Select “Write Program” to open the dialog box.
Write Program

F003 HD-1 Piano Damper

Category IPmnu

SubCategory Single
To

Program »  F003: HD-1 Piano Damper

Cancel

The upper line of the dialog shows the Bank, number, and
Program name.

2. If you wish to modify the Program name, press the
text edit button to move to the text edit dialog box,
and enter the desired program name.

Ifa USB QWERTY keyboard (commercially available) is
connected, you can use this to enter text instead of the on-
screen keyboard. For more information, see “Editing names
and entering text” on page 206 of the OG.

3. In Category and Sub Category, specify the category of
the program that you are writing.

The category can be used to find this Program when
selecting a program in PROGRAM, COMBINATION, or
SEQUENCER modes.

Note: You can edit these category names in the GLOBAL
Program Category page. For more information, see “3—1:
Program Category” on page 665.

4. Press “To Program” to specify the destination Bank
and number.

Important: HD-1 Programs can only be written to HD-1
Banks, and EXi Programs can only be written to EXi
Banks. For more information on the default Bank types,
and on how to change them, please see “Program Bank
Contents” on page 7, and “Changing the Program Bank
Types” on page 3.

5. To Write the Program, press the OK button. To
cancel, press the Cancel button.

K Do not turn off the power for at least 10 seconds after
using the Write Program command. This allows the
system time to complete the process, which includes
saving a backup of the data to the internal drive.

Saving edits to GM Programs

You can edit GM Programs, but you must then save them to
a Bank other than INT-G; the GM Programs themselves
cannot be over-written.
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Exclusive Solo

This command is available on every page in PROGRAM
mode.

The function of the Solo button will switch each time you
select “Exclusive Solo”.

The Solo function operates in two different ways, as shown
below.

* Cleared: Multiple Solo
Solo is turned on for the OSC1 (EXil), OSC2 (EXi2),
the drum track and AUDIO IN. When the SW1 or SW2
button is set to switch SOLO on/off, Solo will be turned
on or off with each press of the button.

* Selected: Exclusive Solo
Solo will be turned on for only one button.

Note: The solo operation settings for the SW1 or SW2
button are adjusted on the Controllers: Switch page in each
mode.

Note: The Solo function will work on the following
components in each mode. All of the components will be
handled as a single group. When Solo is turned on for even
one component when Exclusive Solo is on, the other
components will turn off.

Program:
OSCI1 (EXil), OSC2 (EXi2), Drum Track, Audio Inputl,
Audio Input2, USB 1, USB 2

Combination:
Timbrel...Timbrel6, Audio Inputl, Audio Input2, USB 1,
USB 2

Sequencer:

MIDI Trackl...MIDI Track16,

Audio Trackl...Audio Trackl16,

Audio Inputl, Audio Input2, USB 1, USB 2

Sampling:
OSC, Audio Inputl, Audio Input2, USB 1, USB 2

Show MS/WS/DKit Graphics

This works in conjunction with the PROGRAM > Basic
page’s Play Page MS/WS/DKit Display parameters to
control whether the PROGRAM > Home page shows the
overview/jump parameters, or the selected graphics.

It only applies if a graphic has been selected for Play Page
MS/WS/DKit Display Osc 1 or Osc 2. If these parameters
are instead set to Show MS/WS/DK Names, the menu
command has no effect. For more information, see “1-1h:
Play Page MS/WS/DKit Display” on page 40.

This mirrors the Global parameter “Show MS/WS/DKit
Graphics” on page 635. Changes to the menu are reflected in
the Global parameter, and vice-versa. To save this setting,
use the Write Global Setting command in GLOBAL mode.

Add To Set List

This command, available on the Home pages of
PROGRAM, COMBINATION, and SEQUENCER modes,
allows the addition of the current Program, Combination, or
Song to a Set List.

1. Choose “Add to Set List” to open the dialog box.

Add To Set List

Program

F003: HD -1 Piano Damper

To
SetList > 000:Preload Set List
Insert Slot ID (no name) / PRG A 000: Nautilus Grand Dry/Amb

Slot Name HD -1 Piano Damper

Cancel

2. Use the “Set List” and “Insert Slot” parameters to
select the destination Set List and Slot.

By default, these are set to the current Set List and Slot. If
you select something other than the current Set List and Slot,
the Revert to Current button will be enabled; press this
button to return the parameters to the current Set List and
Slot.

Add To Set List Program

F 003 HD -1 Piano Damper
To
SetList ) 000:Preload Set List

InsertSlot |1 (noname)/PRG A 001: Ralian Grand Piano Revert to Current

Slot Name HD-1 Piano Damper

Cancel

3. Use the text popup to set the Slot Name as desired.

The name of the Program, Combination, or Song is copied
into the slot name by default.

4. Press OK to add the Program, Combination, or Song
to the Set List, or press Cancel to exit without making
changes.

When you press OK, the current Program, Combination, or
Song is inserted at the selected Slot, using the same logic as
the Set List Edit page’s Insert command.

When adding a Song, the current Keyboard Track is copied
into the slot’s Keyboard Track parameter.

Initialize Program

Initialize Program is available on the PROGRAM > Home
page. This command restores all Program settings to their
defaults, so that you can start with a clean slate. Note that
any edits you’ve made to the Program will be lost.

You can either initialize the current Program only, or all
Programs in the current bank.

To initialize only the current Program:
1. Select the “Initialize Program” menu command.
The Initialize Program dialog box will appear.

By default, the All Programs in the current bank check-
box will be disabled (un-checked). Leave it that way.
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Initialize Program

All Programs in the current bank

Are you sure ?

Cancel

2. Press OK.

The Program’s edit buffer will be initialized, restored to
default values. Note that in this case the stored data is not
affected. If you want to keep the initialized Program, you’ll
need to use the Write command.

To initialize all Programs in the current bank:
1. Select the “Initialize Program” menu command.

The Initialize Program dialog box will appear.

Initialize Program

W All Programs in the current bank

Are you sure ?

Cancel

2. Enable the check-box for “All Programs in the
current bank.”

3. Press OK.

All Programs in the bank will be initialized, including the
stored version of the current Program.

Load required samples

This command appears only when the Samples Not Loaded
message appears at the top of the display, indicating that the
Program, Combination, or Song uses EXs, User Sample
Bank, or SAMPLING mode data which is not currently
loaded. It is available on the Home pages in PROGRAM,
COMBINATION, and SEQUENCER modes.

Selecting Load required samples brings up a list of all of
the missing Multisamples, Samples, and/or Drum Samples
required by the Program, including the bank(s) containing
the data. You can then load the sample data, if desired, and if
there is room in memory to do so.

You can use the information at the bottom of the dialog box,
including Memory Required and (Memory) Available, to
determine whether or not you need to free up room for the
new data. If there isn’t enough room, the Load button will
be disabled.

To load the sample data:

1. Choose “Load required samples” to open the dialog
box.

Load required samples

Bank Multisample/Drumsample
EXs301 German2 D Piano mono Ms: 21
EXs301 German2 D Piano mono MS: 56
EXs301 German2 D Piano mono Ms: 57
EXs301 German2 D Piano mono MS: 58
EXs301 German2 D Piano mono MS: 59
EXs301 German2 D Piano mono MS: 60
EXs301 German2 D Piano mono MS: 61
EXs301 German2 D Piano mono MS: 62

@ Load only required samples

Load complete banks
Memory Required  128M

Avallable 1.7G

Cancel

2. Select the “Load only required samples” radio button
to load the listed data.
or:
Select the Load complete banks radio button to load
the entire bank(s) containing the listed data.

3. Press Load to load the data, or Cancel to exit without
loading.

If you switch between the radio buttons, the Memory
Required and (Memory) Available displays will update as
necessary.

Optimize RAM

Optimize RAM is available on the Audio In/Sampling tab
of the Play page.

In some cases, especially if you’ve been loading and deleting
different Samples and Multisamples, the internal memory
can become fragmented.

“Fragmented” means that there are chunks of data scattered
throughout the physical RAM, like toy blocks scattered
across a floor. While the memory isn’t completely full, some
of it can’t be used - just like it’s difficult to walk across a
messy floor.

The Optimize RAM command cleans up the floor, so to
speak. It collects all of the data into a single, continuous area
of memory, so that the remaining free space can be used
more efficiently.

If you run out of memory, try using this command; it may
free up some extra space.

You can check the remaining amount of RAM in
SAMPLING mode, on the main Recording page, under
“Free Sample Memory/Locations.” For more information,
please see “RAM” on page 579.

1. Select “Optimize RAM” to open the dialog box.

Optimize RAM

2. Press the OK button to execute the command, or press
the Cancel button to cancel without executing.
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Auto Optimize RAM

If Auto Optimize RAM is enabled, you don’t need to use
the Optimize RAM command; instead, RAM will be
optimized automatically. For more information, see “Auto
Optimize RAM” on page 635.

Select Sample No.

Select Sample No. is available on the Audio In/Sampling
tab of the Play page, when the sampling Save To parameter
is set to RAM.

This specifies the sample number into which the sampled
data will be written. You can also specify whether the sample

will automatically be converted to a program after sampling.

1. Choose Select Sample No. to open the dialog box.
Select Sample No.

Sample Mo.(L) > 00000:
(R) > 00001:
M Auto +12dB On
Convert to

M Program

> IPUDU‘ NewMS. 3010

MS > 0000: NewMS, 000-L

Original Key G#2

Cancel

2. In “Sample No.,” specify the writing-destination
sample number.

By default, this will be the lowest-numbered vacant
sample number. If you select “----:----No Assign----" or a
sample number that already contains data, the data will
automatically be sampled into the lowest vacant sample
number. If you are sampling in stereo, “Mode” (0—8c),
specify “Sample No.(L)” and “Sample No.(R).”

3. Set Auto +12dB On.

On (checked): +12dB will automatically be enabled for
newly recorded samples. This is the default setting, and if
Recording Level is set to 0.00 (dB), it means that resampled
sounds will play back at the same volume as when they were
recorded.

To set the optimum recording level and avoid clipping when
you want to resample your playing in PROGRAM,
COMBINATION or SEQUENCER mode, usually you will
set the “Recording Level” to around “0.00 (dB)”. Although
the sample data that you resampled will record at the
optimum level, the playback level will be lower than when it
was resampled (when “+12dB” [SAMPLING 2-1d] is off).
In this case, select the “Auto +12dB On” checkbox and
resample the sound. The “+12db” setting will automatically
turn on, and the resulting playback level will be the same as
when the sound was resampled.

The default settings in these mode when the power is turned
on are “0.00 (dB)” for “Recording Level”, with “Auto
+12dB On” turned on. When you resample your playing in
each mode while in this state, the sample will play back at
the same level as when it was resampled. For more
information, see “Setting levels” on page 27.

The Auto +12dB On setting is made independently for
PROGRAM, COMBINATION, SEQUENCER, and
SAMPLING modes.

4. “Convert to” specifies whether the sample will
automatically be converted into a program as soon as
it has been sampled. This is convenient when you want
to hear the sound immediately after sampling.

If you check the Program check box, the sample will
automatically be converted into a program.

At the right, set Program and MS to specify the program

number and multisample number for the converted program.

Set Original Key (SAMPLING 0-1b) to specify the
location of the original key. The multisample will create an
Index (SAMPLING 0-1b) with this key as the Top Key
(SAMPLING 0-1b). The Original Key will increment by
one after sampling, and the next higher note will be assigned
the next time you sample.

5. Press the OK button to apply the settings you made,
or press the Cancel button to return to the state prior
to accessing this dialog box.

Select Directory/File for Sample To Disk

Select Directory/File for Sample To Disk is available on
the Audio In/Sampling tab of the Play page, when the
sampling Save To parameter is set to DISK.

When sampling to drive, this lets you set the drive, directory,
and file name for the resulting WAVE file.

This dialog also lets you audition WAVE files directly from
the drive; you can use this as a shortcut, instead of using the
similar function in MEDIA mode.

Specifying the save destination for a WAVE file

1. Select the Select Directory/File for Sample To Disk
command to open the dialog box.

2. Use the popup button located at the left of Drive select
to select the writing-destination drive for sampling.

3. Use the Open and Up buttons to move to the desired
directory.

4. In Name, specify a name for the WAVE file that will
be written during sampling.

If you check Take No., the file will be saved with a two-digit
Take No. added to the end of the filename. This number will
automatically increment each time you sample. This is
convenient when you are sampling repeatedly, since each
sample will be saved with its own filename.

5. Press the Done button to complete the settings.

Playing back a WAVE file

1. Select the Select Directory/File for Sample To Disk
command to open the dialog box.

2. Use Drive Select and the Open and Up buttons to
select the drive and directory, and select the WAVE
file (48 kHz) that you want to play.

3. Press the Play button.
The selected WAVE file will be played.
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Select Directory/File for Sample To Disk

Select Directory and File for Sample To Disk
Name TAKENOOO M TakeNo. 00

File

FACTORY

| sampuine

TEMP

Drive Select HDD:INTERNAL HD

4. Press the Stop button once again to stop playback.

If the WAVE file is mono, the same sound will be output to
L/R.

Auto Sampling Setup

Auto Sampling Setup is available on the Audio
In/Sampling tab of the Play page.

This command automatically configures the PROGRAM
mode sampling-related parameters, making it easy for you to
sample an external audio source or to resample your
performance as you play a Program. You can also use this
command to initialize the sampling settings.

After using Auto Sampling Setup, you can further adjust
any of the settings to suit your needs as described in the
“Note” paragraphs of each section.

K When you execute this command, the applicable
parameters will be set automatically. You cannot use the
page menu command “Compare” to recall the previous
settings.

1. Select Auto Sampling Setup to open the dialog box.

2. Press a radio button to select the type of settings you
want to make.

Initialize: Initializes the sampling-related parameters to
their default state.

Resample Program Play: Sets the sampling-related
parameters to allow you to play a Program and resample
your performance.

REC Audio Input: Sets the sampling-related parameters so
that you can sample an external audio source. With these
settings, you can play a Program while sampling, but only
the external input will be recorded.

3. These settings will depend on the choice you make in
step 2.

Create Directory...

Date
24/ 09/ 2020 10 :14 :36
28/ 09/ 2020 15 :09 :56

24/ 09/ 2020 21 :19 :36

Initialize
If you selected Initialize:
Auto Sampling Setup

Initialize
Resample Program Play

REC Audio Input

Cancel

Press the OK button to execute the Initialize operation, or
press the Cancel button if you decide not to execute. For
more information, see “Automatically-set parameters and
their values” on page 118.
Resample Program Play
If you selected Resample Program Play:

Auto Sampling Setup

Initialize
Resample Program Play

REC Audio Input

Saveto RAM

Convert to Program

Cancel

1. Use “Save to” to select either RAM or DISK as the
destination to which the resampled data will be
written.

If you choose RAM, the sampled data will be written into
RAM for use in SAMPLING mode. If you choose DISK, the
sampled data will be saved to drive as a WAVE file.

2. If Save to is set to RAM, you can also specify whether
the sample will be automatically converted to a
Program after resampling. If you want to convert the
sample, check the “Convert to Program” option, and
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use “Program” to specify the desired convert-
destination program.

3. Press the OK button to execute Resample Program
Play. If you decide not to execute, press the Cancel
button. (See “Automatically-set parameters and their
values” on page 118.)

Note a: Resample) To resample, execute Resample Program
Play. Then press REC button and then START button, and
play the program from the keyboard etc. Since “Trigger” (0—
8c) is set to Note On, sampling will begin at the first note-on.
When you’ve finished playing, press the STOP button to
stop resampling.

Note b: Check the sampled data) Verify that your
performance was resampled correctly. If you executed with
“Save to” RAM and “Convert to Program” checked, select
the program you specified as the convert-destination and
play the C2 note of the keyboard to hear the sample. If you
didn’t check “Convert to Program,” use SAMPLING mode
to select the sample and listen to it.

If you selected “Save to: DISK,” use the page menu
command Select Directory/File for Sample To Disk to hear
the results.

Specify the writing destination

When saving the sample to drive, you can use the menu
command Select Directory/File for Sample To Disk to
specify the drive and folder to which the sample will be
stored. For more information, please see “Select
Directory/File for Sample To Disk” on page 115.

Note d: Sampling trigger) You can use the “Trigger” (0—8c)
setting to change the way in which sampling will be started.

Note e: Sampling multiple sources simultaneously) If you
want to simultaneously sample both an external audio source
from AUDIO INPUT together with your own playing on a
program, go to the Sampling page, and set the Input 1-2
setting “Bus (IFX/Indiv.) Select” to L/R, and the Source Bus
to L/R.

Note f: If you execute Auto Sampling Setup with “Save to”
RAM and the “Convert to Program” option checked, and
you continue sampling, each successive sample will be
automatically assigned to C2, C#2, D2, ... to create a
multisample. A new multisample will be created the next
time you execute Auto Sampling Setup and start sampling.

REC Audio Input

Auto Sampling Setup

Initialize
Resample Program Play

® REC Audio Input

Source Audio Audio Input 1/2 Stereo

Saveto IRN‘.-I

M Convert to Program

Program > PO0O01: Init Program

Cancel

If you selected REC Audio Input:

1. Use “Source Audio” to select the external audio input
source.

Audio Input 1/2: These are the analog audio inputs, for
either microphones or line-level signals.

USB 1/2: These are the USB audio inputs, for sampling
from a connected computer.

2. Use “L-Mono/R-Mono/Stereo” to specify whether the
input source is mono or stereo.

L-Mono: Settings will be made to sample only the left
input.

R-Mono: Settings will be made to sample only the right
input

Stereo: Settings will be made for sampling in stereo.

3. Use “Save to” to specify the writing-destination for
the sampled data. RAM will write the data into
SAMPLING mode. DISK will create a WAVE file of
the sampled data, and save it to drive.

4. With “Save to” set to RAM, you can optionally
convert the sample to a Program. To do so, check
“Convert to Program” and use the “Program” field to
specify the destination bank and number.

5. If you want to apply an insert effect to the external
audio input source while you sample, use “IFX” to
select the insert effect you want to use. Turn this off if
you don’t want to use an insert effect.

6. Press the OK button to execute REC Audio Input. If
you decide not to execute, press the Cancel button.
See also “Automatically-set parameters and their values” on

page 118.

Note: To sample, execute REC Audio Input, then press REC

button, and then START button to begin sampling. (This is

because “Trigger” is set to Sampling START button.) When
you’re finished, press the STOP button to stop sampling.

If you want to sample while monitoring the performance

generated by Arpeggiator, check “Latch” and start sampling

while ARP is playing.

Sampling through an insert effect

To sample through an insert effect, do the following:

1. On the Insert Effect - Insert FX page, choose which
effect you want to use.

2. Set the effect’s REC Bus to 1/2.

Using the REC Bus lets you sample directly from the effect’s
output.

3. Go to the Home— Sampling page.

4. In the Audio Input section, make sure that Use Global
Setting is not selected.

5. For the input(s) you’re sampling, set the Bus Select to
the IFX you chose in step 1.

Now the input is routed through the selected effect.

6. In the Sampling Setup section, set Source Bus to
REC1/2.

This is the counterpart to step 2, above: sampling will record
from REC Bus 1/2, which in turn is carrying the direct
output of the effect.

7. Adjust the effect parameters as desired, and then
record your sample.

For additional information, refer to Note b) under “Resample
Program Play” on page 116.
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Automatically-set parameters and their values

Initialize :‘Ceos:;i':\ I:tr::)g:ar; REC Audio Input
Input (Input Source)"! Input1,2,USB 1,2 Input1,2,USB 1, 2 [Source Audio] 2
Bus Select Off Off Off
FX Ctrl Bus off off Off
Input 1, USB 1 REC Bus off off 1/2
Send1/2 000 000 000
Pan L000 L00O L000
Level 127 127 127
Bus Select off Off Off
FX Ctrl Bus Off Off Off
Input 2, USB 2, REC Bus off off 1/2
Send1/2 000 000 000
Pan R127 R127 R127
Level 127 127 127
Source Bus L/R L/R REC1/2
Source Direct Solo (N/A) (N/A) Off
Trigger Note On Note On Sampling START Button
(S’\??n?g]g B Metronome Precount (N/A) (N/A) -
Save to RAM [Save to] [Save to]
Mode Stereo Stereo [Source Audio]*3
Rec Level +0.0 +0.0 +0.0
Auto +12dB On On on* on"™
Convert to Program Off [Convert to Program]ass [Convert to Program]*5
Select Sample Program - [Program]*s [Program]*5
MS - (create new)*5 (create new)*5
Original Key - €2 (@)
Select Directory/File for B B _ _
Sample To Disk
- : Not set a?tomat1cally . . Copy Tone A djust
[ ]: automatically set according to the settings of the
parameter in the dialog box Copy Tone Adjust is available when CONTROL ASSIGN
*1 [] User Global Setting: Edit Program Parameters is sct to Tone Adjust.
[x] User Global Setting: Edit Global Parameters This command replaces the current Tone Adjust settings

*2 The input source specified in “Source Audio” will be set.

*3 If “Source Audio” is L-Mono this will be L-Mono, if R-
Mono this will be R-Mono, and if Stereo this will be
Stereo.

*4 When “Save to” RAM.

*5 When “Save to” RAM, and “Convert to Program” is
checked.
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Copy Tone Adjust

From IPrm;ram

»  AD0O: Nautilus Grand Dry/Amb

with those of any other Program, Combination Timbre, or
Song Track.

1. Select “Copy Tone Adjust” to open the dialog box.

@ All Assignments Only

Cancel

number.

0K

. Use “From” to select the copy-source mode, bank, and

. In the Timbre field (if you’ve selected a Combination)

or Track field (if you’ve selected a Song), select the

Timbre or Track to copy from.
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4. Select either All or Assignments Only to specify the
Tone Adjust parameters you want to copy.

All: Copies all of the Tone Adjust parameters and their
values assigned to the switches and sliders.

Assignments Only: Copies only the parameters assigned
to the switches and sliders. Values will not be copied.

5. Press the OK button to execute the Copy Tone Adjust
command, or press the Cancel button if you decide to
cancel.

portion and the assignments and current values of the
corresponding OSC portion will be copied.

If “Tone Adjust too” is unchecked, the Tone Adjust
settings will be maintained.

5. In “To,” specify the copy destination oscillator.

6. To execute the Copy Oscillator command, press the
OK button. To cancel, press the Cancel button.

Reset Tone Adjust

Reset Tone Adjust is available when CONTROL ASSIGN
is set to Tone Adjust.

This command changes the Tone Adjust assignments, either
resetting them to default values or turning them all off.

1. Select “Reset Tone Adjust” to open the dialog box.

Reset Tone Adjust

To Jainoff

Cancel

2. Use the “To” field to specify how the Tone Adjust
assignments will be reset.

All Off: All assignments are turned off.

Default Setting: The assignments will be reset to their
default settings for each program type (such as HD-1,
AL-1, CX-3). For more information, see “HD-1: Tone
Adjust” on page 111.

3. To execute the Reset Tone Adjust command, press the
OK button. To exit without resetting the assignments,
press the Cancel button.

Swap Oscillator

Swap Oscillator is available on all of the tabs under the
Basic/X-Y, OSC/Pitch, Filter, Amp/EQ, and AMS
Mix/Common Key Track pages.

This command exchanges the settings of oscillators 1 and 2.

1. Select “Swap Oscillator” to open the dialog box.

Swap Oscillator

Cancel

2. To execute the Swap Oscillator command, press the
OK button. To cancel, press the Cancel button.

This can be selected only if Oscillator Mode (1-1a) is
Double.

Copy Oscillator

Copy Oscillator is available on all of the tabs under the
Basic/X-Y, OSC/Pitch, Filter, Amp/EQ, and AMS
Mix/Common Key Track pages.

This command is used to copy the settings from one
oscillator to another.

1. Select “Copy Oscillator” to open the dialog box.

Copy Oscillator

From IDSL‘.W

Tone Adjust too?

Program » F000: HD-1 German2 D Piano

To 0sC1

Cancel

2. Use the “From” field to select the oscillator that you
want to copy.

3. Use “Program” to select the bank and number of the
copy-source program. You can press a BANK
SELECT button to select the desired bank.

Note: If you’re editing an HD-1 Program, you can’t select
EXi Programs, and vice-versa.

4. If you check “Tone Adjust too,” the Tone Adjust
settings will temporarily be turned off, and from the
copy-source Tone Adjust settings, the Common

Copy X-Y Envelope

Copy X-Y Envelope is available on the X-Y Envelope tab
of the Basic/X-Y/Controllers page.

This command copies X-Y envelope settings from the
specified program, combination/timbre, or song.

1. Select “Copy X-Y Envelope” to open the dialog box.

Copy X-Y Envelope

From Ingmm

> A000: Nautilus Grand Dry/Amb

Cancel

2. Use the “From” field to select the mode, bank, and
number of the desired copy-source.

This command copies the parameters of the X-Y
Envelope page of the corresponding mode.

Note: In order to replicate the way in which the relative
volume of oscillators is controlled by the X-Y and X-Y
envelope of the program selected for a combination
timbre or a MIDI song track, turn on the Enable Volume
Control check box in the X-Y Control page. To replicate
the CC control effects, turn on the Enable CC Control
check box in the X-Y CC page.

Use this command when you want to copy the Position or
Time/Tempo of a X-Y envelope in order to create an
envelope that produces the same movement.

3. Press the OK button to execute the command, or press

the Cancel button to cancel.

119



120

PROGRAM mode: HD-1

Sample Parameters

Sample Parameters is available on the OSC 1/2 Basic
pages.

This command lets you adjust basic timbral parameters for
the individual Samples within a SAMPLING mode
Multisample, including offsets for volume level, filter cutoff
and resonance, pitch, EG attack and decay, drive and low
boost, and EQ gain settings. (Technically, these apply to
Indexes, which are key zones containing a single Sample and
all of its associated parameters.)

These allow you to fine-tune the way that a Multisample
plays across the keyboard. For instance, if one Sample is
slightly soft, you can increase its volume level; if another is
slightly too bright, you can lower its filter cutoff.

A The Sample Parameters settings are stored in the
Multisample, and not in the Program. After editing, make
sure to save the Multisample data to internal drive.

A These settings apply everywhere that the Multisample is
used, and not just to the current Program. If another
Program uses the same Multisample, it will also be
affected by any changes that you make here.

To edit the Sample Parameters:

1. On the OSC 1/2 Basic pages, select a SAMPLING
mode Multisample.

The Sample Parameters command is available only if
you’ve selected a SAMPLING mode Multisample; it is not
available for ROM, EXs, or User Sample Bank
Multisamples, Wave Sequences, or Drum Kits.

2. Select the Sample Parameters menu command.

The Sample Parameters dialog will appear. Initially, the
Index parameter will be selected, so you can control it via
the keyboard:

3. Hold down the ENTER button, and play notes on the
keyboard to select the Index you’d like to edit.

Selection from the keyboard works only when the Index
parameter is selected.

4. Adjust the parameters as desired.

You can continue to play the Program while the dialog box is
open.

A& f the Multisample you’re editing is restricted to a
specific velocity zone, you’ll need to play within that
zone in order to hear the results of your edits!

5. Repeat as necessary for other Indexes.
6. When you’ve finished editing, press the Done button.

Please note that Compare is not available for edits made in
the Sample Parameters dialog.

7. To keep your edits, make sure to save the Multisample
data in MEDIA mode.

Sample Parameter in MS 000

Index

(Sample

Level Cutoff +00 Resonance +00

Pitch +00.00 Attack +00 Decay +00

LEQ Gain +00.0 MEQGain  +00.0 HEQ Gain ~ +00.0

Driver +00 Low Boost  +00

Index [001...128]

An Index is a key zone in a Multisample, including a single
Sample and all of its associated parameters. This is the
currently selected Index.

The number following “/” is the total number of indexes in
the current Multisample.

When this parameter is selected, you can select Indexes by
using the keyboard:

1. Select the Index parameter.

2. Hold down the ENTER key, and play single notes on
the keyboard.

As you play, the parameter will change to show the Index
containing the last-played note.

Sample [000]

This is the number and name of the Index’s Sample.

[-99...+00...499]

This adjusts the volume of the Sample, relative to the
Oscillator’s settings. Negative (-) values will decrease the
levels, and positive (+) values will increase the levels. A
setting of +99 will double the volume. This is the same as
the index Level parameter in SAMPLING mode; edits here
will affect the values shown in SAMPLING mode, and vice-
versa.

Level

Each Sample also has a +12dB setting, as configured in
SAMPLING mode; if this is on, the Sample will play back
approximately 12dB louder. For more information, see
“+12dB” on page 590.

Cutoff [-99...4+00...4+99]

This adds to, or subtracts from, the Oscillator’s filter cutoff
settings. Note that the effect of this offset will change
depending on the selected filter type (e.g. low-pass, high-
pass etc.) and routing (e.g. single, 4-pole etc.).

[-99...4+00...+99]

This adds to, or subtracts from, the Oscillator’s filter
resonance settings.

Pitch [-64.00...+00.00...+63.00]

This adjusts the playback pitch in one-cent steps. A setting
of +12.00 raises the pitch one octave, and a setting of —12.00
lowers the pitch one octave. This is the same as the index
Pitch parameter in SAMPLING mode; edits here will affect
the values shown in SAMPLING mode, and vice-versa.

Resonance

Attack [-99...4+00...4+99]

This adds to, or subtracts from, the attack times of the filter
EG and amp EG.

[-99...4+00...+99]

This adds to, or subtracts from, the attack times of the filter
EG and amp EG.

Decay

[-99...4+00...+99]

This adds to, or subtracts from, the Oscillator’s Driver
setting. If the Driver circuit is bypassed, this will have no
effect.

Driver

Low Boost [-99...4+00...+99]

This adds to, or subtracts from, the Oscillator’s Low Boost
setting. If the Driver circuit is bypassed, this will have no
effect.



PROGRAM: Page Menu Commands Remap MS/Sample Banks

LEQ Gain [-36dB...+00...+36dB]

This adds to, or subtracts from, the Program’s Low EQ gain
setting. If the EQ is bypassed, this will have no effect.

MEQ Gain [-36dB...+00...+36dB]

This adds to, or subtracts from, the Program’s Mid EQ gain
setting. If the EQ is bypassed, this will have no effect.

HEQ Gain [-36dB...+00...+36dB]

This adds to, or subtracts from, the Program’s High EQ gain
setting. If the EQ is bypassed, this will have no effect.

Remap MS/Sample Banks

This command lets you change the Sample and Multisample
bank settings in Programs, Drum Kits, and Wave Sequences,
either for the entire system, a selected Program/Wave
Sequence/Drum Kit bank, or for a single Program, Drum
Kit, or Wave Sequence. For instance, you can remap
Programs which use Smp: Old RAM to play from a User
Sample Bank instead.

It is available on any pages containing a sample/multisample
bank select combo box, including HD-1 P2 Osc/Pitch Oscl
and Osc2 Basic, MOD-7 and STR-1 PCM Osc pages, and
the Wave Sequence, Drum Kit, and Global Sample
Management pages.
To remap the Multisample and Sample Banks:
1. Select the Remap MS/Sample Bank command.
The Remap MS/Sample Bank dialog will appear.

Remap all Multisample and Sample Bank references

In All Programs, Wave Sequences, and Drum Kits

From ROM

To |rom

2. Set the In parameter as desired.

If all of the loaded sounds use just this one KSC, select All
Programs, Wave Sequences, and Drum Kits.

If one entire bank uses just this KSC, but other banks use
different KSCs, select the bank to remap:

Bank A...Bank O (Prog/WSeq/DKits),

Bank P...Bank T (Prog/WSeq),

Bank a...Bank t (Prog)

This will remap all Programs, Wave Sequences, and Drum
Kits in the selected bank.

If sounds within a single bank use multiple KSCs, select the
Current Program option. For instance, some users keep all
sample-related Programs in Bank USER-G, but Program 000
uses Friday. KSC, Program 001 uses Saturday.KSC, and so
on. The Current Program option lets you deal with each
Program individually. There are similar commands for
individual Wave Sequences and Drum Kits; the correct
option will appear for the current mode.

A The Current Program option changes the edit buffer, and
is not automatically saved. This lets you use COMPARE
to revert to the original version, if desired. Make sure to
Write the Program if you want to make the remap
permanent. The All Programs etc. and Bank options
changed the stored data directly, and do not require a
separate Write command.

3. Set the From parameter to the old Multisample
and/or Sample bank—the one you’ll be changing to
the new bank.

For instance, if you’re updating sounds from Smp: Old
RAM to a User Sample Bank, set From to Smp: Old
RAM. Only Multisample/Sample banks which are currently
loaded will appear in this list. If In is set to Current, only
banks referred to by the current item will be shown.

4. Set the To parameter to the new Multisample and/or
Sample bank—the one that remapped references will
be changed to.

5. Press the OK button to complete the remapping, or
press the Cancel button to exit without making
changes.

If you press OK, a message appear to show how many bank
references have been changed.

A4 Remapping does not affect Tone Adjust settings,
including any settings in Combinations or Songs.

Sync Both EGs

Sync Both EGs is available on the Filter 1/2 EG and Amp
1/2 EG pages.

This option allows you to edit the EGs of Oscillator 1 and
Oscillator 2 together. When it is checked, editing the Filter
EG of either Oscillator 1 or 2 will change both Filter EGs
simultaneously. Similarly, editing the Amp EG of either
Oscillator will change both Amp EGs.

This option is available only when the Oscillator Mode is
set to Double.

1. Select “Sync Both EGs.”

The LCD screen will indicate “Sync Both EGs,” and the
two EGs will be synchronized.

Envelope

| Sync Both EGs | Level
Time
Curve

2. If you no longer want the EGs to be synchronized,
select “Sync Both EGs” once again.

The indication will disappear from the LCD screen.

Swap LFO 1&2

Swap LFO 1 & 2 is available on all of the LFO pages,
except for the Common LFO tab.

This command copies the settings of LFO1 to LFO2, and
vice-versa.

Note: If LFO?2 is being used to modulate LFO1, this
command will erase that modulation routing (since the LFOs
cannot modulate themselves).

1. Select “Swap LFO 1&2” to open the dialog box.

Swap LFO 182 of 0SC1

2. Press the OK button to execute the Copy or press the
Cancel button if you decide to cancel.
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Copy External Scene

This command copies the settings of the scene used by a
specified program, combination, or song.

1. Select “Copy External Scene” to open the dialog box.

Copy External Scene

From IF’mgrum

A0D0: Nautilus Grand Dry/Amb

Scenel

Scenel

Cancel

2. In “From,” select the copy source mode, bank, and
number.

3. If you selected a combination or song as the copy-
source, select the scene from which you want to copy.

4. In “To,” select the scene to which you want to copy.
5. Press the OK button to execute the Copy or press the
Cancel button if you decide to cancel.

A& The “Input Channel” and “Output Channel”
(COMBINATION/SEQUENCER P7-1) settings of a
combination or song are not copied.

Copy Scene

This command copies settings for the SCENE 1-4 buttons.
You can use this command when you want to make settings
for a scene based on the other scene settings you edited, or
vice versa.

1. Choose “Copy Scene” to open the dialog box.

Copy Scene

From ISr_emﬂ

Arp A

Cancel

2. In “From” select the scene that you wish copy.
3. In “To” select the copy destination scene.

4. To execute the copy, press the OK button. To cancel
without executing, press the Cancel button.

Swap Scene

This command swaps (exchanges) the settings of two
SCENE 1-4 buttons.

1. Choose “Swap Scene” to open the dialog box.

Swap Scene

Sourcel IScemﬂ Source2  Scenel

Arp A

2. In “Sourcel” and “Source2”, select two ARP Scenes.
that you wish to swap.

3. To execute the swap, press the OK button. To cancel
without executing, press the Cancel button.

Initialize Scene

This initializes the settings of a scene.
1. Select “Initialize Scene” to open the dialog box.
Initialize Scene

To | scener

Cancel

2. Select the scene you wish to initialize.

3. Press the OK button to initialize, or press the Cancel
button if you decide not to initialize.

Copy Insert Effect
Copy Insert Effect is available on all of the IFX pages.

This command copies effects settings from within the
current Program, from other Programs, Combinations, or
Songs, or from the current SAMPLING mode settings.

1. Select “Copy Insert Effect” to open the dialog box.
Copy Insert Effect

From IF’rogr-:ml Set To Current
A000: Nautilus Grand Dry/Amb
IFX1 All

All used

Post IFX Mixer Setting

Cancel

2. Select the mode, bank and number of the copy source
in “From”.
When you press the “Set To Current” button, the
currently selected mode, bank, number and IFX (edit cell)
will automatically be assigned to “From”. This is useful
when you want to temporarily copy an IFX that was
already configured to an open effect slot, such as when
you want to try out different effect settings.
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3. Select the effect to copy. You can also copy from the
master effect or the total effect.

All: All settings of the insert effect (the contents of the
Insert FX page and the IFX1-12 effect parameters,
excluding the “Ctrl Ch”) will be copied.

All used: Only the insert effects currently used will be
copied from IFX1-12 of the copy source.

The copy source will be copied to consecutive open slots
(from “000: No Effect”—note that the contents of the
chain are not included), beginning with the insert effect
set in “To:”.

Note: The insert effect in the copy source that is set to
“000: No Effect” will not be copied. However, it will be
copied if “000: No Effect” is included in the chain. (Note
that if the chain in the copy source contains only “000:
No Effect”, the insert effect will not be copied.)

4. Select the insert effect in the copy destination.

Select the “Post IFX Mixer Setting” checkbox to
simultaneously copy the settings after the signal passes
through the insert effects in the copy source, namely “Pan
(CC#8)”, “Bus Sel.”, “Ctrl Bus”, “REC Bus”, “Send1”
and “Send2”. If this is left cleared, only the effect type
and parameters will be copied.

5. Press the OK button to copy the insert effect, or press
the Cancel button to quit.

K If you have copied from the master effect, the resulting
effect will not be the same as the master effect, due to
differences in routing and level settings in the master
effect.

Swap Insert Effect
Swap Insert Effect is available on all of the [FX pages.

This command exchanges the effects, and their internal
parameters, between two IFX slots.

All of the parameters shown on the IFX 1-12 pages will be
copied.

Other IFX slot parameters will not be affected, including
Pan, Sends 1 and 2, Chain, REC Bus, and FX Control Bus.

1. Select “Swap Insert Effect” to open the dialog box.

Swap Insert Effect

Sourcel || IFX1 Source2  IFX1

Cancel 0K

2. In “Source 1” and “Source 2,” select each of the insert
effects that you wish to swap.

3. To execute the Swap Insert Effect command, press the
OK button. To cancel, press the Cancel button.

Insert IFX Slot

Insert IFX Slot is available on the Routing and Insert FX
tabs of the IFX page.

This command inserts an IFX slot.

Slots located after the inserted location will be relocated
downward if a vacant slot exists. At this time, Chain, Pan
(CC#8), REC Bus, FX Control Bus, Send 1/2, and Ctrl Ch
(only for Combi and SEQ) will also be relocated.

This command also provides an Auto Routing option that
automatically adjusts related parameters in order to preserve
the previously-existing routing.

This command is convenient when you want to add an effect
within a chain of insert effects.

1. In the Insert FX page, select the IFX slot in front of
which you want to insert an effect.

In this example, [FX1—>IFX2—IFX3—IFX4—IFXS are
chained, and we are going to insert a slot in front of IFX3
so that we can add another IFX.

PROGR
Hp-1 FO00: HD-1 German2 D Piano

IFX

X1 I
X2 K
IFX3

IFX4 IS
IFXS KM 5 011: Stereo etric 6 ' cosa LR
1FX6

> 000: No Effect 7 'coed LR

Y > 000: No Effect

0 > 000: No Effect

X > 000: No Effect

IFX10 > 000: No Effect

X > 000: N

IFX12 > 000: No Effect ' coed LR , 000 ()12

2. Select “Insert IFX Slot” to open the dialog box.
Insert IFX Slot

To I\FKE W Auto Routing M Auto Chain

Cancel OK

3. Use the “To” field to specify the IFX number at which
you want to insert a slot. (The IFX you selected in step
1 or 2 will be shown here as the default.)

Specify the “Auto Routing” and “Auto Chain” options.
Normally you will leave these on.

Auto Routing: This automatically adjusts the following
parameters in order to preserve the currently-existing
routing.

* Routing: Bus Select

* Routing- Page Menu: DKit Patch (Combi/SEQ)

A& f Use DKit Setting on the Routing page is on for the

program that used the drum kit, you may not be able to
maintain the pre-insert routing without changing the Bus
Select settings for the key of the drum kit, even when
Auto Routing is selected.

Instead of using the Insert IFX Slot command in this case,
try setting Chain to as desired, or try inserting an
additional IFX slot using the Copy Insert Effect or Swap
Insert Effect commands.

Auto Chain: on: If the [FX you’ve inserted is located
within a chain, the Chain setting will automatically be
turned on for the inserted IFX so that it will be chained
with the preceding and following IFX.

If the IFX you’ve inserted is not inside a chain, Auto
Chain does nothing.

4. Press the OK button to execute the Insert IFX Slot
command, or press the Cancel button to cancel.

A If there are not enough IFX units to insert, pressing the

OK button will simply exit the command without doing
anything.

In this example, 000: No Effect will be inserted into IFX3
when you execute the command. The effects that were at
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IFX3-IFXS5 will be relocated to IFX4—-6, resulting in a
chain consisting of IFX1-IFXe6.

HD-1 FO00: HD-1 German2 D Piano

> 025: Piano Body/Damper
erb Wet Plate
> ] 0oo: No Effect

> ooe: fing Liniter

[
|

) 011: Stereo Parametric 4£Q X7 — 'cosa LR off

005: r

5. For the newly inserted slot, turn the On/Off setting
On. Then select and edit the desired effect.

Cut IFX Slot

Cut IFX Slot is available on the Routing and Insert FX tabs
of the IFX page.

This cuts (removes) an IFX slot.

All slots that come after the slot that was cut will change
positions by moving up. At this time, “Chain”, “Pan
(CC#8)”, “REC Bus”, “FX Control Bus”, “Send1, 2” and
“Ctrl Ch” (only Combi and SEQ) will move together. You
can use the Auto Routing function to maintain the routing as
it was before cutting. This automatically adjusts the related
parameters.

This function is useful when cutting effects that you won't be

using.

1. In the Insert FX page, select the insert effect slot that
you want to remove.

In this example, IFX1—>IFX2—>IFX3—IFX4—IFXS are
chained, and we are going to remove the IFX3 slot.

PROGRAM > IFX

o~ FO00: HD-1 German2 D Piano

IFX c i Pan(COH)  Bussel  RECHUS  CHiBus

IFX1

1FX2 S :
L2 O Y ereo Gate IFX4
[0 O

IFXS ]
005: Stere imiter IFX6 E

(2. On |

2. Select “Cut IFX Slot” to open the dialo

g box.

Cut IFX Slot

| [ZE] M Auto Routing

Cancel

3. Specify the number of the IFX you want to remove.

(The IFX you selected in step 1 or 2 will be shown here
as the default.)

4. Specify the “Auto Routing” option. Normally you will
leave this on.

Auto Routing: This automatically adjusts the following
parameters in order to preserve the currently-existing
routing.

* Routing: Bus Select

* Routing- Page Menu: DKit Patch (Combi/SEQ)

5. Press the OK button to execute the Cut IFX Slot
command, or press the Cancel button to cancel.

Hp-1 FO0O: HD -1 German2 D Piano

IFX
X1 O

L7 on IS

[ZEIN on IS
(270 on |
G On |
IFX6  off

ering Limiter IFX4
> 005: Stereo Limiter IFX5

011; Stereo Parametric 4EQ IFX6 ' cosd LR

> 000: No Effect IFX7 ' coea | LR

Drum Kits not supported by Auto Routing

Drum Kits can store separate Bus Select settings for each
key. Because these settings are stored in the Drum Kit, and
not the Program, the Auto Routing option can’t correct
them.

Drum Kit Programs will use these separate Bus Select
settings if the IFX Routing page’s Use DKit Setting
parameter is turned On.

In this case, you have two options. Either:

* Use Auto Routing, and then manually adjust the Bus
Select settings for each key of the Drum Kit to match the
new IFX slot arrangement.

or:

* Don’t use the Cut IFX Slot command. Instead, remove
the unwanted IFX slot by changing the Chain to
settings, or by using the Copy IFX or Swap IFX
commands.

Clean Up IFX Routings

Clean Up IFX Routings is available on the Insert FX and
Track View tabs of the IFX page.

This command automatically rearranges unused IFX slots so
that they are consecutive. It also rearranges effects in a
discontinuous chain so that they are consecutive. Related
parameters are automatically adjusted in order to preserve
the existing routings.

If editing an IFX chain results in unused slots, or if the
connections in a chain have become disorganized, you can
execute this command to clean up the routing.

1. Access the Insert FX page.

In this example, IFX1—>IFX5—IFX11—IFX12 are
chained, and the remaining slots are all vacant.

1 FO00: HD -1 German2 D Piano

IFX Chsinto Chain Pan(CCM)  Bussal

IFX1 M 5 001: Stereo Dyna Compressor IFX5

B2 > 000: No Effect IFX3 ~ ' cosd. LR

) > 000: No Effect IFX4 ' cos4 LR

IFx4 > 000; No Effect IFX5 ' coss | LR

IFX5 I

> 040; Stereo Chorus JFx

ERE > 000:No Effect IEX7 ' cos4 LR

Y > 000:No Effect IFX8 ' cos4| LR

X > 000:No Effect IFX9 ~ ' coss LR
D > 000: No Effect IFX10 ' cos4 | LR
IFX10. Off * 5 400: No Effect IFX11 ' cos4 | LR
IFX11 T

IFX12 ICH st etric — . 'coed LR

2. Select “Clean Up IFX Routings” to open the dialog
box.

Clean Up IFX Routings

Cancel
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3. Press the OK button to execute the Clean Up IFX
Routings command, or press the Cancel button if you
decide to cancel.

D1 F000: HD-1 German2 D Piano

IFX
IFX1

IFX2 ]
IFX3 I

) 001: Stereo Dyna Compressor

IFX4 S
L2 000: N
IFX6
IFX7
IFX8
IFX9
1FX10

> 000: No Effect

IFX11

IFX12

In this example, the discontinuous chain
IFX1->IFX5—IFX11—IFX12 has been reorganized into
IFX1—-IFX2—IFX3—IFX4, and the vacant slots (000:
No Effect, unless located within a chain) have been
rearranged consecutively.

At this time, the following parameters are automatically
adjusted to maintain the existing routings.

* Routing: Bus Select
* Routing- Page Menu: DKit Patch (Combi/Seq)

K If the program uses a drum kit, and the Routing page
“Use DKit Setting” is on, you may have to change the
Bus Select setting for each key of the drum kit in order to
reproduce the previous routing status.

In such cases, don’t use the “Clean Up IFX Routings”
command. Instead, rearrange the IFX slots by making the
appropriate Chain to settings or by using the “Copy
Insert Effect” or “Swap Insert Effect” commands.

Copy MFX/TFX
Copy MFX/TFX is available on all of the MFX/TFX pages.

This command lets you copy any desired effect settings from
Program, Combination, Song, or SAMPLING mode.

1. Select “Copy MFX/TFX” to open the dialog box.

Copy Master/Total Effect

From IF’mgram Set To Current

> A000: Nautilus Grand Dry/Amb
MFX1 All MFXs

All TFXs

Cancel

2. In “From,” select the copy source mode, bank, and
number.

If you press the “Set To Current” button, the currently
selected mode, bank, number, and MFX/TFX (edit cell)
will automatically be assigned to the “From” field. This is
useful when you’re trying out other effect settings and
want to temporarily copy previously-edited MFX/TFX
settings to another vacant effect slot.

3. Select the effect that you want to copy.
You can copy from an insert effect by selecting IFX1-12.
If you copy from an insert effect, the result may not be
exactly the same, due to differences in routing and level
settings.
If you select MFX1 or MFX2, the Return level will be
copied at the same time.
You can copy settings from a total effect by selecting
TFX1 or TFX2.
If you check All MFXs, all master effect settings will be
copied.
If you check All TFXs, all total effect settings will be
copied. Master Volume settings will not be copied.

4. In “To,” specify the copy destination master effects or
total effects.

5. To execute the Copy Master/Total Effect command,

press the OK button. To cancel, press the Cancel
button.

Swap MFX/TFX
Swap MFX/TFX is available on all of the MFX/TFX pages.

This command swaps (exchanges) settings between MFX1,
MFX2, TFX1, and TFX2.

1. Select “Swap MFX/TFX” to open the dialog box.

Swap Master/Total Effect

Sourcel ~ MFX1 Source2  MFX1

Cancel 0K

2. Use “Source 1” and “Source 2” to select the master
effect(s) or total effect(s) that you want to swap.

3. To execute the Swap Master/Total Effect command,
press the OK button. To cancel, press the Cancel
button.
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Write FX Preset

Write FX Preset is available on all of the effects parameter
editing pages, including [FX 1-12, MFX 1 and 2, and TFX 1
and 2.

1. Select “Write FX Preset” to open the dialog box.

Write FX Preset

Stereo Pad Helper

IUDD‘ User00

Cancel

2. Press the text edit button to open the text edit dialog
box, and enter a name for the effect preset.

Ifa USB QWERTY keyboard (commercially available) is
connected, you can use this to enter text instead of the on-
screen keyboard. For more information, see “Editing
names and entering text” on page 206 of the OG.

3. Use the “To” field to select the writing destination. We
recommend that you use U00-U15.

4. Press the OK button to write the user preset, or press
the Cancel button if you decide to cancel.

Note: In MEDIA mode you can save or load effect preset
settings on external media.

PAGE
Displays “Page Select”.

MODE
Displays “Mode Select”.
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EXi PROGRAM > Home

This is the main page of PROGRAM mode for EXi
Programs. Among other things, you can:

+ Select Programs
» Jump directly to the main editing pages

* Make edits Arpeggiator, Drum truck/Step sequencer to
Scene

+ Set up the audio input s and resampling options

EXi Common parameters

EXi, or Expansion Instruments, provide a wide variety of
synthesis technologies. NAUTILUS includes eight EXi:

* AL-1 Analog Synthesizer

* CX-3 Tonewheel Organ

* STR-1 Plucked String.

*  MS-20EX analog modeling synth

+ PolysixEX analog modeling synth

* MOD-7 Waveshaping VPM synthesizer

* SGX-2 Premium Piano

» EP-1 MDS Electric Piano

You can combine any two EXi within an EXi Program.

To access the effects, arpeggiators, key tracking, common
LFO, common step sequencers and other components used
by all EXi programs, press the PAGE button to display the
Page Select dialog box and then select the Home page. You
can also press the Common tab and then press the button to
the right of that tab to display each page and edit the
parameters for each. Two EXis are selected from this
Common tab. This section explains about EXi Common.
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0-1: Overview

Bxil
MOD -7

W0 1k

STEP
Seq

FaLdF]

Overview
Mix Balance

0-1PMC

3Band EQ

MOD-7 AL-1  DrumT

Mute  Mute = Mute

127 127 127

AmpEG

Quick
Split

0-1a: Program Select

Bank (Bank Select) [A...T, a...t]

Bank Type [EXil

EXi programs can be used by all banks except for GM. This
setting is made in the “Set Program Bank Type” page menu
command in GLOBAL mode.

Program Select [0...127]
Bank/Program Select

Category/Program Select

Favorite [Off, On]
J (Tempo) [040.00...300.00, EXT]

This is the same as with HD-1 programs. For more details,
please see “0—la: Program Select” on page 3.

0-1b: Overview and Page Jump

This section shows an overview of the most important
settings for the Program’s two EXi instruments, along with
some of the important Common parameters. The specific
parameters will vary, depending on which EXi are being
used. Parameters that you may see include oscillator
settings, filter settings, EGs, LFOs, step sequencers, drawbar
settings, and so on. See the individual EXi documentation
for details.

The graphics give you a quick way to check all of these
settings at a glance. They also let you jump instantly to any
of the displayed parameters. Just touch one of the graphics,
and you’ll jump to the page containing its parameters. For
instance, if you touch the Filter EG graphic, you’ll go to the
Filter EG page.

Tips: Press the EXIT button several times to return to this
page.

0-1c: Quick Layer, Split
Quick Layer
Quick Split

Quick Layer and Quick Split let you automatically combine

two Programs into a split or layered Combination.

These buttons open the Quick Layer and Quick Split dialogs,
respectively. For detailed descriptions, see “Quick Layer” on
page 8, and “Quick Split” on page 11.

0-1d: Common
3Band EQ Graphic

Mute (1) [On, Off]
Mute (2) [On, Off]
Mute (DrumT) [On, Off]
EXi1 Instrument Volume [000...127]
EXi2 Instrument Volume [000...127]
Drum Track Volume [000...127]

This is the same as with HD-1 programs. For more details,
please see “0—1d: Common” on page 4.



EXi PROGRAM > Home 0-2:Performance Meter

v 0-1:Page Menu Commands

Compare —p.112

Write Program —p.112

Exclusive Solo —p.113

Show MS/WS/DKit Graphics —p.113
Add To Set List —p.113

Initialize Program —p.113

Load required samples —p.114

PAGE —p.126
MODE —p.126

0-2: Performance Meter

This page lets you look at the real-time performance of the
NAUTILUS, including voice usage, voice stealing, and

effects.

This is the same as with HD-1 programs. For more
information, see “0—2: Performance Meter” on page 13.

0-6: ARP DRUM

This page lets you make basic adjustments to Arpeggiator.

This is the same as with HD-1 programs. For more
information, see “0—6: ARP DRUM” on page 15.

0-7: Sampling

This page lets you adjust the volume, pan, effects sends, and
busing for the analog, USB, and audio inputs. It also controls
the sampling-related settings for PROGRAM mode.

This is the same as with HD-1 programs. For more
information, see “0—8: Sampling” on page 22.

0-8: Tone Adjust

Use the switches and sliders shown in the display to edit the

program parameters.

This is the same as with HD-1 programs. For more
information, see “0-9: Tone Adjust” on page 29.
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EXi PROGRAM > Basic/X-Y/Controllers

These pages control the basic elements of the Program,
along with the Vector synthesis features.

For instance, you can:

* Select the EXi instruments which form the basis of the
Program’s sound

» Setup X-Y CCs to modulate Program and Effects
parameters

* Program the X-Y Envelope to move the X-Y position
automatically

4-1: Program Basic

Sontrollers

< Exi  B005: MOD-7/AL1 Hybrid EP SW1

EXi1 Instrument Type

4-1la —& II‘.-1DD -7 Waveshaping VPM Synthesizer

Voice Assign Mode

4-1b —==SN W Poly Legato Single Trigger

Key Zone
4-1c —=mm31il Bottom

Bottom

Bottom

Program
Basic

This page contains all of the basic settings for the Program.
Among other things, you can:

e Select the EXi instruments which form the basis of the
Program’s sound

+ Set the Program to play polyphonically or
monophonically

» Create a keyboard split between EXi 1 and EXi 2

+ Select the Program’s scale

4-1a:EXi1

[AL-1, CX-3,STR-1,
MS-20EX, PolysixEX,
MOD-7, SGX-2, EP-1]

This is the most basic setting for the EXi Program. EXi
instruments are complete synthesizers, in and of themselves;
they may create or process sounds in completely different
ways, and allow you to adjust completely different
parameters.

EXi 1 Instrument Type

For instance, the AL-1 is a virtual analog synthesizer, the
CX-3 is a physically modeled tone-wheel organ, the MOD-7
is a patch-panel based VPM, Waveshaping, and sample-
mangling synthesizer, and so on.

You can select either one or two EXi’s for the Program.
Unlike HD-1 Programs, there is no setting for Single or
Double. If there are two EXi’s, it doesn’t matter which EXi
is in which slot. You can even select only a single EXi, but
place it in the second slot.

4-1PMC

EXi2 Instrument Type

AL-1 Analog Synthesizer -/ _1b
Max # of Notes  Dyn
M Unison Number of Voices 2 Stereo Spread 100
Detune 009 [cents] Thickness 05
Scale
Type  Equal Temperament = /_1e
Note-On Control
EXi1 Delay 0000[ms] EXi2 Delay 0000[ms] —S=wEALY
Half - Damper Control Transpose
e —4-1h
Enable Half -Damper EXi1  +00 EXi2 +00
4-1g
4-1b: EXi 2
EXi 2 Instrument Type [List of EXi]

This is the second EXi slot for the Program.

4-1c: Voice Assign Mode

Voice Assign options may vary with different EXi

As much as possible, the different EXi instruments support
all of the voice assign options. However, there are cases in
which a particular EXi does not support a specific voice
assign parameter.

Additionally, when a Program uses two different EXi
instruments, some of the voice assign options will only take
affect if they are supported by both EXi. These include:

» The main Mode selection (Poly or Mono)

* Poly Legato

+ Single Trigger

¢ Mono Legato

*  Mono mode (Normal or Use Legato Offset)

¢ Unison

(Voice Assign Mode)

These radio buttons select the basic voice allocation mode.
Depending on which mode you select, various other options
will appear, such as Poly Legato (Poly mode only) and
Unison (Mono mode only).

[Poly, Mono]
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Poly: The program will play polyphonically, allowing you
play chords.

Mono: The program will play monophonically, producing
only one note at a time.

Poly

[Off, On]

Poly Legato is available when the Voice Assign Mode is set
to Poly. This option applies only to EXi which include
sample playback.

Poly Legato

Legato means to play note so that they are smooth and
connected; the next note is played before the last note is
released. This is the opposite of playing detached.

On (checked): When you play with legato phrasing, only
the first notes in the phrase (within the first 30ms) will use
the normal Multisample Start Point, as set by the Start Point
Offset parameter. The rest of the notes will use the Legato
Start Point.

Off (unchecked): Notes will always use the setting of the
Start Point Offset, regardless of whether you play legato or
detached.

k With some Multisamples, Poly Legato may not have any
effect.

[Off, On]

Single Trigger is available when the Voice Assign Mode is
set to Poly.

Single Trigger

On (checked): When you play the same note repeatedly, the
previous note will be silenced before the next note is
sounded, so that the two do not overlap.

Off (unchecked): When you play the same note repeatedly,
the notes will overlap.

Mono
[Off, On]

This is available when the Voice Assign Mode is set to
Mono.

Mono Legato

Legato means to play note so that they are smooth and
connected; the next note is played before the last note is
released. This is the opposite of playing detached.

When Mono Legato is On, the first note in a legato phrase
will sound normally, and then subsequent notes will have a
smoother sound, for more gentle transitions between the
notes.

The Mode parameter, below, switches between two different
Mono Legato effects, each of which achieves this
smoothness in a different way. See the description of that
parameter for more details.

On (checked): When you play with legato phrasing, the
notes within a legato phrase will sound smoother, according
to the setting of the Mode parameter, below.

Off (unchecked): Legato phrasing will produce the same
sound as detached playing.

Mode

This parameter is available only when Mono Legato is On.

[Normal, Use Legato Offset]

Normal: When you play legato, the envelopes and LFOs
(and samples, if the EXi supports samples) will not be reset.
Instead, only the pitch of the oscillator will change. This
setting is particularly effective for wind instruments and
analog synth sounds.

K When used with EXi which support samples, the pitch
may occasionally be incorrect, depending on which
multisample you play, and where on the keyboard you
play.

Use Legato Offset: This applies only to EXi which support
samples. When you play legato, all but the first note will use
the Multisample’s Legato Start Point, instead of the one set
by the Start Offset parameter. This will be most effective for
Multisamples with specifically designed Legato Offset
points; for some Multisamples, it may have no effect.

Envelopes and LFOs will still be reset, as they are with
detached playing.

Priority [Low, High, Last]

Priority is available when the Voice Assign Mode is set to
Mono.

This parameter determines what happens when more than
one note is being held down.

Low: The lowest note will sound. Many vintage,
monophonic analog synths work this way

High: The highest note will sound.

Last: The most recently played note will sound.

Max # of Notes

Max # of Notes

Dynamic is the default. With this setting, you can play as
many notes as the system allows.

[Dynamic, 1...16]

1-16 lets you limit the maximum number of notes played by
the Program. You can use this to:

* Model the voice-leading of vintage synthesizers, such as
the Polysix

* Control the resources required by individual Programs in
COMBINATION and SEQUENCER modes

Max # of Notes applies only when the main Voice Assign
Mode is set to Poly. If Mono is selected, this is grayed out.

This setting does not limit the Unison Number of Voices
parameter. For instance, if Max # of Notes is set to 6, and
Unison Number of Voices is set to 3, you can play up to 6
notes, each with 3 Unison voices.

If there are two EXi in the Program, the Max # of Notes
applies equally to both. For instance, if Max # of Notes is set
to 4, you can play up to 4 notes on each EXi.

Unison

[On, Off]

Unison can be used in both Mono and Poly modes.

Unison

On (checked): When Unison is on, the Program uses two or
more stacked, detuned voices to create a thick sound.

Use the Number of Voices and Detune parameters to set the
number of voices and amount of detuning, and the
Thickness parameter to control the character of the
detuning.

Off (unchecked): The Program plays normally. If Unison is
Off, then all of its associated parameters are grayed out.
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[2...16]

This controls the number of detuned voices that will be
played for each note when using Unison. It applies only
when Unison is On.

Number of Voices

Stereo Spread [0...100]

Stereo Spread lets you create a wider stereo field when
using Unison. It applies only when Unison is On.

This feature separates the different Unison voices into two
groups. One group is panned to the left, and the other to the
right. At 0, both groups will be in the center; at 100, the two
groups will be hard-panned left and right, respectively; at
intermediate values, they will be panned to intermediate left
and right positions.

If there is an odd number of voices, one voice will be panned
to the center.

If the voices are true stereo, Stereo Spread “steers” the
stereo image of each voice. In this case, intermediate settings
of Stereo Spread may be the most effective, since they will
still preserve some of the original stereo image.

Unison detuning is spread as evenly as possible across the
left and right channels. The lowest voice will be on the left,
and the highest on the right; the next-lowest on the left, and
the next-highest on the right, etc., as below:

-14 cents: L

+14 cents: R

-10 cents: L

+10 cents: R etc.

Depending on the Thickness setting, the detuning may lean
slightly to one side.

Detune [00...200 cents]

Detune is available when Unison is On.

This parameter sets the tuning spread for the Unison voices,
in cents (1/100 of a semitone). The Thickness parameter,
below, controls how the voices are distributed across the
detune amount. When Thickness is Off, the voices are
distributed evenly, centered around the basic pitch.

For instance, let’s say that the Number of voices parameter
is set to 3, Detune is set to 24, and Thickness is Off:

Voice one will be detuned down by 12 cents, voice two will
not be detuned, and voice three will be detuned up by 12
cents.

Voice Detune

1 -12

2 0

3 +12

As another example, let’s say that Detune is still set to 24
and Thickness is still Off, but Number of voices is set to 4:

Voice one will still be detuned down by 12 cents, voice two
will be detuned down by 4 cents, voice three will be detuned
up by 4 cents, and voice 4 will be detuned up by 12 cents.

Voice Detune
1 -12
2 -4
3 +4
4 +12
Thickness [Off, 01...09]

Thickness is available when Unison is On.

This parameter controls the character of the detuning for the
unison voices.

Off: Unison voices will be evenly distributed across the
Detune range, as shown above.

01-09: Unison voices will be detuned in an asymmetric way,
increasing the complexity of the detune, and changing the
way in which the different pitches beat against one another.
This creates an effect similar to vintage analog synthesizers,
in which oscillators were frequently slightly out of tune.
Higher numbers increase the effect.

4-1d: Key Zone

You can create keyboard splits by setting top and bottom
keys for EXi 1 and 2. Also, you can control the keyboard
range over which the Hold parameter takes effect.

Setting Key Zones from the keyboard

In addition to using the standard data entry controls, you can
also set all keyboard zones parameters directly from the
keyboard. Just do the following:

1. Select the key zone parameter you’d like to edit.
2. Press and hold the ENTER button.

3. Play a note on the keyboard to set the parameter.
4. Release the ENTER button.

You can use this shortcut for all key and velocity parameters
in the NAUTILUS.

EXi 1 Bottom [C-1...G9]
This sets the lowest key on which EXi 1 will play.
EXi 1 Top [C-1...G9]
This sets the highest key on which EXi 1 will play.
EXi 2 Bottom [C-1...G9]

This sets the lowest key on which EXi 2 will play.

EXi 2 Top [C-1...G9]
This sets the highest key on which EXi 2 will play.

Hold [On, Off]

Hold is like permanently pressing down on the sustain pedal.
In other words, notes continue to sound as if you were
holding down the key - even after you lift your fingers from
the keyboard.

Unless the Sustain Level is set to 0 in Amp EG 1 (and Amp
EG 2 in a Double Program), the sound will continue to play
forever—or, for EXi which support samples, it will play for
the entire length of the sample(s).

On (checked): The Hold function is enabled for the range
set by the Hold Bottom and Hold Top parameters, below.
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Off (unchecked): Notes will play normally. This is the
default setting.

Hold Bottom [C-1...G9]
This sets the lowest key affected by the Hold function.
Hold Top [C-1...G9]

This sets the highest key affected by the Hold function.

4-1e: Scale

Type [Equal Temperament...User Octave Scale15]
Selects the basic scale for the Program.

Note that for many of the scales, the setting of the Key
parameter, below, is very important.

For a complete list of the available scales, please see “1-1e:
Scale” on page 38.

Key (Scale Key) [C...B]

Selects the key of the specified scale.

This setting does not apply to the Equal Temperament,
Stretch, and User All Notes scales.

K If you’re using a scale other than Equal Temperament, the
combination of the selected scale and the Key setting
may skew the tuning of the note. For example, A above
middle C might become 442 Hz, instead of the normal
440 Hz. You can use the GLOBAL mode’s Master Tune
parameter to correct this, if necessary.

[0...7]

This parameter creates random variations in pitch for each
note. At the default value of 0, pitch will be completely
stable; higher values create more randomization.

Random

This parameter is handy for simulating instruments that have
natural pitch instabilities, such as analog synths, tape-
mechanism organs or acoustic instruments.

4-1f: Note-On Control
EXi 1 Delay [Oms...5000ms, KeyOff]

Use this to create a delay between the time that you press a
key, and the time that EXi 1’s note actually sounds.

This is most useful in Double Programs, for delaying one
EXi in relation to the other.

KeyOff is a special setting. Instead of delaying the sound by
a particular amount of time, the sound will play as soon as
you release the key.

You can use this to create the “click” heard when a
harpsichord note is released, for instance.

In general, when you use the KeyOff setting, it’s also best to
set the Amp EG Sustain Level to 0 (assuming the EXi
includes an Amp EG).

EXi 2 Delay [Oms...5000ms, KeyOff]

This controls the note-on delay for EXi 2. For more
information, see “EXi 1 Delay” on page 133.

4-1g: Half-Damper Control

A half-damper pedal is a special type of continuous foot
pedal, such as the Korg DS-1H. In comparison to a standard
footswitch, half-damper pedals offer more subtle control of
sustain, which can be especially useful for piano sounds.

The NAUTILUS will automatically sense when a half-
damper is connected to the rear-panel DAMPER input. For
proper operation, you will also need to calibrate the pedal,
using the Calibrate Half-Damper command in the Global
page menu.

The off and full-on positions of the half-damper work just
like a standard footswitch. In conjunction with the Enable
Half-Damper parameter, below, intermediate positions
allow a graduated control of sustain, similar to the damper
pedal of an acoustic piano.

Enable Half-Damper [On, Off]

When this is On (checked), Half-Damper pedals, normal
sustain pedals, and MIDI CC# 64 will all modulate the Amp
EG, as described below.

When this is Off (un-checked), the pedals and MIDI CC#64
will still hold notes as usual, but will not modulate the Amp
EG.

Note: When using the EP-1, Half-Damper functionality is
always enabled, regardless of this parameter’s setting.

Half-Damper Pedal and Release Time

The amount of modulation depends on whether the Amp EG
Sustain Level is set to 0 (as is the case with most acoustic
piano sounds), or set to 1 or more. The modulation is
continuous, from 1x (no change) to 55 times longer; the table
below shows a selection of representative points.

Half-Damper modulation of Amp EG Release Time

CCH64 Multiply Amp EG Release Time by...
Value If Sustain = 0 If Sustain = 1 or more
0 1x 1x
32 2.1x 2.1x
64 3.2x
80 5.9x
3.2x
96 22.3x
127 55x

With the SGX-2, this controls how the sounds switch when
you press down on or release the damper pedal. On the EP-1,
this controls the subtle nuances heard when releasing a note.

4-1h: Transpose
This transposes EXi 1 and EXi 2.
EXi1 [-60...+60]

Adjusts the pitch of the EXi 1 in semitones, over a range of
five octaves up or down.

EXi 2 [-60...+60]

Adjusts the pitch of the EXi 2 in semitones, over a range of
five octaves up or down.
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Vv 4-1:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113
» Copy EXi Oscillator —p.140

« PAGE —p.126
« MODE —p.126

4-2: EXi Audio Input

Controllers

Exi  B005: MOD-7/AL1 Hybrid EP SW1

EXi1 Audio Input

4-2a —o BN IDH

Channel Select Stereo/L+R

EXi Audio
Input

These parameters let you route audio into EXi instruments
which support audio input, including the STR-1, MS-20EX,
and MOD-7. You can use this to create feedback loops, or to
process live or recorded audio through the EXi’s synthesis
engine.

EXi which do not support audio input will ignore these
settings. The AL-1 supports audio input, but uses its own
dedicated routing.

For more information on using audio inputs with EXi, see:
AL-1: “4-3c: Sub OSC/Audio Input” on page 149
STR-1: “4-8c: Feedback” on page 231

MS-20EX: “6-1k: EXTERNAL SIGNAL PROCESSOR
(ESP)” on page 273

MOD-7: “5-1f: EXi Audio Input” on page 319

You can override these settings, if desired, in
COMBINATION and SEQUENCER modes. For more
information, see “2—6: EXi Audio Input” on page 412
(COMBINATION mode), and “2—6: EXi Audio Input” on
page 487 (SEQUENCER mode).

4-2PMC

EXi2 Audio Input

Input Source off — ] o}

Channel Select Stereo/L+R

4-2a: EXi1

Input Source [PRG, Off, Audio Input 1/2,
USB 1/2, L/R Output, Indiv. Output 1/2...3/4,

REC 1/2...3/4, FX Control 1, 2,

IFX 1...12, MFX 1,2, TFX 1, 2]

This selects the input source for EXil. You can use this to
create a feedback loop, if desired.

Off disables the input.

Audio Input 1/2, and USB 1/2 use the live audio from the
selected input.

L/R Output and Indiv. Qutput 1/2...3/4 use the audio as it
is heard from the selected output (like connecting a cable
from the output back to the input).

REC 1/2...3/4 and FX Control 1, 2 use the audio from the
selected bus.

IFX 1...12, MFX 1, 2, and TFX 1, 2 use the output of the
selected effect.
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Channel Select [Stereo/L+R, Left, Right]

Stereo/L+R: This selection routes a stereo signal to EXi
with stereo inputs, and an L+R summation to EXi with mono
inputs.

Left, Right: This uses only a mono signal from the selected
channel.

4-2b: EXi 2

EXi 2 has the same controls as EXi 1, above.

v 4-2:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113
» Copy EXi Oscillator —p.140

« PAGE —p.126
- MODE —p.126

4-5: X-Y Control

Vector Synthesis lets you control Program and Effects
parameters, by using the programmable X-Y Envelope, or
by the combination of the two.

This is the same as with HD-1 programs. For more
information, see “1-5: X-Y Control” on page 41.

Vv 4-5:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113

» Copy EXi Oscillator —p.140

« PAGE —p.126
- MODE —p.126

4-6: X-Y Envelope

The X-Y Envelope works to control the X-Y position. It’s
also special because it’s the only programmable modulation
source which lets you modulate both Program and Effects
parameters.

The X-Y Envelope is different from the other envelopes in
several ways:

+ Each point has two “levels” - one for the X axis, and one
for the Y axis.

* The envelope times can be based on seconds and
milliseconds, or synced to tempo.

+ Each point has a hold time, as well as a transition time to
the next point.

« The envelope can loop between two points, for either a
specified number of repeats, or as long as you hold the
note.

This is the same as with HD-1 programs. For more
information, see “1-6: X-Y Envelope” on page 45.

v 4-6:Page Menu Commands

* Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113
* Copy EXi Oscillator —p.140
* Copy X-Y Envelope —p.119

« PAGE —p.126
« MODE —p.126

4-8: Controllers
This page lets you set up the functionality of SW1/2 and RT
Control Knobs 1-6. This is set for each program.

This is the same as with HD-1 programs. For more
information, see “1-8: Controllers” on page 48.

v 4-8:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
» Exclusive Solo —p.113
* Copy EXi Oscillator —p.140

« PAGE —p.126
+ MODE —p.126
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EXi PROGRAM > Modulation

The entire Program shares several modulation sources,
including:

* A single Common LFO, shared by all the voices - similar
to the global LFO on some vintage analog synths

* A single Common Step sequencer, shared by all the
voices

»  Two Common Key Tracking generators, which are set up
for the entire Program, but then calculated individually
for each voice

These pages let you set up these Program-wide modulation
sources.

5-1: Common Step Seq =22

dulation

o Exi  B006: MOD -7/AL1 Hybrid EP SW1

Mode
5-Ta —¢
JLoop
Step Sequencer
Start Step 01 AMS off
5-1Ta —o Intensity ~ +00 [steps]
End Step 16 Smoothing
Attack 00 Decay 00
Sequence Reset
5-1b — TR Threshold ~ +00
Value AMS Input
5_1c — ViR
Common
Step Seq
Overview

The Common Step Sequencer creates complex, rhythmic
patterns, which can then be used as an AMS source. For
instance, you can modulate a filter to create sample-and-hold
effects, modulate pitch to create melodic patterns, or
modulate amplitude to create pulsing, triggered-gate effects.

The sequence can have up to 32 steps, each with its own
level and duration. It can loop, or play only once. You can
also:

» Re-start the Step Sequencer via AMS
* Modulate the Start Step via AMS

» Use individual steps to either gate or do sample-and-hold
on a continuous AMS source, such as an LFO

* Assign individual steps to create a random level

» Use Smoothing to create gentle, curving shapes

Differences from per-voice Step Sequencers

There is only a single Common Step Sequencer shared by
the entire Program. It starts running as soon as you select the
Program, and only resets when you tell it to do so explicitly
via the Sequencer Reset parameter. This is different from
the per-voice Step Sequencer’s Key Sync Off setting, which
resets whenever all notes are released.

(However, you can create a similar behavior, if you like; see
the Sequencer Reset parameter for more information.)

5-1PMC

4 101.00
Value Duration
+000 i : 01 Step 01

+000 J ‘ Insert

+000 J ‘ Cut

+000 Copy
+000 I ) Paste
] ) Value
+000 I ¢ 01 Reset
+000 I ] Smooth
+000 . 1 Exp/Comp
+000 * Duration
+000

+000

The Common Step Sequencer’s persistence can be handy if
you want to create a constant rhythm, and then play
“underneath” that rhythm without re-triggering it. For
instance, you can use a MIDI controller in your sequencer to
reset the Common Step Sequencer every few bars, regardless
of what notes are being played.

Creating melodic patterns with the Step
Sequencer
You can use the Step Sequencer to modulate synthesis

parameters, such as filter cutoff— and you can also use it to
create melodic patterns. To do so:

1. Assign the Step Sequencer as an AMS source for
Pitch.

2. Set the AMS intensity to +25.

3. In the Step Sequencer, set the step values as desired.
Each increment of 4 equals a semitone.

For example, to play an ascending chromatic scale, set the

step values to 0, +4, +8, +12, +16, and so on. One octave up

is +48, and two octaves up is +96.
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5-1a: Step Sequencer
Mode [Loop, One Shot]

Loop makes the Step Sequence loop continuously between
the Start Step and the End Step.

One Shot makes the Step Sequence play once from the Start
Step to the End Step, and then hold at the End Step. You
can still reset the Step Sequencer from AMS to make it play
again.

Start Step [1...32]

This sets the step on which the sequence will start. The Start
Step is important for the Mode parameter, above. You can
also modulate it via AMS.

AMS [AMS Sources]

This selects an AMS source to modulate the Start Step. For
a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-32...4+32]
This controls the depth and direction of the Start Step
modulation.

End Step [01...32]

This sets the last step in the sequence. Once the sequence
reaches the End Step, it will either hold there until the note
goes away (if Mode is set to One Shot), or loop back to the
Start Step (if Mode is set to Loop).

Smoothing

These controls filter the Step Sequencer’s output signal,
creating more gentle transitions between values. You can use
this to round off the hard edges of the Step Sequencer’s
output, or to create envelope-like effects.

You have separate control of the amount of smoothing
during the attack (when the signal is increasing) and decay
(when it’s decreasing).

Attack [00...99]

This controls the attack time of the smoother, or how long it
takes to reach a new, higher value.

Higher Attack settings mean longer times.

Depending on how quickly the Step Sequencer value is
changing, high Attack settings may mean that a new value is
never quite reached.

[00...99]

This controls the decay time of the smoother, or how long it
takes the smoother to reach a new, lower value.

Decay

Higher Decay settings mean longer times.

Using Smoothing to create envelope-like shapes

Since you have separate control over the attack and decay
times, you can use Smoothing to create envelope-like pulses.
To do so, you’ll need to alternate Step Values so that a
positive value is followed by a value of zero. (You could use
negative values, as well, but that would make the action of
the Attack and Decay controls more complicated.)

To hear the effect clearly, let’s use an AL-1, and assign the
Step Sequencer to modulate Filter Cutoff:

1. In a single EXi Program, set EXil to AL-1.

2. Set the Filter Type to Lowpass, and the Routing to
24dB (4-pole).

3. Set the Filter Cutoff to 00.

4. On the Filter Mod page, set Filter A’s AMS to
Common Step Sequencer, and set the Intensity to 90.

You could also use the per-voice Step Sequencer, but for this
example we’ll use the Common one.

. In the Common Step Sequencer, set the End Step to 4.
. Set the Mode to Loop.

. Set Step 1’s Value to +100.

. For both Step 2 and Step 4, set the Value to 0.

. Set Step 3’s Value to +80.

10.Set the Durations of all four Steps to a 32nd-note.
11.Turn the J (Tempo) at about 120 bpm.

If the tempo is really fast, you’d need to use longer Step
Durations.

12.Set the Smoothing Attack to 0.
13.Adjust the Smoothing Decay to 80.

Now, the Step Sequencer will create a series of 16th-note
pulses, like simple envelopes. With the settings above, they
“envelopes” will have an instant attack, and a moderate
decay/release time.

=2 I - Y |

For more space between the pulses, try this:

14.For both Step 2 and Step 4, set the Duration “x”
(Multiply Base Note by...) to 3.

This creates a series of 8th-note pulses, with a longer time
between each pulse.

15.Adjust the Decay between 0 and 99, and listen to the
difference that it makes.

You can also create smoother, LFO-like effects. Try this:
16.Set the Decay to 80, and then vary the Attack time.

With longer Attack times, the pulses become softer in
character.

Using Smoothing to make step transitions more
gentle

Without smoothing, the Step Sequencer’s output has very
sharp transitions between values. Often, this may be just
what you’re looking for. In some cases, however, these
transitions may cause audio artifacts, such as low-frequency
bumps. This will depend on the parameter being modulated,
and the intensity of the modulation.

If this happens, you can use smoothing to make the
transitions more gentle, and reduce or eliminate the artifacts.
To do so:

1. Adjust the smoothing until it’s just high enough that
the artifacts are no longer heard. Start with the Decay,
and then use Attack if necessary.

When using positive Step Sequencer values and positive
modulation, you’ll generally only need to adjust the Decay;
otherwise, you may need to adjust the Attack as well.

The trick is to set the smoothing high enough so that the
artifacts go away, but low enough that the sound of the Step
Sequencer isn’t altered significantly.
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5-1b: Sequencer Reset
AMS [AMS Sources]

This selects an AMS source to reset the sequence to the
Start Step.

To create an effect similar to the per-voice Step Sequencer’s
Key Sync Off setting, set this to Gate 1+ Damper, and set
the Threshold (below) to 1 or greater.

Threshold [-99...+99]

This sets the AMS level which will make the Step Sequencer
reset. Among other things, you can use this to adjust the
exact point in an LFO’s phase at which the sequencer will be
reset, effectively controlling its “groove” against other
rhythmic effects.

When the threshold is positive, the Step Sequencer triggers

when passing through the threshold moving upwards. When
the threshold is negative, the Step Sequencer triggers when

passing through the threshold moving downwards.

Note: with some LFO shapes, and with faster LFO speeds,
the LFO may not always reach the extreme values of +99 or
-99. In this case, setting the Threshold to these values may
cause inconsistent behavior, or may mean that the Step
Sequencer doesn’t reset at all. If this happens, reduce the
Threshold until the Step Sequencer triggers consistently.

5-1c: Value AMS Input

AMS [AMS Sources]

This is the AMS source used for steps set to AMS Input or
AMS Input S/H.

5-1d: Step Parameters

Each of the 32 steps has its own settings for Value and
Duration.

Value 1-32 [-100...+100, Random,

AMS Input, AMS Input S/H]

-100 through +100 generate specific levels, just as you’d
expect.

Random yields a different, random value every time the step
is played.

AMS Input uses the signal from the Value AMS Input
source, above. This can change continuously over the
duration of the step. For instance, if you used an LFO as the
Value AMS Input, you’d hear the LFO move over the
duration of the step.

AMS Input S/H grabs the level of the Value AMS Input
source at the start of the step, and then maintains that single
value for the duration of the step.

Duration (Base Note) 1-32 N ol
This sets the basic length of the step, relative to the system

tempo. The values range from a 32nd note to a whole note,
including triplets.

x (Multiply Base Note by...) 1-32 [01...32]

This multiplies the length of the Base Note. For instance, if
the Base Note is set to a sixteenth note, and Times is set to 3,
the step’s duration will be a dotted eighth note.

Command buttons
Step

Step [01...32]

Selects the step that you want to edit.

Insert

Inserts the cut or copied step at the current step.

Cut

Cuts the current step. Subsequent steps will be moved
forward. If desired, you can then paste or insert the cut step
into another location.

Copy

Copies the current step. You can then paste or insert the
copied step into another location.

Paste

Pastes the cut or copied step onto the current step, replacing
it.

Value

Reset
Resets the “Value” of each step to 000.

Smooth

Automatically adjusts the “Value” of each step so that they
are smoothly connected.

Exp/Comp

When you press the Exp/Comp button, the Step Sequence
Value dialog box will appear. The value of each step will be
expanded or compressed by the percentage (%) you specify.

Step Sequence Value dialog box

Step Sequence Value

Expand/Compressl%]  [|100

Keep proportion  (Available expansion: 10000 [%])

Cancel 0K

[0...100]

If this is at 100%, the current value of each step will be used
without change. If you check “Keep Proportion,” the %

value will be limited so that the expansion/ compression will
maintain the relationships between the current step settings.

Expand/Compress [%]

Duration

x2

This doubles the duration of the steps or the “x (Multiply
Base Note by...)” value. For example, it would turn eighth
notes into quarter notes, and quarter notes into half notes.

/2

This halves the duration of the steps or the “x (Multiply Base
Note by...)” value. For example, it would turn quarter notes
into eighth notes, and eighth notes into sixteenth notes.



EXi PROGRAM > Modulation 5-2: Common LFO

v 5-1:Page Menu Commands
e Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113

* Copy Step Sequencer —p.140

« PAGE —p.126
+ MODE —p.126

5-2: Common LFO ==

This is a single, free-running LFO, global for all voices in
the Program-like the modulation LFOs in some vintage
analog synths. It’s always available as a modulation source
for both EXil and EXi2, regardless of which EXi
instruments are being used.

This is the same as with HD-1 programs. For more
information, see “5-9: Common LFO” on page 87.

5-3: Common Keyboard Track

The Program includes two Common keyboard tracking
generators, in addition to any keyboard tracking within the
individual EXi instruments. You can use these Common
keytracks as AMS sources for modulating most AMS
destinations.

The Common Key Track parameters are shared by the entire
Program, but the actual AMS values are calculated
individually for each voice.

This is the same as with HD-1 programs. For more
information, see “6—9: Common KeyTrack” on page 96.

EXi PROGRAM > EQ

This page is very simple, but very useful: it lets you control
the Program’s EQ settings. This is the same as with HD-1
programs. For more information, see “4-9: EQ” on page 82.

EXi PROGRAM > IFX

This pages let you control the Program’s twelve Insert
Effects (IFX). This is the same as with HD-1 programs. For
more information, see “PROGRAM > IFX” on page 98.

EXi PROGRAM > MFX/TFX

This pages let you control the Program’s two Master Effects
(MFX) and two Total Effects (TFX). This is the same as with
HD-1 programs. For more information, see “PROGRAM >
MFX/TFX” on page 107.
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EXi PROGRAM: Page Menu Commands

Compare —p.112
Write Program —p.112
Exclusive Solo —p.113
Show MS/WS/DKit Graphics —p.113
Add To Set List —p.113
Initialize Program —p.113
Load required samples —p.114
Optimize RAM —p.114
Select Sample No. —p.115
Select Directory/File for Sample To Disk —p.115
Auto Sampling Setup —p.116
Copy Tone Adjust —p.118
Reset Tone Adjust —p.119
Copy EXi Oscillator —p.140
Copy X-Y Envelope —p.119
Copy Step Sequencer —p.140
Copy External Scene —p.122
Copy Scene —p.122
Swap Scene —p.122
Initialize Scene —p.122
Copy Insert Effect —p.122
Swap Insert Effect —p.123
Insert IFX Slot —p.123
Cut IFX Slot —p.124
Clean Up IFX Routings —p.124
Copy MFX/TFX —p.125
Swap MFX/TFX —p.125
Write FX Preset —p.126
PAGE —p.126
MODE —p.126
Copy EXi Oscillator

This command copies the oscillator settings of a EXi
program.

1. Select “Copy EXi Oscillator” to open the dialog box.
Copy EXi Oscillator

Tone Adjust too?

From IEXiT

Program » ADOD: Nautilus Grand Dry/Amb

To EXi1

2. Use the “From” field to select whether to copy from
EXi 1 or EXi 2.

3. Use the “Program” field to select the bank and
number of the source Program.

Note: You can’t select HD-1 Programs here.

If “Tone Adjust too” is checked, the Tone Adjust settings
will be copied along with the rest of the EXi parameters.

If this is not checked, and the destination (To) had
previously used the same EXi Instrument Type as the
source (From), then the Tone Adjust settings of the
destination will be preserved.

If the EXi Instrument Types were different, all Tone
Adjust settings of the destination will be initialized.

4. Use the “To” field to select the copy-destination
oscillator.

5. Press the OK button to execute the Copy Oscillator
operation, or press the Cancel button if you decide not
to execute.

Copy Step Sequencer

This command copies the step sequencer settings of the
desired EXi program.

1. Select “Copy Step Sequencer” to open the dialog box.

Copy Step Sequencer

From  [|common Step Sequencer

Program > A000: Nautilus Grand Dry/Amb

2. Use the “From” field to select either Common Step
Sequencer or Voice Step Sequencer as the step
sequencer you want to copy.

Voice Step Sequencer lets you copy from the per-voice
step sequencer within an EXi, such as the AL-1. You can
choose to copy from either EXi 1 or EXi 2. Some EXi,
such as the CX-3, don’t have a per-voice step sequencer.
Only EXi which actually contain per-voice step
sequencers will appear in the EXi 1/2 selection.

3. Use the “Program” field to select the bank and
number of the copy-source program.

Note: You can’t select HD-1 programs.

4. Press the OK button to execute the Copy Step
Sequencer command, or press the Cancel button if
you decide not to execute.

Some AMS settings are not copied

The following AMS-related parameters are not copied:

» Start Step AMS and Intensity

* Sequence Reset AMS and Threshold

* Value AMS Input AMS selection
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AL-1 Overview

The AL-1 is Korg’s most full-featured virtual analog
synthesizer to date. It’s played from within EXi Programs, so
you can layer it with any other EXi—or layer two AL-1s
together. Its features include:

Two ultra-low-aliasing oscillators, based on new,
proprietary technology

Sub oscillator, colored noise generator, and live audio
input; FM, sync, and ring modulation

Dual multi-mode resonant filters, including Korg’s new
Multi Filter

Drive and Low Boost, for adding per-voice grit, girth and
distortion

Four per-voice LFOs, five re-triggerable envelopes, and
a per-voice step sequencer

» Two key tracking generators and two AMS mixers
+ Up to 80 voices of polyphony

» Access to all standard EXi Program features, including
the Common LFO, Common Step Sequencer, Key Track
1 & 2, Arpeggiator, EQ, and effects

Unsupported EXi Common parameters

The AL-1 supports all of the EXi Common parameters,
except for two of the voice allocation options: Poly Legato
and Mono Mode (Normal/Use Legato Offset). Both of these
options are designed for sample playback, and so they don’t
apply to the AL-1.

All of the other voice allocation options are fully supported,
including Mono, Mono Legato, Unison, etc.

~
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EXi PROGRAM > Home

0-1: Overview

Home

IDO16: Leading Triangle

Pitch  Fitter
kG2

Overview
Mix Balance

Quick
Layer

This is the main page of PROGRAM mode. For a full
description of this page and all of its functions, please see
“EXi PROGRAM > Home” on page 127. This section
describes only the overview display, which differs for each
individual EXi.

0-1b: Overview and Page Jump

This part of the page shows an overview of the most
important settings for the Program’s two EXi instruments.
The specific parameters will vary, depending on which EXi
are being used. The specific parameters for the AL-1 are
described below.

The graphics give you a quick way to check all of these
settings at a glance. They also let you jump instantly to any
of the displayed parameters. Just touch one of the graphics,
and you’ll jump to the page containing its parameters. For
instance, if you touch the Filter EG graphic, you’ll go to the
Filter EG page.

Tip: Pressing EXIT several times will always bring you back
to this page.

Oscillators

This shows the waveforms selected for OSC1, OSC2, and
the Sub Oscillator. It also shows the level and balance
settings for the three Oscillators, plus the Ring Modulator
and Noise Generator. Levels are shown in red, and balance
settings in green.

Press this area to jump to the OSC Basic page. For more
information, see “4—1: OSC Basic” on page 144.

0-1PMC

LeadSynth

EXi

3 Band EQ

DrumT

Mute
108

Quick
Split

Common Key Zone

This shows the key zones for EXil and EXi2, as set on the
Common section’s Program Basic page, in relation to the
entire MIDI note range. The range of the 61-, 73-, or 88-note
keyboard is also shown, as appropriate.

Press this area to jump to the PROGRAM (Common) >
Basic/X-Y/Controllers— Program Basic page.
Pitch

This shows the Pitch EG Select and Pitch LFO Select
settings for OSC1 and OSC2.

Touch an EG icon to jump to the Pitch EG/Mod page, or
touch an LFO icon to jump to the PROGRAM > AL-1:
OSC/Pitch— Pitch Common, Pitch EG/Mod page.

Filter

Filter Routing & Type

Displays the filter routing and type.

Press this area to jump to the PROGRAM > AL-1: Fllter-
Basic page.

Filter Graphic

Displays the cutoff frequency.

Press this part of the display to jump to the PROGRAM >
AL-1: Filter— Basic page.

EG, LFO

Shows the EG and LFO currently used.

Press this part of the display to jump to the PROGRAM >
AL-1: Filter— Filter Mod., Filter LFO Mod. page.
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Amp

Driver, Low Boost, Pan, Amp Level

This shows the Amp section’s Driver, Low Boost, Pan, and
Amp Level values.

If the Driver section’s Bypass is on, Driver and Low Boost
are not shown.

Press this area to jump to the PROGRAM > AL-1: Amp-
Amp/Driver page.
EGs, LFOs, and Step Sequencer

Step Sequencer Graphic

This shows a graphic overview of the per-voice step
sequencer.

Press this area to jump to the PROGRAM > AL-1: Step
Seq/LFO- Step Sequencer page.

EG 1...4, Amp EG Graphics

These show the shapes of the five EGs. Touch any of them to
jump directly to the corresponding edit page.

LFO 1, 2, 3, 4 Graphic

These show the waveforms and shapes of the four LFOs.
Touch any of them to jump directly to the corresponding edit

page.

0-1d: Common

3Band EQ Graphic

Mute (1) [On, Off]
Mute (2) [On, Off]
Mute (DrumT) [On, Off]
EXi1 Instrument Volume [000...127]
EXi2 Instrument Volume [000...127]
Drum Track Volume [000...127]

This is the same as with HD-1 programs. For more
information, please see “0—1d: Common” on page 4.

v 0-1:Page Menu Commands
* Compare —p.112

*  Write Program —p.112

* Exclusive Solo —p.113

« Show MS/WS/DKit Graphics —p.113
* Add To Set List —p.113

* Initialize Program —p.113

« PAGE —p.126
« MODE —p.126
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PROGRAM > AL-1: OSC/Pitch

These pages control the most basic elements of AL-1’s
sounds: the waveforms that the oscillators play, and the pitch
at which it plays them. For instance, you can:

» Select the waveforms for Oscillator 1, Oscillator 2, and
the Sub-Oscillator.

* Set the basic pitch of the sound, including the octave,
fine tuning, and so on.

* Control pitch modulation from a wide variety of sources,
such as JSX, LFOs, and EGs.

4-1: OSC Basic

fe exi DO18: R&B Lead

0sc1
4-1a —RUEIEGT] ISaw;‘PuIsr-_- Initial Phase  +000
Wave Morph 000 AMS  Off
Intensity ~ +000
Pulse Width 052 AMS  Off
Intensity  +000
Octave +1[4] Tune +0000
Transpose +00 Frequency Offset +00.0[Hz]
Edge (0SC1, OSC2 & Sub 0SC)
4-1d — BT +049
FM/Sync (0SC2)
ey [\ Amount 000 AMS

Intensity  +039

SW2Mod.  (CC#81)

Syne

0SC Basie

4-1PMC

osc2

Waveform  Saw/Pulse Initial Phase  +000
Wave Morph 000 AMS  Off
Intensity  +000
Pulse Width AMS  Off
Intensity  +000
Octave Tune +0000
+00.0[Hz]

Transpose Frequency Offset

Modeling vintage analog synths

NAUTILUS and the AL-1 provide a range of features for
modeling vintage analog synths. Instead of simply providing
fixed presets to choose between, there are separate
parameters for individual synth characteristics—which means
that you can mix and match as desired, for an even broader
timbral palette.

For more information on modeling specific aspects of
vintage synths, see the references below.

» Oscillator timbre: see “Edge” on page 146

* Oscillator pitch: see “Randomizing frequency for an
analog feel” on page 146

+ Unison pitch: see “Thickness” on page 132
+ Oscillator interaction: see “Initial Phase” on page 145

* Basic filter characteristics: see “Filter Routing” on
page 154

+ Filter timbre: see “Resonance Bass” on page 156

* Monophonic voice assignment: see “Priority” on
page 131

» Portamento: see “Mode” on page 151

4-1a: Oscillator 1
Waveform

[Saw, Pulse, Saw/Pulse, Double Saw,
Detuned Saw 1, Detuned Saw 2,
Triangle, Square/Triangle]

Waveform

This selects the waveform for Oscillator 1, and will also
affect the behavior of the Wave Morph and Pulse
Width/Phase/Detune parameters, below.

Saw produces a sawtooth wave—the traditional buzzy analog
synth sound.

Pulse produces a square wave with variable pulse width, as
controlled by the Pulse Width parameter below.

Saw/Pulse creates both of the waveforms at the same time.
You can crossfade between the two using the Wave Morph
parameter, below.

Double Saw produces two sawtooth waveforms
simultaneously. You can adjust the phase of the second
sawtooth using the aptly-named Phase parameter, below,
and adjust its volume with the Wave Morph parameter.

Detuned Saw 1 produces two detuned sawtooth waveforms
simultaneously. Detune controls the amount of detuning,
and Wave Morph adjusts the volume of the second
sawtooth.
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Detuned Saw 2 is similar to Detuned Saw 1, except that the
second sawtooth is 180 degrees out of phase. This produces
a timbre similar to pulse width modulation, with the Detune
parameter controlling both detune and the speed of the PWM
effect.

Triangle produces a pure tone with relatively few overtones.

Square/Triangle simultaneously creates a square wave (in
which the pulse width is fixed at 50%) and a triangle wave.
Wave Morph crossfades between the two.

Initial Phase [-180...+180, Random]

This controls the initial phase of Oscillator 1, in 1-degree
increments.

Random: with each note-on, the waveform will start from a
random point along the waveform, to simulate the varying
phase relationships between oscillators in analog
synthesizers.

Wave Morph [000...100]

The function of this parameter changes depending on the
Waveform selection, above.

When Waveform is set to either Saw/Pulse or
Square/Triangle, Wave Morph crossfades between the two
waveforms. At 0, you’ll hear only the first waveform; at 100,
you’ll hear only the second waveform; and at 50, you’ll hear
an equal mix of both.

When Waveform is set to Double Saw, Detuned Saw 1, or
Detuned Saw 2, Wave Morph controls the volume of the
second Sawtooth wave.

‘Wave Morph is not available when the Waveform is set to
Saw, Pulse, or Triangle.

AMS [List of AMS Sources]

This selects an AMS source to control Wave Morph. For a
list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

AMS Intensity [-100...4+100]

This controls the depth and direction of the AMS modulation
for Wave Morph.

Pulse Width/Phase/Detune [000...100]

The name and function of this parameter changes depending
on the Waveform selection, above.

When the Waveform is set to Pulse or Saw/Pulse, this is
named Pulse Width, and controls the width of the Pulse
waveform. For details, see “More on Pulse Width,” below.

When Waveform is set to Double Saw, it is named Phase,
and controls the phase relationship between the two
Sawtooth waves.

When Waveform is set to Detuned Saw 1 or 2, this is
named Detune, and controls the detune amount between the
two Saws. The adjustments are in half-cent increments, so
that 0 = 0 cents, 50 = 25 cents, and 100 = 50 cents. Saw 1 is
tuned up, and Saw 2 is tuned down, so that the tonal center is
maintained.

More on Pulse Width

Pulse waveforms are simple, rectangular shapes. The Pulse
Width sets the percentage of the waveform spent in the “up”
position. A few examples are shown in the diagram below.
Note that a square wave is just a pulse wave with the width
set to 50%.

The width controls the timbre of the oscillator, from pure
and hollow at 50% (a square wave) to thin and reedy at the

extremes.

At settings of 0 and 100—or when the Pulse Width is
modulated to these values via AMS— the Pulse wave will be
silent, since these eliminate the “pulse” altogether.

Pulse waveform at different widths

Pulse Width = 10%

Pulse Width = 25%

LT

Pulse Width = 50%

Pulse Width = 75%

L

The real magic of the pulse wave comes when you modulate
the width, using the AMS source and intensity below. Try
using a medium-speed triangle LFO, or a sweeping EG.

AMS

AMS Intensity

[List of AMS Sources]

This selects an AMS source to control Pulse
Width/Phase/Detune. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.

[-100...+100]

This controls the depth and direction of the AMS modulation
for Width/Phase/Detune.

Waveform Type and Modulatable Parameters

Waveform Type Morph PF::;I:: /‘II)v::::/e
Saw n/a n/a

Pulse n/a Pulse Width
Saw/Pulse ;(:]addsul:i:et}ween 8 pylse Width
Double Saw Volume of 2nd saw Phase

Detuned Saw 1 Volume of 2nd saw | Detune

Detuned Saw 2

Volume of 2nd saw

Detune and PWM
effect

Triangle n/a n/a
. Xfade between
Square/Triangle PO n/a
Frequency

Note: The Sub-Oscillator’s frequency is always exactly one
octave below that of Oscillator 1. This means that adjusting
any of the controls in this section, including Octave,
Transpose, Tune, and Frequency Offset, will affect the
Sub-Oscillator as well as Oscillator 1.

Octave

[-2[32'], -1[16’], +0[8'], +1[4'], +2[2']]

This sets the basic pitch of Oscillator 1, in octaves. The

default is +0[8’].
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Transpose [-12...+12]

This adjusts the pitch in semitones, over a range of +1
octave.

[-1200...+1200]

This adjusts the pitch in cents, over a range of £1 octave. A
cent is 1/100 of a semitone.

Tune

[-10.0Hz ... +10.0Hz]

This adjusts the pitch by increments of 0.1 Hz. Frequency
Offset is different from Tune in that, when used to detune
the two oscillators, it can create a constant beat frequency
across the range of the keyboard.

Frequency Offset

Randomizing frequency for an analog feel

You can use various methods to randomize the oscillator
frequency, in order to simulate the instability of analog
oscillators:

* Simulate analog drift by modulating pitch with one of
the Continuous Random LFO waveforms.

* Use Tune or Frequency Offset to detune the oscillators
a tiny bit.

+ Set the Scale Random parameter (in the Common
section, Basic/X-Y/Controllers page, EXi Basic tab) to
1,2, or 3 to create small amounts of random pitch
variation at note-on.

4-1b: Oscillator 2

Oscillator 2 is very similar to Oscillator 1, as described
above. The only differences are:

+ Oscillator 2 does not include the Triangle or
Square/Triangle waveforms.

» Oscillator 2’s pitch does not affect the Sub-Oscillator.

»  When Sync is enabled, Oscillator 2’s Initial Phase
setting affects only the very beginning of the sound,
before Oscillator 1 completes its first cycle. After that,
Oscillator 2’s phase is controlled by Oscillator 1.

4-1c: FM/Sync
FM Amount [000...100]

Oscillator 1 is the modulator, and Oscillator 2 is the carrier.
In other words, FM affects the timbre of Oscillator 2, and
does not affect the timbre of Oscillator 1.

You can create stable, periodic waveforms by setting FM
Amount to any multiple of 6, such as 6, 12, 18, 24, etc. At
other settings, the signal will “roll around” in interesting
ways.

This feature is similar to a classic five-voice analog
synthesizer’s “Osc B to Freq A” function, except that the
depth can be up to eight times greater—16 octaves instead of
2.

To create a cool sync-like sound with FM:
1. Set Oscillator 1’s Waveform to Pulse.

2. Assign an AMS source, such as an EG or LFO, to
modulate Oscillator 1’s Pulse Width.

3. Set Oscillator 2’s Waveform to Pulse.
4. Set Oscillator 2’s Pulse Width to 50.
5. Set the FM amount to 24.

Note also that FM, Sync, and Ring Mod can all be used
simultaneously.
AMS [List of AMS Sources]

This selects an AMS source to control the FM Amount. For
a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-100...+100]
This controls the depth and direction of the FM Amount
AMS modulation.

[Off, On]

When Sync is On, Oscillator 1 controls the pitch of
Oscillator 2, and changing or modulating Oscillator 2’s
frequency changes its timbre, instead of its pitch.

Sync

Every time that Oscillator 1 begins a new cycle (the instant
that it passes through zero going from negative to positive),
Oscillator 2 snaps back to the start of its waveform.

Note that FM, Sync, and Ring Mod can all be used
simultaneously.

To create the classic sync sweep sound:
1. Turn Sync On.

2. Assign an EG as the AMS source for Oscillator 2
Pitch.

3. Now, the EG is controlling the sync sound.

4. Set the EG and Pitch AMS Intensity parameters to
create the desired sync sweep.

4-1d: Edge (OSC 1, OSC 2 & Sub 0S()
Edge [-100...+100]

This controls the high-frequency character of Oscillator 1,
Oscillator 2, and the Sub Oscillator.

Set it to O for a timbre similar to vintage American analog
synths, and to higher values for “edgier” tones.

Negative values result in warmer, darker tones, to create an
oscillator timbre similar to the MS-20.

Vv 4-1:Page Menu Commands
* Compare —p.112

*  Write Program —p.112

* Exclusive Solo —p.113

* PAGE —p.126
* MODE —p.126



PROGRAM > AL-1: OSC/Pitch 4-2:0SC Sub

4-2: 0SC Sub

exi  D018: R&B Lead

Sub Oscillator
Y PR \Waveform ISquare
Ring Modulator
4-2b —==SUIGT Ring Mod
Modulator  0SC1
Carrier osc2
Moise Generator
EaVIdbe—  Saturation 00

Filter Frequency 99

0SC Sub

4-2a: Sub Oscillator

The Sub Oscillator plays exactly one octave below
Oscillator 1. All Oscillator 1 pitch mod effects the Sub
Oscillator as well.

Waveform [Square, Triangle]

This selects the basic waveform of the Sub-Oscillator. The
Triangle waveform’s amplitude is three times that of the
square, to compensate for the difference in perceived
loudness. This means that similar Level settings at the mixer
result in similar amounts of “boom.”

Note that this is different from Oscillator 1’s Triangle wave.
In Oscillator 1, the Triangle amplitude is the same as that of
the other waveforms, resulting in a lower perceived volume

(just like on classic analog synths).

4-2b: Ring Modulator

The Ring Modulator has its own input to the Mixer section.
The default volume is 0, so to hear it, you’ll need to turn it
up!

When the frequencies of the Carrier and the Modulator are
the same, the Ring Modulator produces steady, constant
waveforms. When the two are detuned, it produces more
movement and overtones.

Note that FM, Sync, and Ring Mod can all be used
simultaneously.

k Even though the oscillators themselves have extremely
low aliasing, Ring Mod can produce aliasing - especially
at higher frequencies.

Mode [Ring Mod, AM, Rectify, Clip]

This selects between four different variations of ring
modulation.

Ring Mod produces the traditional ring modulation effect.

4-2PMC

AM includes both the traditional ring modulation effect and
the dry signal of the Carrier input.

Rectify means that any negative parts of the Modulator’s
waveform are flipped around to be positive instead. If the
Modulator is a square wave, this mode sounds pretty much
like just listening to the Carrier alone.

Clipped means that the Modulator input is clipped to
positive values before going into the Ring Mod; any
negative parts of the waveform are chopped off and thrown
away.

Modulator [OSC 1, Noise]
This selects the modulator source for the Ring Modulator.

Rectify and Clip, above, both affect the Modulator signal.

Carrier [OSC 2, Ext Input]

Selects the carrier source for the ring modulator.

Ext Input uses the audio input selected under Sub
OSC/Audio Input, on the Mixer page. For more information,
see “4-3c: Sub OSC/Audio Input” on page 149.

4-2c: Noise Generator

The noise generator includes Saturation, for creating unique
and chaotic noise effects, and a dedicated 1-pole filter to
control noise color.

For standard white noise, set the Saturation to 0, and the
Filter Frequency to 99.

For colored noise (such as pink noise), set the Saturation to
0, and reduce the Filter Frequency as desired.

To create “speckled noise” such as rocket sounds and
thunder, set Saturation to 99, and Filter Frequency to 10.

To create key contact noise (such as you might find on
vintage analog synths), create speckled noise as described
above, and then use a fast EG to control its volume in the
mixer.
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Saturation [0...99]

This control clips the noise signal, for added crunch. Subtle
variations in saturation are more noticeable with very low
Filter Frequency settings (see below), allowing you to
create organic, rumbling timbres.

Filter Frequency [0...99]

This is a simple, 1-pole lowpass filter for controlling the
“color” of the noise.

Vv 4-2:Page Menu Commands
¢ Compare —p.112

*  Write Program —p.112

* Exclusive Solo —p.113

+ PAGE —p.126
« MODE —p.126

4-3: Mixer

exi  D018: R&B Lead
Oscillator Mixer
osc1 Level 120 laMs  off
¥ Intensity +00

k) AMS  Off

* ¥ Intensity +00

BB 00 ams  off
/ Intensity +00
Mode Sub0OSC
Ring Mod 00 AMS  Off

Intensity +00

AMS  Off

Intensity +00

Mixer

The Mixer page controls the volume levels for the five main
parts of the Oscillator, and also controls the routing to the
filter section. For instance, you can:

» Control the volume levels for Oscillator 1, Oscillator 2,
the Sub Oscillator (or an Audio Input), the Ring
Modulator, and the Noise Generator.

e Modulate these volume levels via AMS.

*  When the Filter Routing is set to either Serial or
Parallel, you can route each of the five Oscillator
elements through Filter A, Filter B, or a combination of
the two - and then modulate that routing via AMS.

» Select an audio input to route through the filters, driver,
ring modulator, and effects.

4-3PMC

Phase Inv.

Phase Inv.

Phase Inv.

External Audio  Audio Input 1

Phase Inv.

Phase Inv.

4-3a: 0SC1

Level [0...99]
This controls the volume level for Oscillator 1.

AMS [List of AMS Sources]

This selects an AMS source to control the Oscillator 1
Level. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

Intensity [-99...+99]

This controls the depth and direction of the Oscillator 1
Level AMS modulation.

Balance [0...99]

This controls the filter routing for Oscillator 1. It applies
only when the Filter Routing is set to either Serial or
Parallel; otherwise, it is grayed out.

0 is the default, and means that Oscillator 1 goes into Filter
A. If the Filter Routing is set to Serial, it will also pass
through Filter B.

99 means that Oscillator 1 goes into Filter B.

In between, the oscillator will go to a combination of both
filters. By modulating the Balance via AMS, you can
crossfade between routing through Filter A and Filter B. For
more information, see “Interaction between the filters and
the mixer,” on page 154.
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AMS [List of AMS Sources]
This selects an AMS source to control the Oscillator 1
Balance. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...499]
This controls the depth and direction of the Oscillator 1
Balance AMS modulation.

Phase Invert [Off, On]

This inverts the phase of Oscillator 1.

4-3b: 0SC2

Oscillator 2 has the same mixer parameters as described
under “4-3a: OSC1,” above.

4-3c: Sub OSC/Audio Input

In addition to the Level, Balance, AMS, and Phase Invert
parameters described under “4-3a: OSC1,” above, this
section has controls for using an external audio input.
Mode [Sub OSC, External Audio Input]
This selects whether the mixer input will be used for the Sub
Oscillator, or the audio input selected below.

External Audio [Audio Inputs 1, 2, USB 1, 2]

This selects the audio input used for both this mixer channel
and the Ring Modulator.

The Ring Modulator can use the selected audio input even if
Mode, above, is set to Sub OSC.

4-3d: Ring Mod

The Ring Modulator has the same mixer parameters as
described under “4-3a: OSC1,” above.

4-3e: Noise

The Noise Generator has the same mixer parameters as
described under “4-3a: OSC1,” above.

Vv 4-3:Page Menu Commands
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4-4: Pitch Common

exi D018: R&B Lead

Pitch
Pitch Slope | +1.00

Ribbon(#16)  +02
J5(+X)
JS(-X) : 0SC1
Portamento
Enable Mode Constant Rate
M Fingered
Time E] AMS  Off

Intensity ~ +000

Pitch
Common

This page lets you modulate the pitch of Oscillators 1, 2, and
the Sub Oscillator simultaneously, so that the modulation
applies equally to all three oscillators. For example, you can:

» Set up pitch bend from Joystick X (with separate settings
for bending up and bending down).

» Use Pitch Slope to control how the pitch changes when
you play up and down the keyboard.

* Set up Portamento.

» Assign an LFO to modulate the pitch of all three
oscillators simultaneously.

4-4a: Pitch

Pitch Slope [-1.00...+0.00...+2.00]
Normally, this should be set to the default of +1.00.

Pitch Slope, pitch, and note

+2
Pitch

+1

2oct Tl "
oci 0

loct

-1

C4 C5 Note on keyboard

Positive (+) values cause the pitch to rise as you play higher
on the keyboard, and negative (-) values cause the pitch to
fall as you play higher on the keyboard.

When this is set to 0, playing different notes on the keyboard
won’t change the pitch at all; it will be as if you’re always
playing C4. This can be useful for special effects sounds, for
instance.

4-4PMC

N AT T A T W AT TN TR AR A
SC2

LFO
LFO Select LFO1

Intensity +00.00  AMS Off

J5+Y Intensity  +00.75 Intensity  +00.00

If you want to create more complex effects, you can assign
key tracking as an AMS source.

JS+X [-60...+60]

Sets how much the pitch will change (in semitones) when
you move the joystick to the right. Normally, this is set to a
positive value. For instance, when the value is set to “+12”
and you move the joystick all the way to the right, the pitch
of any notes you play on the keyboard will be shifted up one
octave.

JS-X [-60...+60]

Sets how much the pitch will change (in semitones) when
you move the joystick to the left. Normally, this is set to a
negative value. For instance, when the value is set to “—60”
and you move the joystick all the way to the left, the pitch of
the notes you play on the keyboard will be shifted down five
octaves. You can use this to create guitar-like whammy bar
effects.

4-4b: Portamento

Portamento lets the pitch glide smoothly between notes,
instead of changing abruptly.

Enable [Off, On]

On (checked): Turns on Portamento, so that pitch glides
smoothly between notes.

Off (unchecked): Turns off Portamento. This is the default
state.

[Off, On]

This parameter allows you to control Portamento through
your playing style. When it’s enabled, playing legato will
turn on Portamento, and playing detached will turn it off
again.

Fingered

This option is only available when Portamento Enable is
turned on.
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On (checked): Turns on Fingered Portamento.

Off (unchecked): Turns off Fingered Portamento.

Mode

Constant Rate means that Portamento will always take the
same amount of time to glide a given distance in pitch - for
instance, one second per octave. Put another way, gliding
several octaves will take much longer than gliding a half-
step.

[Constant Rate, Constant Time]

Constant Time means that Portamento will always take the
same amount of time to glide from one note to another,
regardless of the difference in pitch. This is especially useful
when playing chords, since it ensures that each note in the
chord will end its glide at the same time.

[000...127]

This controls the portamento time. Higher values mean
longer times, for slower changes in pitch. When Time is set
to 0, the pitch will be reached instantly—just as if Portamento
Enable was turned Off.

AMS [List of AMS Sources]

This selects an AMS source to control the Portamento
Time. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

Time

The modulation occurs only at note-on. This means that you
can change the time for the next pitch glide, but you can’t
change any glides which are already in progress.

[-127...4+4127]

This controls the depth and direction of the Portamento
Time AMS modulation.

Intensity

Assigning SW1 or SW2 to Portamento On/Off

You can use the two assignable switches, SW1 and SW2, to
turn portamento on and off. For more information, see “1—
8b: Panel Switch Assign” on page 48.

To do so:
1. Go to the PROGRAM > Basic/X-Y/Controllers—
Controllers page.

2. Under Switch tab, select the RT Control by the Target
of either Switch1 or Switch2, and set the RT Control
to Portamento SW (CC#65).

Now, the selected button will enable and disable Portamento.
It will also send the MIDI Portamento controller, CC#65.

[ Even if you don’t assign SW1/2 to Portamento, you can
still use MIDI Controller #65 to turn Portamento on and
off.

4-4c:LFO

LFO Select [LFO1,LFO 2,LFO 3,LFO 4,

Common LFO]

This selects an LFO to modulate all oscillators
simultaneously. This shared modulation can be useful for
vibrato, among other things.

The LFO Intensity, JS+ Y Intensity, and AMS are all
summed together to produce the final amount of LFO pitch
modulation.

LFO Intensity [-48.00...+48.00]

This controls the initial effect of the LFO on the pitch, in
semitones, before any JS+Y or AMS modulation.

Negative (-) settings will invert the phase of the LFO.

JS+Y Intensity [-48.00...+48.00]

Moving the joystick “up” from the center detent position,
away from yourself, produces the JS+Y controller. You can
use this to scale the amount of the LFO applied to the pitch.
This parameter sets the maximum amount of LFO
modulation added by JS+Y, in semitones.

As this value is increased, moving the joystick in the +Y
direction will cause the LFO to produce deeper pitch
modulation.

Negative (-) settings will invert the phase of the LFO. You
can also use this to reduce the initial amount of the LFO, as
set by LFO1 Intensity, above.

AMS [List of AMS Sources]

This selects an AMS modulation source to scale the amount
of the LFO applied to pitch.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [-48.00...+48.00]

This controls the depth and direction of the LFO AMS
modulation, in semitones.
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4-5: Pitch EG/Mod

4-5PMC

: Exi  D018: R&B Lead
0SC1 & Sub 0SC Pitch EG 0SC2 Pitch EG
EG Select EG2(Pitch) EG Select EG2(Pitch)
Intensity +00.00 AMS  Velocity Intensity +00.00 AMS  Velocity

Intensity Intensity

0SC1 & Sub OSC Pitch Modulation
Ams1 |off Intensity Intensity Mod AMS

Intensity
AMS2  Off Intensity +00.00 Intensity Mod AMS
Intensity
0SC2 Pitch Modulation
AMS1  Off Intensity Intensity Mod AMS
Intensity

AMS2  Off Intensity Intensity Mod AMS
Intensity

Pitch
EG/Mod

This page lets you modulate the pitches of Oscillators 1 and AMS [List of AMS Sources]

2 separately—as opposeq to the Pitch Common page, whose This selects an AMS modulation source to scale the amount

controls affect both Oscillators at once. of the Pitch EG applied to Oscillator 1 and the Sub

All pitch modulation for Oscillator 1 also affects the Sub Oscillator.

Oscillator. For a list of AMS sources, see “Alternate Modulation Source

(AMS) List” on page 905.

4-5a: 0SC 1 & Sub OSC Pitch EG Intensity [-48.00...+48.00]

EG Select [EG 1 (Filter), EG 2 (Pitch), This controls the depth and direction of the pitch EG AMS
EG 3, EG 4, Amp EG] modulation. The AMS modulation and the initial Intensity

This selects an EG to modulate the pitch of Oscillator 1 and are added together to determine the Pitch EG’s final effect.

the Sub Oscillator.

There are four assignable EGs, in addition to the Amp EG. 4-5b: OSC 2 Pitch EG
Each of these can be used as a modulation source to control a

Oscillator 2 has the same Pitch EG parameters as described

wide variety of parameters. under “4-5a: OSC 1 & Sub OSC Pitch EG,” above.

In the midst of all this flexibility, we thought it would also be

good to provide a little structure. With this in mind, EG 1 is . . .
named EG 1 (Filter) and EG 2 is labeled EG 2 (Pitch). 4-5¢: 0SC 1 & Sub OSC Pitch Modulation
Please take these names as suggestions, rather than AMS 1 [List of AMS Sources]
restrictions. If you like, you’re fr.ee to use these EGs to This selects the first modulation source for controlling the
control any EG or AMS destm-atlon, or to use other EGs to pitch of Oscillator 1 and the Sub Oscillator. For a list of
control Filter Frequency and Pitch. AMS sources, see “Alternate Modulation Source (AMS)
Intensity [-48.00...+48.00] List” on page 905.

This controls the initial effect of the Pitch EG on the Intensity [+/-48.00 semitones]
frequency of Oscillators 1 and the Sub Oscillator, in half- This controls the depth and direction of the AMS 1 pitch
steps, before any AMS modulation. modulation. in semitones.

The Pitch EG’s shape can swing all the way from +99 to -99. . .

When the Intensity is set to a positive (+) value, positive Intensity Mod AMS [List of AMS Sources]
values from the EG raise the pitch, and negative values You can modulate AMS 1’s Intensity from another AMS
lower the pitch. source. This selects that source.

When the Intensity is set to a negative (-) value, the effect of Intensity [+/-48.00 semitones]

the EG is reversed; positive EG values mean lower pitches,

and negative EG values mean higher pitches. This controls the depth and direction of the Intensity Mod

AMS, in semitones. The result is summed with the main
AMS 1 Intensity to produce the final pitch modulation
amount.
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AMS 2 [List of AMS Sources]
This selects a second modulation source for controlling the
pitch of Oscillator 1 and the Sub Oscillator. For a list of
AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [+/-48.00 semitones]
This controls the depth and direction of the AMS 2 pitch
modulation, in semitones.

Intensity Mod AMS [List of AMS Sources]
You can modulate AMS 2’s Intensity from another AMS

source. This selects that source.

Intensity [+/-48.00 semitones]

This controls the depth and direction of the Intensity Mod
AMS, in semitones. The result is summed with the main
AMS 2 Intensity to produce the final pitch modulation
amount.

4-5d: OSC 2 Pitch Modulation

Oscillator 2 has the same Pitch Modulation parameters as
described under “4-5c: OSC 1 & Sub OSC Pitch
Modulation,” above.
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PROGRAM > AL-1:Filter

5-1:Basic

A > AL -1:Filter

exi  D018: R&B Lead

Filter Routing

PRIERS— @ Single Serial Parallel 24dB(4 -Pole)
Filter A
CERIges . Type LowPass (12dB/oct) Bypass

Frequency 42 Fine +00
Resonance 79 AMS  JS-Y (CC#02)
Reso.Bass  Full Intensity ~ +00

Level 99 AMS Off

Input Trim 99

Intensity  +00

Interaction between the filters and the
mixer

When the Filter Routing is set to either Single or 24dB (4-
Pole), the routing from the Oscillator section into the Filter

section is fairly simple. There’s only a single filter, and that
filter processes all of the Oscillator elements.

Things can get more interesting when the Filter Routing is
set to Serial or Parallel. In these modes, The Mixer page’s
Balance parameters let you separately control the filter
routing for each of the five inputs: Oscillator 1, Oscillator 2,
the Sub Oscillator, the Ring Modulator, and the Noise
Generator.

When an input’s Balance is set to 0, it goes into Filter A.
(Note that if the Filter Routing is set to Serial, the signal
will also pass through Filter B.)

If the input’s Balance is set to 99, it goes directly into Filter
B, regardless of whether the routing is set to Serial or
Parallel.

Standard serial configuration

To create a standard serial filter configuration:

1. Set the Filter Routing to Serial.

This connects the output of Filter A to the input of Filter B.
2. Set all of the mixer’s Balance controls to 0.

This makes all of the inputs go to Filter A first, and then
through Filter B.

Standard parallel configuration

To create a standard parallel filter configuration:

1. Set the Filter Routing to Parallel.

2. Set all of the mixer’s Balance controls to 50.

5-1PMC

Filter B

e — 5-1c

This routes all of the inputs to both filters, at equal volumes.

Dual signal paths

You can also send one Oscillator through Filter A, and the
other through Filter B, to create a layered sound. For
instance:

1. Set the Filter Routing to Parallel.
2. Set Oscillator 1’s Balance to 0.
This routes Oscillator 1 to Filter A.

3. Set Oscillator 2’s Balance to 99.
This routes Oscillator 2 to Filter B.

Anywhere in-between

If an input’s Balance is set between 1 and 98, it will go to a
combination of both filters—so that many “in between” filter
effects are available.

Finally, by modulating an input’s Balance via AMS, you can
crossfade between routing through Filter A and Filter B.

5-1a: Routing
Filter Routing [Single, Serial, Parallel,

24dB (4-Pole)]

There are two filters, Filter A and Filter B. This parameter
controls whether one or both of the filters are used, and if
both are used, it controls how they are connected to each
other.

Single. This uses only Filter A as a single 2-pole,
12dB/octave filter (6dB for Band Pass and Band Reject).
When this option is selected, the controls for Filter B will be
grayed out. A classic synthesizer expander module used this
type of filter.
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Serial. This uses both Filters A and B as separately
controllable 2-pole filters. The output of Filter A is
processed through Filter B.

Parallel. This also uses both Filter A and Filter B. Unlike
Serial, above, the outputs of the two filters are kept separate,
with individual control over both level and pan.

24dB (4-Pole). This merges both filters to create a single 4-
pole, 24dB/octave filter (12dB for Band Pass and Band
Reject). In comparison to Single, this option produces a
sharper roll-off beyond the cutoff frequency, as well as a
slightly more delicate resonance. Many classic analog synths
used this general type of filter.

When 24dB (4-Pole) is selected, only the controls for Filter
A are active; the controls for Filter B will be grayed out.
Also, note that the Multi Filter is not available in this mode.

5-1b: Filter A

Filter Type [Low Pass, High Pass, Band Pass,

Band Reject, Multi Filter]

The filter will produce very different results depending on
the selected filter type. The selections will change slightly
according to the selected Filter Routing, to show the correct
cutoff slope in dB per octave.

Low Pass. This cuts out the parts of the sound which are
higher than the cutoff frequency. Low Pass is the most
common type of filter, and is used to make bright timbres
sound darker.

High Pass. This cuts out the parts of the sound which are
lower than the cutoff frequency. You can use this to make
timbres sound thinner or more buzzy.

Band Pass. This cuts out all parts of the sound, both highs
and lows, except for the region around the cutoff frequency.
Since this filter cuts out both high and low frequencies, its
effect can change dramatically depending on the cutoff
setting and the oscillator’s multisample.

With low resonance settings, you can use the Band Pass
filter to create telephone or vintage phonograph sounds.
With higher resonance settings, it can create buzzy or nasal
timbres.

Band Reject. This filter type—also called a notch filter—cuts
only the parts of the sound directly around the cutoff
frequency. Try modulating the cutoff with an LFO to create
phaser-like effects.

Multi Filter. This is a complex filter which is capable of all
of the above filter types, and many more besides. For more
information, see “5—2: Multi Filter,” on page 157.

The Multi Filter is available only for Filter A, and only when
the Filter Routing is set to Single, Serial or Parallel.

Filter Types and Cutoff Frequency

Low Pass

High Pass

Band Pass

Band Reject

Cutoff Frequency

Bypass [Off, On]

This lets you bypass Filter A completely.
If Bypass is Off, Filter A functions normally.

When Bypass is On, Filter A has no effect on the input
signal.

Trim [00...99]
This adjusts the volume level at the input to Filter A. If you
notice that the sound is distorting, especially with high
Resonance settings, you can turn the level down here, or at

the Output Level.

Note that the filter will not clip internally, so there is no
difference between adjusting the Input Trim and the Output
Level. Either of these controls will allow you to minimize
clipping later in the signal chain, such as may occur in the
Drive section and in some effects.

Output Level [00...99]

This controls the output level of Filter A. You can use this to
balance the volumes of Filters A and B when the Routing is
set to Parallel, or to turn down the volume to avoid clipping
later in the signal chain.

AMS [List of AMS Sources]

This selects a modulation source to control the Qutput
Level. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

Intensity [-99...+99]

This controls the depth and direction of the Output Level
modulation.
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[00...99]

This controls the cutoff frequency of Filter A, in increments
of 1/10 of an octave. The specific effect of the cutoff
frequency will change depending on the selected Filter
Type, as described above.

Frequency

[-99...499]

This provides fine control of the filter cutoff frequency. Each
step of this parameter is equal to 1/100 of a step of the main
Frequency parameter, above.

Frequency Fine

Resonance Type [Standard, High]

This controls the strength of the filter resonance when the
Filter Routing is set to 24dB (4-Pole). When the routing is
set to Single, Serial, or Parallel, this parameter is grayed
out.

Standard provides the resonance character of a typical
analog 4-pole filter.

High creates a more pronounced resonance.

Resonance Bass [Tight, Full]

This controls the character of the filter resonance at low
cutoff frequencies. Its effect is most noticeable with high
Resonance settings.

Tight produces a more restrained resonance, similar to a
classic, American, wood-paneled monophonic synthesizer.

Full produces a wide, boomy resonance, reminiscent of a
famous five-voice American synthesizer.

[00...99]

Resonance emphasizes the frequencies around the cutoff
frequency.

Resonance

When this is set to 0, there is no emphasis, and frequencies
beyond the cutoff will simply diminish smoothly.

At medium settings, the resonance will alter the timbre of the
filter, making it sound more nasal, or more extreme.

At very high settings, the resonance can be heard as a
separate, whistling pitch.

To make the resonance track the keyboard pitch, see “Key
Follow,” on page 159.
Resonance Mod by AMS [List of AMS Sources]

This selects a modulation source to control the Resonance
amount. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

[-99...4+99]

This controls the depth and direction of the Resonance
modulation.

Intensity

Pan [Random, L001...C064...R127]

This controls the stereo pan for Filter A’s output. It is
available only when Filter Routing is set to Parallel.

When the Filter Routing is set to Single, Serial, or 24dB
(4-Pole), the Pan parameters will be grayed out.
AMS [List of AMS Sources]

This selects an AMS source to modulate Pan. For a list of
AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

[-99...4+99]

This controls the depth and direction of the Pan AMS
modulation.

Intensity

5-1c: Filter B

Filter B is available when the Filter Routing is set to Serial
or Parallel. Otherwise, its parameters will be grayed out.

Filter B is almost the same as Filter A, but without the Multi
Filter mode, and with the addition of the Link controls, as
described below. For all other parameters, please see the
descriptions under “5-1b: Filter A,” on page 155.

Link [Off, On]

When Link is On, most of Filter B’s parameters are grayed
out, and are instead controlled by the settings for Filter A.

Specifically, Filter B will use Filter A’s settings for
Resonance, Resonance Bass, and all Frequency and
Resonance modulation settings. Filter B’s Frequency is also
linked to that of Filter A, with an optional frequency offset
via the Link Frequency Offset parameter, below.

The Bypass, Type, Input Trim, Output Level, Output
Level AMS, Pan, and Pan AMS parameters are still
controlled separately.

Link Frequency Offset [-99...499]

This offsets Filter B’s Frequency from that of Filter A, and
applies only when Link is On.

When Link is Off, this parameter is grayed out.
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5-2: Multi Filter

A > AL - 1:Filter

exi  DO18: R&B Lead

Filter A
5-2a —gud Bypass Frequency Iz‘.?
Mode Crossfade
ERvIJBs . Mode1 Low Pass
Mode 1-2 Crossfade 00 AMS  Off
Intensity
Manual 1 Manual 2
5-2¢ —

Multi Filter

This page is available only when the Filter A Type is set to
Multi Filter.

What'’s a Multi Filter?

Standard multimode filters generate lowpass, highpass, and
bandpass filters simultaneously - but only allow you to use
one of them at a time.

The Multi Filter gives you access to all three filter modes
simultaneously, in any combination, along with the dry input
signal. You can choose from a large number of preset
combinations, or create your own complex filter modes
using the Manual controls.

This is capable of some cool sounds in and of itself, but
things really get interesting when you use the Crossfade
controls. These allow you to crossfade between two of these
filter settings (Mode 1 and Mode 2), using AMS sources
such as EGs, LFOs, or real-time controllers.

5-2a:Filter A

Bypass [Off, On]
Frequency [00...99]
Fine [-99...+99]
Resonance [00...99]

These are the same as the similarly-named parameters on the
Filter Basic page, as described under “5-1b: Filter A” on
page 155.

Edits to the values on this page will be reflected on the Filter
Basic page, and vice-versa.

5-2PMC

Resonance

Low Pass

Intensity Mod. AMS
Intensity

5-2b: Mode Crossfade

Mode 1
This sets the filter type for Mode 1.

Low Pass, High Pass, Band Pass, and Band Reject are the
standard filter types. For more information, see “Filter
Type,” on page 155.

[List of filter types]

The following types combine two or more filters at equal
volumes. Dry is the un-filtered input signal. The minus sign
(“-”) indicates when the phase of a filter is reversed: LP+BP,
LP-BP, LP-HP, BP+HP, BP-HP, Dry+LP, Dry-LP,
Dry+BP, Dry-BP, Dry+LP-HP, Dry+LP-BP, Dry+BP-LP,
Dry+BP-HP, Dry+HP-LP, Dry+HP-BP, LP+HP+BP.

All On uses the Low Pass, High Pass, Band Pass, and Dry
signals at equal volumes.

Manual 1 lets you create your own mix of the filters. For
more information, see “5-2c¢: Manual 1,” below.

Mode 2

Mode 2 has the same selections as Mode 1, except that the
list ends with Manual 2 instead of Manual 1.

[List of filter types]

Mode 1-2 Crossfade [00...99]
This fades between the Mode 1 and Mode 2 settings.

0 is all Mode 1, 99 is all Mode 2, and 1-98 are intermediate
values between the two Modes.

AMS [List of AMS Sources]

This selects a modulation source to control the Mode 1-2
Crossfade. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...+99]

This controls the depth and direction of the Mode 1-2
Crossfade modulation.
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Intensity Mod AMS [List of AMS Sources]

This selects an AMS source to modulate the intensity of the
main Mode 1-2 Crossfade AMS.

For instance, you can set AMS to use one of the LFOs, and
then set the Intensity Mod AMS to JS -Y. You can then use
the joystick to modulate the amount of the LFO.

Intensity [-99...4+99]

This controls the depth and direction of the Intensity Mod
AMS.

5-2c¢: Manual 1

These parameters let you create your own mix of the filters.
When Mode 1 is set to Manual 1, it will use these settings.

You may wonder why Band Reject is not included here. This
is because it’s not a filter mode per se. Instead, it’s created by
an equal combination of High Pass and Low Pass. Try it and
see!

[-99...+99]

This controls the volume of the Lowpass filter output.
Negative values invert the phase.

Lowpass

[-99...499]
This sets the volume of the Highpass filter output.

[-99...+99]
This controls the volume of the Bandpass filter output.

Dry [-99...+99]
This sets the volume of the dry signal.

Highpass

Bandpass

5-2d: Manual 2

The Manual 2 parameters are identical to those of Manual 1,
as described above.
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5-3: Filter Mod.

> AL -1:Filter

< Exi D018: R&B Lead

Keyboard Track
[ECPR [ntensity to A

Intensity to B

llll.ll‘I_Ll_lllll‘I_L%II.llll_Hl

Key Low Break IFA‘-W Center

Ramp Bottom-Low  -53
Filter EG

5-3b —=IIICHY EG Select  EG1(Filter) Velocity Int.

Filter A Modulation
ERRTaEE— AMS1  Off Intensity
Intensity Mod.AMS off

Intensity
AMS2  JS-Y

(CC#02) Intensity

Filter Mod.

This page contains all of the settings for Filter Frequency
modulation (except for the LFOs, which are on their own
page). Among other things, you can:

» Set up complex keyboard tracking shapes, and control
how the tracking affects filter cutoff.

» Control the effect of the Filter Envelope on filter cutoff.
» Assign AMS modulation for filter cutoff.

Filter B is available when the Filter Routing is set to Serial
or Parallel. Otherwise, the parameters for Filter B will be
grayed out.

The AL-1’s Filter keyboard tracking parameters are identical
to the HD-1’s. For more detailed explanations of the

Low-Center -47

5-3PMC

JULLILLILLIILILLL IR ILRILLILLLRLLILY
5 C6 C7 CB_Co

High Break F#6

Center-High  +48 High-Top +48

EGInt. +00 AMS CC#16 Intensity  +00

Filter B Modulation

5-3a: Keyboard Track

Most acoustic instruments get brighter as you play higher
pitches. At its most basic, keyboard tracking re-creates this
effect by increasing the cutoff frequency of a lowpass filter
as you play higher on the keyboard. Usually, some amount
of key tracking is necessary in order to make the timbre
consistent across the entire range.

The NAUTILUS keyboard tracking can also be much more
complex, since it allows you to create different rates of
change over up to four different parts of the keyboard.

parameters, please see “3—2a: Keyboard Track,” on page 65.
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There is one difference between the two, however: the AL-
1’s Filter tracking is affected by Portamento, so that it
changes smoothly during glides.

[-99...+99]

This controls how much the keyboard tracking will affect
Filter A ‘s cutoff frequency. The overall effect of the
Keyboard Track is a combination of this Intensity value and
the overall Keyboard Track shape.

Intensity to A

[-99...+99]

This controls how much the keyboard tracking will affect
Filter B ‘s cutoff frequency.

Intensity to B

Intensity to B applies only when the Filter Routing is set to
Serial or Parallel, and when Link is Off. In Single and
24dB (4-Pole) modes, or if Link is On, this parameter is
grayed out.

Key
[C-1...G9]

This sets the breakpoint note between the two lower ramps.

Low Break

[C-1...G9]

This sets the center of the keyboard tracking. At this key, the
keyboard tracking has no effect on the filter frequency, or on
any AMS destinations.

High Break [C-1...G9]

This sets the breakpoint note between the two higher ramps.

Center

Ramp

The effect on the filter cutoff is a combination of the ramp
values, as set below, and the Intensity to A and B parameters.
When Intensity is set to +99, a ramp of 50 changes the filter
frequency by 1 octave for every octave of the keyboard, and
a ramp of +99 changes the frequency by 2 octaves for every
octave of the keyboard.

+Inf and —Inf are special settings which create abrupt
changes for split-like effects. When a ramp is set to +Inf or —
Inf, the keyboard tracking will go to its extreme highest or
lowest value over the span of a single key.

For more detailed explanations, please see “3—2a: Keyboard
Track,” on page 65.
[-Inf, -99...4+99, +Inf]

This sets the slope between the bottom of the MIDI note
range and the Low Break key. For normal key track, use
negative values.

Bottom-Low

Low-Center [-Inf, -99...4+99, +Inf]

This sets the slope between the Low Break and Center keys.
For normal key track, use negative values.

[-Inf, -99...4+99, +Inf]

This sets the slope between the Center and High Break keys.
For normal key track, use positive values.

Center-High

[-Inf, -99...499, +Inf]

This sets the slope between the High Break key and the top
of the MIDI note range. For normal key track, use positive
values.

High-Top

Key Follow

To create the classic Key Follow effect, in which the filter
frequency tracks the pitch of the keyboard:

Set the Filter Frequency to 30.

Set the Keyboard Track Intensity to +99.

Set the Bottom-Low and Low-Center ramps to -50.
Set the Center-High and High-Top ramps to +50.
Set the Center Key to C4.

The settings for the Low Break and High Break keys don’t
matter in this case.

U

5-3b: Filter EG

The EGs modulate the Filter A and B cutoff frequencies over
time. You can control how strongly they will affect the filters
in three different ways:

+ Set an initial amount of EG modulation, using the EG
Intensity parameters.

» Use velocity to scale the amount of the EG applied to the
filter.

» Use any AMS source to scale the amount of the EG
applied to the filter.

You can use all three of these at once, and the results are
added together to produce the total EG effect.

To set up the EGs themselves, including attack and release
times, levels, and so on, see “7—1: EG 1 (Filter),” on
page 169.

Filter A

EG Select [EG 1 (Filter), EG 2 (Pitch),

EG3,EG 4, Amp EG]
This selects an EG to modulate Filter A’s Frequency.

There are four assignable EGs, in addition to the Amp EG.
Each of these can be used as a modulation source to control a
wide variety of parameters.

In the midst of all this flexibility, we thought it would also be
good to provide a little structure. With this in mind, EG 1 is
named EG 1 (Filter) and EG 2 is labeled EG 2 (Pitch).

Please take these names as suggestions, rather than
restrictions. If you like, you’re free to use these EGs to
control any EG or AMS destination, or to use other EGs to
control Filter Frequency and Pitch.

[-99...+99]

This lets you use velocity to scale the amount of the EG
applied to Filter A.

Velocity Intensity

EG Intensity [-99...499]
This controls the initial effect of the EG on Filter A’s cutoff
frequency, before any velocity or AMS modulation.

AMS [List of AMS Sources]

This selects an AMS modulation source to scale the amount
of the EG applied to Filter A.
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For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...+99]
This controls the depth and direction of the AMS
modulation.

Filter B

The EG parameters for Filter B are the same as those for
“Filter A,” above.

When Link is On, or when the Filter Routing is set to Single
or 24dB (4-Pole), all of these parameters are grayed out.

5-3c: Filter Modulation
Filter A Frequency
AMS 1 [List of AMS Sources]

This selects the first modulation source to control Filter A’s
Frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...4+99]
This controls the depth and direction of the Frequency
modulation.

Intensity Mod AMS [List of AMS Sources]
This selects an AMS source to modulate the intensity of
AMS 1.

Intensity [-99...+99]
This controls the depth and direction of the Intensity Mod
AMS.

AMS 2 [List of AMS Sources]
This selects a second modulation source to control Filter A’s
Frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...499]
This controls the depth and direction of AMS 2.

Filter B Frequency

The settings for Filter B are the same as those for “Filter A
Frequency,” above.

When Link is On, or when the Filter Routing is set to Single
or 24dB (4-Pole), all of these parameters are grayed out.

v 5-3:Page Menu Commands
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5-4: Filter LFO Mod.

5-4PMC

> AL - 1:Filter

exi  DO18: R&B Lead

Filter A LFO Modulation Filter B LFO Modulation
LFO Select [|LFO1

LFO Intensity +00 AMS  After Touch

JS-Y Intensity +00 Intensity ~ +00

Filter LFO
Mod.

There are three LFO-to-Frequency controls for each filter: a b: Fil B
basic amount (LFO Intensity), joystick -Y control of LFO 5-4b: Filter
amount (JS- 'Y Intensity), and AMS control of LFO amount The settings for Filter B are the same as those for “5—4a:
(AMS Intensity). The three controls are summed together to Filter A,” above.

determine the final LFO amount. L . L .
When Link is On, or when the Filter Routing is set to Single

or 24dB (4-Pole), all of these parameters are grayed out.

5-4a:Filter A

LFO Select [LFO 1, LFO 2, LFO 3, LFO 4, v 5-4:Page Menu Commands
Common LFO] » Compare —p.112

This selects an LFO to modulate Filter A’s cutoff frequency.

The LFO Intensity, JS -Y Intensity, and AMS are all *  Write Program —p.112

summed together to produce the final amount of LFO pitch « Exclusive Solo —p.113

modulation.

LFO Intensity [-99...+99] * PAGE —p.126

This controls the initial effect of the LFO on Filter A’s cutoff * MODE —p.126

frequency, before any JS+Y or AMS modulation.
Negative (-) settings will invert the phase of the LFO.

JS -Y Intensity [-99...499]

Moving the joystick “down” from the center detent position,
towards yourself, produces the JS -Y controller. You can use
this to scale the amount of the LFO applied to Filter A.

This parameter sets the maximum amount of LFO
modulation added by JS -Y.
AMS [List of AMS Sources]

This selects an AMS modulation source to scale the amount
of the LFO applied to Filter A’s cutoff frequency.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...499]
This controls the depth and direction of the LFO AMS
modulation.
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PROGRAM > AL-1: Amp

These pages let you control the sound’s volume (also called
“amplitude,” or “amp” for short), pan, and Drive, as well as
its dedicated amp envelopes and keyboard tracking
generators. For instance, you can:

 Set up the Driver circuit, which adds saturation and bass
boost to the timbre.

 Set the pan position and pan modulation.

+ Control amp level and modulation, including keyboard
tracking, the amp envelope, LFO modulation, and AMS
control.

6-1: Amp/Driver

> AL-1:Amp
exi  D018: R&B Lead
Driver

Bypass

Drive AMS  X-Y -X Mod. (CC#86)

Intensity ~ +00

Low Boost AMS  Off

Intensity +00

Amp/
Driver

This page controls the basic settings for the Amp section.
Here, you can:

* Set up the Driver circuit.
 Set the initial volume level.

* Control the pan position and pan modulation.

6-1a: Driver

The Driver adds saturation and overdrive to the sound, for
everything from subtle fattening to drastic distortion. Unlike
an overdrive effect, the Driver processes each voice
individually, so the timbre stays the same regardless of how
many voices are being played.

The two main parameters, Drive and Low Boost, work
together to create the overall Driver effect. Drive contributes
edge and bite, and Low Boost provides the body as well as
boosting the bass.

YA

Although the oscillators themselves have extremely low
aliasing, the Driver can produce aliasing—especially at
higher frequencies. If your goal is a completely pristine
sound, set the Driver’s Bypass to On. Otherwise, let it
rip!

Bypass [Off, On]

When Bypass is On, the Driver is completely removed from
the signal path.

6-1PMC

Amp Level

Amp Level
127

AMS  Commoen LFO

Intensity  +30

Drive [0...99]

This controls the amount of edge and bite in the timbre. Low
settings will produce mild saturation, and higher settings
create more obvious distortion.

Often, it’s useful to increase the Low Boost along with the
Drive.

Note: Even when the Drive amount is set to 0, the Driver
circuit still affects the timbre. If your goal is a completely
pristine sound, use the Bypass control instead.

AMS [List of AMS Sources]

This selects an AMS modulation source to control the Drive
amount. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...4+99]
This controls the depth and direction of the AMS modulation
for Drive.

[0...99]

This low-frequency EQ controls the body character of the
sound. The specific EQ frequencies affected will change
with the Drive setting.

Low Boost

Higher amounts increase the bass boost, and will also
intensify the effect of the Drive parameter.
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AMS [List of AMS Sources]

This selects an AMS modulation source to control the Low
Boost amount. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...499]

This controls the depth and direction of the AMS modulation
for Low Boost.

6-1b: Amp Level

Amp Level [0...127]

This controls the basic volume level of the AL-1, before
keyboard tracking, velocity, and other modulation.

MIDI and volume

[l You can control the Program’s overall volume via MIDI
using both Volume (CC#7) and Expression (CC#11).
When used one at a time, the two controllers work in
exactly the same way: a MIDI value of 127 is equal to the
Amp Level setting, and lower values reduce the volume.

If both CC#7 and CC#11 are used simultaneously, the one
with the lower value determines the maximum volume,
and the one with the higher value scales down from that
maximum.

This is controlled on the global MIDI channel (GLOBAL
1-1a).

6-1c: Pan

Pan [Random, L001...C064...R127]

This controls the stereo pan of the EXi. A setting of L001
places the sound at the far left, C064 in the center, and R127
to the far right.

When Filter Routing is set to Parallel, the two filters can be
panned separately (see “Pan” on page 156) and the AL-1 can
create a stereo output. In this case, Pan steers the stereo
image while maintaining the relative volumes of the AL-1’s
left and right outputs. For instance, as you move Pan to the
right of center, the AL-1’s left output will start to move to
the right side, until at R127 both the left and right outputs
sound entirely in the right channel.

When this is set to Random, the pan position will be
different for each note-on.

m You can also control pan via MIDI Pan (CC#10). A
CC#10 value of 0 or 1 places the sound at the far left, 64
places the sound at the location specified by the Pan
parameter, and 127 places the sound at the far right.

This is controlled on the global MIDI channel (GLOBAL
1-1a).
Note: You can select Random pan only from the on-screen
UlI, and not from MIDI.

AMS [List of AMS Sources]

This selects an AMS source to modulate Pan. For a list of
AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [-99...4+99]

This controls the depth and direction of the AMS modulation
for Pan.

For example, if Pan is set to C064 and AMS is set to Note
Number, positive (+) intensities will cause the sound to
move toward the right as you play higher than C4, and
toward the left as you play lower than C4.

Negative (-) intensities will have the opposite effect.

v 6-1:Page Menu Commands
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6-2: Amp Mod.

> AL-1:Amp

exi  D018: R&B Lead

Keyboard Track

6-2a —g&
ALLLLIRILLL LA
co_C1C2
Key Low Break | F#1
Ramp Bottom-Low  +01 Low-Center +09
Amp Modulation
6-2b — TR +00

AMST1  JS-Y (CC#02)

AMS2  Amp EG

Amp Mod

This page contains the settings for Oscillator 1’s Amp level
modulation. Among other things, you can:

+ Set up complex keyboard tracking shapes to control the
Amp level.

+ Assign AMS modulation for the Amp level.
+ Control the effect of the LFOs on the Amp level.

The total effects of the modulation can increase the volume
to a maximum of two times louder than the Amp Level
setting.

Center

Intensity -20

Intensity +55

6-2a: Keyboard Track

Keyboard tracking lets you vary the volume as you play up
and down the keyboard. Usually, some amount of key
tracking is necessary in order to make the volume consistent
across the entire range.

The AL-1’s Amp keyboard tracking parameters are identical
to the HD-1’s. In both cases, the Amp keyboard tracking
works somewhat differently from the Filter and Common
keyboard tracking. For more detailed explanations of the
parameters, please see “4-2a: Keyboard Track,” on page 76.

There is one difference between the two, however: the AL-
1’s Amp tracking is affected by Portamento, so that it
changes smoothly during glides.

Key
[C-1...G9]

This sets the breakpoint note between the two lower ramps.

Low Break

Center [C-1...G9]

This sets the center of the keyboard tracking. At this key, the
keyboard tracking has no effect on the volume, or on any
AMS destinations.

High Break [C-1...G9]
This sets the breakpoint note between the two higher ramps.

6-2PMC

B2 High Break A5

Center-High -21 High-Top +20

Intensity Mod. AMS
Intensity

Intensity Mod. AMS

Intensity

Ramp

Bottom-Low [-Inf, -99...4+99, +Inf]

This sets the slope between the bottom of the MIDI note
range and the Low Break key. For normal key track, use
negative values.

Ramp Changeiin level

-Inf Silent in one half-step

-99 Silent in one whole-step

-95 Silent in one octave

-48 Silent in two octaves

-25 Silent in four octaves

00 no change

+25 x2 in four octaves

+50 X2 in two octaves

+99 X2 in one octave

+Inf x2 in one half-step
Low-Center [-Inf, -99...+99, +Inf]

This sets the slope between the Low Break and Center keys.
For normal key track, use negative values.
[-Inf, -99...+99, +Inf]
This sets the slope between the Center and High Break keys.
For normal key track, use positive values.
High-Top [-Inf, -99...499, +Inf]

This sets the slope between the High Break key and the top
of the MIDI note range. For normal key track, use positive
values.

Center-High
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6-2b: Amp Modulation

You can modulate the Amp level by velocity and two AMS
sources. Each of the AMS sources also has its own
secondary intensity modulation.

This modulation scales the basic Amp level and Amp EG
level parameters. If these original levels are low, the
maximum volume available with modulation will also be
reduced.

Note that there is an upper limit to Amp modulation. Once
the volume level reaches double the programmed Amp
Level and Amp EG level settings, it cannot be increased any
further.

[-99...4+99]

With positive (+) values, the volume will increase as you
play harder.

Velocity Intensity

With negative (—) values, the volume will decrease as you
play harder.
AMS1 [List of AMS Sources]

This selects the first modulation source for the Amp level.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...499]
This sets the initial amount of AMS1. The Intensity Mod
AMS then adds to this initial amount.

Intensity Mod AMS [List of AMS Sources]

This selects a secondary AMS modulation source to scale
the intensity of AMSI.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...499]

This controls the depth and direction of the Intensity Mod
AMS. Even if the main AMSI Intensity is set to 0, Intensity
Mod AMS can still control the final amount of AMS A over
the full +/-99 range.

For example, if AMSI1 is set to LFO1, and Intensity Mod
AMS issetto JS+Y,

For example, if AMSI is set to the Pitch EG, and Intensity
Mod AMS is set to JS +Y, positive settings mean that
pushing the joystick away from yourself will increase the
intensity of the LFO modulation of Amp.

AMS2 [List of AMS Sources]
This selects a second modulation source for the Amp level.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...4+99]
This sets the initial amount of AMS2. The Intensity Mod
AMS then adds to this initial amount.

Intensity Mod AMS [List of AMS Sources]

This selects a secondary AMS modulation source to scale
the intensity of AMS2.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...499]

This controls the depth and direction of the Intensity Mod
AMS. Even if the main AMS?2 Intensity is set to 0,
Intensity Mod AMS can still control the final amount of
AMS A over the full +/-99 range.
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6-3: Amp EG 2=

M = AL-1:Amp

exi  DO18: R&B Lead

EG Reset

SEERE— AMS  off Threshold = +00

Envelope
6-3b —g= +00
"
O(Lin)
Level Modulation

Caxlabe— AMS  Off

Time Modulation
6-3d — S\ R ]
AMS2  Off
AMS3  Off

The AL-1’s Amp EG is identical to the HD-1’s. For more
detailed explanations of the Amp EG features, please see “4—
3: Ampl EG” on page 79.

Other envelopes can be used as additional controls via AMS,
if desired.

6-3a: EG Reset

AMS [List of AMS Sources]

This selects an AMS source to reset the EG to the start point.
For instance, you can use a tempo-synced LFO to trigger the
EG in a repeating rhythm. This reset is in addition to the
initial note-on, which always causes the EG to start.

Note: Once the Amp EG is in its Release segment, it cannot
be reset. (Otherwise, the sound might keep playing forever!)

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Threshold [-99...+99]

This sets the AMS level which will trigger the EG reset.
Among other things, you can use this to adjust the exact
point in an LFO’s phase at which the EG will be reset,
effectively controlling its “groove” against other rhythmic
effects.

When the threshold is positive, the EG triggers when
passing through the threshold moving upwards. When the
threshold is negative, the EG triggers when passing through
the threshold moving downwards.

Note: With some LFO shapes, and with faster LFO speeds,
the LFO may not always reach the extreme values of +99 or
-99. In this case, setting the Threshold to these values may
cause inconsistent behavior, or may mean that the EG
doesn’t reset at all. If this happens, reduce the Threshold
until the EG triggers consistently.

6-3PMC

J 08000

+99 Break
50 Slope
0(Lin) Slope  0(Lin)

Sustain  +75
Release 16

Release  O(Lin)

Release
Release

Release

6-3b: Envelope

These parameters specify how the amp EG will change over
time.

Amp EG
Start Attack Break Sustain
Level Level Level Level
Volume
1 ' Y
Time
Attack  Decay ;;p; Release
Time Time  Time Time
Note-on or reset Note-off
Level
Start [00...99]
This sets the initial volume level at note-on.
Attack [00...99]
This sets the level at the end of the Attack time.
Break [00...99]

Break, short for Break Point, sets the level at the end of the
Decay time.

Sustain [00...99]

This sets the level at the end of the Slope time. Once it
reaches the Sustain level, the EG will stay there until note-
off (unless it is reset via AMS).

Time
Higher values mean longer times. For a chart showing
equivalents in milliseconds, please see “Time” on page 80.
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Attack [00...99]

This sets how long the EG takes to move from the Start level
to the Attack level.

The minimum attack time is 2/3 of a millisecond—as fast as
the most punchy of classic analog synths.

For the fastest possible attack time, you can set the Start
level to +99; in this case, the EG will start instantaneously at
its maximum value.

Decay [00...99]

This sets the time it takes to move from the Attack level to
the Break level.

Slope [00...99]

This sets how long the EG takes to move from the Break
level to the Sustain level. Once it reaches the Sustain level,
the EG will stay there until note-off (unless it is reset via
AMS).

Release [00...99]

This sets how long it takes the EG to move from the Sustain
level to silence.

Curve

Classic analog synth envelopes created curved shapes
naturally. The NAUTILUS goes a step further than vintage
synths, however, and lets you control the amount of
curvature separately for each of the four envelope segments.

When you change the curvature, the EG times remain the
same. However, greater curvature will tend to sound faster,
because the value changes more quickly at the beginning.

You may find that different amounts of curvature are suitable
for segments which go up and segments which go down.

For instance, a curve of 3 is a good default setting for
upward segments, such as Attack. On the other hand, a curve
of 6 or more is good for downward segments, such as Decay
and Release.

Attack [0 (Linear), 1...9, 10 (Exp/Log)]
This sets the curvature of the Attack segment - the transition

from the Start level to the Attack level.

Decay [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Decay segment - the transition
from the Attack level to the Break level.

Slope [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Slope segment - the transition
from the Break level to the Sustain level.

[0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Release segment - the
transition from the Sustain level to the Release level.

Release

6-3c: Level Modulation

These settings let you use an AMS source to control the
Level parameters of the EG. The Start, Attack, and Break
levels share a single AMS source, but can each have
different modulation intensities.

Note: Once the EG has started a segment between two
points, that segment can no longer be modulated. For
instance, if the EG is in the middle of the Decay time, you
can no longer modulate either the Decay time or the Break
level.

This also means that modulating the Start level, Attack level,
or Attack time will not affect notes that are already
sounding, unless the EG is then reset via AMS.

AMS [List of AMS Sources]

This selects an AMS source to control the EG’s Level
parameters.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Start [-99...499]
This controls the depth and direction of the AMS modulation
for the Start level.

Attack [-99...+99]
This controls the depth and direction of the AMS modulation
for the Attack level.

Break [-99...499]

This controls the depth and direction of the AMS modulation
for the Break level.

6-3d: Time Modulation

These settings let you use three different AMS sources to
control the Time parameters of the EG. For each of the three
AMS sources, the Attack, Decay, Slope, and Release times
each have their own modulation intensities.

AMS1 [List of AMS Sources]

Selects the first AMS source to control the EG’s Time
parameters. Velocity and Keyboard Track can both be useful
here, for instance.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Attack [-99...4+99]

This controls the depth and direction of the AMS modulation
for the Attack time.

‘When the AMS source is at its maximum value—for instance,
when Velocity is at 127-a setting of +8 will make the
segment time almost twice as long, and a setting of -8 will
cut the segment time almost in half.

Decay [-99...4+99]
This controls the depth and direction of the AMS modulation
for the Decay time.

Slope [-99...4+99]
This controls the depth and direction of the AMS modulation
for the Slope time.

Release [-99...+99]

This controls the depth and direction of the AMS modulation
for the Release time.
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AMS2 and AMS3

These select the second and third AMS sources, respectively,
for controlling the EG’s Time parameters. Each has its own
intensities for Attack, Decay, Slope, and Release. The
parameters of both AMS2 and AMS 3 are identical to those
of AMSI, above.
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PROGRAM > AL-1: EG 1-4

There are four assignable EGs, in addition to the Amp EG.
Each of these can be used as an AMS modulation source to
control a wide variety of parameters.

There are also four parameters with dedicated EG
modulation inputs: Pitch for Oscillators 1 and 2, and
Frequency for Filters A and B. Any of the four EGs can be
used for these modulation routings.

In the midst of all this flexibility, we thought it would also be
good to provide a little structure. With this in mind, EG 1 is
named EG 1 (Filter) and EG 2 is labeled EG 2 (Pitch).

Please take these names as suggestions, rather than
restrictions. If you like, you’re free to use these EGs to
control any EG or AMS destination, or to use other EGs to
control Filter Frequency and Pitch.

7-1: EG 1 (Filter) ===

M= AL-1:EG

exi  DO18: R&B Lead

EG Reset

[EERe— Ams off Threshold = +00

Envelope
7-1b — EN
Attack 00
Attack  0(Lin)
Level Modulation

el — AMS  Off

Time Modulation
YA AMS1  Off
AMS2  Off
AMS3  Off

EG1(Filter)

The EGs, or Envelope Generators, let you create complex,
time-varying changes to AMS-modulatable parameters. The
controls on this page specify the shape of the EG. Among
other things, you can:

+ Create the basic EG shape by setting the levels and times
of each segment.

* Control the curvature of each EG segment, for subtle
control over the sound of the EG.

+ Set up complex modulation of EG levels and times.

» Set up an AMS source, such as an LFO, to restart the
EG.

One thing that you can’t do on this page is to control how
much effect the EG has on the parameters it modulates. To
do that. you’ll need to adjust the AMS intensities on the
pages for the individual parameters.

7-1PMC

J 08000

+99 Sustain = +00 Release +00
03 3 Release 20

O(Lin) O(Lin) Release  O(Lin)

Release
Release

Release

7-1a: EG Reset

AMS [List of AMS Sources]

This selects an AMS source to reset the EG to the start point.
For instance, you can use a tempo-synced LFO to trigger the
EG in a repeating rhythm. This reset is in addition to the
initial note-on, which always causes the EG to start.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Threshold [-99...+99]

This sets the AMS level which will trigger the EG reset.
Among other things, you can use this to adjust the exact
point in an LFO’s phase at which the EG will be reset,
effectively controlling its “groove” against other rhythmic
effects.

When the threshold is positive, the EG triggers when
passing through the threshold moving upwards. When the
threshold is negative, the EG triggers when passing through
the threshold moving downwards.

Note: with some LFO shapes, and with faster LFO speeds,
the LFO may not always reach the extreme values of +99 or
-99. In this case, setting the Threshold to these values may
cause inconsistent behavior, or may mean that the EG
doesn’t reset at all. If this happens, reduce the Threshold
until the EG triggers consistently.
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7-1b: Envelope
EG

Attack Break Sustain
Level Level Level

Release
Level

:

Release

Change to
Parameter 1

Value Time

Attack Decay Slope
Time Time  Time Time

Note-on or reset Note-off

Envelopes create a modulation signal by moving from one
level to another over a specified time, and then moving to
another level over another period of time, and so on.

The parameters below let you set five levels, the amount of
time it takes to go from each of the levels to the next, and the
shape (from linear to curved) of each transition.

Level

Each of the five levels can be either positive or negative.

Positive levels will make the cutoff frequency (or other
AMS destination) go up from its programmed value;
negative levels will make it go down.

Start

This sets the initial EG level, at note-on.

[-99...+99]

Attack [-99...+99]
This sets the level at the end of the Attack time.
Break [-99...+99]

Break, short for Break Point, sets the level at the end of the
Decay time.

Sustain [-99...+99]

This sets the level at the end of the Slope time. Once it
reaches the Sustain level, the EG will stay there until note-
off, unless it is reset via AMS.

Release [-99...+99]

This sets the level at the end of the Release time.
Time

Higher values mean longer times, as shown below:

EG Value Actual Time
00 0.667 ms
10 10 ms
20 44 ms
30 104 ms
40 224 ms
50 464 ms
60 944 ms
70 1.8 seconds
80 3.8 seconds
90 10.9 seconds
99 87.3 seconds

Attack [00...99]

This sets how long the EG takes to move from the Start level
to the Attack level.

The minimum attack time is 2/3 of a millisecond—as fast as
the most punchy of classic analog synths.

For the fastest possible attack time, you can set the Start
level to +99; in this case, the EG will start instantaneously at
its maximum value.

Decay [00...99]

This sets the time it takes to move from the Attack level to
the Break level.

[00...99]

This sets how long the EG takes to move from the Break
level to the Sustain level. Once it reaches the Sustain level,
the EG will stay there until note-off (unless it is reset via
AMS).

Slope

[00...99]

This sets how long it takes the EG to move from the Sustain
level to the Release level.

Release

Curve

For the sake of simplicity, most of the diagrams in this
manual show envelopes as being made out of straight lines.
In actuality, though, envelopes are more likely to be made
out of curves.

In other words, each segment’s level will change quickly at
first, and then slow down as it approaches the next point.
This tends to sound better than straight, linear segments.

Classic analog synth envelopes made these curved shapes
naturally. The NAUTILUS goes a step further than vintage
synths, however, and lets you control the amount of
curvature separately for each of the four envelope segments.

When you change the curvature, the EG times remain the
same. However, greater curvature will tend to sound faster,
because the value changes more quickly at the beginning.

Different curve settings for up and down

You may find that different amounts of curvature are suitable
for segments which go up and segments which go down.

For instance, a curve of 3 is a good default setting for
upward segments, such as Attack. On the other hand, a curve
of 6 or more is good for downward segments, such as Decay
and Release.

EG Curve

Curve = 0O (Linear)

...... Curve = 10 (Exp/Log)

Curve = O (Linear) Curve = 10 (Exp/Log)
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Attack [0 (Linear), 1...9, 10 (Exp/Log)]
This sets the curvature of the Attack segment - the transition
from the Start level to the Attack level.

Decay [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Decay segment - the transition
from the Attack level to the Break level.

Slope [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Slope segment - the transition

from the Break level to the Sustain level.

Release [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Release segment - the
transition from the Sustain level to the Release level.

7-1c: Level Modulation

These settings let you use an AMS source to control the
Level parameters of the EG. The Start, Attack, and Break
levels share a single AMS source, but can each have
different modulation intensities.

By using different settings for each of the three levels, you
can cause both subtle and dramatic changes to the EG shape,

as shown below.

EG Level Modulation
Positive AMS on Start,

Attack, and Break

Original Shape
Positive AMS on Start and Break,

Negative AMS on Start,
Attack, and Break Negative AMS on Attack

Once an EG segment begins, it can’t be
modulated

Once the EG has started a segment between two points, that
segment can no longer be modulated. This includes both the
time of the segment, and the level reached at the end of the
segment.

For instance, if the EG is in the middle of the Decay time,
you can no longer modulate either the Decay time or the
Break level.

As another example, let’s say that you’ve assigned the
Common LFO to modulate Break Level. The LFO may be
moving all the time, but the Break Level is only affected by
the LFO’s value at the instant that the Decay segment starts.
After that, the level is fixed.

Finally, this also means that modulating the Start level,
Attack level, or Attack time will not affect notes that are
already sounding, unless the EG is then reset via AMS.

AMS [List of AMS Sources]

This selects an AMS source to control the EG’s Level
parameters.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Start [-99...4+99]

This controls the depth and direction of the AMS modulation
for the Start level.

For example, if you set the AMS source to Velocity and set

Start to +99, the Start level will increase as you play harder.
If you instead set Start to —99, the Start level will decrease as
you play harder.

Attack [-99...+99]
This controls the depth and direction of the AMS modulation
for the Attack level.

Break [-99...+99]

This controls the depth and direction of the AMS modulation
for the Break level.

7-1d: Time Modulation

These settings let you use three different AMS sources to
control the Time parameters of the EG. For each of the three
AMS sources, the Attack, Decay, Slope, and Release times
cach have their own modulation intensities.

EG Time Modulation

AMS=Velocity, Intensity = a positive (+) value

Note-on  Note-off Note-on  Note-off Note-on  Note-off
“Attack”=+, “Decay”=+, “Attack”=+, “Decay”=+, “Attack”=-, “Decay”=-,

“Slope”=+, “Release”=+
Softly played note.
Original Shape

“Slope”=+, “Release”=+ “Slope”=-, “Release”=—

Stongly played note. Stongly played note.
Times are longer. Times are shorter.
Reaches Sustainmore Reaches Sustainmore
slowly. quickly.

AMS1 [List of AMS Sources]

Selects the first AMS source to control the EG’s Time
parameters. Velocity and Keyboard Track can both be useful
here, for instance.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Attack [-99...+99]

This controls the depth and direction of the AMS modulation
for the Attack time.

When the AMS source is at its maximum value—for instance,
when Velocity is at 127—-a setting of +8 will make the
segment time almost twice as long, and a setting of -8 will
cut the segment time almost in half.

For example, if you set the AMS source to Velocity and set
Attack to +99, the Attack time will get much longer at higher
velocities. If you instead set Attack to —99, the Attack time
will get much shorter at higher velocities.

Decay [-99...4+99]
This controls the depth and direction of the AMS modulation
for the Decay time.

Slope [-99...499]

This controls the depth and direction of the AMS modulation
for the Slope time.

171



172

EXi: AL-1 Analog Synthesizer

Release [-99...4+99]

This controls the depth and direction of the AMS modulation
for the Release time.

AMS2 and AMS3

These select the second and third AMS sources, respectively,
for controlling the EG’s Time parameters. Each has its own
intensities for Attack, Decay, Slope, and Release. The
parameters of both AMS2 and AMS 3 are identical to those
of AMSI, above.

v 7-1:Page Menu Commands

Compare —p.112

Write Program —p.112
Exclusive Solo —p.113
Copy Envelope —p.182
Swap Envelope —p.182

PAGE —p.126
MODE —p.126

7-2: EG 2 (Pitch)

7-3:EG 3 &2

7-4:EG 4 &2

The settings for EGs 2-4 are identical to those for EG1. For
more information, see “7—1: EG 1 (Filter)” on page 169.
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PROGRAM > AL-1: Step Seq/LFO

8-1: Step Sequencer =22

< i DO018: R&B Lead
Mode
ILme
8-la —gud
Step Sequencer
ERERE— StartStep 01 AMS  Off
Intensity +00 [steps]
End Step 16 Smoothing
W Key Sync Attack 00 Decay
Sequence Reset
R EE— AMS  Off Threshold  +00
Value AMS Input
8-Tc — N VT
Step
Sequencer
Overview

The Step Sequencer creates complex, rthythmic patterns, for
use as an AMS modulation source. For instance, you can
modulate a filter to create sample-and-hold effects, modulate
pitch to create melodic patterns, or modulate amplitude to
create pulsing, triggered-gate effects.

Each voice of the AL-1 has its own Step Sequencer, in
addition to the Common Step Sequencer shared by both EXi
instruments. To make all of the per-voice Step Sequencers
run in sync, set Key Sync to Off.

The sequence can have up to 32 steps, each with its own
level and duration. It can loop, or play only once. You can
also:

» Re-start the Step Sequencer via AMS
* Modulate the Start Step via AMS

» Use individual steps to either gate or do sample-and-hold
on a continuous AMS source, such as an EG or LFO

* Assign individual steps to create a random level

+ Use Smoothing to create gentle, curving shapes

Step Sequencer usage tips
For some tips on using the Step Sequencer, see:

* “Creating melodic patterns with the Step Sequencer” on
page 136

» “Using Smoothing to create envelope-like shapes” on
page 137

« “Using Smoothing to make step transitions more gentle”
on page 137

—1PM
8-1d 8 ¢

/080,00

Valua
+000 A

Duration
Step 01
+000 J Insert
+000 J Cut
+000 Copy

+000 Paste

+000 . Value
+000 Reset
+000 I Smooth
+000 Exp/Comp
+000 ) Duration
+000 } 0 x2

+000 2

8-1a: Step Sequencer
Mode [Loop, One Shot]

Loop makes the Step Sequence loop continuously between
the Start Step and the End Step.

One Shot makes the Step Sequence play once from the Start
Step to the End Step, and then hold at the End Step. You
can still reset the Step Sequencer from AMS to make it play
again.

Start Step [1...32]

This is the step on which the sequence will start. If Mode is
set to Loop, this also sets the start of the loop.

AMS [List of AMS Sources]

This selects an AMS source to modulate the Start Step. For
a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-32...432]
This controls the depth and direction of the Start Step
modulation.

End Step [01...32]

This sets the last step in the sequence. Once the sequence
reaches the End Step, it will either hold there until the note
goes away (if Mode is set to One Shot), or loop back to the
Start Step (if Mode is set to Loop).

[Off, On]

When Key Sync is On, each note’s Step Sequencer is
independent, and the sequence always starts from the Start
Step at note-on.

Key Sync
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When Key Sync is Off, the Step Sequencers for all notes are
synchronized together (unless the Start Step is modulated
by note-specific AMS sources). The first note in a legato
phrase will start from the Start Step; subsequent notes will
play in sync with that first note.

Smoothing

These controls filter the Step Sequencer’s output signal,
creating more gentle transitions between values. You can use
this to round off the hard edges of the Step Sequencer’s
output, or to create envelope-like effects.

You have separate control of the amount of smoothing
during the attack (when the signal is increasing) and decay
(when it’s decreasing).

For more information, see “Using Smoothing to create
envelope-like shapes™ on page 137, and “Using Smoothing
to make step transitions more gentle” on page 137.

Attack [00...99]

This controls the attack time of the smoother, or how long it
takes to reach a new, higher value.

Higher Attack settings mean longer times.

Depending on how quickly the Step Sequencer value is
changing, high Attack settings may mean that a new value is
never quite reached.

[00...99]

This controls the decay time of the smoother, or how long it
takes the smoother to reach a new, lower value.

Decay

Higher Decay settings mean longer times.

8-1b: Sequencer Reset
AMS [List of AMS Sources]

This selects an AMS source to reset the sequence to the
Start Step.

Threshold [-99...499]

This sets the AMS level which will make the Step Sequencer
reset. Among other things, you can use this to adjust the
exact point in an LFO’s phase at which the sequencer will be
reset, effectively controlling its “groove” against other
rhythmic effects.

When the threshold is positive, the Step Sequencer triggers

when passing through the threshold moving upwards. When
the threshold is negative, the Step Sequencer triggers when

passing through the threshold moving downwards.

Note: With some LFO shapes, and with faster LFO speeds,
the LFO may not always reach the extreme values of +99 or
-99. In this case, setting the Threshold to these values may
cause inconsistent behavior, or may mean that the Step
Sequencer doesn’t reset at all. If this happens, reduce the
Threshold until the Step Sequencer triggers consistently.

8-1c: Value AMS Input

AMS [List of AMS Sources]

This is the AMS source used for steps set to AMS Input or
AMS Input S/H.

8-1d: Step Parameters

Each of the 32 steps has its own settings for Value and
Duration.

Value 1-32 [-100...+100, Random,

AMS Input, AMS Input S/H]

-100 through +100 generate specific levels, just as you’d
expect.

Random yields a different, random value every time the step
is played.

AMS Input uses the signal from the Value AMS Input
source, above. This can change continuously over the
duration of the step. For instance, if you used an LFO as the
Value AMS Input, you’d hear the LFO move over the
duration of the step.

AMS Input S/H grabs the level of the Value AMS Input
source at the start of the step, and then maintains that single

value for the duration of the step.
Duration (Base Note) 1-32 Vool
This sets the basic length of the step, relative to the system

tempo. The values range from a 32nd note to a whole note,
including triplets.

x (Multiply Base Note by...) 1-32 [01...32]

This multiplies the length of the Base Note. For instance, if
the Base Note is set to a sixteenth note, and Times is set to 3,
the step’s duration will be a dotted eighth note.

Command buttons
Step

Step [01...32]

Selects the step that you want to edit.

Insert

Inserts the cut or copied step at the current step.

Cut

Cuts the current step. Subsequent steps will be moved
forward. If desired, you can then paste or insert the cut step
into another location.

Copy

Copies the current step. You can then paste or insert the
copied step into another location.

Paste

Pastes the cut or copied step onto the current step, replacing
it.

Value

Reset
Resets the “Value” of each step to 000.

Smooth

Automatically adjusts the “Value” of each step so that they
are smoothly connected.
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Exp/Comp

When you press the Exp/Comp button, the Step Sequence
Value dialog box will appear. The value of each step will be
expanded or compressed by the percentage (%) you specify.

Step Sequence Value dialog box

Step Sequence Value

Expand/Compressfs] || 100

Keep proportion  (Available expansion: 10000 [%])

Cancel 0K

Expand/Compress [%] [0...100]

If this is at 100%, the current value of each step will be used
without change. If you check “Keep Proportion,” the %

value will be limited so that the expansion/ compression will
maintain the relationships between the current step settings.

Duration

x2

This doubles the duration of the steps or the “x (Multiply
Base Note by...)” value. For example, it would turn eighth
notes into quarter notes, and quarter notes into half notes.

/2

This halves the duration of the steps or the “x (Multiply Base
Note by...)” value. For example, it would turn quarter notes
into eighth notes, and eighth notes into sixteenth notes.

v 8-1:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
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< Exi D018 R&B Lead

LFO1
8-2a —EVE LT ITriangIE Start Phase
Shape +00 AMS  Off
Intensity
Frequency 70 Fine
M Key Sync.
Offset +00  Fade 00 Delay
Frequency Modulation
8-2b — Iy i Intensity

AMS2  Off Intensity

Frequency MIDI/Tempo Sync.

8-2C —pud MIDI/Tempo Syne.

This page has all of the controls for the first LFO. For
instance, you can:

* Select the LFO’s basic waveform, and modify it with the
Shape parameter.

+ Control the LFO’s frequency, and assign AMS
controllers to modulate the frequency.

» Use the Key Sync parameter to choose whether the LFO
runs separately for each voice, or is synchronized across
all of the voices

8-2PMC

J 08000

Intensity Mod. AMS
Intensity

* Use the Fade and Delay parameters to control how long
the LFO waits to start after note-on, and whether it starts
abruptly or fades in slowly.

+ Set the LFO to sync to MIDI tempo.
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8-2a:LFO 1

Waveform  [Triangle...Randomé (Continuous)]

This selects the basic LFO waveform, as shown in the
graphic below.

Most of the waveforms should be self-explanatory, but a few
will benefit from more details:

Guitar is intended for guitar vibrato, and its shape is
specifically tuned for this purpose. The waveform is
positive-only, so that when used for pitch, it will only bend
up, and not down.

Random1 (S/H) generates traditional sample and hold
waveforms, in which the level changes randomly at fixed
intervals of time.

Random?2 (S/H) randomizes both the levels and the timing.

Random3 (S/H) generates a pulse wave with random
timing. It’s the opposite of traditional sample and hold; the
timing varies, but the levels don’t.

Random4-6 (Continuous) are smoothed versions of
Random 1-3, with ramps instead of steps. You can use them
to create more gentle random variations.

Start Phase [-180...+180, Random]

This controls the phase of the waveform at the start of the
note, in steps of 5 degrees.

If Key Sync is On, the Start Phase will apply only to the first
note of the phrase.

[-99...4+99]

Shape adds curvature to the basic waveform. As you can see
in the graphic below, this can make the waveforms either
more rounded or more extreme. It can also be useful to
emphasize certain value ranges, and de-emphasize others.

Shape

For example, let’s say that you are using a triangle LFO to
modulate filter cutoff. If Shape emphasizes the high value
range, the filter will spend more time at the higher
frequencies. If it emphasizes the low range, the filter will
spend more time at the lower frequencies.

LFO Shape
+99
0
-99
Shape = 0O (original waveform)
----- Shape = +99
—— Shape =-99
LFO Waveforms
Triangle /\/ Guitar /\ Step Triangle-4
Saw I\ _lE_;(ing?entlal A Step Triangle-6
square | ] Egﬁ?g%rxr?l N Step Saw-4
Sine f\J g;e\f)r&%ntlal _J Step Saw-6

Note: Shape does not affect the Square and Random 3
waveforms, since their values are always either +99 or -99.
When these are selected, Shape is grayed out.

AMS [List of AMS Sources]

This selects a modulation source for controlling the LFO’s
Shape. Modulating the shape can dramatically alter the
effect of the LFO-try it out!

For a list of AMS sources, see “Alternate Modulation Source
(AMYS) List” on page 905.

Intensity [-99...4+99]

This controls the depth and direction of the modulation.

[00...99]

This controls the speed of the LFO, before any modulation.
Higher values mean faster speeds, as shown in the table
below.

Frequency

By using AMS modulation, you can also get speeds much
faster and much slower than are available through this basic
setting.

Frequency Value Frequency in Hz
00 0.014 Hz
10 0.112 Hz
20 0.422 Hz
30 0.979 Hz
40 1.79 Hz
50 2.84 Hz
60 4.14 Hz
70 5.69 Hz
80 7.49 Hz
90 9.53 Hz
99 26.25 Hz
99 + Fine 99 32Hz
Fine [00...99]

This allows you to control the LFO frequency with greater
precision, giving you 98 additional steps for each step of the
main Frequency parameter.

When this is set to 00, the LFO speed is as set by the
Frequency parameter.

When this is set to 99, it’s the same as increasing the main
Frequency value by 1.
Stop [Off, On]

On (checked): When Stop is On, the LFO does not advance
normally, and the Frequency parameters are ignored.
Instead, the LFO simply generate its very first value (as

I Random1 Random4
(S/H) LIk (Continuous) \/\/\
Random?2 Random5

My / U= (Continuous) Wb
(S/7H)
Random3 Random6

I_L"L (S/H) JRIEREl (Continuous) W\A
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determined by the combination of the Waveform, Start
Phase, Shape, and Offset), and then holds that value until
the end of the note.

You can use this in conjunction with the Random waveforms
to create static, random modulation, with the value changing
only at note-on.

Off (unchecked): When Stop is Off, the LFO will function
normally.

Key Sync [Off, On]

On (checked): When Key Sync is On, the LFO starts each
time you press a key, and an independent LFO runs for each
note. This is the normal setting.

Off (unchecked): When Key Sync is Off, the LFO starts
from the phase determined by the first note in the phrase, so
that the LFOs for all notes being held are synchronized
together. The Fade and Delay settings will only apply to the
first note’s LFO.

Note that even if Key Sync is Off, each note’s LFO speed
may still be different if you modulate the Frequency by note
number, velocity, key scaling, or other note-specific AMS
sources.

Offset [-99...499]

By default, almost all of the LFO waveforms are centered
around 0, and then swing all the way from -99 to +99. This
parameter lets you shift the LFO up and down, so that—for
instance—it’s centered on 50, and then swings from -49 to
+149.

For example, let’s say that you’re using an LFO for vibrato.
If the Offset is 0, the vibrato will be centered on the note’s
original pitch, bending it both up and down.

If the Offset is +99, on the other hand, the vibrato will only
raise the pitch above the original note.

Offset settings and pitch change produced by vibrato

Offset = -99 Offset = 0 Offset = +99

Pitch WW MV MW

The one exception to this is the Guitar waveform, which is
designed to emulate bending a string on a guitar—so that the
pitch only goes up, and not down. Because of this, the
waveform is centered on 50, and not on 0. Of course, you
can always use a negative Offset to shift it back down below
0 again!

Since Offset affects the output values of the LFO, it’s
important to note that it affects the signal after the Shape
function, as shown below:

LFO Signal Flow

Waveform Shape Offset

AN,

Av_.

a4

Fade [00...99]

The LFO can fade in gradually, instead of simply starting

immediately at full strength. This parameter specifies the

time from when the LFO begins to play until it reaches its
maximum amplitude.

If the Delay parameter is being used, then the fade will begin
after the delay is complete.

When Key Sync is Off, the fade will apply only to the first
note in the phrase.

LFO Fade and Delay

Delay Fade

— WAV

Note-on Note-off

Delay [0...99]
This sets the time from note-on until the LFO starts.

When Key Sync is Off, the delay applies only to the first
note of the phrase.

8-2b: Frequency Modulation

You can use two alternate modulation sources (AMS) to
adjust the speed of the LFO.
AMS1 [List of AMS Sources]

This selects the first modulation source for the LFO
frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Note that you can use LFO2 to modulate LFO1’s frequency.

Intensity [-99...4+99]
This sets the initial amount of AMS1. The Intensity Mod
AMS then adds to this initial amount.

When AMSI is at its maximum value (for instance, when the
joystick is pushed all the way up), the AMS affects the
frequency as shown below:

Intensity Change to LFO Frequency
+99 64x
+82 32x
+66 16x
Faster
+49 8x
+33 4x
+16 2X
-16 1/2x
-33 1/4x
-49 1/8x
Slower
-66 1/16x
-82 1/32x
-99 1/64x
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Intensity Mod AMS [List of AMS Sources]

This selects a secondary AMS modulation source to scale
the intensity of AMSI.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

[-99...4+99]

This controls the depth and direction of the Intensity Mod
AMS. Even if the main AMSI Intensity is set to 0, Intensity
Mod AMS can still control the final amount of AMS A over
the full +/-99 range.

For example, if AMSI is set to the Pitch EG, and Intensity
Mod AMS is set to JS+Y, positive settings mean that
pushing the joystick away from yourself will increase the
intensity of the Pitch EG modulation of LFO Frequency.

Intensity

AMS2 [List of AMS Sources]

This selects the second modulation source for the LFO
frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

[-99...4+99]

This controls the amount of modulation from AMS2.

Intensity

8-2c: Frequency MIDI/Tempo Sync

MIDI/Tempo Sync [Off, On]

On (checked): The LFO will synchronize to the system
tempo, as set by either the Tempo knob or MIDI Clock. The
LFO speed will be controlled by the Base Note and
Multiply parameters, below. All settings for Frequency and
Frequency Modulation will be ignored.

Off (unchecked): The Frequency settings will determine the
speed of the LFO, and the tempo settings will have no effect.

N....1

This sets the basic speed of the LFO, relative to the system
tempo. The values range from a 32nd note to a whole note,
including triplets.

Base Note

[01...32]

This multiplies the length of the Base Note. For instance, if
the Base Note is set to a sixteenth note, and Times is set to 3,
the LFO will cycle over a dotted eighth note.

Times (Sync. Times)

v 8-2:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113
* Copy LFO —p.182
* Swap LFO —p.182
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8-3:LFO 2 ez

8-4:LFO 3 e

8-5:LFO 4 =22

The settings for LFOs 2-4 are identical to those for LFO1.
For more information, see “8-2: LFO 1” on page 175.
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PROGRAM > AL-1: AMS Mixer

The AMS Mixers combine two AMS sources into one, or
process an AMS source to make it into something new.

For instance, they can add two AMS sources together, or use
one AMS source to scale the amount of another. You can
also use them to modify the response of realtime controllers.

The AMS Mixer outputs appear in the list of AMS sources,
just like other controllers.

This also means that the original, unmodified inputs to the
AMS Mixers are still available as well. For instance, if you
use Aftertouch as an input to a AMS Mixer, you can use the
processed version of the Aftertouch to control one AMS
destination, and the original version to control another.

Finally, you can cascade the two AMS Mixers together, by
using AMS Mixer 1 as an input to AMS Mixer 2.

9-1: AMS Mixer

exi  D018: R&B Lead

AMS Mixer 1
Mixer Type A+B

t + AMS B x Amount

A+B
AMSA  Off
AMSB  Off

Amount  +00

Amount  +00

AMS Mixer

9-1a: AMS Mixer 1 [T

[A+B, Amt AxB, Offset, Smoothing,
Shape, Quantize, Gate]

Mixer Type

This controls the type of processing performed by AMS
Mixer 1. Each of the Mixer Types is discussed in detail
elsewhere in the manual.

A+B adds two AMS sources together. For more information,
see “A+B” on page 90.

Amt Ax B scales the amount of one AMS source with the
other. See “Amt A x B” on page 90 for more details.

Offset adds or subtracts a constant value to or from an AMS
source. For more information, see “Offset” on page 91.

Smoothing creates more gentle transitions between values,
smoothing out abrupt changes such as a quick move on a
joystick or a sharp edge on an LFO. For details, see
“Smoothing” on page 92.

Shape adds curvature to the AMS input. For an in-depth
description, see “Shape” on page 92.
Quantize turns smooth transitions into discrete steps. See

“Quantize” on page 93 for more information.

Gate chooses between two AMS inputs (or fixed values)
based on a third AMS source. See “Gate” on page 93 for
more information.

9-1PMC

AMS Mixer 2
Mixer Type A+B

A+B
AMSA  Off +00

AMSB  Off Amount  +00

9-1b: AMS Mixer 2 22

This is the second AMS Mixer. Its parameters are exactly the
same as those of AMS Mixer 1, above.

v 9-1:Page Menu Commands

* Compare —p.112

*  Write Program —p.112

* Exclusive Solo —p.113
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EXi: AL-1 Analog Synthesizer

AL-1: Tone Adjust

AL-1 Tone Adjust Default Settings

3 4
1:Sub 1:Ring
0SC Lvl Mod Lvl
Buttons 1-5:
Mixer Mutes -
05C1,05C2, of
Sub OSC/Audio,
Ring Mod,
Noise

1 2

. 1:08C1 1:08C2
Oscillators 1 & 2 Detun Int Detun Int
Width/Phase/

Detune

AMS Intensity

Filters A & B
EG Intensi
9 10 n 12
FilterEG FilterEG FilterEG FilterEG
EG 1 (Filter) Attack Decay STHET] Release
ADSR

Tone Adjust provides an elegant physical interface to the
AL-1’s parameters. Most of the factory sounds use the
default layout, as shown above. You can also customize the
layout for individual sounds, if desired.

For more information about Tone Adjust, please see “0-9a:
Tone Adjust,” on page 29.

AL-1 Tone Adjust parameters

The AL-1 supports all of the Common Tone Adjust
parameters, as described under “0-9a: Tone Adjust,” on
page 29. It also adds a number of its own additional
parameters, which apply only to the AL-1.

Note that these additional parameters are separate for each
EXi, as opposed to being shared by both EXi in the Program.

All of the additional parameters are listed below. Each is
marked as either relative (meaning that it scales the existing
parameter value) or absolute (which over-writes the existing
value).

FM Amount Drive

Button 6:
Sync On/Off

5

1:Noise
Level

Buttons 7 & 8:
LFOs 1 &2
Stop

]

LFO2
Speed

+00

LFOs 1 &2
Speed

14

Amp EG Amp EG Amp EG Amp EG

Decay Sustain Release

Oscillator 1

* Tune (absolute)

*  Waveform (absolute)

e Morph (absolute)

*  Morph AMS Intensity (absolute)

¢ Detune/Pulse Width (absolute)

* Detune/Pulse Width AMS Intensity (absolute)

Oscillator 2

Oscillator 2 has the same Tone Adjust parameters as
Oscillator 1, above.

Oscillators common

*  Sync On/Off (absolute)

*  FM Amount (absolute)

* FM AMS Intensity (absolute)
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Mixer Pitch
* OSC 1 level (absolute) + Pitch Slope (absolute)
* OSC 2 level (absolute) + Pitch LFO AMS Intensity (absolute)

* Sub OSC/Audio Input level (absolute)
* Ring Mod level (absolute)

* Noise level (absolute)

Filter A

In addition to the standard Tone Adjust filter parameters, the
AL-1 adds the following:

* Type (absolute)

* Cutoff (absolute)

* Resonance (absolute)

* Frequency EG Intensity (absolute)
* Frequency LFO Intensity (absolute)

Filter B

Filter B has the same Tone Adjust parameters as Filter A,
above.

Amp

+ AMS 1 Intensity (absolute)

* AMS 2 Intensity (absolute)

* Drive (absolute)

» Low Boost (absolute)

EGs

In addition to supporting the standard Tone Adjust EG
parameters, the AL-1 adds the following separate controls
for both EG3 and EG4:

» Attack time (relative)
* Decay & Slope time (relative)
* Sustain level (relative)

* Release time (relative)

LFOs

In addition to supporting the standard Tone Adjust LFO
parameters, the AL-1 adds the following separate controls:

* LFO 3 Speed (relative)

* LFO 3 Fade (relative)

* LFO 3 Delay (relative)

* LFO 3 Stop (absolute)

* LFO 4 Speed (relative)

* LFO 4 Fade (relative)

* LFO 4 Delay (relative)

* LFO 4 Stop (absolute)

* LFO 1,2, 3, and 4 Waveform (absolute)
* LFO 1,2, 3, and 4 Shape (absolute)

Step Sequencer

In addition to supporting the standard Tone Adjust Common
Step Sequencer parameters, the AL-1 adds the following
separate control for the per-voice Step Sequencer:

*  Smoothing (relative)
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EXi AL-1: Page Menu Commands

Compare —p.112
Write Program —p.112
Exclusive Solo —p.113
Copy Envelope —p.182
Swap Envelope —p.182
Copy Step Sequencer —p.140
Copy LFO —p.182
Swap LFO —p.182
PAGE —p.126
MODE —p.126
Copy Envelope

This copies settings from one AL-1 envelope to another.

1. Select “Copy Envelope” to open the dialog box.

Copy Envelope

From EG1(Filter)

Cancel

2. Use the “From” field to select the copy-source
envelope.

3. Use the “To” field to select the copy-destination
envelope.

4. Press the OK button to execute the Copy Envelope
operation. If you decide not to execute, press the
Cancel button.

Swap Envelope

This exchanges settings between two AL-1 envelopes.

1. Select “Swap Envelope” to open the dialog box.

Swap Envelope

Sourcel EG1(Filter) Source2 IEG3

Cancel oK

2. Use the “Source 1” and “Source 2” fields to select the

two envelopes you want to swap.

3. Press the OK button to execute the Swap Envelope
operation. If you decide not to execute, press the
Cancel button.

Copy LFO

This copies settings from one AL-1 LFO to another.
1. Select “Copy LFO” to open the dialog box.

Copy LFO

From LFO1

Cancel

2. Use the “From” field to select the copy-source LFO.
3. Use the “To” field to select the copy-destination LFO.

4. Press the OK button to execute the Copy LFO
operation. If you decide not to execute, press the
Cancel button.

Swap LFO

This exchanges settings between two AL-1 LFOs.
1. Select “Swap LFO” to open the dialog box.

Swap LFO

Sourcel  LFO1 Source2 |LFO2

Cancel 0K

2. Use the “Source 1” and “Source 2” fields to select the
two LFOs you want to swap.

3. Press the OK button to execute the Swap LFO
operation. If you decide not to execute, press the
Cancel button.



EXi: CX-3 Tonewheel Organ

CX-3 Overview

The CX-3 is a detailed model of a classic tone-wheel organ,
based on Korg’s ground-breaking CX-3 keyboard.

Its awesome sound starts with perfect tone-wheel phase
coherency, resulting in pure, powerful sounding chords, just
like the real thing. Subtleties such as different tone wheel
types, adjustable overtones, leakage, and noise, along with
detailed key-click modeling, provide unparalleled realism.

Amp modeling, Vibrato/Chorus, and Rotary Speaker effects
are included in the model, so that you don’t need to use any
Insert Effects to re-create most classic organ sounds.

In EX mode, you can introduce additional drawbar and
percussion harmonics, letting you produce new timbres
unavailable on traditional organs.

If you’re familiar with the CX-3 keyboard, you might want
to check out “Changes from the original CX-3” on page 205
for an overview of some of the improvements in the
NAUTILUS CX-3.

CX-3 uses EXi fixed resources

The CX-3 uses EXi fixed resources for the built-in rotary
speaker, amp, vibrato chorus, and so on. These use up a
small amount of processing power, even if you’re not
playing any notes.

Because of this, you can use a maximum of eight CX-3s
simultaneously in a Combination or Song. If other EXis with
fixed resources are in use, the maximum number of CX-3s
will be reduced accordingly. Each EXi in each Program
counts towards the maximum; for instance, a Program with
two CX-3s counts as two, not as one.

On the other hand, once a CX-3 is running, each additional
note you play takes up only a small amount of additional
power—allowing up to 200 notes of polyphony.

For more information, see “CX-3 & other EXi: Limitations
on EXi fixed resources” on page 380.
Unsupported EXi Common parameters

The CX-3 supports most of the EXi Common parameters
except for scales and a number of the voice allocation
options, as detailed below:

+ Single Trigger (CX-3 always acts as if this was On)
* Poly Legato

* Mono Legato (simple Mono retrigger mode is
supported, however)

* Mono Mode (Normal or Use Legato Offset)

* Unison, including Number of Voices, Detune, and
Thickness

* Scale, including Type, Key, and Random

Vs

N
EXi Program Structure
Common Common
LFO Step Seq ARP Drum Track Key Track 1 ,
EXi1
Mixer & EQ Effects
EXi2
\. J
e N
CX-3 Structure —\
Upper H
H : AMS Mixer 1
i| Normal Drawbars |3 2
H—-——— (&7
EX Drawbars |3 !
Tone Wheels
o—1
Vibrato/Chorus —— Expression f— Amp — Rotary Speaker >
o—1 >
H
. HEN
i| Normal Drawbars |3 1
H H.
:| EXDrawbars |[:
L EXi1 )
L EXi2 )
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EXi: CX-3 Tonewheel Organ

EXi PROGRAM > CX-3: Play

0-1: Overview

IBOZG: KORG Jimmy's Organ

Upper

Overview
Mix Balance

This is the main page of PROGRAM mode. For a full
description of this page and all of its functions, please see
“EXi PROGRAM > Home” on page 127. This section
describes only the overview display, which differs for each
individual EXi.

Rotary Speaker speed indicator

In PROGRAM mode, the Home page's CX-3 graphics show
the current state of the Rotary Speaker (Fast, Slow, Stop,
Preamp, or Off). Note that this is the current state —in other
words, what you actually hear—which is a combination of
the Speed SW, Mode SW, Rotary On, and Amp Type
parameter settings and all associated AMS modulation.

Also: in PROGRAM, COMBINATION, SEQUENCER, and
SET LIST modes, if there is an active Rotary Speaker, its
current state (Fast, Slow, or Stop) is shown at the top of the
display. This includes both CX-3 Programs and any Rotary
Speaker effects. If there are two or more active Rotary
Speakers, the state of the fastest one is shown. For instance,
if a Combination has three CX-3 Programs, whose current
states are Fast, Slow, and Stop respectively, the indicator will
show Fast.

0-1b: Overview and Page Jump

This part of the page shows an overview of the most
important settings for the Program’s two EXi instruments.
The specific parameters will vary, depending on which EXi
are being used. The specific parameters for the AL-1 are
described below.

The graphics give you a quick way to check all of these
settings at a glance. They also let you jump instantly to any
of the displayed parameters. Just touch one of the graphics,
and you’ll jump to the page containing its parameters. For
instance, if you touch the Filter EG graphic, you’ll go to the
Filter EG page.

Tip: Pressing EXIT several times will always bring you back
to this page.

0-1PMC

3 Band EQ

o om
Spkr:  Naturah

CX-2 Off DrumT
Mute Mute

PRE-AMP

127 127

Rotary Speaker speed indicator

Quick
Split

Perc, V/C, and Split show programmed values-
not AMS

For parameters other than the Rotary Speaker, the graphics
show the programmed values, including any edits made via
Tone Adjust. They do not update to show temporary changes
made by AMS modulation.

For instance, pressing SW1 or SW2 will often turn
Percussion on or off via AMS. You’ll hear the sound change
- but since the programmed value is still the same, the
display won’t be updated.

CX-3

Drawbar Mode

This shows whether the Drawbars are set to Normal or EX
modes.

Press this area to jump to the PROGRAM > CX-3: Basic—
Basic page.

Keyboard Split

This shows whether the Keyboard Split is turned on, or
turned off.

Press this area to jump to the PROGRAM > CX-3:
Split/Drawbar— Keyboard Split page.

Keyboard Split Zone/Common Key Zone

The upper portion of this graphic shows the keyboard split
range within the CX-3.

Press this area to jump to the PROGRAM > CX-3:
Split/Drawbar— Keyboard Split, PROGRAM > Basic/X-
Y/Controllers— Program Basic page.

The lower portion shows the key zones for EXil and EXi2,
as set on the Common section’s Program Basic page, in
relation to the entire MIDI note range. The range of the 61-,
73-, or 88-note keyboard is also shown, as appropriate.

Press this area to jump to the Program Basic page.
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EX Percussion

This area shows the EX Percussion settings. It will only
appear if the Drawbar Mode is set to EX.

Press this area to jump to the PROGRAM > CX-3:
Percussion— EX Percussion page.

Lower

These graphics will only be displayed if Keyboard Split is
turned On.

Lower Drawbars

This shows the Lower drawbar settings.

Press this area to jump to the PROGRAM > CX-3:
Split/Drawbar— Drawbars page.

Percussion

This displays when “Percussion Assign” is set to “Lower”
and “Percussion” is set to “On”. The percussion pitch setting
is also shown.

Press this area to jump to the PROGRAM > CX-3:
Percussion— Percussion page.
V/C On/Off

This shows whether the Vibrato/Chorus is turned on or off
for the Lower drawbars.

Press this area to jump to the PROGRAM > Amp/VC/Rotary
Speaker— Amp/V/C page.
EX Drawbars

This area shows the Lower EX drawbar settings. It will only
appear if the Drawbar Mode is set to EX.

Press this area to jump to the PROGRAM > CX-3:
Split/Drawbar— EX Drawbars page.

Upper

Upper Drawbars

This shows the Upper drawbar settings.

Press this area to jump to the PROGRAM > CX-3:
Split/Drawbar— Drawbars page.

Percussion

This displays when “Percussion Assign” is set to “Upper”
and “Percussion” is set to “On”. The percussion pitch setting
is also shown.

Press this area to jump to the PROGRAM > CX-3:
Percussion— Percussion page.
V/C On/Off

This shows whether the Vibrato/Chorus is turned on or off
for the Upper drawbars.

Press this area to jump to the PROGRAM > Amp/VC/Rotary
Speaker— Amp/V/C page.

EX Drawbars

This shows the Upper EX drawbar settings.

Press this area to jump to the PROGRAM > CX-3:
Split/Drawbar— EX Drawbars page.

Rotary Speaker

Mode

This shows the Amp/VC/Rotary Mode (Classic CX-3 or
Custom). Press this area to jump to the PROGRAM > CX-3:
Basic— Basic page.

Spkr

This shows the Speaker Type selected for the Speaker
Simulator.

Press this area to jump to the PROGRAM > CX-3:
Amp/VC/Rotary Speaker— Rotary Speaker page.

Speaker graphic

This graphic represents the Amp/VC/Rotary Mode (Classic
CX-3 or Custom). If the speaker is disabled—for instance, if
Rotary On is not enabled, or if the Amp Type is set to Pre
Amp—the graphic is grayed out.

Press this area to jump to the PROGRAM > CX-3: Basic—
Basic page.
Rotary Speaker speed indicator

This shows the Rotary Speaker speed indicator (see “Rotary
Speaker speed indicator” on page 184).

Press this area to jump to the PROGRAM > CX-3:
Amp/VC/Rotary Speaker— Rotary Speaker page.
Amp/Vibrato/Chorus

Pan, Level
Displays the “Pan” and “Output Level” values.

Press this area to jump to the PROGRAM > CX-3:
Amp/VC/Rotary Speaker— Amp/Vibrato/Chorus page.

0-1d: Common

3Band EQ Graphic

Mute (1) [On, Off]
Mute (2) [On, Off]
Mute (DrumT) [On, Off]
EXi1 Instrument Volume [000...127]
EXi2 Instrument Volume [000...127]
Drum Track Volume [000...127]

This is the same as with HD-1 programs. For more details,
please see “0—1d: Common” on page 4.

v 0-1:Page Menu Commands

* Compare —p.112

*  Write Program —p.112

* Exclusive Solo —p.113

* Show MS/WS/DKit Graphics —p.113
* Add To Set List —p.113

* Initialize Program —p.113
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PROGRAM > CX-3: Basic

4-1: Basic

y,

exi  B026: KORG Jimmy's Organ

Drawbar Mode

EalERe— & Normal

Tone

Wheel Type Vintage ® Clean

IR Drawbar Level Curve @ Bright Mellow

Overtone Level 31

Noise Level
Gate Type
Key Click
PRI ey -On Click Level
Key - Off Click Level

4-1a: Drawbar Mode
[Normal, EX]

This is a basic control, which affects the parameters
available in the Drawbars and Percussion sections.

Drawbar Mode

Normal mode models a standard tone-wheel organ, with 9
drawbars and single-pitch percussion.

EX mode adds four additional drawbars, with pitches
adjustable in half-step increments between 16’ and two
octaves above 1°. It also allows you to create the percussion
using up to five different pitches, each with adjustable
volume levels.

4-1b: Tone

Wheel Type [Vintage, Clean]

Vintage offers an organic, complex tone. It includes some
amount of additional harmonics for each note, which can be
further increased by using the Overtone Level parameter,
below. It also adds “leakage,” a pitched noise caused by the
mix of all 91 tone wheels “leaking” into each individual
note—a characteristic part of the authentic tone-wheel organ
sound. The Leakage Level parameter, below, controls the
volume of this component.

Clean gives you a pristine, perfect set of tone wheels, with
no leakage noise. By default, these tone wheels have no
additional overtones—but you can add them by using the
Overtone Level parameter, below.

Drawbar Level Curve [Bright, Mellow]

This controls the way in which the tone-wheel levels change
in relation to pitch, which contributes to the overall
brightness of the sound.

Bright produces a crisp effect, slightly brighter than
traditional tone-wheel organs.

4-1PMC

Amp/VC/Rotary Model

Classic CX-3 @ Custom e—4-1c¢

Mellow produces a slightly darker, more traditional tone.

[0...99]

This controls the timbre of the individual tone wheels.
Increasing the Overtone Level adds more harmonics, for a
brighter, richer tone.

Overtone Level

The Wheel Type setting, above, determines both the specific
harmonics added and their volume levels.

[0...99]

This specifies the amount of drawbar leakage, both into
played notes and into the constant noise (see Noise Level,
below).

This parameter is available only when the Wheel Type,
above, is set to Vintage. When the Wheel Type is set to
Clean, it is grayed out.

Leakage Level

[0...99]

This lets you add a constant amount of noise to the outputs -
just like you might find in older vintage gear. The noise will
be present whether or not any notes are being played.

Noise Level

The noise includes both colored broad-band noise and tone
wheel leakage. The amount of leakage within the noise is
scaled by Leakage Level, described above.

[Clean, Dirty]

This affects the sound character when notes are turned on or
off. It is similar in concept to Key Click, below, but has a
different timbral character.

Gate Type

Clean does not add any additional gate noise.

Dirty adds a small amount of noise at note-on and note-off,
for a small amount of extra punch. You can also use this if
you’re looking to duplicate the gate timbre of the CX-3 and
BX-3.
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4-1c: Amp/VC/Rotary mode Vv 4-1:Page Menu Commands

Amp/VC/Rotary mode [Classic CX-3, Custom] + Compare —p.112

This parameter, new in NAUTILUS system version 2.1,

switches between old and new versions of the amplifier, * Write Program —p.112

vibrato/chorus, and rotary speaker effects. * Exclusive Solo —p.113
Classic CX-3: This is a rotary speaker model used on the

original versions of the OASYS and KRONOS. * PAGE —p.126
Custom: This is a more refined rotary speaker model. The * MODE —p.126

following improvements were made.

» Custom’s amp section uses a new tube model. When
driven into distortion through high Gain or Expression,
Custom’s tone is warmer and smoother, with more mid-
range frequencies; Classic CX-3’s is more fuzzy and
hard-clipped. Each has its place for different
applications.

» Custom provides a selection of different Speaker
Types, which can have a significant effect on the overall
tone. For more information, see “Speaker Type” on
page 201.

* The Horn Mic Distance is revised, allowing you to get
closer to the speaker without affecting brightness.

* Various other changes have been made to improve the
rotary speaker's stereo sensation, timbre, and
authenticity.

* The Vibrato Chorus has been updated as well, and is now
better-sounding and more true to the original hardware.

Changing a Program from Classic CX-3 to Custom

The responses of the Expression and Amp Gain controls
are different between the two modes. In Custom, greater
amounts of distortion only kick in at the top of the ranges.
Because of this, you'll usually want to turn up the Amp Gain
when converting a sound from Classic CX-3 to Custom,
and adjust the Expression and Output Level as necessary.
To do so:

1. Use Amp Gain to set the maximum distortion amount.
2. Configure Expression as a dynamic control—via a
pedal, for instance.

Expression controls the input volume to the amp section,
affecting both volume and tone.

3. Finally, use the Output Level to adjust the overall
volume as necessary.

Output Level controls the post-amp level, and so it affects
only volume.

For more information, see “Expression Level” on page 188,
“Amp Gain” on page 197, and “Output Level” on page 198.

4-1d: Key Click

Pressing down or releasing a key on a tone wheel organ can
result in arcing between the contacts, producing a
characteristic “Key Click” sound. This section models that
effect.

Key-On Click Level [0...99]

This controls the amount of click noise at note-on.

Key-Off Click Level [0...99]

This controls the level of the click noise at note-off.
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4-2: Controllers

exi B026: KORG Jimmy's Organ

Pitch Bend
JS(+X) J+00

JS(-X) +00

Wheel Brake

Wheel Brake AMS  Off

AMS Mode Toggle

Wheel Brake Speed  Slow

Controllers

4-2a: Pitch Bend
JS+X [-60...+12]

This sets the maximum amount of pitch bend, in semitones,
when you move the joystick to the right. For normal pitch
bend, set this to a positive value.

For example, if you set this to +12 and move the joystick all
the way to the right, the pitch will rise one octave above the
original pitch.

JS-X [-60...+12]

This sets the maximum amount of pitch bend, in semitones,
when you move the joystick to the left. For normal pitch
bend, set this to a negative value.

For example, if you set this to —60 and move the joystick all
the way to the left, the pitch will fall five octaves below the
original pitch.

4-2b: Expression

Expression adjusts both the volume level and the amount of
distortion. At lower Expression values, both the low bass
and high treble frequencies are slightly emphasized. The
Amp section interacts with Expression; for more details, see
“7—la: Amp,” on page 197.

To allow optimal modulation flexibility, the AMS works
differently from most other parameters. See Mode, below,
for more details.

Expression Minimum [0...30]

This specifies the minimum level when the Expression Level
parameter or Expression AMS are at 0.

[0...99]

This sets the default Expression level. It will be grayed out if
the Mode, below, is set to AMS Only.

Expression Level

4-2PMC

Expression
Expression Minimum
Expression Level
AMS Foot Pedal (CC#04)

Mode Both Overwrite

AMS [List of AMS Sources]

This selects an AMS source to modulate Expression. For a
list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

This parameter is grayed out if Mode, below, is set to Level
Only.

NOTE: The MIDI Expression controller (CC #11) is hard-
wired to scale the channel volume level. So, despite the
similar name, it’s best to use another controller as an AMS
source.

Mode [Level Only, AMS Only,

Both Scale, Both Overwrite]

This controls how the AMS interacts with the programmed
Expression Level.

Level Only: The Expression Level parameter has complete
control over Expression. The AMS parameter is grayed out
and has no affect.

AMS Only: The AMS input has complete control over
Expression, while the Expression Level parameter is grayed
out and has no affect.

Both Scale: The values of Expression Level and AMS are
multiplied to produce the Expression level. For the math-
friendly, a value of 99 is treated as 1.0.

Both Overwrite: Expression Level and AMS both write
directly to the Expression level. If the Expression Level
parameter is updated, it directly controls Expression, and the
last value from AMS is ignored. If the AMS input moves, it
also directly controls Expression, and the setting of the
Expression Level parameter is ignored.

Normally, after a Program is selected, the Expression Level
will be used until the AMS input moves. However, there is
one exception to this. If the selected AMS source is the same
as the one assigned to the Foot Pedal in GLOBAL >
Controllers/Scales— Controllers (see “Foot Pedal Assign” on
page 675), and the Global Foot Pedal Behavior parameter
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is set to Keep Current, then the Program will initially use the
AMS input, until (and unless) the Expression Level setting
is changed. This prevents abrupt jumps in level when using
the expression pedal and switching between Programs.

Disconnected pedals

If the Foot Pedal is assigned to an AMS source but a pedal is
not physically connected to the NAUTILUS, the result is the
same as if the pedal was pressed down all the way: the AMS
signal will be at its maximum value.

If you regularly use a pedal to control Expression, but then
for some reason need to play without the pedal, simply go to
GLOBAL > Controllers/Scales— Controllers and set Foot
Pedal Assign to None. You can then use Tone Adjust Slider
3 in Tone Adjust to control Expression as desired (assuming
that the sound uses the default Tone Adjust configuration).

4-2c: Wheel Brake

Tone wheel organs actually have physical wheels, which
gradually come up to speed when you turn the power on, and
gradually slow to a stop when you turn the power off. As the
wheels rotate more quickly, the pitch rises; as they slow
down, the pitch falls.

This section models this behavior, for use as a special effect.

Wheel Brake [Off, On]

This parameter allows you to manually control the Wheel
Brake. Off is the default; the tone wheels will turn normally.
Changing this to On will make the tone wheels gradually
slow down, and eventually stop altogether.

AMS [List of AMS sources]
This selects an AMS source to control the Wheel Brake.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

AMS Mode

This parameter controls the way in which the Wheel Brake
AMS works.

When this is set to Toggle, the Wheel Brake AMS will
alternate between “power on” and “power off.” For instance,
if Wheel Brake is set to Off, and AMS is assigned to a
footswitch, the first press will cause the wheel rotation to
slow, and the next press will bring them back up to speed
again.

[Toggle, Momentary]

Momentary means that the power is turned “off” only while
the controller is enabled. Continuing the example from
above, when the footswitch is pressed down, the wheel
rotation will slow down; when the footswitch is released, the
wheel rotation will speed up again.

AMS lets you switch to the opposite of the programmed
setting. For instance, if Wheel Brake is set to On (unlikely
but possible!), and the AMS Mode is set to Momentary,
then pressing down on the footswitch would cause the tone
wheels to come up to speed.

If you set AMS to use a continuous controller, such as the
Joystick, values of 0-63 are as if the switch was off, and
values of 64-127 are as if the switch was on.

Finally - note that the assignable switches, SW1 and SW2,
can themselves be set to either momentary or toggle modes,
and these settings are reflected by the switch LEDs.
Individual parameter mode settings, such as the Wheel
Brake AMS Mode, do not affect the LEDs.

So, if you’re using SW1 or SW2 as the AMS source, it’s best
to set the AMS Mode to Momentary, and then just let the
switch itself determine the momentary/toggle behavior.

Wheel Brake Speed [Slow, Fast]

This controls the speed at which the wheels will slow down
and speed up.

v 4-2:Page Menu Commands
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PROGRAM > CX-3: Split & Drawbars

You can set up the organ to use a single sound across the
entire keyboard, or to split the keyboard between two
different sets of drawbars.

5-1: Keyboard Split

5-1PMC

Exi  B026: KORG Jimmy's Organ

[
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Keyboard Split
M Split Enable AMS Js-Y
AMS Mode Toggle
Split Point B3
Upper Octave Shift +0 loctaves]

Lower Octave Shift +1 [octave]

Keyboard
Split

5-1a: Split v 5-1:Page Menu Commands

Split Enable [Off, On] » Compare —p.112

This turns the split on and off.
. . *  Write Program —p.112
When Split is Off, only the Upper drawbars will be used.
* Exclusive Solo —p.113

AMS [List of AMS Sources]

This allows you to assign an AMS source to toggle the split * PAGE —p.126
on and off. « MODE —p.126
For a list of AMS sources, see “Alternate Modulation Source

(AMS) List” on page 905.

AMS Mode [Momentary, Toggle]

This determines the behavior of Split Enable AMS. For
details, see “AMS Mode” on page 189.

Split Point [C-1...G9]
This sets the highest key of the lower split range.

Upper Octave Shift [-2 octaves...+2 octaves]
This raises or lowers the pitch of the Upper drawbars in one-
octave steps.

Lower Octave Shift [-2 octaves...+2 octaves]

This raises or lowers the pitch of the Lower drawbars in one-
octave steps.
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5-2: Drawbars

< EXi B026: KORG Jimmy's Organ

Lower Drawbar Levels

= NWh~]

Drawbars

The drawbars are the heart of the CX-3. These settings
control the basic harmonic content of the sound, the
perceived fundamental pitch, and the basic volume level.

Use Tone Adjust for physical drawbars

Using Tone Adjust, you can map the drawbars to the nine
sliders.

Like traditional tone wheel organs, the throw of the sliders is
reversed from that of a mixer: all the way up is 0, and all the
way down is the maximum (8).

Wrap-around

As with traditional organs, the tone wheels produce pitches
between C2 and F#8. Depending on the notes that you play,
certain drawbar settings may imply pitches outside of this
range. In this case, the drawbar pitches will be “wrapped
around” by one or more octaves to fit within the available
range.

For instance, the 1’ drawbar would normally sound 3 octaves
above the note that you play. If you play a D6 on the
keyboard, this would imply that the 1° play a D9. Since the
tone wheels can’t play a D9, however, the 1’ drawbar is
“wrapped around” to the highest possible D - a D8.

The same thing will happen on the low end. For instance, the
16° drawbar normally sounds one octave below the played
note. If you play an F1 on the keyboard, this would imply
that the 16” sound at FO. Since this is far below the range of
the tone wheels, the 16’ sounds at its lowest possible F - an
F2.

Interaction between Percussion, 1’ drawbar, and
EX mode

Percussion can be assigned to either the Upper or Lower
split. When the Drawbar Mode is set to Normal, and
percussion is turned on, the 1° drawbar of the split assigned
to percussion becomes silent. The other side of the split is
not affected.

5-2PMC

Upper Drawbar Levels
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Drag Across Drawbars

This models the behavior of the original instruments, in
which the 1’ bus bar was diverted in order to trigger the
percussion.

When the Drawbar Mode is set to EX, this restriction is
removed; the 1’ drawbar continues to sound regardless of
whether or not percussion is turned on.

5-2a: Lower Drawbar Levels

These parameters control the individual drawbar volume
levels for the Lower split. The drawbars express their pitches
in terms of feet, referring back to pipe organs, in which
halving the length of a pipe will raise its pitch by one octave.
So, 8’ is an octave higher than 16°, 4’ is an octave higher
than 8’, and so on.

You can adjust these parameters by using the on-screen
drawbar graphics, or use the physical faders via Tone Adjust,
as described above.

Note that when Split is turned Off, only the Upper drawbars
are used; the Lower drawbar settings will have no effect.

16’ [0...8]

This is the volume for the lowest drawbar.

0 means that the drawbar will be silent, and 8 is the
maximum volume.

5-1/3; 8, 4, 2-2/3, 2, 1-3/5,1-1/3; 1’ [0...8]

These set the volume levels for the remaining 8 drawbars.

5-2b: Upper Drawbar Levels

These parameters specify the level for each drawbar used by
the Upper split. Also, when Split is turned Off, the Upper
drawbars are used for the entire keyboard.

The settings are just the same as for the Lower drawbars. For
more details, please see “5—2a: Lower Drawbar Levels,”
above.
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5-2c¢: Drag Across Drawbars

Drag Across Drawbars [Off, On]

Off (un-checked): When Drag Across Drawbars is Off,
you can edit CX-3 drawbars just as you would other slider
controls, by touching and dragging the individual drawbars
one by one. This is the default.

On (checked): When Drag Across Drawbars is On, you
can edit multiple drawbars in a single gesture. Just drag a
shape across the drawbars horizontally.

v 5-2:Page Menu Commands
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5-3: EX Drawbars

Split/Drawbar
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Drawbars

‘When the Drawbar Mode is set to EX, this adds four extra
drawbars to the basic nine, with pitches adjustable in half-
step increments between 16’ and two octaves above 1”. You
can select from four preset combinations of drawbar pitches,
or create your own from scratch.

When the Drawbar Mode is set to Normal, this section is
grayed out.

Wrap-around and EX mode

Any harmonics above F#8 are “wrapped around” so that
they will sound one or more octaves lower. Similarly,
harmonics below C2 will be wrapped around to sound an
octave higher. For more details, see “Wrap-around” on
page 191.

In particular, this means that high settings of the EX
Drawbar 1-4 Pitch parameters, below, may only be
perceptible in the lower octaves of the keyboard.
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Drag Across Drawbars

5-3a: Lower EX Drawbars

These parameters control the individual EX drawbar pitches
and volume levels for the Lower split.

EX Drawbar Pitch Mode [Preset 1...4, Custom]

Presets 1-4 are the CX-3’s default Pitch settings for the set
of four EX Drawbars. When one of the Presets is selected,
the EX Drawbar 1-4 Pitch parameters, below, are grayed out.

Custom lets you specify the pitches for each EX drawbar,
using the EX Drawbar 1-4 Pitch parameters.

5-3b: Custom Drawbar Settings

Ex Drawbar 1 Pitch [16'...1" +24]

This specifies the pitch assigned to EX Drawbar 1. The
values are expressed in organ feet and semitones, with
single-semitone steps from 16’ to 1’ +24 semitones.

This parameter is only available if the EX Drawbar Mode
is set to Custom. Otherwise, it is grayed out.
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Ex Drawbar 1 Level [0...8]
This is the volume for EX Drawbar 1.

0 means that the drawbar will be silent, and 8 is the
maximum volume.

Ex Drawbars 2-4 Pitch [16...1' +24]

These parameters specify the pitch assigned to EX Drawbars
2-4. For more information, see “Ex Drawbar 1 Pitch,” above.

Ex Drawbars 2-4 Level [0...8]

These parameters specify the volumes of EX Drawbars 2-4.
For more information, see “Ex Drawbar 1 Level,” above.

5-3cand 5-3d: Upper EX Drawbars

These parameters control the individual EX drawbar pitches
and volume levels for the Upper split. The controls are
identical to those for the Lower EX Drawbars, as described
above.

5-3e: Drag Across Drawbars

Drag Across Drawbars [Off, On]

This controls how touch-drag edits the drawbars. For more
information, see “Drag Across Drawbars” on page 192.
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PROGRAM > CX-3: Percussion

Percussion adds a pitched attack to the notes, for a more
crisp, punchy timbre. When you play legato, percussion will
only sound for the first note in the phrase.

6-1: Percussion

n
4 Exi B026: KORG Jimmy's Organ

Percussion

Percussion I On

AMS  SW2 Mod.
AMS Mode

(cc#81)
Momentary

Percussion Assign Upper

Level
Level
AMS Off
AMS Mode  Momentary
Loud Level 88
Soft Level 42

Loud Drawbar Attenuation 28

Percussion

6-1PMC

Slow
AMS  Off

AMS Mode Momentary
Fast Decay Time 45
Slow Decay Time 67
Harmonic
Harmonic 3rd

AMS  Off

AMS Mode Momentary

6-1a: Percussion

Percussion [Off, On]

This toggles the Percussion section on and off.

Note that enabling Percussion for a set of drawbars (Upper
or Lower) may affect the set’s 1’ drawbar; for more
information, see “Interaction between Percussion, 1’
drawbar, and EX mode” on page 191.

AMS [List of AMS Sources]

This selects an AMS source to turn the Percussion on or off.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

AMS Mode

This determines the behavior of the Percussion AMS. For
details, see “AMS Mode” on page 189.

[Toggle, Momentary]

Percussion Assign [Lower, Upper]

This assigns the percussion to either the lower or upper
drawbars. The default is Upper. Setting it to Lower, instead,
allows you to play a bass line with percussion.

If Split is Off, Percussion is automatically assigned to the
Upper drawbars.

6-1b: Level
[Soft, Loud]

This toggles the Percussion Level between Soft and Loud.
The actual volume levels are determined by the Loud Level
and Soft Level parameters, below.

Level

Note that the Percussion Level parameter can also affect the
volume of the drawbars, as controlled by the Loud Drawbar
Attenuation parameter.

AMS [List of AMS Sources]

This selects an AMS source to switch the Percussion Level
between Soft and Loud. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.
AMS Mode [Toggle, Momentary]
This determines the behavior of the Level AMS. For details,
see “AMS Mode” on page 189.

[00...99]

This sets the volume of the percussion when Percussion
Level is set to Loud.

Loud Level

Soft Level [00...99]

This sets the volume of the percussion when Percussion
Level is set to Soft.

Loud Drawbar Attenuation [00...99]

On traditional tonewheel organs, setting the Level to Loud
(or disabling the Soft button) reduces the overall drawbar
volume.
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6-1: Percussion

To put it another way, setting the Level to Soft makes the
drawbars louder.

This parameter controls the difference in drawbar volume
between the Soft and Loud Percussion settings.

6-1c: Decay

Decay [Slow, Fast]
This toggles the Percussion Decay time between Slow and
Fast. The actual decay times are determined by the Fast
Decay Time and Slow Decay Time parameters, below.
AMS [List of AMS Sources]

This selects an AMS source to switch the Percussion Decay
time between Slow and Fast. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.
AMS Mode [Toggle, Momentary]
This determines the behavior of the Decay AMS. For details,
see “AMS Mode” on page 189.

Fast Decay Time [00...99]
This sets the decay time when the Decay parameter is set to
Fast.

Slow Decay Time [00...99]

This sets the decay time when the Decay parameter is set to
Slow.

6-1d: Harmonic

Harmonic [2nd, 3rd]

This selects the pitch of the percussion, in harmonics relative
to the 8’ drawbar.

2nd produces the same pitch as the 4’ drawbar - one octave
higher than the 8°.

3rd produces the same pitch as the 2 2/3* drawbar - one
octave and a fifth higher than the 8’.
AMS [List of AMS Sources]

This selects an AMS source to switch the Harmonic between
2nd and 3rd. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

AMS Mode [Toggle, Momentary]

This determines the behavior of the Harmonic AMS. For
details, see “AMS Mode” on page 189.
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6-2: EX Percussion

6-2PMC
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EX
Percussion

When the Drawbar Mode is set to EX, the Percussion can

use a mix of up to five drawbar pitches, instead of just one. Vv 6-2: Page Menu Commands

These include 2-2/3° or 4’ (depending on the setting of the *+ Compare —p.112
Percussion Harmonic parameter), 16°, 5-1/3°, and the pitches
of the first two EX drawbars. You can set the levels for each +  Write Program —p.112

of the five drawbars independently. + Exclusive Solo —p.113

This section is grayed out when Drawbar Mode is set to

Normal. * PAGE —p.126
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6-2a: EX Percussion

Normal Percussion [0...8]
This sets the volume of the 2nd or 3rd harmonic (2-2/3” or 4’
drawbars), depending on the setting of the Percussion
Harmonic parameter.

16’ [0...8]
This sets the volume of the 16’ drawbar within the
Percussion pulse.

51/3’ [0...8]

This sets the volume of the 5-1/3” drawbar within the
Percussion pulse.

EX Drawbar 1 [0...8]
This sets the volume of EX Drawbar 1 within the Percussion
pulse.
EX Drawbar 2 [0...8]
This sets the volume of EX Drawbar 2 within the Percussion
pulse.

6-2b: Drag Across Drawbars
Drag Across Drawbars [Off, On]

This controls how touch-drag edits the drawbars. For more
information, see “Drag Across Drawbars” on page 192.
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PROGRAM > CX-3: Amp, V/C, Rotary Speaker

7-1: Amp/V/C
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Amp (Custom)
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Vibrato/Chorus
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7-1a: Amp

Amp Type [Type 1, Type 2, Pre Amp]

This selects one of two amp models, or a direct line-out from
the organ’s preamp.

Type 1 is a standard powered amp for organ, producing a
warm, fat tone.

Type 2 yields a less colored tone, with more high
frequencies than Type 1.

PreAmp is the sound of a direct line-out from the organ.

K Important: Since Pre Amp models a direct line-out, it
disables the Rotary Speaker entirely. To use the Rotary
speaker, set Amp Type to Type 1 or Type 2 instead.

[00...99]

This adjusts the gain when Amp Type is set to Type 1 or
Type 2. It does not apply if the Amp Type is set to PreAmp.

Amp Gain

Expression also adjusts the drive into the Amp section. With
higher Amp Gain settings, you’ll get more overdrive and
distortion as you increase the Expression amount. For more
information, see “4-2b: Expression,” on page 188.

AMS [List of AMS Sources]

This selects an AMS source to modulate the Amp Gain. For
a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...4+99]

This controls the depth and direction of the AMS modulation
of Amp Gain.

7-1PMC

EQ
Treble
ta— 7/-1b
Mid
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7-1b: EQ

Treble [-10...+10]
This adjusts the high frequency range of the amp, as selected
by Amp Type.

Mid [-10...4+10]
This adjusts the mid-frequency range of the amp, as selected

by Amp Type.

Bass [-10...+10]

This adjusts the low frequency range of the amp, as selected
by Amp Type.

7-1c: Vibrato/Chorus

Vibrato/Chorus is a traditional organ effect, similar to but
not the same as other chorus effects. It adds varying degrees
of LFO-driven flutter and richness to the timbre, and
combines nicely with the rotary speaker.

In addition to the six traditional presets, the CX-3 allows you
to create your own custom settings, which can then be
modulated via AMS.

There is a single Vibrato/Chorus effect, and each set of
drawbars can either be routed through the effect or go
straight on to the rotary speaker and outputs.

[Off, On]
This routes the upper drawbars through the Vibrato/Chorus.

AMS [List of AMS Sources]

This selects an AMS source to turn Vibrato/Chorus on or off
for the Upper Drawbars.

Upper Drawbars V/C
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AMS Mode [Toggle, Momentary]
This determines the behavior of the Vibrato/Chorus AMS for
the Upper drawbars. For details, see “AMS Mode” on

page 189.

[Off, On]
This routes the lower drawbars through the Vibrato/Chorus.

AMS [List of AMS Sources]

This selects an AMS source to turn Vibrato/Chorus on or off
for the Upper Drawbars. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.

Lower Drawbars V/C

AMS Mode [Toggle, Momentary]

This determines the behavior of the Vibrato/Chorus AMS for
the Upper drawbars. For details, see “AMS Mode” on
page 189.

Input Trim [000...100]

This controls the input level to the Vibrato/Chorus.

It applies only to the set(s) of drawbars routed through the
Vibrato/Chorus, via the V/C On/Off buttons above. You can
use this to compensate for volume level differences between
the output of the Vibrato/Chorus and the dry signal, so that
the volume stays constant when you switch the V/C on or
off.

Note that the output volume of the V/C will vary, depending
on the selected Preset or the settings of the Custom
parameters.

Mode [Preset/Custom]
When Mode is set to Preset, the Vibrato/Chorus will use the
settings under Preset, below. These are the classic V1-3 and
C1-3 settings.

When Mode is set to Custom, the Vibrato/Chorus uses the

settings under Custom, below. These allow you to create
your own versions of the effect.

7-1d: Preset

These parameters are available only if the Mode, above, is
set to Preset.

Type [V1,C1,V2,C2,V3,C3]
This selects one of the six classic Vibrato/Chorus presets.
“V” stands for Vibrato, and “C” stands for Chorus.

AMS [List of AMS Sources]

This selects an AMS source to modulate the Type. For a list
of AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [-05...4+05]

This controls the depth and direction of the AMS modulation
for the Type.

7-1e: Custom

These parameters are available only if the Mode, above, is
set to Custom.

Mix [0...100]
This adjusts the balance between the Vibrato and Chorus
effects. 0 is all Vibrato; 100 is all Chorus.

AMS [List of AMS Sources]
This selects an AMS source to modulate the Mix. For a list
of AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [-100...+100]
This controls the depth and direction of the AMS modulation
for Mix.

Depth [0...100]
This sets the depth of Vibrato/Chorus modulation. Higher
values mean greater pitch and volume modulation.

AMS [List of AMS Sources]
This selects an AMS source to modulate the Depth. For a list
of AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [-100...+100]
This controls the depth and direction of the AMS modulation
for Depth.

Speed [0.2Hz...20Hz]
This controls the speed of the Vibrato/Chorus LFO.

01is 0.02Hz; 230 is 20 Hz; and 180 is 7Hz. Try around 179
for the magic C3 frequency.

AMS [List of AMS Sources]

This selects an AMS source to modulate the Speed. For a list
of AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [-20Hz...0Hz...+20Hz]

This controls the depth and direction of the AMS modulation
for Speed.

7-1f: Main Output
[000...127]

This controls the overall output level, after the Amp section
and the Expression controls. In other words, this affects only
the volume of the sound, and not the tonal character.

AMS [List of AMS Sources]

This selects an AMS source to modulate the Output Level.
For a list of AMS sources, see “Alternate Modulation Source
(AMYS) List” on page 905.

Output Level

Intensity [-127...4127]
This controls the depth and direction of the AMS modulation
for Output Level.

Pan [Random, L001...C064...R127]

This controls the stereo pan of the organ. A setting of L001
places the sound at the far left, C064 in the center, and R127
to the far right.
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When this is set to Random, the Pan position will change at
each note-on. Note that all notes of the CX-3 share the same
Pan value, and will move together to the new position.

[ You can also control pan via MIDI Pan (CC#10). A
CC#10 value of 0 or 1 places the sound at the far left, 64
places the sound at the location specified by the Pan
parameter, and 127 places the sound at the far right.

Note: you can select Random pan only from the on-screen
UI, and not from MIDI. This is controlled on the global
MIDI channel (GLOBAL 1-1a).

AMS [List of AMS Sources]

This selects an AMS source to modulate Pan. Note that all
notes of the organ share the same Pan value. For a list of
AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [-99...499]

This controls the depth and direction of the AMS modulation
for Pan.
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7-2: Rotary Speaker
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7-2a: Rotary Speaker

k Important: To use the Rotary Speaker, the Amp Type
must be set to Type 1 or Type 2. If it’s set to Pre Amp, the
Rotary Speaker is disabled. For more information, see
“Amp Type” on page 197.

Rotary On [Off, On]

This enables and disables the Rotary Speaker. It’s different
from simply stopping the rotation (which you can do with
the Mode parameter, below); instead, this is like unplugging
the organ from the rotary speaker entirely.

When the Rotary Speaker is turned off, the tone is
determined by the Rotary Speaker Off Output parameter,
below.

AMS [List of AMS Sources]

This selects an AMS source to turn the Rotary Speaker on or
off.

Speed SW

W Speaker Simulator

7-2PMC

Mode/Speed
Mode SW

Rotate AMS  Off

e — 7/-2b

AMS Mode Momentary

Slow AMS  JS+Y (cc#01)

AMS Mode Toggle

M Fast Overrides Stop

050
040

Mic Distance Stop Phase [degrees] +000

Mic Spread

Mic Distance 040
Mic Spread

Stop Phase [degrees] +000

030

Type Natural + Direct

AMS Mode

This determines the behavior of the Rotary Speaker on/off
AMS. For details, see “AMS Mode” on page 189.

[Momentary, Toggle]

[Pre-Crossover,
Post-Crossover]

Rotary Speaker Off Output

This determines the sound when the Rotary Speaker is
turned Off, above. It also determines the “dry” signal in the
Wet/Dry mix; for details, see “Wet/Dry” on page 200.

Post-Crossover is the default, and matches the CX-3. With
this setting, the speaker simulator and speaker crossover will
still be active, even when the Rotary Speaker is disabled.
Use this if you like the CX-3 sound, and are not sending the
organ through a separate Rotary Speaker in the Insert
Effects.

Pre-Crossover yields a tone without the effects of the
speaker simulator and crossovers. Use this setting if you’ll
be sending the organ through a separate Rotary Speaker in
the Insert Effects.
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Wet/Dry [Dry,1:99...99:1,Wet]

This adjusts the balance between the dry signal coming into
the Rotary Speaker and the output of the effect.

The “dry” signal is either the pre-crossover or post-crossover
input, as selected by the Rotary Speaker Off Qutput
parameter; for more information, see “Rotary Speaker Off
Output” on page 199.

AMS [List of AMS Sources]

This selects an AMS source to modulate the Wet/Dry mix.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-100...4+100]

This controls the depth and direction of the Wet/Dry AMS
modulation.

7-2b: Mode/Speed
Mode

Mode Switch [Rotate, Stop]

This lets you stop the motion of the Rotary Speaker. Even
when stopped, the speaker will still affect the timbre.

The horn and rotor can each take different amounts of time
to start and stop their rotation. For more information, see “7—
2c: Horn” on page 200 and “7-2d: Rotor” on page 201.

AMS [List of AMS Sources]

This selects an AMS source to start and stop the Rotary
Speaker.

AMS Mode [Momentary, Toggle]

This determines the behavior of the Mode switch AMS. For
details, see “AMS Mode” on page 189.

Speed

Speed SW [Fast/Slow]

The Rotary Speaker has two basic speeds, and this allows
you to switch between the two. You can set the speeds of the
horn and rotor sections separately for both the Fast and Slow
settings, as well as the time that it takes them to speed up and
slow down. For more information, see “7-2¢: Horn” on
page 200 and “7-2d: Rotor” on page 201.

AMS [List of AMS Sources]

This selects an AMS source to switch between the Slow and
Fast speeds.

We've added a special trick for controlling Rotary Speed
with JS X (left-to-right movement, which normally controls
pitch bend). When Speed SW AMS is set to JS X, the
joystick works like the speaker speed switch on a vintage
organ. Move it to the left for Chorale (slow) and to the right
for Tremolo (fast).

Note that this applies only when JS X is selected directly as
the AMS source. If it is routed through an AMS Mixer, for
instance, it is handled as if it were a normal modulation
source.

AMS Mode [Toggle, Momentary]

This determines the behavior of the Speed switch AMS. For
details, see “AMS Mode” on page 189.

Fast Overrides Stop [Off, On]

When this is enabled, switching the Speed to Fast via AMS
will always push the Rotary Speaker into Fast mode - even if
it had previously been stopped. Switching the Speed back to
Slow will stop it again.

When Fast Overrides Stop is disabled, if the speaker is
stopped, it will stay stopped regardless of Speed AMS.

7-2c: Horn

The Horn carries the high frequencies of the Rotary Speaker.
You can independently control the Slow and Fast speeds of
the horn, as well as the time it takes to speed up or slow
down. You also have separate control over the amount of
time that the horn takes to stop rotating entirely, and the time
that it takes to resume rotation after being stopped.

[000...100]

This specifies the speed of the Horn when the Speed Switch
is set to Fast.

Fast Speed

Slow Speed [000...100]

This specifies the speed of the Horn when the Speed Switch
is set to Slow.

[000...100]

This sets how long it takes the Horn to change from the Slow
speed to the Fast speed.

Acceleration

[000...100]

This sets how long it takes the Horn to change from the Fast
speed to the Slow speed.

Deceleration

Start Acceleration [000...100]

This sets how long it takes the Horn to come up to speed
after the Mode Switch has changed from Stop to Rotate.

[000...100]

This sets how long it takes the horn to come to rest after the
Mode Switch has changed from Rotate to Stop.

Stop Deceleration

Mic Distance [000...100]

The Rotary Speaker model includes two pairs of stereo mics
- one pair for the Horn, and the other for the Rotor. This
parameter adjusts the distance between the Horn and its
microphones. Lower values bring the mics closer to the
speaker.

[000...100]

This adjusts the distance between the two Horn
microphones, to widen the stereo field. Higher values
increase the stereo effect.

Mic Spread

Stop Phase [degrees] [Free, -180...+180]

When the Mode Switch is set to Stop, the Horn gradually
comes to rest pointing one way or another. This allows you
to control where it will stop.

Free lets it come to rest naturally, at a more or less random
spot. The other settings, —180 to +180, let you force it to land
in a specific position.

The speaker position has a dramatic effect on the tone, so
specifying a fixed position allows you to achieve consistent
timbral results.
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7-2d: Rotor

The rotor carries the low frequencies of the Rotary Speaker.
Its parameters are identical to those of the Horn, above.

[000...100]

This specifies the speed of the Rotor when the Speed Switch
is set to Fast.

Fast Speed

Slow Speed [000...100]

This specifies the speed of the Rotor when the Speed Switch
is set to Slow.

Acceleration [000...100]

This sets how long it takes the Rotor to change from the

Slow speed to the Fast speed.

Deceleration [000...100]

This sets how long it takes the Rotor to change from the Fast
speed to the Slow speed.

Start Acceleration [000...100]

This sets how long it takes the Rotor to come up to speed
after the Mode Switch has changed from Stop to Rotate.

[000...100]

Specifies the time it will take for the Rotor to actually come
to rest after rotation is switched off.

Stop Deceleration

This sets how long it takes the Rotor to come rest after the
Mode Switch has changed from Rotate to Stop.

[000...100]

This adjusts the distance between the Rotor and its
microphones. Lower values bring the mics closer to the
speaker.

Mic Distance

Mic Spread [000...100]

This adjusts the distance between the two Rotor
microphones, to widen the stereo field. Higher values
increase the stereo effect.

[Free, -180...+180]

This determines where the Rotor will land when the Mode
Switch is set to Stop. For more details, see “Stop Phase
[degrees],” above.

Stop Phase [degrees]

7-2e: Balance and Speaker Simulator

Horn/Rotor Balance [Rotor, 1...99, Horn]

This sets the output balance between the high frequencies of
the Horn and the low frequencies of the Rotor.

Speaker Simulator [Off, On]

This enables and disables modeling of the speaker tone.

Note: The Speaker Simulator may still affect the tone even
when the Rotary Speaker is turned off, depending on the
setting of the Rotary Speaker Off Output parameter. For
more information, see “Rotary Speaker Off Output” on
page 199.

[CX-3, Natural, Natural + Direct,
Resonant, Resonant + Direct,
Bright, Bright + Direct]

Speaker Type only appears when the Amp/VC/Rotary
Mode is set to Custom (see “Amp/VC/Rotary mode” on
page 187). This selects the model used for the Speaker
Simulator, and can have a significant effect on the overall
tone—particularly noticeable at fast rotary speeds.

Speaker Type

K Important: Some Speaker Types have sharp resonances
in their frequency responses which may cause higher
volumes with specific notes and drawbar settings. If the
volume is already high, this can cause clipping at the
outputs. If this happens, simply turn down the Output
Level in the Main Output section on the
Amp/Vibrato/Chorus page.

CX-3: This is the same as the original CX-3 speaker
simulator.

Natural: This is based on new analysis of a classic vintage
rotary speaker.

Natural + Direct: This is similar to Natural, but with a bit
of the direct signal mixed back in - resulting in greater
extension of both high and low frequencies.

Resonant: This has more mid-frequency bite than Natural,
similar to a popular rotary speaker effects pedal.

Resonant + Direct: Similar to Resonant, but with a bit of
direct signal mixed in (see Natural + Direct above).

Bright: Based on Natural, but with less high-end roll-off
for a brighter sound.

Bright + Direct: Like Bright, but with a bit of direct signal
mixed in (see Natural + Direct above).

v 7-2:Page Menu Commands
* Compare —p.112

*  Write Program —p.112

* Exclusive Solo —p.113

« PAGE —p.126
« MODE —p.126
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PROGRAM > CX-3: AMS Mixer

The AMS Mixers combine two AMS sources into one, or This also means that the original, unmodified inputs to the
process an AMS source to make it into something new. AMS Mixers are still available as well. For instance, if you

For instance, they can add two AMS sources together, or use
one AMS source to scale the amount of another. You can
also use them to modify the response of realtime controllers.

The AMS Mixer outputs appear in the list of AMS sources,
just like other controllers.

use Velocity as an input to a AMS Mixer, you can use the
processed version of the Velocity to control one AMS
destination, and the original version to control another.

Finally, you can cascade the two AMS Mixers together, by
using AMS Mixer 1 as an input to AMS Mixer 2.

9-1: AMS Mixer

s i B026: KORG Jimmy's Organ
AMS Mixer 1 AMS Mixer 2

9-1PMC

9-1a — 8 Mixer Type A+B 5 Mixer Type A+B
MS B x Amount MS B x Amount
A+B A+B
AMSA  Off Amount  +00 AMSA  Off Amount  +00
AMSB  Off Amount  +00 AMSBE  Off Amount  +00
AMS Mixer
9-1a: AMS Mixer 1 (22 9-1b: AMS Mixer 2
Mixer Type [A+B, Amt AxB, Offset, Smoothing, This is the second AMS Mixer. Its parameters are exactly the

Shape, Quantize]

same as those of AMS Mixer 1, above.

This controls the type of processing performed by AMS

Mixer 1. v 9-1:Page Menu Commands

A+B adds two AMS sources together. For more information, .
see “A+B” on page 90.

Amt AxB scales the amount of one AMS source with the .
other. See “Amt A x B” on page 90 for more details.

Offset adds or subtracts a constant value to or from an AMS
source. For more information, see “Offset” on page 91. .

Smoothing creates more gentle transitions between values,
smoothing out abrupt changes such as a quick move on a
joystick or a sharp edge on an LFO. For details, see
“Smoothing” on page 92.

Shape adds curvature to the AMS input. For an in-depth
description, see “Shape” on page 92.

Quantize turns smooth transitions into discrete steps. See
“Quantize” on page 93 for more information.

Gate chooses between two AMS inputs (or fixed values)
based on a third AMS source. See “Gate” on page 93 for
more information.

Compare —p.112

Write Program —p.112

Exclusive Solo —p.113

PAGE —p.126
MODE —p.126
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CX-3: Tone Adjust

CX-3 Tone Adjust Default Settings

Buttons 1-4:
Percussion On/Off,
Perc. Level Soft/Loud,
Perc. Decay Slow/Fast,
Perc. Harmonic 2nd/3rd

2 3 4

1:Perc. 1:Perc. 1:Perc.
Sft/Loud Decay 2nd/3rd

off

Expression Level Key-On Click Level

Vibrato/Chorus Type  Amp Gain Overtone Level

Buttons 5-6:

Upper V/C On/Off,  Button 7:

Lower V/C On/Off ~ Wheel Brake On/Off
|

7 8

1:Wheel 1:Split
Brake On/Off Button 8:
Split On/Off

off off

EQ Bass EQ Mid EQ Treble

4 5 8

1:Exp 1:0ver
ression tone

1:Key EQ 1:EQ
On Click 58 Treble

9 12 13 14 L 17

1:Uppr 1:Uppr 1:Uppr 1:Uppr

Upper DrawB 1 DrawB 2 DrawB 3 DrawB 4

Drawbars 1-9

Tone Adjust provides an elegant physical interface to the
CX-3’s parameters. Most of the factory sounds use the
default layout, as shown above.

You can also customize the layout for individual sounds, if
desired. For instance, most of the factory sounds use the
sliders for the upper drawbars; if you like, you can re-assign
them to the lower drawbars instead.

For more information about Tone Adjust, please see “0—9a:
Tone Adjust,” on page 29.

CX-3 Tone Adjust parameters

The CX-3 is substantially different from other EXi
instruments, so it does not support the Common Tone Adjust
parameters. Instead, it adds a number of its own, unique
parameters, as described below.

All of these parameter are absolute, which means that they
over-write the stored parameter values.

1:Uppr 1:Uppr 1:Uppr 1:Uppr 1:Uppr
DrawB 5 DrawB 6 DrawB 7 DrawB 8 DrawB 9

Note that these controls are separate for each EXi, as
opposed to being shared by both EXi in the Program.
Drawbars

» Upper Drawbars 1-9

* Lower Drawbars 1-9

» Upper EX Drawbars 1-4

* Lower EX Drawbars 1-4

* Noise level

* Leakage level

*  Wheel Brake

* Overtone Level

» Key-On Click Level
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Percussion

» Percussion On/Off
* Level Soft/Loud

* Decay Slow/Fast

* Harmonic 2nd/3rd

« EX Percussion levels 1-5

Vibrato/Chorus

» Vibrato/Chorus Type

» Upper Drawbars V/C On/Off
» Lower Drawbars V/C On/Off

Expression

» Expression Level

Amp

*  Amp Gain

* EQBass

+ EQMid

* EQ Treble
Split

+  Split On/Off
Rotary Speaker
+ On/Off

» Rotate/Stop
* Slow/Fast
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Changes from the original CX-3

With the NAUTILUS CX-3, Korg has taken the original,
ground-breaking CX-3 model and made it even better. If
you’d like to convert sounds from the original CX-3, the
following notes describe these changes in detail.

Noise Level range improved

The Noise Level parameter now offers more fine control
over the most useful range of values. When converting
sounds, multiply the original CX-3 Noise Level by 10.

EX Mode enhanced

On the original CX-3, there were four global settings for the
EX Mode drawbar frequencies. The NAUTILUS CX-3
offers four global presets, which match the factory defaults
of the original CX-3, and then also allows you to set
different frequencies for each Program if desired.

The range of the EX drawbar pitches has also been extended
to go all the way down to 16°, in semitone steps.

Finally, the NAUTILUS CX-3 supports keyboard splits with
full EX drawbars on both upper and lower sides of the split.

Split Transpose increased

You can now transpose both sides of the split up or down by
up to two octaves, for more flexible zoning on larger
keyboards (such as 73- and 88-key instruments).

Expression parameters per-Program

The expression-related parameters can be set separately for
each Program.

Percussion for either lower or upper drawbars

The percussion can be assigned to either the lower or upper
drawbars, instead of just the upper drawbars. This allows
you to play a bass line with percussion, as in ELP’s
“Tarkus.”

Percussion parameters changed to absolute
values

Instead of relative offsets, you can directly set the values for
Percussion Slow and Fast Decay, and Percussion Loud and
Soft.

Vibrato Chorus custom mode added

In addition to the six traditional presets, you can create your
own custom settings, which can then be modulated via
AMS.

Rotary Speaker Mic Modeling

For consistency with the rest of the NAUTILUS, the value
ranges of the mic modeling parameters have been changed
slightly. On the original CX-3, they were 0-99; in the
NAUTILUS, they are 0-100.

Additionally, the parameter ranges of the Horn and Rotor
Mic Distance parameters are reversed. To convert these
parameters from the original CX-3, use the following
formula:

Mic Distance = 100-(original CX-3 mic distance)

Rotary Speaker Acceleration and Deceleration

The Rotary Speaker Acceleration/Deceleration parameters
were named “Transit” on the original CX-3. To be consistent
with the rest of the system, the NAUTILUS values range
from 0 (slowest) to 100 (fastest), while the original CX-3
went from 99 (slowest) to 0 (fastest).

Additionally, for the Horn only, the maximum acceleration,
deceleration, start, and stop rates have been increased to
about twice that of the original CX-3. The minimum rates
are still the same.

To convert settings from the original CX-3 Horn “Transit”
parameters, use the following formula, rounding as
necessary:

NAUTILUS value = (100 - (original CX-3 value))/100 x 52

In other words, the NAUTILUS value range of 52...0 is
equivalent to the original CX-3 range of 0...99, and
NAUTILUS values 53 and higher are all faster than the
original CX-3.

To convert settings from the original CX-3 Rotor “Transit”
parameters, the formula is:

NAUTILUS value = 100 - (original CX-3 value)

Rotary Speaker Stop Phase added

You can now set the phase at which the Horn and Rotor will
settle when the Rotary Speaker stops.
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EXi CX-3: Page Menu Commands

Compare —p.112
Write Program —p.112
Exclusive Solo —p.113
Copy Drawbars —p.206
Swap Drawbars —p.206
PAGE —p.126
MODE —p.126
Copy Drawbars

This copies drawbar or EX drawbar settings within the CX-3
oscillator.

1. Select “Copy Drawbars” to access the dialog box.

Copy Drawbars

From iUpper

Cancel

2. Use the “From” field to specify the copy-source
drawbars.

3. Use the “To” field to specify the copy-destination
drawbars.

4. Press the OK button to execute the Copy Drawbars
operation. If you decide to cancel, press the Cancel
button.

Swap Drawbars

This exchanges drawbar or EX drawbar settings within the
CX-3 oscillator.

1. Select “Swap Drawbars” to access the dialog box.

Swap Drawbars

Sourcel iUpper Source2 Lower

Cancel 0K

2. Use the “Sourcel” and “Source2” fields to specify the
two sets of drawbars you want to exchange.

3. Press the OK button to execute the Swap Drawbars
operation. If you decide to cancel, press the Cancel
button.
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STR-1 Overview

The STR-1 Plucked String offers a comprehensive and
sophisticated set of physical modeling synthesis tools,
capable of creating both traditional sounds (acoustic and
electric guitars and basses, clavinets and harpsichords, harps,
bells, electric pianos, ethnic instruments, etc.) and unique,

experimental timbres.

Some of the feature hilights include:

* Physically modeled string, including damping, decay,
dispersion, nonlinearity, and harmonics

» String excitation via a selection of “pluck” types, a noise
generator with saturation and dedicated filter, and any
mono samples from ROM, EXs, SAMPLING mode, or
User Sample Banks (using Korg’s ultra-low-aliasing
PCM oscillator, as first introduced in the HD-1)

LFO1-4

PCM

Dual multi-mode resonant filters (including Korg’s Multi
Filter, as first introduced in the AL-1), plus an additional
multi-mode resonant filter dedicated to the string
excitation

Live audio input, including modeled feedback
Up to 40-voice polyphony

Four per-voice LFOs, five re-triggerable EGs, two key
tracking generators, a string tracking generator, and four
AMS mixers

Access to all standard EXi Program features, including
the Common LFO, Common Step Sequencer, Key Track
1 & 2, Arpeggiator, EQ, and effects—as well as layering
with any other EXi (including using two STR-1s
together!)

STR-1 Overview

String

EG14 Track 1-2

Fret AMS
Position Mixer 1-4

\ 4

Pickup 1

Pickup 2

‘ Feedback i

Legend

S —
Audio, per-voice

~——

Modulation

Audio,
per-Program

——Pp Audio
- — — —» Modulation

Mixer —
Excitation
Filter
\—

N
Main Filter Amp e
1 |
1 |
1 1
Filter Key Amp Key
Track Track
— —
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STR-1 uses EXi fixed resources

The STR-1 uses EXi fixed resources for its modeled
feedback. This uses up a small amount of processing power,
even if you’re not playing any notes.

Because of this, you can use only sixteen STR-1s
simultaneously in a Combination or Song. If other EXis with
fixed resources are in use, the maximum number of STR-1s
will be reduced accordingly. Each EXi in each Program
counts towards the maximum; for instance, a Program with
two STR-1s counts as two, not as one.

For more information, see “CX-3 & other EXi: Limitations
on EXi fixed resources” on page 380.

Unsupported EXi Common parameters

The STR-1 supports all of the EXi Common parameters,
except for two of the voice allocation options: Poly Legato
and Mono Mode (Normal/Use Legato Offset).

All of the other voice allocation options are fully supported,
including Mono, Mono Legato, Unison, etc.
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EXi PROGRAM > STR-1: Home

0-1: Overview

1=Home

- |C052: Acoustic STR-1 Guitar

Excitation
Pluck

Excitation
PCM Oscil

LFO3 o

Excitation
(Mixer)

Excitation
Pluck
String
(Damping / Dispersion)

String (Main)

Overview
Mix Balance

This is the main page of PROGRAM mode. For a full
description of this page and all of its functions, please see
“EXi PROGRAM > Home” on page 127. This section
describes only the overview display, which differs for each
individual EXi.

Filter

0-1b: Overview and Page Jump

This part of the page shows an overview of the most
important settings for the Program’s two EXi instruments.
The specific parameters will vary, depending on which EXi
are being used. The specific parameters for the STR-1 are
described below.

The graphics give you a quick way to check all of these
settings at a glance. They also let you jump instantly to any
of the displayed parameters. Just touch one of the sections,
and you’ll jump to the page containing its parameters. For
instance, if you touch the Filter EG graphic, you’ll go to the
Filter EG page.

Tip: Pressing EXIT several times will always bring you back
to this page.

STR-1

Excitation

Pluck

This area shows the selected Pluck Type and Width.
Touch this area to jump to the STR-1: String— Pluck/Noise
page.

PCM Oscillator

This area shows the four Multisamples selected for the PCM
Oscillator. Colors are used to distinguish between the
various possibilities, as detailed below.

* Red: ROM, EXs, and User Sample Bank Multisamples

LFO4 m

Quick
Layer

0-1PMC

3 Band EQ

STR-1 Off DrumT

Amp EG

Mute Mute

127 127

Quick
Split

*  White: SAMPLING mode Multisamples

* Grey: Off

Touch this area to jump to the STR-1: Strings— PCM OSC
page.

Excitation (Mixer)

This shows the excitation Level for the Pluck, and the
AMSI Intensities for the Noise Generator and PCM
Oscillator (since these levels will often be controlled
completely via AMS).

Touch this area to jump to the STR-1: Strings— Excitation
Mixer page.
String

String Main

This shows the Excitation Position and Decay settings for
the string.

Touch this area to jump to the STR-1: Strings— String Main
page.
Damping and Dispersion

This shows the Damping and Dispersion settings for the
string.

Touch this area to jump to the STR-1: Strings— Damping and
Dispersion page.

Output

Filter

This shows a graphic representation of the filter frequency
response, including cutoff and resonance.

Press this area to jump to the STR-1: Filter— Basic page.
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Amp
This shows the Amp section’s Pan and Amp Level values.

Press this area to jump to the STR-1: Amp page.
EGs and LFOs

EG 1...4, Amp EG Graphics

These show the shapes of the five EGs. Touch any of them to
jump directly to the corresponding edit page.

LFO 1, 2, 3, 4 Graphic

These show the waveforms and shapes of the four LFOs.
Touch any of them to jump directly to the corresponding edit
page.

Key Zone

Key Zone

This shows the key zones for EXil and EXi2, as set on the
Common section’s Program Basic page, in relation to the
entire MIDI note range. The range of the 61-, 73-, or 88-note
keyboard is also shown, as appropriate.

Press this area to jump to the PROGRAM > Basic/X-
Y/Controllers— Program Basic page.

0-1d: Common

3Band EQ Graphic

Mute (1) [On, Off]
Mute (2) [On, Off]
Mute (DrumT) [On, Off]
EXi1 Instrument Volume [000...127]
EXi2 Instrument Volume [000...127]
Drum Track Volume [000...127]

This is the same as with HD-1 programs. For more
information, please see “0—1d: Common” on page 4.

v 0-1:Page Menu Commands
* Compare —p.112

*  Write Program —p.112

» Exclusive Solo —p.113

* Show MS/WS/DKit Graphics —p.113
* Add To Set List —»p.113

* Initialize Program —p.113

« PAGE —p.126
+ MODE —p.126
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PROGRAM > STR-1: String

4-1: Pluck/Noise

ring

exi  C052: Acoustic STR-1 Guitar
Pluck
4-1a — =TTl I;'M:-Guitarﬁ
Randomization 050 AMS  off
M Use Saturation&Filter Intensity ~ +000
Delay 000 (ms) AMS Off
Intensity -250
+000.0 AMS1 CC#16
Intensity ~ +004.0
AMS2 Off
+000.0

Intensity

Pluck
/Noise

4-1a: Pluck
Type [Ac Guitar 1...Harpsichord]

This selection models different types of plucking actions,
including picks and finger-plucking. The pluck type sets the
basic tone of the plucked string.

You can also “pluck” the string using the Noise Generator, as
well as PCM samples. You can even combine all three types
of excitation together, to create specific tones.

Ac Guitar 1. This type is a little unusual, in that it includes
the “pluck position” in the pluck sound itself. Because of
this, it’s probably best to set the Excitation Position Tone to
0, so that the Excitation Position itself has no effect. (For
more information, see “Tone” on page 222.)

Ac Guitar 2. This is similar to A. Guitar 1, but does not
include the “pluck position” in the sound. As with most of
the other types, it will generally work better with Excitation
Position Tone set to -100.

Dark E. Guitar, Bright E. Guitar, Resonant E. Guitar,
Dark Jazz Guitar, Bright Jazz Guitar, Brighter Jazz
Guitar. With all of the E. Guitar and Jazz Guitar pluck
types, set the Excitation Position between 5 and 35.

Square Pluck. With randomization turned up, this sounds
like bright clav or harpsichord.

Midrange Pluck. This is similar to Square Pluck, but with
more midrange harmonics.

Smooth Pulse. This has very few harmonics, for a mellow
and full tone.

Resonant Pulse. This is similar to Smooth Pulse, but
brighter and more resonant.

Dark Clav, Midrange Clav, Bright Clav. These offer
variations on clavinet sounds.

4-1PMC

Noise Generator
Saturation =/ 1b
Filter Frequency 99 AMS

Intensity +00

Harpsichord. This type includes small amount of noise
before the main pluck.

[0...100]

This adds a small amount of variation to each strike of the
pluck, by adding in a small amount of the Noise Generator’s
output. The tone of the randomization is affected by the Use
Saturation & Filter parameter, below.

Randomization

[Off, On]

This controls whether or not Randomization, above, is
affected by the Noise Generator’s Saturation and Filter
Frequency parameters.

Use Saturation & Filter

To use simple white noise for the Randomization, which
will generally yield the brightest pluck timbre, turn this Off
(un-checked).

AMS [List of AMS Sources]

This selects a modulation source to control the
Randomization. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

[-100...+100]

This controls the depth and direction of the Randomization
AMS modulation.

Intensity

[0...250]

You can delay the Pluck by up to 250ms after the initial note-
on. This lets you create double-strike effects and complex
attacks. For instance, try using an envelope with a slow
attack time to control the volume or filter cutoff of the PCM
Oscillator or Noise Generator, and then combining this with
a delayed Pluck.

Delay (milliseconds)
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AMS [List of AMS Sources]

This selects a modulation source to control the Delay. For a
list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-250...+250]

This controls the depth and direction of the Delay AMS
modulation.

Width [-100.0...+100.0]

This models the time that the pick is in contact with the
string, which is a combination of the size and thickness of
the pick, and the speed at which the pick is moving.

The width adjusts the tone of the initial string excitation; low
settings emphasize lower frequencies, and high settings
emphasize high frequencies.

To put it another way, -100.0 is very “wide,” and +100.0 is
Very narrow.

Low or negative width settings may cause thumpiness at the
high end of the keyboard, but this can be solved using a
number of different techniques. For more information, see
“Tips for avoiding “thumpy” excitation,” below.

AMS 1 [List of AMS Sources]

This selects the first modulation source to control the Width.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-100.0...+100.0]

This controls the depth and direction of the Width AMS
modulation.

AMS 2 [List of AMS Sources]

This selects the second modulation source to control the
Width. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-100.0...+100.0]

This controls the depth and direction of the second Width
AMS modulation.

Tips for avoiding “thumpy” excitation
To avoid low-end “thumps” at the top end of the keyboard:

* Make sure the duration of the excitation input is about
the same as one period of the waveform. To do this when
using the Pluck as the excitation, you’ll probably need to
use note number or Key Tracking to scale the Pluck
Width so that it gets more narrow (higher values) as you
play higher on the keyboard.

 Similarly, when using the PCM oscillator or noise
generator as the excitation, use an EG to control the level
at the Excitation mixer (or the cutoff of the Excitation
Filter), and then scale the EG times so that they become
shorter as you play higher on the keyboard.

» Try setting the Excitation Position Tone to —100.

* In the main mixer, use the pickups instead of the direct
string output.

+ Set the Excitation Filter Type to Highpass, and track
its cutoff frequency with Note Number.

» Set the main Filter Type to Highpass, and track its
cutoff frequency with Note Number. If you are using
Filter A as a lowpass filter, set the Routing to Serial and
then make Filter B the highpass filter.

4-1b: Noise Generator

The noise generator includes Saturation, for creating unique
and chaotic noise effects, and a dedicated 1-pole filter to
control noise color.

For standard white noise, set the Saturation to 0, and the
Filter Frequency to 99.

For colored noise (such as pink noise), set the Saturation to
0, and reduce the Filter Frequency as desired.

To create “speckled noise” such as rocket sounds and
thunder, set Saturation to 99, and Filter Frequency to 10.

To create key contact noise (such as you might find on
vintage analog synths), create speckled noise as described
above, and then use a fast EG to control its volume in the
mixer.

[0...100]

This control clips the noise signal, for added crunch. Subtle
variations in saturation are more noticeable with very low
Filter Frequency settings (see below), allowing you to
create organic, rumbling timbres.

Saturation

[0...100]
This is a simple, 1-pole lowpass filter for controlling the
“color” of the noise.

AMS [List of AMS Sources]

This selects the first modulation source to control the noise
generator’s Filter Frequency. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.

Filter Frequency

Intensity [-100...+100]

This controls the depth and direction of the Filter
Frequency AMS modulation.
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4-2: PCM OSC

1:5tring

< EXi C052: Acoustic STR-1 Guitar

Multisamples
Multisample ROM

> IUUM 6:Nylon Guitar 1 mf

4-2a —IEy|
(High)
Bottom Velocity 001
Ms2 off
(MidHi)
Bottom Velocity 001

MS3 off
(MidLo)

Bottom Velocity 001

Ms4 | off
(Low)

PCM OSC

Using PCM in the STR-1

Using PCM samples to “pluck” the string

In addition to the Pluck and the Noise Generator, you can
also “pluck” the string with PCM samples. In general, this
will work best if you use a fast envelope to control the level
of'the PCM in the Excitation Mixer, so that it becomes just a
short attack transient.

For instance:

1. Follow the steps under “Creating an initialized STR-1
Program” on page 214.

2. Press the EXi 1 tab, to get to the STR-1 parameters.

3. Go to the PROGRAM > STR-1: String— Excitation
Mixer page.

4. Set the PCM Level AMS 1 source to EG 3, and the
AMSI Intensity to 50.

5. Go to the PROGRAM > STR-1: EG- EG3 page.

6. Set the Start and Sustain Levels to 0, and the Attack
and Break Levels to 99.

7. As a first pass, set the Attack Time to 0, the Decay
Time to 10, and the Slope Time to 2.

With these settings, the Attack Time controls how fast the
EG attacks, the Decay Time sets the duration, and the Slope
Time controls the decay.

8. Use Key Track or Note Number to modulate the
Decay time via AMS, so that it is shorter for higher
notes, and longer for lower notes.

If you use looped PCM as the excitation, without EG control
of the amplitude, it will tend to sound like bowing. In this
case, using a bit of constant Harmonic Pressure can
produce a good effect; among other things, this removes
some energy from the string.

4-2PMC

Reverse  Level 127

Start Offset  Off

Using the string as a comb filter for PCM

You can use the string as a comb filter for the PCM

Oscillator. To do so:

1. Follow the steps under “Creating an initialized STR-1
Program” on page 214.

2. Go to the PROGRAM > STR-1: String— PCM OSC
page, set MS1 to use “Multisample Select” 00433
POWER SAW.

You can use this technique with any Multisample, but a
sawtooth waveform will make the effect particularly clear.

3. On the PROGRAM > STR-1: String— Excitation
Mixer page, set the Pluck Level to 0, and the PCM
Level to 25.

4. On the PROGRAM > STR-1: EG- EG2(Pitch) page,
set the Attack Time to 50, and the Decay Time to 70.

5. Set the Break and Sustain Levels to +25.
6. Set the Attack and Decay Curves to +5.

7. On the PROGRAM > STR-1: String— String Pitch
page, in the EG section, set the Intensity to +36.00.

EG?2 (Pitch) is already selected, by default. In this setup, the
string’s pitch controls the frequency of the comb filter.
8. Play a note in the lower part of the keyboard.

Notice how the Program makes a sweeping sound, with
some resemblance to oscillator sync. That’s the sound of the
comb filter.

9. Experiment with the PROGRAM > STR-1: String—
String Main page’s Decay parameter.

Decay controls the resonance of the comb filter.

10.Experiment with the Damping and Dispersion
parameters.

These can change the character of the comb filter in

interesting ways.
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Layering PCM with modeled string timbres

You can also simply layer PCM samples with string timbres.
To do so, set the Filter Routing to Parallel, and then use the
Mixer page to route the PCM Oscillator to Filter A, and the
String to Filter B (or vice-versa). For more information, see
“S—1a: Routing” on page 234, and “4-9: Mixer” on

page 232.

Creating an initialized STR-1 Program

For the examples above, it can be useful to start with the
default STR-1 settings. To do so:

1. In PROGRAM mode, select B067 Felix’sDaKat.

2. Press the PAGE button, and then press the Basic/X-
Y/Controllers on Common.

3. Under EXi Instrument Type on Program Basic page,
select STR-1 Plucked String.

Now, you have an initialized STR-1 Program.

4-2a: Multisamples

This section selects the Multisamples to be used for the
string excitation.

Velocity splits

As mentioned above, each Oscillator has four velocity
zones, named MS1 (High) through MS4 (Low). Each of
these zones can play a different Multisample, and has
separate settings for Level, Start Offset, and so on.

Note that, unlike the HD-1, crossfades and layers are not
supported.

A No sound will be made if the selected EXs samples have
not been loaded when saving the program. Also, the
message “Samples Not Loaded” will appear at the top of
the display. To resolve this issue, load the necessary EXs
sample data.

MS1 (High)
These are the settings for the first and highest velocity zone.

If you want to create a simple setup with only a single
Multisample, just set up MS1 as desired, and then set the
Bottom Velocity to 1.

Type [Off, Multisample]

This selects whether MS1 will play a Multisample, or
nothing at all. You can use this to disable any of the four
Multisamples.

Bank

There are four types of Multisample Banks: ROM,
SAMPLING mode, EXs, and User Sample Banks.

[List of Multisample Banks]

ROM Multisamples are the built-in “factory” sounds, and
are always available.

Smp (SAMPLING Mode) Multisamples are the ones that
you can see and edit in SAMPLING mode. After the
abbreviation “Smp,” several different things may appear, as
described below.

Smp: Old RAM means that this is an older Program
pointing to the legacy “RAM” bank. Instead of pointing to a
specific User Sample Bank, it will use whatever
Multisample data is loaded into SAMPLING mode.

Smp: New Sampling Session will appear when there’s data
in SAMPLING mode which hasn’t yet been saved to drive as
a User Sample Bank. For instance, this might happen if
you’ve loaded an old KSC file, loaded individual Samples or
Multisamples, or recorded some new samples. Once the
KSC is saved to drive, the name will update to show the file
path (as described below).

Smp: [file name] will appear when a User Sample Bank has
been loaded into SAMPLING mode. The name is the file
name itself along with those of all its enclosing folders.

EXs Multisample banks are PCM expansion sets created
especially for the NAUTILUS. Each has its own unique
number; for instance, EXs301: German2 D Piano, EXs302:
Italian F Piano. Only the currently loaded EXs banks will
appear on this menu.

User Sample Banks bring the benefits of EXs to your own
sample libraries. You can load and play gigabytes of your
custom or converted samples at once, using Virtual Memory.
The name is shown as a path to the KSC file, including the
file name and the names of all enclosing directories. Only
the currently loaded User Sample Banks will appear in this
menu.

If a sound refers to a User Sample Bank which is not on the
internal drive(s), the name will appear as “Unknown Sample
Bank [number]” when the bank select dialog is open,
shortened to “??[number]” when the dialog is closed.

For more information, see “User Sample Banks” on
page 151 of the OG.

A Note that unlike the HD-1, you can only select mono
Multisamples.
[List]

This parameter lets you select a Multisample for the velocity
zone. You can use any mono Multisample, or the left or right
channel of a stereo Multisample.

Multisample Select

A& Some Multisamples may have an upper limit to their
keyboard range, over which they may not produce any
sound.

Note: If the stored selection uses EXs or User Sample Bank
data which is not currently loaded, it will not make any
sound. The message “Samples Not Loaded” will also appear
at the top of the display. To fix this, load the required sample
data.

Multisample Select menu
To select a Multisample:

1. Press the Multisample Select popup button to open
the Multisample select menu.

2. Use the tabs to select a category and sub-category.

3. Select a Multisample from within that category/sub-
category.

4. You can use the Find button to search for
Multisamples by name.
For more information, see “Find dialog” on page 7.

5. Press the OK button to confirm your selection, or
press the Cancel button to exit without making a
change.

The list shows all of the mono Multisamples in the Bank. If
the Bank contains stereo multisamples, you’ll also see the
left and right channels as separate, mono multisamples, with
-L and -R appended to the end of the name.
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Reverse [Off, On]

This lets you play the selected multisample backwards,
without looping.

Note: 1f the individual samples within a Multisample are
already set to Reverse, they will still play in reverse,
regardless of this setting.

On (checked): The Multisample will play back in reverse.
Off (unchecked): The Multisample will play back normally.

Level [0...127]

This sets the basic volume level of the multisample. Use this
to adjust the balance between the four velocity zones.

The Excitation Mixer, main Mixer, and Amp sections can
modify this basic level extensively with envelopes, LFOs,
keyboard tracking, and other modulation; for more
information, see “4—4: Excitation Mixer,” on page 219, “4—
9: Mixer,” on page 232, and “6—1: Amp,” on page 242.

A Depending on the multisample, high Level settings may
cause distortion when playing many notes at a time. If
this occurs, lower the Level.

With SAMPLING mode Multisamples, each Sample also
has a “+12dB” option. If this is turned on, the Sample will
play back approximately 12dB louder. You can configure
this parameter for each Sample in SAMPLING mode. For
more information, see “+12dB” on page 590.

Start Offset [Off, 1st...8th]

In addition to simply starting playback from the beginning,
ROM and EXs Multisamples can have up to 8 different pre-
programmed alternate starting points.

Similarly, SAMPLING mode and User Sample Bank
Multisamples can play either from the beginning of the
waveform, or from the loop start point.

Start Offsets: ROM and EXs

With ROM and EXs Multisamples, the Start Offset specifies
whether to use the normal start point (Off), or to use one of
the alternate start points (1st—8th).

Some ROM and EXs Multisamples may have fewer than 8
pre-programmed points, in which case only the available
points can be selected.

Start Offsets: SAMPLING mode and User Sample
Banks

With SAMPLING mode and User Sample Bank
Multisamples, only Off and 1st are available. Off uses the
normal start point, and 1st uses the loop start instead. 2nd
through 8th will be grayed out.

Bottom Velocity [1...127]

This sets the lowest velocity at which the Multisample or
will sound. MS1’s Bottom Velocity can be equal to, but not
lower than, than that of MS2.

MS2...3 and MS4 (Low)

These are the settings for the remaining velocity zones. The
parameters for MS2 and MS3 are exactly the same as those
for “MS1 (High),” above.

The parameters for MS4 (Low) are also similar to those for
MST1, except that MS4 has no setting for Bottom Velocity
(which is always fixed at 1).
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4-3: PCM OSC Pitch

String
exi  C052: Acoustic STR-1 Guitar
Main
4-3a Octave I+D[8]

Transpose +00

Ribbon(#16) +00

Tune +0000 JS(+X) +02
Frequency Offset +00.0[Hz] JS(-X) -02
Portamento
4-3p — Enable Fingered Mode Constant Rate
Time 040 AMS  Off
Intensity +000
PV . (G Select EG2(Pitch) Intensity +00.00
Pitch Modulation
ECTEs— AMS1 Off

AMS2 off

Intensity ~ +00.00
Intensity +00.00

PCM 0OSC
Pitch

This section controls the pitch modulation for the PCM
oscillator.

Important: when using the PCM Oscillator as an excitation
for the string, the “pitch” of the PCM will affect the timbre
of the string, and not the pitch of the overall sound.

On the other hand, when the string is used as a resonator or
comb filter (by setting the string’s Decay and Damping to
moderate values), the PCM Oscillator will control the overall
pitch of the sound.

Pitch Slope +1.00

IntMeod AMS  Off
IntMod. AMS  Off

4-3a: Main

Octave [-2[32'], -1[16'], +0[8'], +1[4']]

This sets the basic pitch of the PCM Oscillator, in octaves.
The default is +0[8'"].

Transpose [-12...+12]

This adjusts the pitch in semitones, over a range of +1
octave.

Tune [-1200...+1200]

This adjusts the pitch in cents, over a range of £1 octave. A
cent is 1/100 of a semitone.

Frequency Offset [-10.0Hz... +10.0HZ]

This adjusts the pitch by increments of 0.1 Hz. Frequency
Offset is different from Tune in that, when used to detune
the two oscillators, it can create a constant beat frequency

across the range of the keyboard.

Pitch Slope [-1.00...+0.00...+2.00]
Normally, this should be set to the default of +1.00.

Positive (+) values cause the pitch to rise as you play higher
on the keyboard, and negative (-) values cause the pitch to
fall as you play higher on the keyboard.

4-3PMC

[ [
PCM Oscillator String

LFO
LFO Select LFO1

e — 4-3C

Intensity +00.00 AMS Off
JS+Y Intensity +00.00

Intensity +00.00

AMS  Velocity Intensity
Intensity ~ +00.00

Intensity +00.00

When this is set to 0, playing different notes on the keyboard
won’t change the pitch at all; it will be as if you’re always
playing C4. This can be useful for special effects sounds, for
instance.

If you want to create more complex effects, you can use one
of the Key Track generators as a source for Pitch Modulation
AMS.

JS+X

This sets the maximum amount of pitch bend, in semitones,
when you move the joystick to the right. For normal pitch
bend, set this to a positive value.

JS-X

This sets the maximum amount of pitch bend, in semitones,
when you move the joystick to the left. For normal pitch
bend, set this to a negative value.

[-60...+60 semitones]

[-60...+60 semitones]
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4-3b: Portamento

Portamento lets the pitch glide smoothly between notes,
instead of changing abruptly.

Portamento and MIDI

If Portamento is either enabled for both the String and the
PCM, or off for both, then MIDI CCs 5 (Portamento Time)
and 65 (Portamento on/off) affect both the String and the
PCM.

If Portamento is enabled for only one of the two, only that
element can be affected by the MIDI CCs. The other element
will always have Portamento off, regardless of the MIDI
CCs.

Enable [Off, On]

On (checked): Turns on Portamento, so that pitch glides
smoothly between notes.

Off (unchecked): Turns off Portamento. This is the default
state.

[Off, On]

This parameter allows you to control Portamento through
your playing style. When it’s enabled, playing legato will
turn on Portamento, and playing detached will turn it off
again.

Fingered

This option is only available when Portamento Enable is
turned on.

On (checked): Turns on Fingered Portamento.

Off (unchecked): Turns off Fingered Portamento.

Mode

Constant Rate means that Portamento will always take the
same amount of time to glide a given distance in pitch - for
instance, one second per octave. Put another way, gliding
several octaves will take much longer than gliding a half-
step.

[Constant Rate, Constant Time]

Constant Time means that Portamento will always take the
same amount of time to glide from one note to another,
regardless of the difference in pitch. This is especially useful
when playing chords, since it ensures that each note in the
chord will end its glide at the same time.

[000...127]

This controls the portamento time. Higher values mean
longer times, for slower changes in pitch. When Time is set
to 0, the pitch will be reached instantly—just as if Portamento
Enable was turned Off.

AMS [List of AMS Sources]

This selects an AMS source to control the Portamento
Time. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

Time

The modulation occurs only at note-on. This means that you
can change the time for the next pitch glide, but you can’t
change any glides which are already in progress.

[-127...4+4127]

This controls the depth and direction of the Portamento
Time AMS modulation.

Intensity

4-3c:LFO

LFO Select [LFO1,LFO 2,LFO 3,LFO 4,

Common LFO]
This selects an LFO to modulate the PCM Oscillator’s pitch.

The LFO Intensity, JS+ Y Intensity, and AMS are all
summed together to produce the final amount of LFO pitch
modulation.

LFO Intensity [-48.00...+48.00]

This controls the initial effect of the LFO on the pitch, in
semitones, before any JS+Y or AMS modulation.

Negative (-) settings will invert the phase of the LFO.

Both the String and PCM Pitch LFO Intensities are scaled by
MIDI CC#77.

[-48.00...+48.00]

Moving the joystick “up” from the center detent position,
away from yourself, produces the JS+Y controller. You can
use this to scale the amount of the LFO applied to the pitch.
This parameter sets the maximum amount of LFO
modulation added by JS+Y, in semitones.

JS+Y Intensity

As this value is increased, moving the joystick in the +Y
direction will cause the LFO to produce deeper pitch
modulation.

Negative (-) settings will invert the phase of the LFO. You
can also use this to reduce the initial amount of the LFO, as
set by LFO1 Intensity, above.

AMS [AMS Sources]

This selects an AMS modulation source to scale the amount
of the LFO applied to pitch.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [-48.00...+48.00]

This controls the depth and direction of the LFO AMS
modulation, in semitones.

4-3d: Pitch EG

EG Select [EG 1 (Filter), EG 2 (Pitch),

EG 3,EG 4, Amp EG]
This selects an EG to modulate the PCM Oscillator pitch.

There are four assignable EGs, in addition to the Amp EG.
Each of these can be used as a modulation source to control a
wide variety of parameters.

In the midst of all this flexibility, we thought it would also be
good to provide a little structure. With this in mind, EG 1 is
named EG 1 (Filter) and EG 2 is labeled EG 2 (Pitch).

Please take these names as suggestions, rather than
restrictions. If you like, you’re free to use these EGs to
control any EG or AMS destination, or to use other EGs to
control Filter Frequency and Pitch.

Intensity [-48.00...+48.00]

This controls the initial effect of the Pitch EG on the PCM
Oscillator, in half-steps, before any AMS modulation.
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The Pitch EG’s shape can swing all the way from +99 to -99.
When the Intensity is set to a positive (+) value, positive
values from the EG raise the pitch, and negative values
lower the pitch.

When the Intensity is set to a negative (-) value, the effect of
the EG is reversed; positive EG values mean lower pitches,
and negative EG values mean higher pitches.

AMS [AMS Sources]

This selects an AMS modulation source to scale the amount
of the Pitch EG applied to the PCM Oscillator.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [-48.00...+48.00]

This controls the depth and direction of the pitch EG AMS
modulation. The AMS modulation and the initial Intensity
are added together to determine the Pitch EG’s final effect.

4-3e: Pitch Modulation
AMS 1 [List of AMS Sources]

This selects the first modulation source for controlling the
PCM Oscillator’s pitch. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.

Intensity [+/-48.00 semitones]
This controls the depth and direction of the AMS 1 pitch
modulation, in semitones.

Intensity Mod AMS [List of AMS Sources]
You can modulate AMS 1°s Intensity from another AMS
source. This selects that source.

Intensity [+/-48.00 semitones]

This controls the depth and direction of the Intensity Mod
AMS, in semitones. The result is summed with the main
AMS 1 Intensity to produce the final pitch modulation
amount.

AMS 2 [List of AMS Sources]

This selects a second modulation source for controlling the
PCM Oscillator’s pitch. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.

Intensity [+/-48.00 semitones]
This controls the depth and direction of the AMS 2 pitch
modulation, in semitones.

Intensity Mod AMS [List of AMS Sources]
You can modulate AMS 2’s Intensity from another AMS
source. This selects that source.

Intensity [+/-48.00 semitones]

This controls the depth and direction of the Intensity Mod
AMS, in semitones. The result is summed with the main
AMS 2 Intensity to produce the final pitch modulation
amount.
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4-4: Excitation Mixer

ring

i C052: Acoustic STR-1 Guitar
Pluck
M Use Excitation Filter

4-4p — - ] Phase Inv

AMS1  Velocity Intensity ~ +24
Intensity Mod AMS  EG1(Filter)
Intensity
AMSZ  Amp Key Track Intensity
Noise Generator
ERVIEe— Level 00

AMS1  Off

W Use Excitation Filter Phase Inv.
Intensity +00
Intensity Mod. AMS  Off

Intensity

AMS2 Off Intensity

Excitation
Mixer

4-4a: PCM Oscillator

Level [00...99]
This controls the PCM Oscillator’s input level to the String.
Phase Invert [Off, On]

This inverts the phase of the PCM Oscillator’s input to the
String. If you use two inputs, and one has an inverted phase,
it’s as if they were pushing the string in opposite directions.

[Off, On]

This check-box sets whether or not the signal goes through
the Excitation Filter, which controls the tone of the signal
going into the string.

AMS 1 [List of AMS Sources]

This selects the first modulation source to control the PCM
Oscillator Level. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Use excitation filter

Intensity [-99...4+99]
This controls the depth and direction of the PCM Oscillator
Level AMS modulation.

Intensity Mod AMS [List of AMS Sources]
This selects an AMS source to modulate the intensity of
AMS 1.

Intensity [-99...499]
This controls the depth and direction of the Intensity Mod
AMS.

AMS 2 [AMS Sources]

This selects a second modulation source to control the PCM
Oscillator Level. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

4-4PMC

PCM Oscillator

Level 0D W Use Excitation Filter Phase Inv — Sy VP
AMS1 | off Intensity ~ +00
Intensity Mod AMS  Off
Intensity
AMS2  Off Intensity
Excitation Filter
Type LowPass (12dB/oct) Bypass — Sy |

Frequency 55

AMS1 Velocity

Input Trim 99
Intensity ~ +29
Intensity Mod AMS  Amp EG

Intensity  +20

AMS2  Amp Key Track

Intensity ~ +92

Reso. 00 AMS SW1Mod. (CC#80) Intensity +17

Intensity [-99...499]
This controls the depth and direction of AMS 2.

4-4b: Pluck

These parameters control the Pluck Table’s input level to the
String. They are identical to those for the PCM Oscillator;
for more information, see “4—4a: PCM Oscillator” on

page 219.

4-4c: Noise Generator

These parameters control the Noise Generator’s input level
to the String. They are identical to those for the PCM
Oscillator; for more information, see “4—4a: PCM
Oscillator” on page 219.

4-4d: Excitation Filter

This is a 2-pole, resonant multimode filter, for tailoring the
excitation to the string.

Note: MIDI CCs 74 (Cutoff) and 71 (Resonance) do not
affect this filter.

Filter Type [Low Pass, High Pass,

Band Pass, Band Reject]

The filter will produce very different results depending on
the selected filter type.

Low Pass. This cuts out the parts of the sound which are
higher than the cutoff frequency. Low Pass is the most
common type of filter, and is used to make bright timbres
sound darker.

High Pass. This cuts out the parts of the sound which are
lower than the cutoff frequency. You can use this to make
timbres sound thinner or more buzzy.
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Band Pass. This cuts out all parts of the sound, both highs
and lows, except for the region around the cutoff frequency.
Since this filter cuts out both high and low frequencies, its
effect can change dramatically depending on the cutoff
setting and the oscillator’s multisample.

With low resonance settings, you can use the Band Pass
filter to create telephone or vintage phonograph sounds.
With higher resonance settings, it can create buzzy or nasal
timbres.

Band Reject. This filter type—also called a notch filter—cuts
only the parts of the sound directly around the cutoff
frequency. Try modulating the cutoff with an LFO to create
phaser-like effects.

Filter Types and Cutoff Frequency

Low Pass

High Pass

Band Pass

Band Reject

Cutoff Frequency

Bypass [Off, On]
This lets you bypass the filter completely.

If Bypass is Off, the filter functions normally.

When Bypass is On, the filter has no effect on the excitation
signal.

[00...99]

This adjusts the volume level at the input to the filter. If you
notice that the sound is distorting, especially with high
Resonance settings, you can turn the level down here.

Trim

Note that the filter will not clip internally.

[00...99]

This controls the cutoff frequency of Filter A, in increments
of 1/10 of an octave. The specific effect of the cutoff
frequency will change depending on the selected Filter
Type, as described above.

Frequency

AMS 1 [List of AMS Sources]
This selects the first modulation source for controlling the
Frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...499]
This controls the depth and direction of the AMS 1
Frequency modulation.

Intensity Mod AMS [List of AMS Sources]
You can modulate AMS 1°s Intensity from another AMS
source. This selects that source.

Intensity [-99...+99]
This controls the depth and direction of the Intensity Mod
AMS. The result is summed with the main AMS 1 Intensity
to produce the final Frequency modulation amount.

AMS 2 [List of AMS Sources]

This selects a second modulation source for controlling the
Frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...+99]
This controls the depth and direction of the AMS 2
Frequency modulation.

[00...99]

Resonance emphasizes the frequencies around the cutoff
frequency.

Resonance

When this is set to 0, there is no emphasis, and frequencies
beyond the cutoff will simply diminish smoothly.

At medium settings, the resonance will alter the timbre of the
filter, making it sound more nasal, or more extreme.

At very high settings, the resonance can be heard as a
separate, whistling pitch.

To make the resonance track the keyboard pitch, see “Key
Follow,” on page 240.
AMS [AMS Sources]

This selects a modulation source to control the Resonance
amount. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

[-99...499]

This controls the depth and direction of the Resonance
modulation.

Intensity
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4-5: String Main

TR-1:5tring

< EXi

C052: Acoustic STR-1 Guitar

Excitation

4-55 — RTINS 008.0 AMS  Off

Intensity +000.0

Tracking Mode IKeyboard Tone +000

Harmonic
4-5p —==3 Use Excitation Position

Position 050.0 AMS  Off
Intensity  +000.0
Tracking Mode Keyboard
Pressure 000.0
AMS1 EG3
IntMod AMS
AMS2 Off

IntMod AMS

Intensity
AMS Mixer2 Intensity

Intensity

Intensity

4-5a: Excitation

The Excitation is the force that makes the string start to
vibrate. For a physical string, this might be a guitar pick, a
fingernail, a hammer on a clavinet, a plectrum on a
harpsichord, and so on.

[0...100.0]

This models the position of the excitation (such as the pluck)
along the string, which has a strong effect on the timbre.

Position

Important: the Tone parameter, below, must be non-zero in
order for Position to have any effect.

0.0 is one end of the string, at the bridge; 100.0 is the other
end of the string, at the nut (just before the headstock).
Usually, values between 8.0 and 25.0 should work well.

50.0 is the middle of the string. The timbres of different
values are approximately symmetric around this position,
except for very near the ends of the string. In other words,
60.0 produces a similar timbre to 40.0, 75.0 is similar to
25.0, and so on. The delay between the excitation and the
pickups will change, however.

Excitation Position

Position = 100.0

— )
— o o o

Harmonic structure with Position = 20.0 (ratio = 1/5)

Position = 0.0

4-5PMC

AMS1 SW1 Mod. (CC#20) g —4-5¢

Intensity -004

AMS2 Off

Intensity ~ +000

Release AMS1 SW1 Mod. (CC#B0)

Intensity +001

Nonlinearity

String
Main

+000.0 AMS1 CC#19 — |

+040.0

Amount
Intensity
AMS2 oOff

[EEY +000.0

How Position affects the timbre

Depending upon the Position, some overtones will be
emphasized, and others de-emphasized. At specific
positions, certain overtones will disappear completely, as
detailed below.

You can also think of the Position as a fraction of the total
string length. For instance, 50.0 means that the excitation is
half-way along the string; 33.3 means that excitation is 1/3
of the way along the string; 25.0 is 1/4 of the way along the
string, and so on.

Reaching back into math class for a moment, the number
under the fraction is called the denominator. For instance,
the denominator of 1/5 is 5.

As a rule of thumb, harmonics which are multiples of the
denominator will be silent. For instance, if the Position is set
to 20.0, the ratio is 1/5, and so every fifth harmonic will be
silent: 5, 10, 15, etc. This is like a comb filter, with
successive, evenly-spaced notches.

The graphic below shows the shape of this comb filter, and
the resulting basic harmonic structure. (Comb filters are
named because their shape looks a little like the teeth of a
comb.)
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Volume
A Shape of comb filter: -----------
H ‘ H ::|“|:: ||I:=
Harmonics: 1 2 3 4 6 789
Silent Harmonics: 5 10 15

The table below shows a few more settings which cancel out
specific harmonics:

Effect of Excitation Position on harmonic structure

- Ratio of strin
Position 9 Effect
length
50.0 12 Qdd harmonics are silent,
like a square-wave.
Every third harmonic is
SRS 1 silent: 3, 6, 9 etc.
Every fourth harmonic is
250 1/4 silent: 4, 8, 12 etc.
Every fifth harmonic is
A0 s silent: 5, 10, 15 etc.

You can also adjust the positions of the two Pickups, which
produce similar comb filtering effects. (For more
information, see “4—8a: Pickup 1” on page 230.) The
filtering produced by the excitation position and the two
pickups is cumulative, and can produce complex patterns of
peaks and valleys in the overall frequency response.

AMS [List of AMS Sources]

This selects a modulation source to control the Position.
Modulation is applied only at note-on; while the note is
sounding, changing the modulation has no effect. For a list
of AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [-100.0...+100.0]

This controls the depth and direction of the Position
modulation.

Tracking Mode [String Track, Keyboard]

This controls the relationship between the pickup Position
and the pitch.

String Track scales the position according to the current
String, as set in the String Track section.

Keyboard scales the position according to pitch, without
taking the String settings into account. This might be more
appropriate for clav sounds, for instance.

Tone [-100...+100]

This controls the affect of the Position on the overall tone.
When Tone is set to 0, Position has no effect.

—100 is generally the most realistic, although other settings
may give good results depending on the particular excitation
signal. —100 also works well to counteract the low-end

“thump” which can be caused by low-frequency excitation

signals, including plucks with very low (or negative) Width
values.

Other Tone settings will make the comb filter described
under Position, above, work differently. Settings between —
100 and 0 will reduce the effect of the filter, until-at 0—it has
no effect at all. Positive settings will make the filter work in
reverse, reinforcing harmonics instead of eliminating them.

What does Tone do?

When you pluck a real string, the string vibrates outward in
both directions from the excitation position. These two
vibrations bounce off their respective ends of the string,
return in the opposite direction, and interact with each other
along the way, affecting the timbre of the string.

In the real world, this can’t be changed—but the Tone
parameter lets you bend the physics a bit. This is useful, in
part, because some of the things you can use to “pluck” the
string—such as a PCM sample—aren’t things you could use in
the real world, either. The Tone parameter gives you another
tool adjust the way that these unusual excitations affect the
timbre.

Put simply, Tone lets you pluck the same string twice, in the
same place, with the waves from each pluck moving in only
one direction. One of these plucks—think of it as the one that
moves the wave “forward”—always works in the physical
way. Tone controls the pluck that moves the wave
“backwards.”

“Plucking” the string with different Tone settings

Excitation Position

Wave Wave

/m
Tone =-100

\_\

Tone=0

Tone =+100
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4-5b: Harmonic

This models pressing down lightly (or firmly) in the middle
of the string, like playing harmonics on a guitar.

[Check-box]

This makes the harmonic use the same position as the
excitation, including AMS modulation. Using this option
creates an interesting hybrid pluck/chime timbre.

Use Excitation Position

When this is checked, the rest of the Position parameters will
be grayed out.

[0...100.0]

This controls the position at which the string is being pressed
down. As when playing harmonics on a real string, the
harmonic will be loudest when the position aligns with the
harmonic series.

Position

When the Harmonic Tracking Mode is set to Keyboard, it’s
easy to make the position match a specific harmonic, as
shown below. When Tracking Mode is set to String, the
values below are correct for the open-string notes only; on
other notes, the harmonics will line up with slightly higher
values.

Harmonic Position and the Harmonic Series, when Tracking
Mode = Keyboard

PS::::“ Harmonic Pitch
100.0 Fundamental | Unison
50.0 1st 1 octave up
333 2nd 1 octave + fifth
25.0 3rd 2 octaves up
20.0 4th 2 octaves + maj. third
16.6 5th 2 octaves + fifth
14.2 6th 2 octaves + flat seventh
12.5 7th 3 octaves up

If Use Excitation Position is On, this parameter is grayed
out.
AMS [List of AMS Sources]

This selects a modulation source to control the Position. For
a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

If Use Excitation Position is On, this parameter is grayed
out.

[-100.0...+100.0]

This controls the depth and direction of the Position
modulation.

Intensity

If Use Excitation Position is On, this parameter is grayed
out.

Tracking Mode [String Track, Keyboard]

This controls the relationship between the harmonic
Position and the pitch.

String Track scales the position according to the current
String, as set in the String Track section.

Keyboard scales the position according to pitch, without
taking the String settings into account. This might be more
appropriate for clav sounds, for instance.

If Use Excitation Position is On, this parameter is grayed
out.

[0.0...100.0]

This controls how hard the string is being pressed down.
Non-zero settings can create interesting special effects—but
for standard use, this should be left at 0.0, and then
modulated via AMS. For instance:

Pressure

1. Follow the instructions under “Creating an initialized
STR-1 Program” on page 214.

2. Assign EG3 to Harmonic AMSI1, and set the Intensity
to +100.0.

3. On the STR-1: EG—- EG3 page, set the Break and
Sustain levels to +00.

4. Adjust the Decay Time between 0 and 20, and listen to
the way the sound changes.

This controls the amount of time that the string is being
pressed down. As you increase this time, the harmonic tone
will become more and more prominent. Around 18-20, the
harmonic tone takes over completely. As you increase from
20 to 50, the tone becomes more pure, and less bright.

AMS 1 [List of AMS Sources]

This selects the first modulation source to control the
Pressure. Often, it will make sense to use an envelope here.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

[-100.0...+100.0]

This controls the depth and direction of the Pressure
modulation.

Intensity

Intensity Mod AMS [AMS Sources]

This selects a AMS modulation source to scale the intensity
of Pressure AMS 1. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.

[-100.0...+100.0]

This controls the depth and direction of the Intensity Mod
AMS. Even if the main AMS Intensity is set to 0, Intensity
Mod AMS can still control the final amount of AMS over
the full +/-100 range.

Intensity

AMS 2 [List of AMS Sources]

This selects the second modulation source to control the
Pressure. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

[-100.0...+100.0]
This controls the depth and direction of the Pressure
modulation.

Intensity Mod AMS [AMS Sources]

This selects a AMS modulation source to scale the intensity
of Pressure AMS 2. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.

Intensity

[-100.0...+100.0]

This controls the depth and direction of the Intensity Mod
AMS. Even if the main AMS Intensity is set to 0, Intensity
Mod AMS can still control the final amount of AMS over
the full +/-100 range.

Intensity
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4-5c: Decay
[0...100]

This controls the overall decay time of the string without
affecting frequency content. This interacts with Damping,
which controls the decay time for high frequencies. For more
information, see “4—6a: Damping” on page 225.

Decay

Note: The Amp EG still controls the output level of the
STR-1 as a whole, so the final decay time will be a
combination of the String Decay and the Amp EG. As a
general rule, the Amp EG can make the overall decay time
shorter than the String Decay, but not longer.

For instance, if the String Decay is set to a high value (for a
long decay), but the Amp EG Decay is short, the final result
will be a short decay.

For more information, see “6—3: Amp EG” on page 245.

AMS 1 [List of AMS Sources]

This selects the first modulation source to control the Decay.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-100...+100]
This controls the depth and direction of AMSI.
AMS 2 [List of AMS Sources]

This selects a second modulation source to control the
Decay. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

Intensity [-100...4+100]
This controls the depth and direction of AMS 2.

Release [0...100]

This sets the overall release time for the string—the time that
it takes to fade away after note-off.

Note: The Amp EG still controls the output level of the
STR-1 as a whole, so the final release time will be a
combination of the String Release and the Amp EG. For
more information, see “Decay,” above.

AMS [List of AMS Sources]

This selects a modulation source to control the Release. For
a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

[-100...+100]

This controls the depth and direction of the Release
modulation.

Intensity

4-5d: Nonlinearity

[-100.0...100.0]

This models the instability of the string’s bridge. Greater
nonlinearity means a less rigid bridge. At higher levels, this
causes the characteristic buzzing sound of some non-western
stringed instruments, such as the sitar.

AMS1 [List of AMS Sources]

This selects the first modulation source to control the
Nonlinearity. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Amount

[-100.0...+100.0]

This controls the depth and direction of the Nonlinearity
modulation.

Intensity

AMS2 [List of AMS Sources]

This selects a second modulation source to control the
Nonlinearity. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

[-100.0...+100.0]

This controls the depth and direction of the second
Nonlinearity modulation.

Intensity
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4-6: Damping/Dispersion

String

exi C052: Acoustic STR-1 Guitar
Damping
4-6a —ERTITT] 042.0
-008.0

AMS1 | velocity Intensity

Intensity Mod AMS  CC#17
Intensity
AMS2 Off Intensity

AMS3 JS-Y (CC#02) Intensity

Dispersion

4-6p —SEVELIEG 000.0 Character  String

AMS1 Oft Intensity +000.0

Intensity Mod.AMS  Off

Intensity +000.0

AMS2 Off Intensity ~ +000.0

AMS3 Off Intensity  +000.0

4-6a: Damping

[0...100.0]

This controls the decay time for the string’s high
frequencies. Higher settings mean a shorter high frequency
decay time, for a bright attack and a more mellow sustained
tone. Lower settings let the string ring brightly for a longer
period of time.

Damping

Damping interacts with the Decay parameter, which
controls the overall decay time. For more information, see
“4-5c: Decay” on page 224.

To create a comb-filtered effect with PCM or audio input,
instead of a string model, set Damping to a moderate value.
AMS 1 [List of AMS Sources]
This selects the first modulation source to control the
Damping. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-100.0...+100.0]
This controls the depth and direction of the Damping AMS
modulation.

Intensity Mod AMS [List of AMS Sources]
This selects an AMS source to modulate the intensity of
AMS 1.

[-100.0...+100.0]

This controls the depth and direction of the Intensity Mod
AMS.

Intensity

AMS 2 [List of AMS Sources]

This selects a second modulation source to control the
Damping. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

4-6PMC

String Track String Offsets  1(Low) +000.0

Intensity +100.0 2 +002.0
3 +000.0
4 -008.0
5 -010.0

6(Hi) -012.0

+032.0

+026.0

String Track String Offsets  1(Low)

Intensity +100.0
+019.0
+013.0
+026.0

+009.0

Damping/
Dispersion

Intensity [-100.0...+100.0]
This controls the depth and direction of AMS 2.

AMS 3 [List of AMS Sources]

This selects a third modulation source to control the
Damping. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-100.0...+100.0]
This controls the depth and direction of AMS 3.

String Track
[-100.0...+100.0]

This controls the overall depth and direction of String
Tracking’s effect on the Damping. You can adjust the
offsets for each string using the Strings 1...6 parameters, as
described below.

String 1...6 [T [-100.0...+100.0]

These set the individual Damping offsets for the six Strings,
as set under “9-9b: Strings” on page 250. These values are
also available for modulating other parameters via AMS;
they appear in the AMS list as Damping String Track.

String Track Intensity

4-6b: Dispersion

[0...100.0]

This models the rigidity of the string. Higher values
correspond to thicker-gauge strings, and increase the
inharmonicity of the string. (“Inharmonicity” means that the
pitches of the overtones become out of tune with the
fundamental.) At extreme values, it will create bell-like
timbres, as if you were hitting a bar of metal.

Dispersion

Dispersion can be modulated by three AMS sources, which
are added to the Dispersion setting.
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Character [Bell, String]

This changes the way that the upper harmonics become
detuned as Dispersion is increased.

With the Bell setting, as you increase the Dispersion
amount, the lower harmonics will go out of tune gradually,
but the upper harmonics will do so very steeply. The higher
the harmonic, the more out-of-tune it will become. The
resulting inharmonicity is similar to the sound of a bell.

With the String setting, the upper harmonics will still
become more out of tune than the lower harmonics, but with
a more gradual slope. Up to moderately high Dispersion
settings, this retains a string-like character.

AMS 1 [List of AMS Sources]
This selects the first modulation source to control the
Dispersion. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-100.0...+100.0]
This controls the depth and direction of the Dispersion AMS
modulation.

Intensity Mod AMS [List of AMS Sources]
This selects an AMS source to modulate the intensity of
AMS 1.

Intensity [-100.0...+100.0]
This controls the depth and direction of the Intensity Mod
AMS.

AMS 2 [List of AMS Sources]

This selects a second modulation source to control the
Dispersion. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-100.0...4+100.0]
This controls the depth and direction of AMS 2.
AMS 3 [List of AMS Sources]

This selects a third modulation source to control the
Dispersion. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-100.0...+100.0]
This controls the depth and direction of AMS 3.

String Track

String Track Intensity [-100.0...+100.0]

This controls the overall depth and direction of String
Track’s effect on Dispersion. You can adjust the offsets for
each individual string using the String 1...6 parameters, as
described below.

String 1...6 [0S [-100...+100]

These set the individual Dispersion offsets for the six
Strings, as set under “9-9b: Strings” on page 250. For
instance, you might set the lower strings to greater values, to
model typical guitar strings.

These values are also available for modulating other
parameters via AMS; they appear in the AMS list as Disp.
String Track.
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4-7: String Pitch

ing

L4 i C052: Acoustic STR-1 Guitar
Main
4-7a —SREEEITY |0t Piteh Slope

Transpose +00 Ribbon(#16)
Tune +0000 JS(+X)
JS(-X)
Portamento
4-7b —gud Enable Fingered Mode Constant Rate
Time 040 AMS  Off
Intensity +000
YRyF I (G Select EG2(Pitch) Intensity ~ +00.00
Pitch Modulation
4-Te — BB AMS1 LFO2 Intensity +00.00

AMS2 Off Intensity ~ +00.00

Intensity +00.00 AMS
JS+Y Intensity +00.00

Int.Mod AMS  JS+Y
Int.Mod AMS  Off

4-7a: Main

[-2[32'], -1[16'], +0[8'], +1[4'], +2[2"]]

This sets the basic pitch of the String, in octaves. The default
is +0[8'].

Octave

[-12...412]

This adjusts the pitch in semitones, over a range of +1
octave.

Transpose

[-1200...+1200]

This adjusts the pitch in cents, over a range of £1 octave. A
cent is 1/100 of a semitone.

Tune

Pitch Slope [-1.00...4+0.00...+2.00]
Normally, this should be set to the default of +1.00.

Positive (+) values cause the pitch to rise as you play higher
on the keyboard, and negative (—) values cause the pitch to
fall as you play higher on the keyboard.

When this is set to 0, playing different notes on the keyboard
won’t change the pitch at all; it will be as if you’re always
playing C4. This can be useful for special effects sounds, for
instance.

If you want to create more complex effects, you can assign
key tracking as an AMS source.

JS+X

This sets the maximum amount of pitch bend, in semitones,
when you move the joystick to the right. For normal pitch
bend, set this to a positive value.

[-60...+60 semitones]

JS-X

This sets the maximum amount of pitch bend, in semitones,
when you move the joystick to the left. For normal pitch
bend, set this to a negative value.

[-60...+60 semitones]

4-7PMC

000000 00 [
PCM Oscillator String

LFO
LFO Select LFO1

e — 4-7¢
After Touch
Intensity +00.10

AMS  Velocity Intensity

(CC#01) Intensity +00.20

Intensity +00.00

String
Pitch

4-7b: Portamento

Portamento lets the pitch glide smoothly between notes,
instead of changing abruptly.

Portamento and MIDI

If Portamento is either enabled for both the String and the
PCM, or off for both, then MIDI CCs 5 (Portamento Time)
and 65 (Portamento on/off) affect both the String and the
PCM.

If Portamento is enabled for only one of the two, only that
element can be affected by the MIDI CCs. The other element
will always have Portamento off, regardless of the MIDI
CCs.

Enable [Off, On]

On (checked): Turns on Portamento, so that pitch glides
smoothly between notes.

Off (unchecked): Turns off Portamento. This is the default
state.

[Off, On]

This parameter allows you to control Portamento through
your playing style. When it’s enabled, playing legato will
turn on Portamento, and playing detached will turn it off
again.

Fingered

This option is only available when Portamento Enable is
turned on.

On (checked): Turns on Fingered Portamento.
Off (unchecked): Turns off Fingered Portamento.

Mode

Constant Rate means that Portamento will always take the
same amount of time to glide a given distance in pitch - for
instance, one second per octave. Put another way, gliding
several octaves will take much longer than gliding a half-
step.

[Constant Rate, Constant Time]
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Constant Time means that Portamento will always take the
same amount of time to glide from one note to another,
regardless of the difference in pitch. This is especially useful
when playing chords, since it ensures that each note in the
chord will end its glide at the same time.

[000...127]

This controls the portamento time. Higher values mean
longer times, for slower changes in pitch. When Time is set
to 0, the pitch will be reached instantly—just as if Portamento
Enable was turned Off.

AMS [List of AMS Sources]

This selects an AMS source to control the Portamento
Time. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

Time

The modulation occurs only at note-on. This means that you
can change the time for the next pitch glide, but you can’t
change any glides which are already in progress.

[-127...4127]

This controls the depth and direction of the Portamento
Time AMS modulation.

Intensity

4-7c:LFO

LFO Select [LFO1,LFO 2,LFO 3,LFO 4,

Common LFO]
This selects an LFO to modulate the String’s pitch.

The LFO Intensity, JS+ Y Intensity, and AMS are all
summed together to produce the final amount of LFO pitch
modulation.

LFO Intensity [-48.00...+48.00]

This controls the initial effect of the LFO on the pitch, in
semitones, before any JS+Y or AMS modulation.

Negative (-) settings will invert the phase of the LFO.

Both the String and PCM Pitch LFO Intensities are scaled by
MIDI CC#77.

[-48.00...+48.00]

Moving the joystick “up” from the center detent position,
away from yourself, produces the JS+Y controller. You can
use this to scale the amount of the LFO applied to the pitch.
This parameter sets the maximum amount of LFO
modulation added by JS+Y, in semitones.

JS+Y Intensity

As this value is increased, moving the joystick in the +Y
direction will cause the LFO to produce deeper pitch
modulation.

Negative (-) settings will invert the phase of the LFO. You
can also use this to reduce the initial amount of the LFO, as
set by LFO1 Intensity, above.

AMS [AMS Sources]

This selects an AMS modulation source to scale the amount
of the LFO applied to pitch.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [-48.00...+48.00]

This controls the depth and direction of the LFO AMS
modulation, in semitones.

4-7d: Pitch EG

EG Select [EG 1 (Filter), EG 2 (Pitch),

EG 3,EG 4, Amp EG]
This selects an EG to modulate the String pitch.

There are four assignable EGs, in addition to the Amp EG.
Each of these can be used as a modulation source to control a
wide variety of parameters.

In the midst of all this flexibility, we thought it would also be
good to provide a little structure. With this in mind, EG 1 is
named EG 1 (Filter) and EG 2 is labeled EG 2 (Pitch).

Please take these names as suggestions, rather than
restrictions. If you like, you’re free to use these EGs to
control any EG or AMS destination, or to use other EGs to
control Filter Frequency and Pitch.

Intensity [-48.00...+48.00]

This controls the initial effect of the Pitch EG on the String,
in half-steps, before any AMS modulation.

The Pitch EG’s shape can swing all the way from +99 to -99.
When the Intensity is set to a positive (+) value, positive
values from the EG raise the pitch, and negative values
lower the pitch.

When the Intensity is set to a negative (-) value, the effect of
the EG is reversed; positive EG values mean Jower pitches,
and negative EG values mean higher pitches.

AMS [AMS Sources]

This selects an AMS modulation source to scale the amount
of the Pitch EG applied to the String.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [-48.00...+48.00]

This controls the depth and direction of the pitch EG AMS
modulation. The AMS modulation and the initial Intensity
are added together to determine the Pitch EG’s final effect.

4-7e: Pitch Modulation
AMS 1 [List of AMS Sources]

This selects the first modulation source for controlling the
String’s pitch. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [+/-48.00 semitones]
This controls the depth and direction of the AMS 1 pitch
modulation, in semitones.

Intensity Mod AMS [List of AMS Sources]
You can modulate AMS 1°s Intensity from another AMS
source. This selects that source.

Intensity [+/-48.00 semitones]

This controls the depth and direction of the Intensity Mod
AMS, in semitones. The result is summed with the main
AMS 1 Intensity to produce the final pitch modulation
amount.
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AMS 2 [List of AMS Sources]

This selects a second modulation source for controlling the
String’s pitch. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [+/-48.00 semitones]
This controls the depth and direction of the AMS 2 pitch
modulation, in semitones.

Intensity Mod AMS [List of AMS Sources]
You can modulate AMS 2’s Intensity from another AMS
source. This selects that source.

Intensity [+/-48.00 semitones]

This controls the depth and direction of the Intensity Mod
AMS, in semitones. The result is summed with the main
AMS 2 Intensity to produce the final pitch modulation
amount.
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4-8: Pickups/Feedback

ring

< exi  C052: Acoustic STR-1 Guitar
Pickup1
PR [osition 069.0 AMS  Off

Intensity ~ +000.0

Tracking Mode lString Track

Feedback
4-8c —==SEELT 0 AMS  Off

(meters)

Intensity ~ +00.00

Orientation +000 AMS  Off
fdagrees) Intensity +000

Level 000 AMS  Off

Intensity ~ +000

4-8a: Pickup 1

[0...100.0]

This adjusts the location of the pickup along the string. You
can modulate this via AMS, to create effects similar to
chorusing. Unlike the Excitation Position, you can
modulate the Pickup Position while the note is sounding.
Typically, values between 8.0 and 25.0 will work well.”

Position

The effect of the Pickup Position is similar to that of the
Excitation Position. The comb filtering produced by the
excitation and the two pickups is cumulative, and can
produce complex patterns of peaks and valleys in the
frequency response.

The position is approximately symmetric around 50 for all of
the notes when Tracking Mode is set to Keyboard; in other
words, a value of 60 is roughly the same as 40. When
Tracking Mode is set to String, however, the point of
symmetry varies for each note.

For more information, see “How Position affects the timbre”
on page 221.

Harmonic and Pickup Positions

If the Pickup Position is same as the Harmonic Position,
the pickup won’t produce much sound when Harmonic
Pressure is applied.

Pickup Position and Note

The note being played defines another position along the
string. For instance, with a guitar, the note is the position of
the finger on the fretboard, as it presses down on the string.
This creates a temporary end point for the string. At this end
point, the string vibrates very little; beyond it, the string
doesn’t vibrate at all.

4-8PMC

Pickup2
Position 010.0 AMS  Off — ()

Intensity +000.0

Tracking Mode off

Pickups/
Feedback

Pickups don’t “hear” the entire string; they only hear the part
of the string directly above them. If that part of the string
isn’t vibrating (for instance, if it’s being held down!), there’s
very little for a pickup to listen to—and thus the pickup won’t
produce much sound, if it produces any at all.

For example, let’s say that you were listening only to Pickup
1.

Set the Pickup Position to 50 (the middle of the string), and
the Tracking Mode to String Track. The open note of the
top string, E4, will sound fine. As you play higher notes,
however, the sound will become thinner, until it becomes
very quiet at ES.

What happened here?

The pickup stays in same location, right in the middle of the
string. With each semitone, the point at which the string is
being pressed down moves up one fret. When you reach an
octave up (at E5), the string is being pressed down in the
middle of the string, right over the pickup.

If you play even higher, the pickup produces no sound since
it is now outside the part of the string that is vibrating.p (The
STR-1 model assumes that your finger can hold down the
string perfectly, so that no vibrations get past it.)

The higher the Pickup Position, the lower the range in
which this can occur. The normal range of a guitar is much
less than that of a 73- or 88-note keyboard, and higher
pickup positions may make sense (and make sound!) only
when playing within that normal guitar range.

Also, note that this can only happen when the Tracking
Mode is set to String Track.
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Pickup Position

Position = 100.0

———1 o o0 o
]

Position=0.0

AMS [List of AMS Sources]

This selects a modulation source to control the Position. Try
using an LFO, for instance. For a list of AMS sources, see
“Alternate Modulation Source (AMS) List” on page 905.

Intensity [-100.0...+100.0]

This controls the depth and direction of the Position AMS
modulation.

Tracking Mode [String Track, Keyboard, Off]

This controls the relationship between the pickup Position
and the pitch.

String Track scales the pickup position according to the
current String, as set in the String Tracking section.

Keyboard scales the pickup position according to pitch,
without taking the String settings into account. This might be
more appropriate for clav sounds, for instance.

Off disables pitch-related scaling. This setting works well
when sweeping the position via AMS (such as by an LFO)
for chorusing effects, as described below.

Creating “chorusing” with the pickups

For a chorus-like effect, set the pickup Tracking Mode to
Off, and modulate the pickup position with an LFO. With
the pickup Tracking Mode set to Keyboard, the modulation
depth varies with note, so that the depth is large on the low
end of the keyboard and small at the top. With the pickup
Tracking Mode set to String, the depth will step to a new
value at each open string.

4-8b: Pickup 2

This is the second pickup. It has the same parameters as
Pickup 1, above.

4-8c: Feedback

This lets you route audio from elsewhere in NAUTILUS

through the string. You can use any of the audio inputs, any
of the audio outputs, the REC buses, the FX Control buses,
or the outputs of any of the Insert, Master, or Total Effects.

The main purpose of this is to process the STR-1 through
one or more Insert Effects, such as an overdrive or amp
model, and then send that audio back into the STR-1, for
traditional electric guitar feedback effects.

All three feedback parameters—Distance, Orientation, and
Level-can be modulated in real-time. You can use this to
model the classic effect of holding an electric guitar near an
amp until it feeds back, and then varying the pitch of the
feedback by changing the guitar’s orientation in relation to,
and distance from, the amp.

You can also route live or recorded audio through the string
an/or filters, in realtime—and we’re sure that you’ll be able to
think of other creative uses!

Source and Channel

The feedback source and channel (left, right, or L+R
summation) are selected by the Input Source and Channel
parameters in the current Program, Combination Timbre, or
Song Track.

For more information, see “4-2: EXi Audio Input” on
page 134 (PROGRAM mode), “2—6: EXi Audio Input” on
page 412 (COMBINATION mode), and “2—6: EXi Audio
Input” on page 487 (SEQUENCER mode).

[0.23...10.00]

This models the distance of the guitar from the amp. Usually,
it’s best to set this very low, but higher settings may produce
interesting effects.

Distance (meters)

AMS [List of AMS Sources]

This selects a modulation source to control the Distance. For
a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-10.00...+10.00]
This controls the depth and direction of the Distance AMS
modulation.

[-180...+180]

This models turning the guitar away from the amp. Turning
the guitar primarily affects the tone of the feedback, but also
affects the pitch and the volume.

Orientation (degrees)

AMS [List of AMS Sources]

This selects a modulation source to control the Orientation.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

[-180...+180]

This controls the depth and direction of the Orientation
AMS modulation.

Intensity

Level [0...100]

This controls the overall gain of the feedback into the string.
Unlike the other feedback parameters, this can be different
for each voice.

AMS [List of AMS Sources]

This selects a modulation source to control the Level. For a
list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-100...+100]

This controls the depth and direction of the Level AMS
modulation.
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4-9: Mixer

string

< EXi C052: Acoustic STR-1 Guitar

Oscillator Mixer
EECE R — String Level 0 99  AMS off

v W Intensity

4-9b —gulgelll 00  AMS oOff

Intensity

4-9c —=NILIEE AMS  Off

Intensity

LR — Pickup1 AMS  Off

Intensity

e — Iickup2 AMS  Oft

Intensity +00

The Mixer page controls the volume levels and filter routing
for the main String output, as well as the direct outputs
(bypassing the string) of the PCM oscillator and Noise
Generator. For instance, you can:

+ Control the volume levels for the String, the PCM
Oscillator, and the Noise Generator.

* Modulate these volume levels via AMS.

*  When the Filter Routing is set to either Serial or
Parallel, you can route each of the five elements through
Filter A, Filter B, or a combination of the two—and then
modulate that routing via AMS. For instance, you can
create a layer by setting the Filter Routing to Parallel,
and then sending the PCM Oscillator to Filter A, and the
String to Filter B.

4-9a: String

Level [0...100]
This controls the volume level for the String.
AMS [List of AMS Sources]

This selects an AMS source to control the String Level. For
a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-100...4+100]

This controls the depth and direction of the String Level
AMS modulation.
[0...100]

This controls the filter routing for the String. It applies only
when the Filter Routing is set to either Serial or Parallel;
otherwise, it is grayed out.

Balance

0 is the default, and means that the String goes into Filter A.
If the Filter Routing is set to Serial, it will also pass through
Filter B.

99 means that the String goes into Filter B.

4-9PMC

1 080,00

Balance AMS  Off Phase Inv.

Intensity

Balance 00 AMS Off Phase Inv.

Intensity

Balance 00 AMS Off Phase Inv.

Intensity

Balance 00 AMS Off Phase Inv.

Intensity

Balance AMS  Off Phase Inv

Intensity

Mixer

In between, the String will go to a combination of both
filters. By modulating the Balance via AMS, you can
crossfade between routing through Filter A and Filter B. For
more information, see “Interaction between the filters and
the mixer,” on page 234.

AMS [List of AMS Sources]

This selects an AMS source to control the String Balance.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

[-100...+100]

This controls the depth and direction of the String Balance
AMS modulation.

Intensity

Phase Invert [Off, On]

This inverts the phase of the String.

4-9b: PCM Oscillator

This controls the volume level and balance for the PCM
Oscillator. It has the same parameters as described under “4—
9a: String,” above.

4-9c: Noise

The Noise Generator has the same mixer parameters as
described under “4-9a: String,” above.

4-9d: Pickup 1
Pickup 1 has the same mixer parameters as described under
“4-9a: String,” above.

Try inverting the phase for one of the two pickups; this can
produce an interesting effect.
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4-9e: Pickup 2

Pickup 2 has the same mixer parameters as described under
“4-9a: String,” above.
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PROGRAM > STR-1: Filter

5-1:Basic

< exi C052: Acoustic STR-1 Guitar

Filter Routing

5-Ta —pud Single @ Serial Parallel

Filter A

LRI Type
Frequency 18 Fine +00

Resonance 00 AMS  X-Y -X Mod. (CC#86)

Reso.Bass  Tight Intensity  +40

Level 99 AMS Off

24dB(4-Pole)

Low Pass (12dB/oct) Bypass

Input Trim

Intensity

Interaction between the filters and the
mixer

When the Filter Routing is set to either Single or 24dB (4-
Pole), the routing from the String section into the Filter

section is fairly simple. There’s only a single filter, and that
filter processes the entire sound.

Things can get more interesting when the Filter Routing is
set to Serial or Parallel. In these modes, The Mixer page’s
Balance parameters let you separately control the filter
routing for each of the five inputs: the String, the PCM
Oscillator, the Noise Generator, Pickup1, and Pickup2.

When an input’s Balance is set to 0, it goes into Filter A.
(Note that if the Filter Routing is set to Serial, the signal
will also pass through Filter B.)

If the input’s Balance is set to 99, it goes directly into Filter
B, regardless of whether the routing is set to Serial or
Parallel.

Standard serial configuration

To create a standard serial filter configuration:

1. Set the Filter Routing to Serial.

This connects the output of Filter A to the input of Filter B.
2. Set all of the mixer’s Balance controls to 0.

This makes all of the inputs go to Filter A first, and then
through Filter B.

Standard parallel configuration

To create a standard parallel filter configuration:

1. Set the Filter Routing to Parallel.

2. Set all of the mixer’s Balance controls to 50.

This routes all of the inputs to both filters, at equal volumes.

5-1PMC

Filter B

Type  High Pass (12dB/oct) Bypass
Frequency 15 Fine +00 Input Trim 99
Link

Resonance 00 AMS  CC#16

Reso.Bass  Tight Intensity ~ +06

Level 99 = AMS Off Intensity  +00

Dual signal paths

You can also send the String through Filter A, and the PCM
Oscillator through Filter B (or vice-versa), to create a
layered sound. For instance:

1. Set the Filter Routing to Parallel.

2. Set the String’s Balance to 0.

This routes the String to Filter A.

3. Set the PCM Oscillator’s Balance to 99.
This routes the PCM Oscillator to Filter B.

Anywhere in-between

If an input’s Balance is set between 1 and 98, it will go to a
combination of both filters—so that many “in between” filter
effects are available.

Finally, by modulating an input’s Balance via AMS, you can
crossfade between routing through Filter A and Filter B.

5-1a: Routing

Filter Routing
[Single, Serial, Parallel, 24dB (4-Pole)]

There are two filters, Filter A and Filter B. This parameter
controls whether one or both of the filters are used, and if
both are used, it controls how they are connected to each
other.

Single. This uses only Filter A as a single 2-pole,
12dB/octave filter (6dB for Band Pass and Band Reject).
When this option is selected, the controls for Filter B will be
grayed out.

Serial. This uses both filters. The output of Filter A is
processed through Filter B.
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Parallel. This also uses both Filter A and Filter B. Unlike
Serial, above, the outputs of the two filters are kept separate,
with individual control over both level and pan.

24dB (4-Pole). This merges both filters to create a single 4-
pole, 24dB/octave filter (12dB for Band Pass and Band
Reject). In comparison to Single, this option produces a
sharper roll-off beyond the cutoff frequency, as well as a
slightly more delicate resonance. Many classic analog synths
used this general type of filter.

When 24dB (4-Pole) is selected, only the controls for Filter
A are active; the controls for Filter B will be grayed out.
Also, note that the Multi Filter is not available in this mode.

5-1b: Filter A

Filter Type [Low Pass, High Pass, Band Pass,

Band Reject, Multi Filter]

The filter will produce very different results depending on
the selected filter type. The selections will change slightly
according to the selected Filter Routing, to show the correct
cutoff slope in dB per octave.

Low Pass. This cuts out the parts of the sound which are
higher than the cutoff frequency. Low Pass is the most
common type of filter, and is used to make bright timbres
sound darker.

High Pass. This cuts out the parts of the sound which are
lower than the cutoff frequency. You can use this to make
timbres sound thinner or more buzzy.

Band Pass. This cuts out all parts of the sound, both highs
and lows, except for the region around the cutoff frequency.
Since this filter cuts out both high and low frequencies, its
effect can change dramatically depending on the cutoff
setting and the oscillator’s multisample.

With low resonance settings, you can use the Band Pass
filter to create telephone or vintage phonograph sounds.
With higher resonance settings, it can create buzzy or nasal
timbres.

Band Reject. This filter type—also called a notch filter—cuts
only the parts of the sound directly around the cutoff
frequency. Try modulating the cutoff with an LFO to create
phaser-like effects.

Multi Filter. This is a complex filter which is capable of all
of the above filter types, and many more besides. For more
information, see “5-2: Multi Filter,” on page 237.

The Multi Filter is available only for Filter A, and only when
the Filter Routing is set to Single, Serial or Parallel.

Filter Types and Cutoff Frequency

Low Pass

High Pass

Band Pass

Band Reject

Cutoff Frequency

Bypass [Off, On]

This lets you bypass Filter A completely.
If Bypass is Off, Filter A functions normally.

When Bypass is On, Filter A has no effect on the input
signal.

Trim [00...99]
This adjusts the volume level at the input to Filter A. If you
notice that the sound is distorting, especially with high
Resonance settings, you can turn the level down here, or at

the Output Level.

Note that the filter will not clip internally, so there is no
difference between adjusting the Input Trim and the Output
Level. Either of these controls will allow you to minimize
clipping later in the signal chain, such as may occur in some
effects.

[00...99]

This controls the output level of Filter A. You can use this to
balance the volumes of Filters A and B when the Routing is
set to Parallel, or to turn down the volume to avoid clipping
later in the signal chain.

AMS [AMS Sources]

This selects a modulation source to control the Qutput
Level. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

Output Level

Intensity [-99...+99]

This controls the depth and direction of the Output Level
modulation.
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[00...99]

This controls the cutoff frequency of Filter A, in increments
of 1/10 of an octave. The specific effect of the cutoff
frequency will change depending on the selected Filter
Type, as described above.

Frequency

[-99...499]

This provides fine control of the filter cutoff frequency. Each
step of this parameter is equal to 1/100 of a step of the main
Frequency parameter, above.

Frequency Fine

Resonance Type [Standard, High]

This controls the strength of the filter resonance when the
Filter Routing is set to 24dB (4-Pole). When the routing is
set to Single, Serial, or Parallel, this parameter is grayed
out.

Standard provides the resonance character of a typical
analog 4-pole filter.

High creates a more pronounced resonance.

Resonance Bass [Tight, Full]

This controls the character of the filter resonance at low
cutoff frequencies. Its effect is most noticeable with high
Resonance settings.

Tight produces a more restrained resonance, similar to a
classic, American, wood-paneled monophonic synthesizer.

Full produces a wide, boomy resonance, reminiscent of a
famous five-voice American synthesizer.

[00...99]

Resonance emphasizes the frequencies around the cutoff
frequency.

Resonance

When this is set to 0, there is no emphasis, and frequencies
beyond the cutoff will simply diminish smoothly.

At medium settings, the resonance will alter the timbre of the
filter, making it sound more nasal, or more extreme.

At very high settings, the resonance can be heard as a
separate, whistling pitch.

To make the resonance track the keyboard pitch, see “Key
Follow,” on page 240.
Resonance Mod by AMS [AMS Sources]

This selects a modulation source to control the Resonance
amount. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

[-99...4+99]

This controls the depth and direction of the Resonance
modulation.

Intensity

Pan [Random, L001...C064...R127]

This controls the stereo pan for Filter A’s output. It is
available only when Filter Routing is set to Parallel.

When the Filter Routing is set to Single, Serial, or 24dB
(4-Pole), the Pan parameters will be grayed out.
AMS [AMS Sources]

This selects an AMS source to modulate Pan. For a list of
AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

[-99...4+99]

This controls the depth and direction of the Pan AMS
modulation.

Intensity

5-1c: Filter B

Filter B is available when the Filter Routing is set to Serial
or Parallel. Otherwise, its parameters will be grayed out.

Filter B is almost the same as Filter A, but without the Multi
Filter mode, and with the addition of the Link controls, as
described below. For all other parameters, please see the
descriptions under “5-1b: Filter A,” on page 235.

Link [Off, On]

When Link is On, most of Filter B’s parameters are grayed
out, and are instead controlled by the settings for Filter A.

Specifically, Filter B will use Filter A’s settings for
Resonance, Resonance Bass, and all Frequency and
Resonance modulation settings. Filter B’s Frequency is also
linked to that of Filter A, with an optional frequency offset
via the Link Frequency Offset parameter, below.

The Bypass, Type, Input Trim, Output Level, Output
Level AMS, Pan, and Pan AMS parameters are still
controlled separately.

Link Frequency Offset [-99...499]

This offsets Filter B’s Frequency from that of Filter A, and
applies only when Link is On.

When Link is Off, this parameter is grayed out.
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5-2: Multi Filter

STR-1:Filter

Exi C052: Acoustic STR-1 Guitar

Filter A
5-2a —pgut Bypass Frequency I'IE
Mode Crossfade
EEvlBE— Mode1 Manual 1
Mode 1-2 Crossfade 00 AMS EG3
Intensity
Manual 1 Manual 2
5-2c —= SR Low Pass

High Pass High Pass

Band Pass Band Pass

Dry

Multi Filter

This page is available only when the Filter A Type is set to
Multi Filter.

What'’s a Multi Filter?

Standard multimode filters generate lowpass, highpass, and
bandpass filters simultaneously - but only allow you to use
one of them at a time.

The Multi Filter gives you access to all three filter modes
simultaneously, in any combination, along with the dry input
signal. You can choose from a large number of preset
combinations, or create your own complex filter modes
using the Manual controls.

This is capable of some cool sounds in and of itself, but
things really get interesting when you use the Crossfade
controls. These allow you to crossfade between two of these
filter settings (Mode 1 and Mode 2), using AMS sources
such as EGs, LFOs, or real-time controllers.

5-2a:Filter A

Bypass [Off, On]
Frequency [00...99]
Fine [-99...+99]
Resonance [00...99]

These are the same as the similarly-named parameters on the
Filter Basic page, as described under “5-1b: Filter A” on
page 235.

Edits to the values on this page will be reflected on the Filter
Basic page, and vice-versa.

5-2PMC

Resonance

Manual 2

Mode 2

Intensity Mod. AMS
Intensity

5-2b: Mode Crossfade

Mode 1
This sets the filter type for Mode 1.

Low Pass, High Pass, Band Pass, and Band Reject are the
standard filter types. For more information, see “Filter
Type,” on page 235.

[List of filter types]

The following types combine two or more filters at equal
volumes. Dry is the un-filtered input signal. The minus sign
(“-”) indicates when the phase of a filter is reversed: LP+BP,
LP-BP, LP-HP, BP+HP, BP-HP, Dry+LP, Dry-LP,
Dry+BP, Dry-BP, Dry+LP-HP, Dry+LP-BP, Dry+BP-LP,
Dry+BP-HP, Dry+HP-LP, Dry+HP-BP, LP+HP+BP.

All On uses the Low Pass, High Pass, Band Pass, and Dry
signals at equal volumes.

Manual 1 lets you create your own mix of the filters. For
more information, see “5-2c¢: Manual 1,” below.

Mode 2

Mode 2 has the same selections as Mode 1, except that the
list ends with Manual 2 instead of Manual 1.

[List of filter types]

Mode 1-2 Crossfade [0...99]
This fades between the Mode 1 and Mode 2 settings.

0 is all Mode 1, 99 is all Mode 2, and 1-98 are intermediate
values between the two Modes.

AMS [AMS Sources]

This selects a modulation source to control the Mode 1-2
Crossfade. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...+99]

This controls the depth and direction of the Mode 1-2
Crossfade modulation.
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Intensity Mod AMS [List of AMS Sources]

This selects an AMS source to modulate the intensity of the
main Mode 1-2 Crossfade AMS.

For instance, you can set AMS to use one of the LFOs, and
then set the Intensity Mod AMS to JS -Y. You can then use
the joystick to modulate the amount of the LFO.

Intensity [-99...4+99]

This controls the depth and direction of the Intensity Mod
AMS.

5-2c¢: Manual 1

These parameters let you create your own mix of the filters.
When Mode 1 is set to Manual 1, it will use these settings.

You may wonder why Band Reject is not included here. This
is because it’s not a filter mode per se. Instead, it’s created by
an equal combination of High Pass and Low Pass. Try it and
see!

Lowpass [-99...4+99]

This controls the volume of the Lowpass filter output.
Negative values invert the phase.

Highpass [-99...4+99]
This sets the volume of the Highpass filter output.

Bandpass [-99...499]

This controls the volume of the Bandpass filter output.

Dry [-99...499]
This sets the volume of the dry signal.

5-2d: Manual 2

The Manual 2 parameters are identical to those of Manual 1,
as described above.
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5-3: Filter Mod.

STR-1:Filter

EXi C052: Acoustic STR-1 Guitar

Keyboard Track

[ScPgs__  ntensity to A +25
Intensity to B +00
L
Key Low Break IF#M Center
Ramp Bottom-Low  -55 Low-Center -55
Filter EG
Bl E—  Filter A EG Select EG1(Filter) Velocity Int.
Filter B EG Select  EG1(Filter) Velocity Int.
Filter A Modulation
EEcIgE— AMST  X-Y -X Mod. (CC#86) Intensity

Intensity Mod AMS oft

Intensity

AMS2  AMS Mixer1 Intensity

Filter Mod

This page contains all of the settings for Filter Frequency
modulation (except for the LFOs, which are on their own
page). Among other things, you can:

» Set up complex keyboard tracking shapes, and control
how the tracking affects filter cutoff.

* Control the effect of the Filter Envelope on filter cutoff.
» Assign AMS modulation for filter cutoff.

Filter B is available when the Filter Routing is set to Serial
or Parallel. Otherwise, the parameters for Filter B will be
grayed out.

Center-High +00

EGInt. +21 AMS
EGInt. +00 AMS

5-3a: Keyboard Track 22

Most acoustic instruments get brighter as you play higher
pitches. At its most basic, keyboard tracking re-creates this
effect by increasing the cutoff frequency of a lowpass filter
as you play higher on the keyboard. Usually, some amount
of key tracking is necessary in order to make the timbre
consistent across the entire range.

The NAUTILUS keyboard tracking can also be much more
complex, since it allows you to create different rates of
change over up to four different parts of the keyboard.

The STR-1’s Filter keyboard tracking parameters are
identical to the HD-1’s. For more detailed explanations of
the parameters, please see “3—2a: Keyboard Track,” on
page 65.

There is one difference between the two, however: the STR-
1’s Filter tracking is affected by Portamento, so that it
changes smoothly during glides.

[-99...4+99]

This controls how much the keyboard tracking will affect
Filter A ‘s cutoff frequency. The overall effect of the
Keyboard Track is a combination of this Intensity value and
the overall Keyboard Track shape.

Intensity to A

5-3PMC

LLLILLILLLILLILE
8 C9

High Break F#6
High-Top +00

SW1 Mod.
CC#16

(CC#80) Intensity

Intensity
Filter B Modulation

AMS1 Common Key Track2 Intensity

Intensity Mod AMS off

m— 5-3¢C

Intensity

Intensity

[-99...+99]

This controls how much the keyboard tracking will affect
Filter B ‘s cutoff frequency.

Intensity to B

Intensity to B applies only when the Filter Routing is set to
Serial or Parallel, and when Link is Off. In Single and
24dB (4-Pole) modes, or if Link is On, this parameter is
grayed out.

Key

Low Break [C-1...G9]
This sets the breakpoint note between the two lower ramps.
Center [C-1...G9]

This sets the center of the keyboard tracking. At this key, the
keyboard tracking has no effect on the filter frequency, or on
any AMS destinations.

High Break [C-1...G9]

This sets the breakpoint note between the two higher ramps.

Ramp

The effect on the filter cutoff is a combination of the ramp
values, as set below, and the Intensity to A and B parameters.
When Intensity is set to +99, a ramp of 50 changes the filter
frequency by 1 octave for every octave of the keyboard, and
a ramp of +99 changes the frequency by 2 octaves for every
octave of the keyboard.

+Inf and —Inf are special settings which create abrupt
changes for split-like effects. When a ramp is set to +Inf or —
Inf, the keyboard tracking will go to its extreme highest or
lowest value over the span of a single key.

For more detailed explanations, please see “3—2a: Keyboard
Track,” on page 65.
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Bottom-Low [-Inf, -99...+99, +Inf]

This sets the slope between the bottom of the MIDI note
range and the Low Break key. For normal key track, use
negative values.

[-Inf, -99...+99, +Inf]

This sets the slope between the Low Break and Center keys.
For normal key track, use negative values.

Low-Center

Center-High [-Inf, -99...499, +Inf]
This sets the slope between the Center and High Break keys.
For normal key track, use positive values.

High-Top [-Inf, -99...4+99, +Inf]
This sets the slope between the High Break key and the top
of the MIDI note range. For normal key track, use positive
values.

Key Follow

To create the classic Key Follow effect, in which the filter
frequency tracks the pitch of the keyboard:

. Set the Filter Frequency to 30.

. Set the Keyboard Track Intensity to +99.

. Set the Bottom-Low and Low-Center ramps to -50.
. Set the Center-High and High-Top ramps to +50.

. Set the Center Key to C4.

The settings for the Low Break and High Break keys don’t
matter in this case.

N K W N -

5-3b: Filter EG

The EGs modulate the Filter A and B cutoff frequencies over
time. You can control how strongly they will affect the filters
in three different ways:

+ Set an initial amount of EG modulation, using the EG
Intensity parameters.

» Use velocity to scale the amount of the EG applied to the
filter.

» Use any AMS source to scale the amount of the EG
applied to the filter.

You can use all three of these at once, and the results are
added together to produce the total EG effect.

To set up the EGs themselves, including attack and release
times, levels, and so on, see “7—1: EG 1 (Filter),” on
page 248.

Filter A

EG Select [EG 1 (Filter), EG 2 (Pitch),

EG 3,EG 4, Amp EG]
This selects an EG to modulate Filter A’s Frequency.

There are four assignable EGs, in addition to the Amp EG.
Each of these can be used as a modulation source to control a
wide variety of parameters.

In the midst of all this flexibility, we thought it would also be
good to provide a little structure. With this in mind, EG 1 is
named EG 1 (Filter) and EG 2 is labeled EG 2 (Pitch).

Please take these names as suggestions, rather than
restrictions. If you like, you’re free to use these EGs to
control any EG or AMS destination, or to use other EGs to
control Filter Frequency and Pitch.

Velocity Intensity [-99...4+99]

This lets you use velocity to scale the amount of the EG
applied to Filter A.

EG Intensity [-99...499]
This controls the initial effect of the EG on Filter A’s cutoff
frequency, before any velocity or AMS modulation.

AMS [AMS Sources]

This selects an AMS modulation source to scale the amount
of the EG applied to Filter A.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...499]
This controls the depth and direction of the AMS
modulation.

Filter B

The EG parameters for Filter B are the same as those for
“Filter A,” above.

When Link is On, or when the Filter Routing is set to Single
or 24dB (4-Pole), all of these parameters are grayed out.

5-3c: Filter Modulation
Filter A Frequency
AMS 1 [AMS Sources]

This selects the first modulation source to control Filter A’s
Frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

[-99...+99]

This controls the depth and direction of the Frequency
modulation.

Intensity

Intensity Mod AMS [List of AMS Sources]

This selects an AMS source to modulate the intensity of
AMS 1.

[-99...4+99]

This controls the depth and direction of the Intensity Mod
AMS.

Intensity

AMS 2 [AMS Sources]
This selects a second modulation source to control Filter A’s
Frequency. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-99...499]
This controls the depth and direction of AMS 2.

Filter B Frequency

The settings for Filter B are the same as those for “Filter A
Frequency,” above.

When Link is On, or when the Filter Routing is set to Single
or 24dB (4-Pole), all of these parameters are grayed out.
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5-4: Filter LFO Mod.

STR-1:Filter

< Exi  C052: Acoustic STR-1 Guitar

Filter A LFO Modulation
LR — LFOSelect [|LFO4
LFO Intensity AMS  X-Y -X Mod. (CC#86)

JS-Y Intensity 00 Intensity +14

Filter LFO
Maod.

There are three LFO-to-Frequency controls for each filter: a
basic amount (LFO Intensity), joystick -Y control of LFO
amount (JS- 'Y Intensity), and AMS control of LFO amount
(AMS Intensity). The three controls are summed together to
determine the final LFO amount.

5-4a:Filter A

LFO Select [LFO1,LFO 2,LFO 3,LFO 4,
Common LFO]

This selects an LFO to modulate Filter A’s cutoff frequency.

The LFO Intensity, JS -Y Intensity, and AMS are all
summed together to produce the final amount of LFO pitch
modulation.

LFO Intensity [-99...4+99]

This controls the initial effect of the LFO on Filter A’s cutoff
frequency, before any JS+Y or AMS modulation.

Negative (-) settings will invert the phase of the LFO.

JS -Y Intensity [-99...+99]

Moving the joystick “down” from the center detent position,
towards yourself, produces the JS -Y controller. You can use
this to scale the amount of the LFO applied to Filter A.

This parameter sets the maximum amount of LFO
modulation added by JS -Y.

5-4PMC

Filter B LFO Modulation
LFO Select  LFO4 — ST
LFO Intensity +00 AMS  After Touch

JS5-Y Intensity +00 Intensity ~ +00

AMS [AMS Sources]

This selects an AMS modulation source to scale the amount
of the LFO applied to Filter A’s cutoff frequency.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [-99...499]

This controls the depth and direction of the LFO AMS
modulation.

5-4b: Filter B

The settings for Filter B are the same as those for “5—4a:
Filter A,” above.

When Link is On, or when the Filter Routing is set to Single
or 24dB (4-Pole), all of these parameters are grayed out.
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PROGRAM > STR-1: Amp

These pages let you control the sound’s volume (also called
“amplitude,” or “amp” for short), pan, and the dedicated amp
envelopes and keyboard tracking generators. For instance,
you can:

 Set the pan position and pan modulation.

» Control amp level and modulation, including keyboard
tracking, the amp envelope, LFO modulation, and AMS
control.

6-1: Amp

> STR-1:Amp

< Exi  C052: Acoustic STR-1 Guitar

Amp Level
[(FR— Amp Level

6-1b —gul AMS  Off

Intensity  +00

This page controls the basic settings for the Amp section.
Here, you can:

* Set the initial volume level.

» Control the pan position and pan modulation.

6-1a: Amp Level

[0...127]

This controls the basic volume level of the STR-1, before
keyboard tracking, velocity, and other modulation.

Amp Level

MIDI and volume

[l You can control the Program’s overall volume via MIDI
using both Volume (CC#7) and Expression (CC#11).
When used one at a time, the two controllers work in
exactly the same way: a MIDI value of 127 is equal to the
Amp Level setting, and lower values reduce the volume.

If both CC#7 and CC#11 are used simultaneously, the one
with the lower value determines the maximum volume,
and the one with the higher value scales down from that
maximum.

This is controlled on the global MIDI channel (GLOBAL
1-1a).

6-1b: Pan

Pan [Random, L001...C064...R127]

This controls the stereo pan of the EXi. A setting of L001
places the sound at the far left, C064 in the center, and R127
to the far right.

6-1PMC

When Filter Routing is set to Parallel, the two filters can be
panned separately (see “Pan” on page 236) and the STR-1
can create a stereo output. In this case, Pan steers the stereo
image while maintaining the relative volumes of the STR-1’s
left and right outputs. For instance, as you move Pan to the
right of center, the STR-1s left output will start to move to
the right side, until at R127 both the left and right outputs
sound entirely in the right channel.

When this is set to Random, the pan position will be
different for each note-on.

m You can also control pan via MIDI Pan (CC#10). A
CCH#10 value of 0 or 1 places the sound at the far left, 64
places the sound at the location specified by the “Pan”
parameter, and 127 places the sound at the far right.

Note: You can select Random pan only from the on-screen
UI, and not from MIDI. This is controlled on the global
MIDI channel (GLOBAL 1-1a).

AMS [AMS Sources]

This selects an AMS source to modulate Pan. For a list of
AMS sources, see “Alternate Modulation Source (AMS)
List” on page 905.

Intensity [-99...499]

This controls the depth and direction of the AMS modulation
for Pan.

For example, if Pan is set to C064 and AMS is set to Note
Number, positive (+) intensities will cause the sound to
move toward the right as you play higher than C4, and
toward the left as you play lower than C4.

Negative (-) intensities will have the opposite effect.
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6-2: Amp Mod.

> STR-1.Amp
< Exi  C052: Acoustic STR-1 Guitar
Keyboard Track
6-2a —gu
UL
Key Low Break IF#']
Ramp Bottom-Low  +08 Low-Center +08
Amp Modulation
(P2l m— Velocity Intensity ~ +12

AMS1  SW1Mod. (CC#BOD) Intensity

AMSZ LFO3 Intensity

Amp Mod.

This page contains the settings for the STR-1’s Amp level
modulation. Among other things, you can:

* Set up complex keyboard tracking shapes to control the
Amp level.

+ Assign AMS modulation for the Amp level.
* Control the effect of the LFOs on the Amp level.

The total effects of the modulation can increase the volume
to a maximum of two times louder than the Amp Level
setting.

6-2a: Keyboard Track [T

Keyboard tracking lets you vary the volume as you play up
and down the keyboard. Usually, some amount of key
tracking is necessary in order to make the volume consistent
across the entire range.

The STR-1’s Amp keyboard tracking parameters are
identical to the HD-1’s. For more detailed explanations of
the parameters, please see “4—2a: Keyboard Track,” on
page 76.

There is one difference between the two, however: the STR-
1’s Amp tracking is affected by Portamento, so that it
changes smoothly during glides.

Key
[C-1...G9]

This sets the breakpoint note between the two lower ramps.

Low Break

[-Inf, -99...499, +Inf]
This sets the slope between the Low Break and Center keys.

Low-Center

Center

c4

6-2PMC

F#6
High-Top -12

High Break
Center-High -10

Intensity Mod. AMS off

Intensity +00

Intensity Mod. AMS
Intensity

X-Y +X Mod. (CC#85)

+50

[C-1...G9]

This sets the center of the keyboard tracking. At this key, the
keyboard tracking has no effect on the volume, or on any
AMS destinations.

High Break [C-1...G9]

This sets the breakpoint note between the two higher ramps.

Center

Ramp

[-Inf, =99...+99, +Inf]

This sets the slope between the bottom of the MIDI note
range and the Low Break key. For normal key track, use
negative values.

Bottom-Low

Ramp Change in level
-Inf Silent in one half-step
-99 Silent in one whole-step
-95 Silent in one octave
-48 Silent in two octaves
-25 Silent in four octaves
00 no change
+25 x2 in four octaves
+50 X2 in two octaves
+99 X2 in one octave
+Inf X2 in one half-step

For normal key track, use negative values.
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[-Inf, -99...+99, +Inf]
This sets the slope between the Center and High Break keys.
For normal key track, use positive values.

High-Top [-Inf, -99...4+99, +Inf]

This sets the slope between the High Break key and the top
of the MIDI note range. For normal key track, use positive
values.

Center-High

6-2b: Amp Modulation

You can modulate the Amp level by velocity and two AMS
sources. Each of the AMS sources also has its own
secondary intensity modulation.

This modulation scales the basic Amp level and Amp EG
level parameters. If these original levels are low, the
maximum volume available with modulation will also be
reduced.

Note that there is an upper limit to Amp modulation. Once
the volume level reaches double the programmed Amp
Level and Amp EG level settings, it cannot be increased any
further.

[-99...4+99]

With positive (+) values, the volume will increase as you
play harder.

Velocity Intensity

With negative (—) values, the volume will decrease as you
play harder.

AMS1 [AMS Sources]

This selects the first modulation source for the Amp level.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...499]

This sets the initial amount of AMS1. The Intensity Mod
AMS then adds to this initial amount.

Intensity Mod AMS [AMS Sources]

This selects a secondary AMS modulation source to scale
the intensity of AMSI.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...499]
This controls the depth and direction of the Intensity Mod
AMS. Even if the main AMSI Intensity is set to 0, Intensity
Mod AMS can still control the final amount of AMS A over
the full +/-99 range.

For example, if AMSI1 is set to LFO1, and Intensity Mod
AMS is set to JS+Y, positive settings mean that pushing the
joystick away from yourself will increase the intensity of the
LFO modulation of Amp.

AMS2 [AMS Sources]

This selects a second modulation source for the Amp level.
For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Intensity [-99...4+99]

This sets the initial amount of AMS2. The Intensity Mod
AMS then adds to this initial amount.

Intensity Mod AMS [AMS Sources]

This selects a secondary AMS modulation source to scale
the intensity of AMS2.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

[-99...+99]

This controls the depth and direction of the Intensity Mod
AMS. Even if the main AMS?2 Intensity is set to 0,
Intensity Mod AMS can still control the final amount of
AMS A over the full +/-99 range.

Intensity
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6-3: Amp EG 2=

1-1:Amp

exi C052: Acoustic STR-1 Guitar

EG Reset

6-3a —aaS VI [ Threshold ~ +00

Envelope
6-3b —g Start
Attack
Attack 3
Level Modulation

[(BEIE— AMS  Off

Time Modulation
e AMS1  Exponential Velocity
AMS2  Off

AMS3  Off

The STR-1’s Amp EG is identical to the HD-1’s. For more
detailed explanations of the Amp EG features, please see “4—
3: Ampl EG,” on page 79.

Other envelopes can be used as additional controls via AMS,
if desired.

6-3a: EG Reset

AMS [AMS Sources]

This selects an AMS source to reset the EG to the start point.
For instance, you can use a tempo-synced LFO to trigger the
EG in a repeating rhythm. This reset is in addition to the
initial note-on, which always causes the EG to start.

Note: Once the Amp EG is in its Release segment, it cannot
be reset. (Otherwise, the sound might keep playing forever!)

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Threshold [-99...+99]

This sets the AMS level which will trigger the EG reset.
Among other things, you can use this to adjust the exact
point in an LFO’s phase at which the EG will be reset,
effectively controlling its “groove” against other rhythmic
effects.

When the threshold is positive, the EG triggers when
passing through the threshold moving upwards. When the
threshold is negative, the EG triggers when passing through
the threshold moving downwards.

Note: With some LFO shapes, and with faster LFO speeds,
the LFO may not always reach the extreme values of +99 or
-99. In this case, setting the Threshold to these values may
cause inconsistent behavior, or may mean that the EG
doesn’t reset at all. If this happens, reduce the Threshold
until the EG triggers consistently.

6-3PMC

J 08000

Sustain
Release

Release

Release
Release

Release

6-3b: Amp EG

These parameters specify how the amp EG will change over
time.

Amp EG

Start Attack Break Sustain
Level Level Level Level

Volume
Attack  Decay ;;p; Release
Time Time Time Time
Note-on or reset Note-off

Level
Start [00...99]
This sets the initial volume level at note-on.
Attack [00...99]
This sets the level at the end of the Attack time.
Break [00...99]

Break, short for Break Point, sets the level at the end of the
Decay time.

Sustain [00...99]

This sets the level at the end of the Slope time. Once it
reaches the Sustain level, the EG will stay there until note-
off (unless it is reset via AMS).

Time
Higher values mean longer times. For a chart showing
equivalents in milliseconds, please see “Time” on page 80.
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Attack [00...99]

This sets how long the EG takes to move from the Start level
to the Attack level.

The minimum attack time is 2/3 of a millisecond—as fast as
the most punchy of classic analog synths.

For the fastest possible attack time, you can set the Start
level to +99; in this case, the EG will start instantaneously at
its maximum value.

Decay [00...99]

This sets the time it takes to move from the Attack level to
the Break level.

[00...99]

This sets how long the EG takes to move from the Break
level to the Sustain level. Once it reaches the Sustain level,
the EG will stay there until note-off (unless it is reset via
AMS).

Slope

[00...99]

This sets how long it takes the EG to move from the Sustain
level to silence.

Release

Curve

Classic analog synth envelopes created curved shapes
naturally. The NAUTILUS goes a step further than vintage
synths, however, and lets you control the amount of
curvature separately for each of the four envelope segments.

When you change the curvature, the EG times remain the
same. However, greater curvature will tend to sound faster,
because the value changes more quickly at the beginning.

You may find that different amounts of curvature are suitable
for segments which go up and segments which go down.

For instance, a curve of 3 is a good default setting for
upward segments, such as Attack. On the other hand, a curve
of 6 or more is good for downward segments, such as Decay
and Release.

Attack [0 (Linear), 1...9, 10 (Exp/Log)]
This sets the curvature of the Attack segment - the transition

from the Start level to the Attack level.

Decay [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Decay segment - the transition
from the Attack level to the Break level.

Slope [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Slope segment - the transition

from the Break level to the Sustain level.

Release [0 (Linear), 1...9, 10 (Exp/Log)]

This sets the curvature of the Release segment - the
transition from the Sustain level to the Release level.

6-3c: Level Modulation

These settings let you use an AMS source to control the
Level parameters of the EG. The Start, Attack, and Break
levels share a single AMS source, but can each have
different modulation intensities.

Note: Once the EG has started a segment between two
points, that segment can no longer be modulated. For
instance, if the EG is in the middle of the Decay time, you
can no longer modulate either the Decay time or the Break
level.

This also means that modulating the Start level, Attack level,
or Attack time will not affect notes that are already
sounding, unless the EG is then reset via AMS.

AMS [AMS Sources]

This selects an AMS source to control the EG’s Level
parameters.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.

Start [-99...4+99]
This controls the depth and direction of the AMS modulation
for the Start level.

Attack [-99...499]
This controls the depth and direction of the AMS modulation
for the Attack level.

Break [-99...4+99]

This controls the depth and direction of the AMS modulation
for the Break level.

6-3d: Time Modulation

These settings let you use three different AMS sources to
control the Time parameters of the EG. For each of the three
AMS sources, the Attack, Decay, Slope, and Release times
each have their own modulation intensities.

AMS1 [AMS Sources]

Selects the first AMS source to control the EG’s Time
parameters. Velocity and Keyboard Track can both be useful
here, for instance.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Attack [-99...+99]

This controls the depth and direction of the AMS modulation
for the Attack time.

When the AMS source is at its maximum value—for instance,
when Velocity is at 127-a setting of +8 will make the
segment time almost twice as long, and a setting of -8 will
cut the segment time almost in half.

Decay [-99...499]
This controls the depth and direction of the AMS modulation
for the Decay time.
Slope [-99...+99]
This controls the depth and direction of the AMS modulation
for the Slope time.

Release [-99...499]

This controls the depth and direction of the AMS modulation
for the Release time.
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AMS2 and AMS3

These select the second and third AMS sources, respectively,
for controlling the EG’s Time parameters. Each has its own
intensities for Attack, Decay, Slope, and Release. The
parameters of both AMS2 and AMS 3 are identical to those
of AMSI, above.

v 6-3:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113
* Copy Envelope —p.182
* Swap Envelope —p.182

« PAGE —p.126
+ MODE —p.126
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PROGRAM > STR-1: EG 1-4

The STR-1 has four assignable EGs, in addition to the Amp
EG. Each of these can be used as an AMS modulation source
to control a wide variety of parameters.

There are also two parameters with dedicated EG
modulation inputs: Frequency for Filters A and B. Any of
the four EGs can be used for these modulation routings.

In the midst of all this flexibility, we thought it would also be
good to provide a little structure. With this in mind, EG 1 is
named EG 1 (Filter), and EG2 is named EG 2 (Pitch).

Please take these names as suggestions, rather than
restrictions. If you like, you’re free to use these envelopes to
control any EG or AMS destination, or to use other EGs to
control Filter Frequency or Pitch.

7-1: EG 1 (Filter) ==

7-2: EG 2 (Pitch) ==

7-3:EG 3 2=

7-4:EG 4 =22

The STR-1’s EGs 1-4 are identical to the AL-1’s EG1. For
detailed explanations, please see “7—1: EG 1 (Filter),” on
page 169.

PROGRAM > STR-1: LFO 1-4

The STR-1 has four assignable LFOs, in addition to the EXi
Program’s Common LFO. Each of these can be used as an
AMS modulation source to control a wide variety of
parameters.

8-1:LFO 1 &=

8-2:LFO 2 ez

8-3:LFO 3 e

8-4:LFO 4 e

The STR-1’s LFOs 1-4 are identical to those of the AL-1.
For detailed explanations, please see “8-2: LFO 1,” on
page 175.



PROGRAM > STR-1: AMS Mixers/String Track 9-1: AMS Mixers 1/2

PROGRAM > STR-1: AMS Mixers/String Track

AMS Mixers

The AMS Mixers combine two AMS sources into one, or
process an AMS source to make it into something new.

For instance, they can add two AMS sources together, or use
one AMS source to scale the amount of another. You can

also use them to modify the response of realtime controllers.

The AMS Mixer outputs appear in the list of AMS sources,
just like other controllers.

This also means that the original, unmodified inputs to the
AMS Mixers are still available as well. For instance, if you
use Aftertouch as an input to a AMS Mixer, you can use the
processed version of the Aftertouch to control one AMS
destination, and the original version to control another.

Finally, you can cascade the AMS Mixers together—for
instance, you can use AMS Mixer 1 as an input to AMS
Mixer 2.

String Track

The String Track tracking generators allow you to scale
parameters based on the string on which the note is played.
This helps to model the sonic characteristics of the different
strings, such as different materials (as with the nylon and
steel strings of an acoustic guitar), different gauges of
strings, and so on.

9-1: AMS Mixers 1/2

9-2: AMS Mixers 3/4

The STR-1’s AMS Mixers are identical to those of the AL-1
(although the STR-1 has four, to the AL-1’s two). For
detailed explanations, please see “9—1: AMS Mixer,” on
page 179.

9-9: String Track =22

= 5TR-1T:AM

String Track

< Exi  C052: Acoustic STR-1 Guitar

Fret Position

[P — Fret Position IOpen AMS  Velocity

Intensity ~ +00

Strings
9-9b —

String Track
[CRCTE—  String Track!

String Track2

Multi-stringed instruments, such as guitars, often include
strings of different thicknesses, or strings created using
different techniques or materials. For instance, strings may
be:

¢ Round-wound, flat-wound, or un-wound
+ Steel, brass, copper, or nylon

+ Thicker (heavy-gauge) or thinner (light-gauge)

9-9PMC

+000.0 5 +000.0
+000.0 5 +0000

String
Track

For instance, electric guitars may use wound low strings
along with un-wound high strings. Similarly, classical
guitars generally use nylon treble strings along with wound-
metal bass strings.

This means that some strings may sound very distinct from
others, quite aside from the differences in pitch. It’s almost
as if each string was a sub-instrument of its own.
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In order to physically model these differences, it’s
sometimes helpful to modulate certain parameters separately
for each string, such as Damping, Decay, Dispersion,
Inharmonicity, etc.

String Track lets you do exactly this. It’s a variation of
keyboard tracking, which divides the keyboard into 6 zones,
corresponding to 6 strings. You can then set four different
offsets for each string: one each for Damping and
Dispersion, and then the two general-purpose String Track
1 and 2. All four can be used as AMS sources throughout the
STR-1.

Fret Number AMS Source

Strings may also change in timbre as you move up the neck,
playing higher and higher notes. To model this, you can use
an additional AMS source, Fret Number.

Fret Number provides the distance up the neck for the
current note. When the note is an “open string,” Fret
Number’s value is zero. As notes move up the fretboard,
Fret Number increases. Once the next “open string” is
reached, Fret Number goes back to zero, and starts over
again.

9-9a: Fret Position [

Fret Position [Open, 1...48]

This controls the position at which the notes are played
along the neck. This can have a significant effect on the
timbre, since it may change the string on which a note is
played.

To do this, Fret Position shifts the relationship between
notes played on the keyboard (or via MIDI) and the selected
String pitches. This changes the break-points for all of the
String Track generators at once.

This means that as the Fret Position increases, the same
note will be played in higher positions on the neck, using
lower strings.

The current fret position (in other words, the combination of
Fret Position and its AMS) is itself available as the AMS
source named, appropriately, Fret Position.

AMS [List of AMS Sources]

This selects a modulation source to control the Fret
Position. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [-48...+48]

This controls the depth and direction of the Fret Position
AMS modulation.

9-9b: Strings
Strings 1-6 [C-1...G9]

These six parameters set the pitches of the strings, from the
lowest pitch (String 1) to the highest pitch (String 6). These
define keyboard zones, as shown below.

The same String settings are used for all String Track
generators, including those for Damping and Dispersion.
They are also used for the Excitation, Harmonic, and Pickup
positions when their Tracking Mode parameters are set to
String Track.

For more information, see “4—5a: Excitation” on page 221,
“4—5b: Harmonic” on page 223, “4—6a: Damping” on

page 225, “4—6b: Dispersion” on page 225, “4-8a: Pickup 1”
on page 230, and “4-8b: Pickup 2” on page 231.

String Track - strings and zones

String 1 213 1]4]5

String 1: String 6:
E2 E4
String 2: String 5:

A2 B3

String 3:
D3
String 4:
G3

String 6

9-9c¢: String Track 1 %%
(Strings) 1...6 [-100.0...4+100.0]

These set individual offsets for the six Strings. You can use
these to modulate any AMS destination; they appear in the
AMS list as String Track 1.

9-9d: String Track 2 [T2¥=2

This is a second set of individual String offsets, which
appear in the AMS list as String Track 2. The parameters are
identical to those of “9-9c: String Track 1,” above.

v 9-9: Page Menu Commands
+ Compare —p.112

*  Write Program —p.112

» Exclusive Solo —p.113

. PAGE —p.126
« MODE —p.126
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STR-1: Tone Adjust

STR-1 Tone Adjust Default Settings

Button 1, 2:
PCM Transpose +12, Button 7, 8:
String Transpose +12 LFO1 Stop
LFO2 Stop
Button 15, 16:
LFO3 Stop
LFO4 Stop
String String String String  StrExcitation StrHarmonic  Pickup 1 Pickup 2
Damping Dispersion Decay Nonlinearity ~ Position Position Position Position
1 2 k] 4 5 6 7 8
1:8tr 1:8tr 1:81r 1:Str 1:5tr 1:Str 1:Pkup 1:Pkup
Damping Disperse Decay Nonlin Exc Posi HrmPosi 1 Posi 2 Posl.
025.0 066 +000,0 7 0500 011.0
Harmonic Pressure
Pluck Pluck Pluck  AMST1 Intensity String PCM Osc Noise Pickup 1 Pickup 2
Type Width Randomization Level Level Level Level Level
10
1:Pluck 1:Pluck 1:5tr 1:Str 1:Noise 1:Pkup
Width Random. HrmPres Level Level 1 Level
+000.0 +008.5
Tone Adjust provides an elegant physical interface to the the existing parameter value, or Absolute, in which case
STR-1’s parameters. Most of the factory sounds use the they over-write the existing value. Unless otherwise noted,

default layout, as shown above. You can also customize the all of the STR-1 parameters are Absolute.
layout for individual sounds, if desired.
Pluck

For more information about Tone Adjust, please see “0-9a:
* Pluck Type

Tone Adjust,” on page 29.
* Pluck Randomization

* Pluck Delay
* Pluck Width

STR-1 Tone Adjust parameters

The STR-1 supports all of the Common Tone Adjust
parameters, as described under “0-9a: Tone Adjust,” on ) )
page 29. It also adds a number of its own additional * Pluck Width AMS] Intensity

parameters, which apply only to the STR-1. Noise

Note that these additional parameters are separate for each

. . .. * Noise Saturati
EXi, as opposed to being shared by both EXi in the Program. o1se Saturation

* Noise Filter F
All of the additional parameters are listed below. Tone olse Fier Frequency
Adjust parameters may affect the internal parameters in one

of two ways: they may be Relative, in which case they scale
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PCM Oscillator

* PCM Osc MS Select (PROG/0...16383)

* PCM Osc MS Bank (MS: ROM Mono...EXs7 Mono)
* PCM Osc MS Min # (meta)

* PCM Osc MS Max # (meta)

* PCM Osc Start Offset

* PCM Osc Reverse

PCM Pitch

e PCM Tune (-1200...+1200, relative)
* PCM Transpose (—12...+12, relative)
* PCM Pitch Slope

* PCM Pitch LFO AMS Intensity

Excitation Mixer
« Excitation PCM Oscillator level
» Excitation Pluck Level

« Excitation Noise Level

Excitation Filter
+ Excitation Filter Type
» Excitation Filter Frequency

» Excitation Filter Resonance

String

+ Excitation Position

* Harmonic Position

* Harmonic Pressure AMSI Intensity

* Decay

* Nonlinearity

* Damping

+ Dispersion

String Pitch

 String Tune (—1200...+1200, relative)
+ String Transpose (—12...+12, relative)
+ String Pitch Slope

+ String Pitch LFO AMS Intensity
Pickups

+ Pickup 1 Position

» Pickup 2 Position

Feedback

» Feedback Level AMS Intensity

» Feedback Distance AMS Intensity

» Feedback Orientation AMS Intensity

Mixer

+ String Level

* PCM Oscillator Level
* Noise Level

* Pickup 1 Level

* Pickup 2 Level

Filter A

In addition to the standard Tone Adjust filter parameters, the
STR-1 adds the following:

+ Filter A Type

* Filter A Cutoff

* Filter A Resonance
 Filter A EG Intensity
* Filter A LFO Intensity

Filter B

Filter B has the same Tone Adjust parameters as Filter A,
above.

Amp

* Amp AMS 1 Intensity

*  Amp AMS 2 Intensity

EGs

In addition to supporting the standard Tone Adjust EG
parameters, the STR-1 adds the following separate controls
for both EG3 and EG4:

» Attack time (relative)
* Decay & Slope time (relative)
+ Sustain level (relative)

* Release time (relative)

LFOs

In addition to supporting the standard Tone Adjust LFO
parameters, the STR-1 adds the following separate controls:

« LFO 1,2, 3, and 4 Waveform
* LFO 1,2, 3, and 4 Shape

* LFO 3 Speed (relative)

* LFO 3 Fade (relative)

* LFO 3 Delay (relative)

* LFO 3 Stop

* LFO 4 Speed (relative)

* LFO 4 Fade (relative)

* LFO 4 Delay (relative)

* LFO 4 Stop
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EXi STR-1: Page Menu Commands

Compare

Write Program

Exclusive Solo

Remap MS/Sample Banks
Copy Envelope

Swap Envelope

Copy LFO

Swap LFO

PAGE

MODE

—p.112
—p.112
—p.113
—p.121
—p.182
—p.182
—p.182
—p.182
—p.126
—p.126
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MS-20EX Overview

The MS-20EX is a flexible, semi-modular virtual analog
synthesizer. At its heart is a faithful re-creation of the
original Korg MS-20, including both its features and its
distinctive, often aggressive timbral signature.

To this core, we added features first introduced in the Korg
Legacy MS-20 plug-in. Then, we added significant patch-
panel modifications inspired by the MS-20’s big brother, the
MS-50, plus many other NAUTILUS-only enhancements.
Features include:

» Korg’s proprietary CMT (Component Modeling
Technology)

» Up to 40-voice polyphony

« Two oscillators (including ring modulation), noise
generator, and resonant, self-oscillating highpass and
lowpass filters

* Many modifications to the Patch Panel, including
separate access to VCOs 1 & 2, LPF, HPF, BPF, and
VCA

* Two new patchable 2-in, 1-out audio-rate mixers, for
combining and scaling audio and control signals

* Original MS-20 HADSR and DAR envelopes, plus four
additional multi-stage EGs

* Original MS-20 MG and sample-and-hold, plus four
additional LFOs

* AMS modulation of all original MS-20 parameters,
along with four AMS Mixers

» Live audio input

» External Signal Processor, with dedicated filters,
triggering, and audio-to-CV conversion

» Access to all standard EXi Program features, including
the Common LFO, Common Step Sequencer, Key Track
1 & 2, Arpeggiator, EQ, and effects—as well as layering
with any other EXi (including using two MS-20EXs
together!)

MS-20EX uses EXi fixed resources

The MS-20EX takes up a very small amount of processing
power, even if you’re not playing any notes on the keyboard.
This amount is around 1/12 that of the CX-3, but if other EXi
are using large amounts of fixed resources, the number of
MS-20EX that you can load may be limited. Each EXi in
each Program counts towards the maximum; for instance, a
Program with two MS-20EX’s counts as two, not as one.

For more information, see “CX-3 & other EXi: Limitations
on EXi fixed resources” on page 380.

MS-20EX Overview

l AMS
EG 3-6 LFO 1-4 Mixer 1.4
HPF LPF VCA e
S
‘ Noise S&H ‘ MVCA ' Mixer 1
N\
MG EG1 EG2 Mixer 2

External Signal Processor

Audio

Input Amp LPF

HPF &

Audio-+to- Env
cv Follower

O oc

Legend

Audio, per-voice
per-Program

—p Audio
— —— 3 Modulation

Modulation
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Unsupported EXi Common parameters

The MS-20EX supports all of the EXi Common parameters,
except for two of the voice allocation options: Poly Legato
and Mono Mode (Normal/Use Legato Offset).

All of the other voice allocation options are fully supported,
including Mono, Mono Legato, Unison, etc.

On-screen knobs and switches and the Parameter Details area

Parameter Details

The LCD displays include graphic knobs for all of the main
MS-20EX parameters. These let you view and edit
parameters quickly and easily.

You can program any original MS-20 sound using only these
knobs. If you want more flexibility and control, however, the
MS-20EX offers four additional EGs and LFOs, four AMS
mixers, access to the EXi Program’s Common LFO,
Common Step Sequencer, and AMS modulation for almost
every original MS-20 parameter.

The entryway to these advanced features is the Parameter
Details area, located in the lower right-hand part of the
display. This shows information for the selected knob or
switch, including its parameter group and parameter name,
its exact value, and its AMS assignments:

Parameter Details area

VCO MIXER
VCO 2 LEVEL

| 5,00

AMS LFO4

Intensity +10.00
Int Mod Knob Mod.5 (CC#20)

Intensity 10.00

Using the graphic parameters

Editing knobs
To edit knobs:
1. Touch the knob.

A yellow square will appear around the knob, showing that it
has been selected. The Parameter Details area will change to
show the name and value of the current parameter, along
with other related information.

2. Touch and then drag the knob to change its value. You
can use either up-down or right-left gestures.
or:
Use any of the VALUE controllers to edit the value.

You can use the +/- buttons, or the VALUE dial.

As you edit the value, notice that the graphic knob moves,
and that the value in the Parameter Details area changes as
well.

Editing on/off switches

To edit an on/off switch, such as the MG KEY SYNC
button, simply:

1. Touch the switch to toggle the value.

Assigning AMS modulation

Most parameters support modulation via AMS. Sources and
intensities can be edited in the Parameter Details area:

1. Touch the knob.

If the parameter supports AMS modulation, the Parameter
Details area will show one or more AMS sources and
intensities.

2. Edit the AMS settings in the Parameter Details area.

Note: The graphic knobs always show their stored value.
Absolute Tone Adjust settings edit these values, just as if
you were editing the parameters themselves, and so the
graphics will show the results. However, AMS modulation
does not edit the stored value, and so the graphics do not
include the results of AMS.

Note also that AMS can sometimes modulate parameters
outside the range of the stored values, as if you were pushing
the parameter beyond the ends of the knob.
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EXi PROGRAM > MS-20EX: Home

0-1: Overview

IMe

> |E006: S&H 5th Comp

Overview
Mix Balance

Quick
Layer

This is the main page of PROGRAM mode. For a full
description of this page and all of its functions, please see
“EXi PROGRAM > Home” on page 127. This section
describes only the overview display, which differs for each
individual EXi.

0-1b: Overview and Page Jump

This part of the page shows an overview of the most
important settings for the Program’s two EXi instruments.
The specific parameters will vary, depending on which EXi
are being used. The specific parameters for the MS-20EX
are described below.

The graphics give you a quick way to check all of these
settings at a glance. They also let you jump instantly to any
of the displayed parameters. Just touch one of the sections,
and you’ll jump to the page containing its parameters. For
instance, if you touch the Filter graphic, you’ll go to the
Oscillator and Filter page.

Tip: Pressing EXIT several times will always bring you back
to this page.

Oscillators and Filters

This section shows the waveforms for Oscillators 1 and 2,
and the cutoff frequencies for the Highpass and Lowpass
filters. Touch this area to jump directly to the Oscillators &
Filters page.

MG/EG/Mod

This section shows the waveform and frequency of the MG,
and the Attack and Release times for EGs 1 and 2. Touch this
area to jump directly to the MG, EG, & Modulation page.

0-1PMC

FastSynth
EXi

3Band EQ

MS-20 Off DrumT

Mute Mute

127 127

Quick
Split

Patch Panel

This section shows a miniature overview of the Patch Panel,
with its cables and jacks. Touch this area to jump directly to
the Patch Panel page.

EGs and LFOs

EG 3...6 Graphics

These show the shapes of the four multi-stage EGs. Touch
any of them to jump directly to the corresponding edit page.
LFO 1...4 Graphics

These show the waveforms and shapes of the four LFOs.
Touch any of them to jump directly to the corresponding edit

page.
Key Zone

Key Zone

This shows the key zones for EXil and EXi2, as set on the
Common section’s Program Basic page, in relation to the
entire MIDI note range. The range of the 61-, 73-, or 88-note
keyboard is also shown, as appropriate.

Press this area to jump to the Program Basic page.

257



258

EXi: MS-20EX

0-1d: Common
3Band EQ Graphic

Mute (1)

Mute (2)

Mute (DrumT)

EXi1 Instrument Volume
EXi2 Instrument Volume

Drum Track Volume

[On, Off]
[On, Off]
[On, Off]
[000...127]
[000...127]
[000...127]

This is the same as with HD-1 programs. For more
information, please see “0—1d: Common” on page 4.

v 0-1:Page Menu Commands

* Compare —p.112

*  Write Program —p.112

» Exclusive Solo —p.113

* Show MS/WS/DKit Graphics —p.113

* Add To Set List —»p.113

* Initialize Program —p.113

« PAGE —p.126
« MODE —p.126
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PROGRAM > MS-20EX: Oscillators & Filters

4-1: Oscillators & Filters

illators & Filters

i E006: S&H 5th Comp

4-1a: Oscillators
VOLTAGE CONTROLLED OSCILLATOR 1
WAVEFORM [A N, T~ WWM]

This sets the basic timbre of Oscillator 1.

/\ (Triangle Wave): This is a very basic waveform with
few harmonics and a soft, rounded tone color. You can create
a sine wave by processing the Triangle Wave through the
Lowpass Filter. The original MS-20 manual notes that
Triangle waves are “excellent for flute, vibes and other such
effects.”

Note: The Triangle is a little more computationally intensive
than the other waveforms, so using it will result in slightly
lower polyphony.

I\ (Sawtooth): This is the foundation of the traditional,
buzzy analog synth sound. The original MS-20 manual
describes it this way: “A waveform rich in all the harmonics,
and one of the most useful to the synthesist. Used for string,
brass, voice and other harmonically rich sounds.”

'L — [ (Square/Pulse Wave): This is a variable
waveform shape, whose timbre depends upon the PW
setting, as described below.

W(White Noise): This is an un-pitched sound, containing
equal amounts of all frequencies. The original MS-20
manual suggests using this for “wind, surf, gunshot,
percussion, and other such effects.”

PW [0.00...10.00 (50%...0%)]

This adjusts the pulse width when Oscillator 1’s Waveform
is set to Square/Pulse.

4-1PMC

OSCILLATOR 1
VCO 1 WAVEFORM ISAW

AMS off

Intensity +0

0.00 produces a square wave. Increasing the value produces
narrower pulses, until at 10.00 the pulse is so narrow as to be
silent.

The original MS-20 didn’t support pulse-width modulation,
except by sweeping the knob manually. With the MS-20EX,
however, you can modulate PW via AMS. Try using a
medium-speed triangle LFO, or a sweeping EG.

More on Pulse Width

Pulse waveforms are simple, rectangular shapes. The Pulse
Width sets the percentage of the waveform spent in the “up”
position. A few examples are shown in the diagram below.
Note that a square wave is just a pulse wave with PW/PWM
set to 0.00.

The width controls the timbre of the oscillator, from pure
and hollow at 0.00 (a square wave) to thin, reedy, and nasal
at higher settings.

At the maximum setting of 10.00, the Pulse wave will be
silent, since this eliminates the “pulse” altogether.
Pulse Width =9.00

Pulse Width = 0.00 Pulse Width = 5.00

SCALE [32] 16, 8, 4']

Adjusts the pitch of Oscillator 1 in steps of an octave. With
each halving of the “feet” value, the pitch goes up one
octave. For example, 4' is one octave higher than 8', and 16’
is one octave lower that 8'.
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VOLTAGE CONTROLLED OSCILLATOR 2

WAVEFORM [N,IL, [L,RING
This sets the basic timbre of Oscillator 2.

N (Sawtooth): This produces the traditional, buzzy analog
synth sound. For more information, see “WAVEFORM” on
page 259.

"L (Square Wave): This is a hollow-sounding waveform,
containing only odd-numbered harmonics. The original MS-
20 manual notes that this is used to “simulate reed
instruments and other closed pipe sounds.”

[ (Pulse Wave): This is a relatively narrow pulse
waveform, with a nasal tone quality and strong upper
harmonics. The original MS-20 manual suggests that it be
used to “simulate double reed instruments (e.g., the oboe)
and certain plucked string sounds (e.g., harpsichord and
clavinet).”

RING (Ring Modulator): This setting combines the two
VCOs to create sums and differences of all their harmonics,
creating a complex tone. The original MS-20 manual
describes it this way: “The result is a clangorous, “metallic”
sound which is useful for gong, chime and other such effects.
VCO 1 and VCO 2 SCALE, PITCH, and PW all affect the
resulting sound, and should be used judiciously to create the
desired effect.”

PITCH [-12.00...+12.00]

This adjusts the pitch of Oscillator 2 up and down by one
octave, in one-cent steps. You can create thicker sounds by
moving this slightly away from 0.00, so that the two
oscillators beat against one another.

SCALE [16;8)4; 2]

This adjusts the pitch of Oscillator 2 in steps of an octave.
Note that the range is one octave higher than that of
Oscillator 1.

PORTAMENTO
TIME [0.00...10.00]

This controls the amount of time it takes to glide from one
pitch to the next.

[ This is scaled by MIDI CC#5. You can also enable and
disable Portamento using MIDI CC#65 (“Portamento
Switch”). For more information, see “Assigning SW1 or
SW2 to Portamento On/Off” on page 151

FINE TUNE

FINE TUNE [-5.00...+5.00]

This adjusts the pitch of the oscillators, in steps of 1/5 of a
cent (for a total range of +/- 1 semitone).

FREQUENCY MODULATION

Each of the FREQUENCY MODULATION controls affects
both VCO 1 and VCO 2.

MG/T.EXT [0.00...10.00]

If nothing is connected to the patch panel’s TOTAL input
jack, this adjusts the depth of pitch modulation from the
MG’s Triangle Wave.

If a cable is connected to the TOTAL input jack, this
controls the depth of pitch modulation from that signal.

For more information, see “TOTAL input jack” on page 269.
[ This is scaled by MIDI CC#77.

EG1/EXT [0.00...10.00]

If nothing is connected to the patch panel’s FREQ jack, this
controls the depth of pitch modulation from EG 1.

If a cable is connected to the FREQ jack, this controls the
depth of pitch modulation from that signal.

With nothing connected to the FREQ jack, try increasing the
EGI1/EXT value, and then play a note on the keyboard.
Notice that the pitch of the note rises and falls corresponding
to EG 1’s DELAY, ATTACK, and RELEASE controls.

With the normalled connection to EG1, the pitch always
starts low, rises to the played note, and then falls again on
release. The setting of the EG1/EXT knob determines the
low point of this modulation, while the high point stays
constant.

You can create a different effect by manually patching the
EG1 OUT jack into the FREQ jack. In this case, the pitch
will start at the played note, rise up to the EG1/EXT setting,
and then fall back to the played note.

VCO Mixer

This mixer controls the levels of the two VCOs into the
Highpass Filter.

Note that both filters will show some amount of saturation

and overdrive when their input levels are high, and PEAK

settings are moderate or high. You can control the resulting
tone by rasing or lowering the VCO levels in this mixer.

VCO 1 LEVEL [0.00...10.00]
This adjusts the volume of Oscillator 1.
VCO 2 LEVEL [0.00...10.00]

This adjusts the volume of Oscillator 2.

4-1b: High Pass Filter
VOLTAGE CONTROLLED HIGHPASS FILTER

This filter cuts out the parts of the sound which are lower
than the cutoff frequency. You can use this to make timbres
sound thinner or more buzzy, or to enhance bass sounds (see
“Using the HPF as a sub-oscillator for bass sounds,” below).

FREQUENCY [0.00...10.00]
This controls the cutoff frequency of the Highpass Filter.
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PEAK [0.00...10.00]

Peak controls the resonance of the filter, which emphasizes
the frequencies around the cutoff frequency.

When this is set to 0, there is no emphasis, and frequencies
beyond the cutoff will simply diminish smoothly.

At medium settings, the resonance will alter the timbre of the
filter, making it sound more nasal, or more extreme.

At very high settings, the resonance can be heard as a
separate, whistling pitch. Near the maximum setting, the
filter will self-oscillate.

PEAK and filter saturation

If the input level is high, raising the PEAK setting will cause
increasing amounts of saturation and overdrive, creating a
more aggressive tone. To control this, raise or lower the
input level at the source—for instance, in the VCO MIXER.

Using the HPF as a sub-oscillator for bass sounds

With PEAK set relatively high, and FREQUENCY turned
down low, the HPF can—somewhat counter-intuitively— be
used to enhance low-end harmonics, creating thunderously
deep bass sounds. To do so:

1. Start with a simple bass sound.

2. On the Patch Panel, connect the KBD CV OUT to the
HPF CUTOFF FREQ input.

This allows the HPF to track the keyboard.
3. Set the HPF PEAK to around 7 or 8.

4. Set the HPF FREQUENCY very low, but not quite at
0.

5. Set the EG2/EXT knob to about 5.

6. While playing the sound, adjust the FREQUENCY
and EG2/EXT settings so that the filter resonance
tracks the pitch correctly in the intended playing
range.

With this setup, the resonance will only match the oscillator
pitches over about one and a half octaves.

CUTOFF FREQUENCY MODULATION (HPF)

MG/T.EXT [0.00...10.00]

If nothing is connected to the patch panel’s TOTAL input
jack, this adjusts the depth to which the MG will modulate
the filter cutoff frequency.

If a cable is connected to the TOTAL input jack, this
controls the depth of modulation from that signal.

For more information, see “TOTAL input jack” on page 269.

EG2/EXT [0.00...10.00]

If nothing is connected to the HPF’s CUTOFF FREQ input
jack, this adjusts the depth to which EG 2 will modulate the
filter cutoff frequency.

If a cable is connected to the HPF’s CUTOFF FREQ input
jack, this controls the depth of modulation from that signal.

4-1c: Low Pass Filter
VOLTAGE CONTROLLED LOWPASS FILTER

The Lowpass Filter cuts out the parts of the sound which are
higher than the cutoff frequency. This is the most common
type of filter, and is used to make bright timbres sound
darker.

FREQUENCY [0.00...10.00]
This controls the cutoff frequency of the Lowpass Filter.
M This is scaled by MIDI CC#74.

PEAK [0.00...10.00]

Peak controls the resonance of the filter, which emphasizes
the frequencies around the cutoff frequency. For more
information, see “PEAK,” above.

m This is scaled by MIDI CC#71.
CUTOFF FREQUENCY MODULATION (LPF)

MG/T.EXT [0.00...10.00]

If nothing is connected to the TOTAL input jack, this
adjusts the depth to which the MG will modulate the filter
cutoff frequency.

If a cable is connected to the TOTAL input jack, this
controls the depth of modulation from that signal.

For more information, see “TOTAL input jack” on page 269.

EG2/EXT [0.00...10.00]

If nothing is connected to the LPF’s CUTOFF FREQ input
jack, this adjusts the depth to which EG 2 will modulate the
filter cutoff frequency.

If a cable is connected to the LPF’s CUTOFF FREQ input
jack, this controls the depth of modulation from that signal.

[ This is scaled by MIDI CC#79.

4-1d: PITCH
BEND RANGE [0.00...12.00]

This sets the maximum amount of pitch bend up and down,
in semitones and cents, as controlled by JS X. To use another
AMS source for pitch bend, modulate the TRANSPOSE
parameter instead.

BEND RANGE is not modulatable via AMS.
TRANSPOSE [-24.00...+24.00]

This controls the coarse tuning, in half-steps and cents, up or
down two octaves. You can modulate this smoothly via
AMS.

4-1e: PAN & ANALOG

PAN [Random, L001...C064...R127]

This controls the stereo pan of the MS-20EX, at the very end
of the signal chain. A setting of L001 places the sound at the
far left, C064 in the center, and R127 to the far right.

When this is set to Random, the pan position will be
different for each note-on.

M You can also control pan via MIDI Pan (CC#10). A
CC#10 value of 0 or 1 places the sound at the far left, 64
places the sound at the location specified by the “Pan”
parameter, and 127 places the sound at the far right. This
is controlled on the global MIDI channel (GLOBAL 1-
la).

Note: You can select Random pan only from the on-screen
Ul, and not from AMS or MIDI.
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ANALOG [0.00...10.00]

. S , Vv 4-1:Page Menu Commands
This models the instability of an analog system by adding
subtle randomization to the VCO and VCF frequencies. *+ Compare —p.112

This parameter is not modulatable.
*  Write Program —p.112

4-1f: Parameter Details * Exclusive Solo —p.113
When you touch a knob, a yellow square appears around it, « PAGE —p.126

showing that it has been selected.
+ MODE —p.126

This area shows details for the selected knob, including its
parameter group and parameter name, its exact value, and its
AMS assignments.

Individual parameters and AMS

The BEND RANGE and ANALOG parameters are not
modulatable. VCO1/2 WAVEFORM, VCO 1/2 SCALE,
and PAN have only one AMS source and Intensity, without
Intensity Modulation. The rest of the parameters on this page
can be modulated by two AMS sources, as described below.

(Parameter group)

This shows the group of the parameter (such as VCO
MIXER).

(Parameter name) [range depends on parameter]

This shows the name and exact value of the parameter. You
can edit the parameter value with any of the standard data-
entry controls.

AMS [List of AMS Sources]

This selects a modulation source to control the selected
parameter. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [range depends on parameter]

This controls the depth and direction of the AMS
modulation. For unipolar parameters, the range is the same
as that of the selected parameter, in both positive and
negative directions. For instance, if the parameter range is
0.00...10.00, the Intensity range will be -10.00...+10.00.

For bipolar parameters, including VCO 2 PITCH, FINE
TUNE, TRANSPOSE, and MIXERS 1 & 2 LEVELS A &
B, the range is twice that of the original parameter. For
instance, if the original parameter range is -12.00...+12.00,
the Intensity range will be -24.00...+24.00. This allows full
modulation of the parameter, regardless of the initial setting.

In some cases, you can use AMS to modulate the parameter
outside of its original range, for a wider range of values.
Int. Mod AMS [List of AMS Sources]

You can modulate the main AMS Intensity from another
AMS source. This selects that source.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [range depends on parameter]

This controls the depth and direction of the Intensity Mod
AMS. The result is summed with the main AMS Intensity to
produce the final modulation amount.
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[ Note Num

5-1b

5-1a: VOLTAGE CONTROLLED AMPLIFIER
VOICE ALLOCATION [EG1...EG6]

When the EG selected here completes its release stage, the
voice will be silenced, and its processor resources freed.

Normally, you should leave this at the default setting, EG2.

If EGs other than EG2 are modulating volume (see below),
then select the volume-related EG with the longest release
time.

Note: The EG selected here cannot be retriggered once it
enters its release phase.

What does this mean, and when is it useful?

NAUTILUS allocates processing power automatically as
you play and release notes. In order to do this, the system
needs to know when a voice has finished playing.

With most EXi, the system does this by looking at the
dedicated Amp EG; when the Amp EG completes its release,
the system knows that the voice has finished.

The MS-20EX is more complicated than most EXi.
Depending on the Patch Panel and AMS settings, several
EGs may act together to control the output volume. For
instance:

* EG 1 and EGs 3-6 may be routed to the Patch Panel’s
VCA INITIAL GAIN input

* EGs 3-6 may control the VOLUME knob via AMS

* Via AMS, EGs 3-6 may also control the levels of other
modulation sources (such as EGs 1 & 2, the MG, LFOs,
etc.) routed through MIXER 1 or MIXER 2, and then
patched to the VCA INITIAL GAIN input

5-1PMC

MODULATION GENERATOR
Key Syne IOﬁ

To handle all of these possible cases, instead of using a fixed
“Amp EG” to determine when the voice is finished playing,
the VOICE ALLOCATION parameter lets you select
which EG to use.

For best results with any of these special-case setups, set
VOICE ALLOCATION to use the volume-related EG with
the longest release time.

5-1b: MODULATION GENERATOR (MG)
[AVSource

The MG is shared between all MS-20EX voices, similar to
the Common LFO. For per-voice modulation, use LFOs1—4
instead.

The saw/triangle and pulse/square waveforms are both
generated all of the time, and available separately on the
Patch Panel. Each is also available as an AMS source,
named MG Tri and MG Pulse, respectively. Note that the
AMS versions will have slightly softer edges than the signals
available on the Patch Panel, and via the External
Modulation sections.
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TEMPO SYNC [ON, OFF]
Touch the text/LED area to turn TEMPO SYNC on and off.

On (LED lit): When TEMPO SYNC is On, the MG
synchronizes to the system tempo, as set by either the Tempo
or MIDI Clock. The MG speed is controlled by the
combination of the BASE NOTE and
FREQUENCY/TIMES parameters, below.

Off (LED dark): When TEMPO SYNC is Off, the
FREQUENCY/TIMES knob determines the speed of the
MG, and the BASE NOTE setting has no effect.

This parameter is not modulatable via AMS.

KEY SYNC [ON, OFF]
Touch the text/LED area to turn KEY SYNC on and off.

If this setting is ON, the phase is reset for the first note-on in
cach legato phrase. Subsequent notes in a chord, or notes
played legato, do not cause the phase to be reset.

This parameter is not modulatable via AMS.

BASE NOTE [1/1...1/32]

When TEMPO SYNC is ON, this sets the basic speed of the
MG, relative to the system tempo. The values range from a
32nd note to a whole note, including triplets. This value is
then multiplied by the FREQUENCY/TIMES knob, below.

When TEMPO SYNC is OFF, this parameter has no effect.

This parameter is not modulatable via AMS.

WAVEFORM [N ... TUNA ... AL

This controls the waveform of the MODULATION
GENERATOR. The MG always generates both the
Rectangle and Sawtooth/Triangle waveforms, and each is
available simultaneously via the Patch Panel. The
WAVEFORM knob controls the pulse width of the
Rectangle wave, and makes the Sawtooth/Triangle “lean”
from left to right, as shown in the graphics.

FREQUENCY/TIMES [0.00...10.00/16...1]

If TEMPO SYNC is OFTF, this controls the frequency of the
MG.

If TEMPO SYNC is ON, this multiplies the length of the
BASE NOTE. For instance, if the BASE NOTE is set to a
sixteenth note, and Times is set to 3, the MG will cycle over
a dotted eighth note. Note that higher values mean a faster
MG

Frequency/Times LED

This LED gives a visual indication of the LFO speed. Note
that the LED is on when the MG’s pulse/square waveform is
low. Initially, this seems like the opposite of what one might
expect. When using the MG to trigger the EGs, however, this
makes perfect sense: the EGs start when the LED goes on,
and release when the LED goes off.

5-1c: ENVELOPE GENERATOR 1

By default, EG 1 is triggered by note-ons. However, you can
use the Patch Panel’s TRIG IN or EG 1 TRIG IN jacks to
trigger it from a different source, such as the MG, AMS
sources, or the ESP’s TRIG OUT jack. For more
information, see “TRIG IN jack” on page 271.

EG1 is normalled to VCO frequency modulation (scaled by
the EG1/EXT knob), as well as the MVCA control input
(see “6—1f: Modulation VCA (MVCA)” on page 271).

Change to
Parameter
Value Time
Delay Attack Release
Time Time Time
Trigger On Trigger Off
DELAY TIME [0.00...10.00]

Adjusts the time from when the trigger occurs (e.g., note-on)
until the ATTACK TIME starts.

For standard attack-release behavior, set the DELAY TIME
to 0.00.

ATTACK TIME [0.00...10.00]
Adjusts the time from the end of the DELAY TIME until
the EG reaches its maximum value.

RELEASE TIME [0.00...10.00]

Adjusts the time from when the trigger is released (e.g.,
note-off) until the level decays to zero.

5-1d: ENVELOPE GENERATOR 2

By default, EG 2 is triggered by note-ons. However, you can
use the Patch Panel’s TRIG IN jack to trigger it from a
different source, such as the MG, AMS sources, or the ESP’s
TRIG OUT jack. For more information, see “TRIG IN
jack” on page 271.

EG 2 is hard-wired to the VCA, and also normalled to
control the HPF and LPF. You can easily use other EGs for
the filters, via AMS; using other EGs for the VCA is
possible but slightly more tricky, as described under “Using
EGs 3-6 to control the amplitude” on page 265.

AN

Change to
Parameter
Value Time
Attack Decay Sustain Release
Time Time Level Time
Trigger On Trigger Off



PROGRAM > MS-20EX: MG, EG, and Modulation 5-1: MG, EG, and Modulation

HOLD TIME [0.00...10.00]

Adjusts the time for which the input state of the trigger
signal (e.g., note-on) is held after the trigger is released.

If the EG is triggered by a very short pulse, it may not have
time to complete its attack and decay times before going into
release. Increasing the HOLD TIME effectively makes the
trigger pulse longer, giving the EG more time to complete its
attack and decay.

EG 2HOLD TIME

Trigger Trigger
on off Hold Time

Change to '
Parameter
Value Time

Attack Decay Sustain Release

Time Time Level Time

ATTACK TIME [0.00...10.00]

Adjusts the time from the EG trigger (e.g., note-on) until the
EG reaches its maximum value.

[ This is scaled by MIDI CC#73.

DECAY TIME [0.00...10.00]

Adjusts the time the EG takes to descend from the peak to
the sustain level. It also controls the rate at which SUSTAIN
LEVEL, below, responds to AMS modulation.

[ This is scaled by MIDI CC#75.

SUSTAIN LEVEL [0.00...10.00]

Adjusts the sustain level. The EG will stay at this level until
the trigger is released (such as when the note is released).
Unlike most other EGs, this level responds to AMS
modulation in realtime, moving at the programmed DECAY
TIME.

[ This is scaled by MIDI CC#70.

Note: With the default connection to the HPF and LPF
frequencies, this setting has a slightly unusual effect. The
SUSTAIN LEVEL always produces the same effect as the
setting of the FREQUENCY knob. The EG2/EXT setting
controls the intensity of the filter modulation during the
Attack, Decay, and Release portions of the envelope, but
does not affect the Sustain at all.

Effectively, the EG shifts up and down inversely to the
SUSTAIN LEVEL, as shown below. When the SUSTAIN
is high, the EG shifts down; when the SUSTAIN is low, the
EG shifts up.

Change to
Filter Frequency ~1 )
7 Sustain = Low
\
PIAN

BN
FREQUENCY e e S ———
knob setting " “.“ o

l::' R ‘: = = = Sustain = Medium

Sustain = High
RELEASE TIME [0.00...10.00]

Adjusts the time from the trigger release (e.g., note-off) until
the level decays to zero.

[ipi This is scaled by MIDI CC#72.

Using EGs 3-6 to control the amplitude

EG 2 is always connected to the VCA. It’s possible,
however, to force the VCA to its maximum value at all
times, and then use AMS modulation of the main VOLUME
knob to control the amplitude from any of the multi-segment
EGs 3-6. To do so:

1. On the Patch Panel page, select the main VOLUME
knob.

2. Set the VOLUME knob to 0.

3. Set the VOLUME AMS Intensity to +10.00.

4. Assign the desired EG (3—6) as the knob’s AMS
source.

5. Set the VOICE ALLOCATION parameter to the
same EG.

6. In the Patch Panel, select the Mod Switch jack, which
looks like this: HEH

7. Set the Mod Switch AMS Source to AMS Mixer 1.

8. In AMS Micxer 1, set the Type to Gate, the Source to
Note Number, and the Threshold to -99.

9. Set both Below Threshold and At & Above Threshold
to fixed values of +33.

These settings produce a “5 volt” signal on the Patch Panel,

which, when connected to the INITIAL GAIN input, sets the

VCA to its maximum level. This lets you control the
amplitude entirely via the VOLUME AMS.

10.0n the Patch Panel, connect the Mod Switch jack to
the VCA INITIAL GAIN input.

11.For the EG assigned in step 4, set up the times, levels,
and curvatures as desired.

Remember to use curvature on the EG segments, for an
analog feel!

5-1e: EXTERNAL MODULATION 1

[Off, MG Tri, MG Pulse, EG 1, EG 1 REV,
EG 2, EG 2 REV, List of AMS Sources]

This selects the modulation source to control the parameters
below. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

HPF CUTOFF [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to the high-pass filter (HPF) CUTOFF FREQUENCY.
LPF CUTOFF [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to the low-pass filter (LPF) CUTOFF FREQUENCY
VCO1 PULSE WIDTH [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to the oscillator 1 (VCO1) PULSE WIDTH.

VCO2 PITCH [-24.00...+24.00]
Specifies the depth and direction of the modulation applied
to the oscillator 2 (VCO2) PITCH, in semitones.

AMP [-10.00...+10.00]

Specifies the depth and direction of the modulation applied
to the amp (VCA). This scales the combined effect of the
VOLUME knob and its AMS modulation.

Source
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5-1f: EXTERNAL MODULATION 2

[Off, MG Tri, MG Pulse, EG 1, EG 1 REV,
EG 2, EG 2 REV, List of AMS Sources]

This selects the modulation source to control the parameters
below. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

HPF CUTOFF [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to the high-pass filter (HPF) CUTOFF FREQUENCY.
LPF CUTOFF [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to the low-pass filter (LPF) CUTOFF FREQUENCY.

FM MG/T.EXT [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to FREQUENCY MODULATION MG/T.EXT.

HPF MG/T.EXT [-10.00...+10.00]

Specifies the depth and direction of the modulation applied
to the high-pass filter CUTOFF FREQUENCY
MODULATION MG/T.EXT.

LPF MG/T.EXT [-10.00...+10.00]

Specifies the depth and direction of the modulation applied
to the low-pass filter CUTOFF FREQUENCY
MODULATION MG/T.EXT.

Source

5-1g: Mixers
MIXER 1

This controls the input volumes for the Patch Panel’s Mixer
1. For more information, see “MIXER 1 on page 272.

LEVEL A [-10.00...+10.00]
This sets the level and polarity of the first input.
LEVEL B [-10.00...+10.00]

This sets the level and polarity of the second input.

MIXER 2

This controls the input volumes for the Patch Panel’s Mixer
1. For more information, see “MIXER 2” on page 273.

LEVELA [-10.00...+10.00]
This sets the level and polarity of the first input.
LEVEL B [-10.00...+10.00]

This sets the level and polarity of the second input.

5-1h: Parameter Details

When you touch a knob, a yellow square appears around it,
showing that it has been selected.

This area shows details for the selected knob, including its
parameter group and parameter name, its exact value, and its
AMS assignments.

Individual parameters and AMS

The EXTERNAL MODULATION knobs, BASE NOTE
parameter, and TEMPO SYNC and KEY SYNC switches
are not modulatable.

The rest of the parameters on this page can be modulated by
AMS, as described below.

(Parameter group)

This shows the group of the parameter (such as VCO
MIXER).

(Parameter name) [range depends on parameter]

This shows the name and exact value of the parameter. You
can edit the parameter value with any of the standard data-
entry controls.

AMS [List of AMS Sources]

This selects a modulation source to control the selected
parameter. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [range depends on parameter]

This controls the depth and direction of the AMS
modulation. For more information, see “Intensity” on
page 262.

Int. Mod AMS [List of AMS Sources]
You can modulate the main AMS Intensity from another

AMS source. This selects that source.

Intensity [range depends on parameter]

This controls the depth and direction of the Intensity Mod
AMS. The result is summed with the main AMS Intensity to
produce the final modulation amount.

v 5-1:Page Menu Commands
* Compare —p.112

*  Write Program —p.112

* Exclusive Solo —p.113

« PAGE —p.126
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6-1: Patch Panel

-h Panel
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Using the Patch Panel

Basic patching rules

Most of the main sections of the MS-20EX, including the
VCOs, filters, MG, EGs, and so on, are connected by default,
even without using any patch cables. The lines and arrows
on the Patch Panel show these “normal” signal paths.

Plugging a cable into an input jack disconnects the “normal”
path, and uses the signal from the cable instead. For
example, the MG is normalled to the TOTAL input jack. If
you connect the EG1 OUT jack to the TOTAL input, this
disconnects the MG.

Each input can be connected to a single output, and no more
(although a single output can be connected to multiple
inputs, as described below). If you want to route two outputs
to a single input, use one of the mixers to merge the outputs
first.

Plugging a cable into an output jack lets you use the signal
elsewhere on the patch panel, and does not interrupt the
“normal” path. You can also connect a single output to any
number of inputs, if you like; this is sometimes called a
“mult.” The signal strength remains the same, as if you were
using a distribution amplifier.

Connections from one input to another, or from one output to
another, are not allowed.

6-1PMC

VOLUME ||10.00

Int  +00.00

6-1h

Making connections

You can make connections between patch points in two
different ways, as described below.

Touch-drag method

1. Touch one of the two jacks (either input or output),
and drag your finger across the screen to the second
jack.

A yellow line appears as you drag across the screen, and is
replaced by a patch cable once the connection is made.

Touch method
1. Touch one of the two jacks (either input or output).

A yellow square will appear around the selected jack. The
Detail Panel will also show the name of the selected jack,
and what it is connected to.

2. Touch the same jack again.

The yellow square will begin to blink, showing that you’re
about to make a connection. To cancel this and return to the
normal selected state, just touch the same jack a third time.

3. Touch the other jack.

The two jacks will now be connected.

Deleting connections

You can delete connection between patch points in two
different ways.

Touch-drag method

1. Touch the input jack, and drag off of the jack.
The selected connection will be deleted.

Touch method

1. Touch the input jack.
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Note: You can also select the output jack. However, if the
output is connected to more than one input, all of the
connections from that output will be affected, as described
below.

2. Press the Disconnect button in the Detail Panel.

The selected connection will be deleted.

Deleting all connections from an output

You can delete all connections from an output at once—
convenient if the output has been connected to multiple
inputs.

Touch-drag method

1. Touch the input jack, and drag to the Disconnect
button in the Detail Panel.

All of the output’s connections will be deleted.
Touch method

1. Touch the output jack.

Patch Panel modifications - new inputs/outputs shown in red

PRO (:Patch Panel

< Exi  E006: S&H 5th Comp

O

O 51O

Patch Panel modifications

In comparison to the original MS-20, the MS-20EX has
some important additional features on the Patch Panel. These
include:

e Individual access to each of the two oscillators, two
filters, and final VCA

* Separate EXi AUDIO INPUT and BAND PASS
FILTER IN, which allow you to route signals through
the band pass filter and/or frequency-to-cv converter,
while using the audio input separately

* Dual two-input mixers with phase inversion

These modifications open up many new possibilities, such
as:

* Route VCO 1 through the HPF, and VCO 2 through the
LPF (or vice-versa)

* Mix VCO 1 and VCO 2 together, and then route the mix
through the HPF and LPF in parallel, instead of in series

2. Press the Disconnect button in the Detail Panel.

All of the output’s connections will be deleted.

Clearing all connections from the Patch Panel

To completely clear the Patch Panel, so that you can start
from scratch:

1. Open the menu, and select the Delete All Connections
command.

All connections will be deleted.

Different jacks have different voltage scales

Pay attention to the voltage indications (0~+5, -5V~+5V,
5Vp-p, GND, etc.) on the Patch Panel, and their
relationships to the block diagram and signal flow chart.

For instance, if you connect a -5~+5V control signal to a
0~+5V input jack, nothing will happen during the -5~0V
portion of the control signal. It will only operate from 0V to
+5V. Always consider both the characteristics of the output
and the input.

1 6--0
O .1

0 0O.

1O (OO,

MIXER 2 OUT

— ( Not Connected ) Disconnect

* Use AMS of the MIXER LEVELS to modulate the
relative levels of these parallel filters, from physical
controllers, LFOs, EGs, etc.

* Route any audio source (such as a VCO or the NOISE
GENERATOR) through the BAND PASS FILTER,
and then mix the results back in to either the HPF or
LPF, or to the final VCA

* Invert the polarity of a modulation or audio signal via
MIXER 1 or 2

* Use VCOI1 or 2 to modulate LPF or HPF cutoffs, or
VCA gain

* Reverse the order of the LPF and HPF (most noticeable
with high PEAK settings)

+ ...and many more avenues for you to explore on your
own.
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Tip: Creating self-triggering patches

Normally, new notes and EGs 1 and 2 are triggered by
playing notes on the keyboard. They don’t have to be,
however. You can use the MG Square/Pulse output, the Trig
Out of the External Signal Processor, or AMS signals from
the Wheel or Switch jacks to trigger one or both EGs.

Note: EGs 1 and 2 trigger when the input is at 0 (“low”),
such as when the MG Square/Pulse is in the bottom portion
of the waveform. The MG’s indicator LED is on during this
portion of the waveform.

You can also use AMS (such as LFOs) to reset EGs 3-6, if
desired. Finally, the Common Step Sequencer and LFO can
also be reset via a selection of controllers, including the X-Y
Envelope CCs.

Even when a patch is self-triggering, it will only play when a
note is played on the keyboard, held by the damper pedal, or
held via the Program Basic page’s Hold parameter. When
the note is released (by lifting up on the keyboard or damper
pedal, or turning off Hold), the EG selected by the VOICE
ALLOCATION parameter will automatically enter its
release phase, and will no longer re-trigger. All other EGs
will continue to re-trigger, according to the Patch Panel and
AMS settings.

In some cases, you may want some elements of the patch to
re-trigger automatically, while others are still triggered from
the keyboard. To allow the keyboard to act as a trigger while

you are holding the sustain pedal (or while Hold is enabled):

1. Select the KBD TRIG OUT jack.

2. In the Parameter Details box, set Trigger On to Note
Gate.

For more information, see “KBD TRIG OUT jack” on
page 275.

6-1a:VCOs 1 and 2

For descriptions of the VCO parameters, see “4—1a:
Oscillators” on page 259.

(VCO 1) OUT jack

This Patch Panel modification provides the output of VCO 1.

(VCO 2) OUT jack

This Patch Panel modification provides the output of VCO 2.

TOTAL input jack

This input modulates the frequencies of VCOs 1 and 2, the
HPF, and the LPF. It’s normalled to the MG
sawtooth/triangle output, but you can use patch cables to
connect any other modulation source.

Each of the destinations has a knob to scale the amount of
modulation from the TOTAL input. For more information,
see:

* VCO 1 and 2 pitch: “MG/T.EXT” on page 260
» HPF frequency: “MG/T.EXT” on page 261

* LPF frequency:“MG/T.EXT” on page 261
FREQ input jack

This input modulates the frequencies of VCOs 1 and 2. The
signal is scaled by the EG1/EXT knob, as described under
“EG1/EXT” on page 260.

VCO CV (Control Voltage) inputs

VCO 1+2 CVIN jack
This controls the basic pitch of both VCO1 and VCO2.

Normally, this signal comes from the notes played on the
keyboard (or via MIDI). You can patch other signals into this
jack to create special effects, or to follow the pitch of an
external audio input.

VCO 2 CV IN jack

This is similar to “VCO 1+2 CV IN jack,” above, but affects
VCO 2 only.

6-1b: HPF and LPF

EXT SIGNAL IN jack

This is a direct input to the HPF, summed with the output of
the VCO Mixer.

(HPF) CUTOFF FREQ input jack

This input modulates the cutoff frequency of the Highpass
Filter.

(HPF) OUT jack

This Patch Panel modification provides the output of the
Highpass Filter.

(LPF) CUTOFF FREQ input jack

This input modulates the cutoff frequency of the Lowpass
Filter.

(LPF) IN jack

This Patch Panel modification provides a direct input to the
Lowpass Filter.

(LPF) OUT jack

This Patch Panel modification provides the output of the
Lowpass Filter.
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6-1c: VCA, VOLUME, and outputs

VCA IN jack

This Patch Panel modification provides a direct input to the
main VCA.

INITIAL GAIN input jack
The VCA is internally patched to the output of EG 2.

This jack allows an external controller to vary the VCA in
addition to EG 2.

When the sum of both controllers reaches 5 volts, no further
changes in volume will occur.

VOLUME [POWER OFF, 0.01...10.00]

This controls the basic volume level of the MS-20EX. Note
that you can modulate this via AMS, for each individual
voice; for more information, see “Using EGs 3—6 to control
the amplitude” on page 265.

MIDI and volume

M You can control the Program’s overall volume via MIDI
using both Volume (CC#7) and Expression (CC#11).
When used one at a time, the two controllers work in
exactly the same way: a MIDI value of 127 is equal to the
VOLUME setting, and lower values reduce the volume.

If both CC#7 and CC#11 are used simultaneously, the one
with the lower value determines the maximum volume,
and the one with the higher value scales down from that
maximum.

SIGNAL OUT jack

On the original MS-20, this was the final output. With the
MS-20EX, you may find it useful for routing the overall
output signal back into the patch—such as for creating a
feedback loop.

Note that connecting to this jack does not mute the output
signal.

PHONES output jack

On the original MS-20, this was used for headphones (of
course!). With the MS-20EX, you can use it to route the
overall output signal back into the patch, as with the
“SIGNAL OUT jack,” above.

Since its original purpose was to drive headphones, the gain
of the PHONES output is about 15dB higher than that of the
SIGNAL OUT. It also clips (with distortion) at around -5dB
below the max output level.

6-1d: MODULATION GENERATOR and
SAMPLE & HOLD

MODULATION GENERATOR (MG)

The MG has separate outputs for its two basic waveforms, so
that you can use both simultaneously.

For descriptions of the MG parameters, see “5—1b:
MODULATION GENERATOR (MG)” on page 263.

OUT jack (saw/triangle)

This is the output for the saw/triangle waveform. The signal
is centered around zero, from —5.00 to +5.00.

OUT jack (pulse/square)

This is the output for the pulse/square waveform. The signal
is unipolar, from 0.00 to 10.00.

Note: When used through AMS and EXTERNAL
MODULATION, the signal ranges for both the saw/triangle
and pulse/square are —10.00 to +10.00.

SAMPLE & HOLD

The SAMPLE & HOLD can generate a stepped output
from any varying input. You can use this to create random
filter or pitch effects, arpeggios, quantized LFOs or EGs, and
SO on.

To use the SAMPLE & HOLD, there must be a trigger
source connected to the CLOCK input, and some sort of
signal (such as the NOISE GENERATOR, VCOs, AMS
sources etc.) connected to the IN jack.

When the CLOCK input is high, the OUT jack will carry a
slightly filtered version of the signal from the IN jack. If the
CLOCK input goes high for a very brief period of time, then
the input from that instant will be “held” at the output. The
output then stays “held” until the next time that the CLOCK
input goes high.

Important: the trigger at the CLOCK input must be very
brief. When using the MG Rectangle waveform as the
trigger, for instance, turn the WAVEFORM knob to the
extreme right position; this produces a very sharp pulse.

With this caveat in mind, you can use the MG or the LFOs to
trigger the CLOCK at regular intervals, or trigger it
manually using a switch, keyboard trigger out, or other
signal.

CLOCK input jack

This input controls the timing of the S&H, as described
above.
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IN jack

This is the input to the S&H. You can connect this to the
noise generator, a VCO, an LFO, etc.

OUT jack

This is the output of the S&H, which carries the held,
“steppy” signal.

Creating the classic sample-and-hold effect

To create the classic random-stepping sample-and-hold
effect, for rhythmic, bubbling filters or “computer noise”
pitch effects:

1. Connect the WHITE or PINK output of the NOISE
GENERATOR to the SAMPLE & HOLD IN jack.

2. Connect the MG RECTANGLE output to the
CLOCK input.

3. On the MG, EG, & MODULATION page, turn the
MG WAVEFORM knob all the way to the right.

4. Connect the SAMPLE & HOLD OUT to the
modulation destination.

For instance, the LPF CUTOFF FREQ IN jack, or the

VCO 1+2 CV IN jack.

5. Adjust the MG FREQUENCY to control the speed of
the sample & hold effect.

Generating a random value at note-on

Using noise as the input signal, you can generate a random
value at note-on by connecting the KBD TRIG OUT to the
CLOCK input. This will also let through additional values at
note-off, which may or may not be desirable.

If you’d prefer to generate a random value at note-on only:

1. Connect the WHITE or PINK output of the NOISE
GENERATOR to the SAMPLE & HOLD IN jack.

2. Connect the Switch output to the CLOCK input.
3. Leave the Switch AMS source set to Off.

With the AMS source set to Off, it will automatically trigger
the CLOCK at note-on, but not do anything else.

Of course, you can also route a real AMS source to the
CLOCK input, and trigger it manually or via an LFO, Step
Sequencer, etc.

For a more diffuse, “splatty” effect, try connecting EG1
REYV to the CLOCK input.

6-1e: ENVELOPE GENERATORS 1 and 2
EG outputs

For descriptions of the EG parameters, see “5—1c:
ENVELOPE GENERATOR 1” on page 264, and “5-1d:
ENVELOPE GENERATOR 2” on page 264.

EG 1 OUT jack

This allows you to route EG 1 to another point on the Patch
Panel.

Note that, when manually connected to the VCO FREQ
input, this produces a different result than the normalled
signal; for more information, see “EG1/EXT” on page 260.

EG 1 REV OUT jack

This is the inverted shape of EG 1. The signal starts at the
maximum value, falls to 0, and then releases back to the
maximum value.

EG 2 REV OUT jack

This is the inverted shape of EG 2. The signal starts at the
maximum value, falls to 0, rises up to the sustain level, and
then releases back to the maximum value.

Trigger inputs

TRIG IN jack

This lets you use an external trigger sources (such as the MG
rectangle output, the trigger output of the ESP, or a switch
controller via AMS) to trigger both EG 1 and EG 2.

The EGs trigger when the TRIG IN moves from high to low,
such as when the MG Rectangle wave switches to the
bottom portion of the waveform. When the TRIG IN signal
goes high again, the EGs enter their release phase.

Note that the MG’s LED is on when it is low. Initially, this
seems like the opposite of what one might expect. When
using the MG to trigger the EGs, however, this makes
perfect sense: the EGs start when the LED goes on, and
release when the LED goes off.

EG 1 TRIG IN jack

This is similar to the TRIG IN jack, above, but it triggers
Envelope Generator 1 only.

6-1f: Modulation VCA (MVCA)

This is a second VCA, intended for scaling modulation
signals.

For instance, to create a delayed vibrato:

1. Connect the MG triangle wave output to the MVCA
input
2. Connect the MVCA output to the TOTAL input

EG 1 is normalled to the CONTROL input, so without any
additional connections, you can simply:
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3. Adjust the EG 1 Delay and Attack controls to create
the desired delay and fade-in times
CONTROL INPUT jack

This controls the level of the MVCA. It’s normalled to the
EG 1 output, but you can patch in any other control signal.
This input includes built-in lowpass filtering, which acts as a
smoother on the control signal.

IN jack

This is the input to the VCA. Unlike the CONTROL INPUT,
this does not have any lowpass filtering.

OUT jack

This is the output of the VCA—the input signal scaled by the
control signal.

6-1g: NOISE GENERATOR

These outputs provide pink and white noise, respectively.

You can use these as sound sources or as modulation signals.

PINK output jack

Pink noise has a darker sound than white noise, with reduced
high frequency components.

WHITE output jack

White noise is classic broad-band noise.

Note that white noise is also available as a waveform in
VCO 1.

6-1h: Mod Wheel and Mod Switch

The Mod Wheel and Switch jacks allow you to select any
AMS source (controllers, EGs, LFOs, step sequencer etc.),
scale it via Intensity, and then route the signal into the patch
panel.

For more information, see “Mod Wheel and Mod Switch” on
page 275.

(Mod Wheel) jack
This lets you select, scale, and route the first AMS signal.

This could be the Mod Wheel, if you wish—but it could also
be any other AMS source.

IEEH (Mod Switch) jack

This lets you select, scale, and route the second AMS signal.
You can use any AMS source, including continuous sources
such as LFOs and EGs; the selection is not limited to on/off
switches.

6-1i: Keyboard Trigger and CV outputs

KBD CV OUT jack

This allows you to route the keyboard’s control voltage
(which is a signal representing the current note) to other
parts of the synthesizer.

KBD TRIG OUT jack

Whenever you play a key on the keyboard, a trigger signal is
generated.

Using the Parameter Details box, you can select whether this
trigger represents Note Gate + Sustain, or Note Gate only.

Note Gate + Sustain is the default, and is most appropriate
for general use.

Note Gate is useful for keyboard trigger operation within
self-triggering patches. For more information, see “Tip:
Creating self-triggering patches” on page 269.

6-1j: MIXERS 1 and 2

MIXER 1

This is a simple 2-in, 1-out mixer; you can use it for merging
and scaling either control or audio signals. Note that you can
also use this to invert the polarity of a signal.

The levels of inputs A and B are controlled by knobs on the
MG, EGs, and Modulation page, and can be modulated via
AMS; for more information, see “5—1g: Mixers” on

page 266.

IN A jack

This is the first input to the mixer.

IN B jack

This is the second input to the mixer.

OUT jack
This is the merged output of IN A and IN B.
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MIXER 2

This is a second 2-in, 1-out mixer, identical to “MIXER 1,”
above.

IN A jack

This is the first input to the mixer.

IN B jack

This is the second input to the mixer.

OUT jack
This is the merged output of IN A and IN B.

6-1k: EXTERNAL SIGNAL PROCESSOR
(ESP)

Important: the ESP is only active when notes
are played

The ESP can process live audio inputs, feedback from
effects, or any other audio from within the NAUTILUS-as
well as audio from within the MS-20EX itself. Note,
however, that the ESP is only active when a voice is being
played on the MS-20EX.

It’s easy to make a patch in which only the incoming audio is
heard, with the built-in VCOs completely silent-but you still
need to press a key (or play a note via MIDI) in order to
activate the MS-20EX. You can use the EXi Common Hold
parameter to keep the note “held down” indefinitely, if you
like.

For more information, see “Using the External Signal
Processor (ESP)” on page 274, and “Tip: Creating self-
triggering patches” on page 269.

Audio Inputs

EXi AUDIO IN jack

This mono input lets you route audio from elsewhere in
NAUTILUS through the MS-20EX. You can use any of the
audio inputs, any of the audio outputs, the REC buses, the
FX Control buses, or the outputs of any of the Insert, Master,
or Total Effects.

You can also route live or recorded audio through the MS-
20EX, in real-time—and we’re sure that you’ll be able to
think of other creative uses!

The audio input source and channel (left, right, or L+R
summation) are selected by the Input Source and Channel
parameters in the current Program, Combination Timbre, or
Song Track.

For more information, see “4-2: EXi Audio Input” on
page 134 (PROGRAM mode), “2—6: EXi Audio Input” on
page 412 (COMBINATION mode), and “2—6: EXi Audio
Input” on page 487 (SEQUENCER mode).

Once you’ve selected the desired audio source, you can
connect the EXi AUDIO IN jack to any input on the Patch
Panel. For instance, you can route the audio through the

HPF, LPF, or BPF, mix it with the built-in VCOs and noise
generator, and so on. You can also use the ESP to convert the
audio to a trigger or CV source, as described under “Using
the External Signal Processor (ESP),” on page 274.

The EXi AUDIO IN is monophonic, but you can use two
MS-20EX together to process stereo signals:

1. Create a double EXi Program, and assign both EXil
and EXi2 to use the MS-20EX.

2. In the EXi Audio Input parameters, assign the left
channel to EXil, and the right channel to EXi2.

3. Pan the output of EXil to the left, and the output of
EXi2 to the right.

Note: In the Legacy MS-20 plug-in, the audio input is
normalled to the HPF’s Ext Signal Input. To enable more
flexibility in patching, this signal is nof normalled in the MS-
20EX. When converting sounds from the Legacy plug-in,
the EXi audio input should be patched to the Ext Signal In
jack.

SIGNAL IN jack

This is the input to the External Signal Processor. To use this
with live audio input, connect the EXi AUDIO IN jack to
the SIGNAL IN jack.

SIGNAL LEVEL knob [0.00...10.00]

This adjusts the volume of the signal connected to the
SIGNAL IN jack.

This knob has over 50dB of gain at the maximum setting of
10.00. Unity gain (+0dB) is at 3.75; 5.00 is about +4dB, and
7.50 is about +12dB.

If the input level is high, setting above unity gain will cause
increasing amounts of saturation and overdrive, creating a
more aggressive tone.

(SIGNAL) OUT jack

This is the signal from the SIGNAL IN jack, scaled by the
SIGNAL LEVEL control.

BAND PASS FILTER

The Bandpass filter includes separate controls for high and
low cut, and passes through only the audio between those
two frequencies. It’s normalled to the input of the
Frequency-to-Voltage converter, for fine-tuning the
incoming audio.

You can also use this filter to process audio signals, or to
sculpt the Noise Generator’s output for particular
modulation effects. You can even use it as a third filter for
the VCOs, in addition to the HPF and LPF.

Note: Even at the widest settings for high and low cut, there
will still be some attenuation of the highest and lowest
frequencies.
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(BAND PASS FILTER) IN jack

This Patch Panel modification provides a direct input to the
Bandpass filter. This means that you can use the filter
separately from the Envelope Follower, if desired.

LOW CUT FREQ knob [0.00...10.00]
This knob adjusts the low-cut frequency of the Bandpass
filter. Only frequencies higher than this will pass through
the filter.

HIGH CUT FREQ knob [0.00...10.00]

This knob adjusts the high-cut frequency of the Bandpass
filter. Only frequencies lower than this will pass through the
filter.

(BAND PASS FILTER) OUT jack

This is the output of the Bandpass filter.

Frequency-to-Voltage (FxV) CONVERTER

This converter generates a “control voltage” signal based on
the pitch of the audio input, which you can then use to
control the pitch of the VCOs.

CV ADJUST knob [0.00...10.00]

Adjust this so that the input signal and the synthesizer’s
output signal are the same pitch. For more information, see
“Using the External Signal Processor (ESP)” on page 274.

FxV CV OUT jack

This is the output of the F-V CONVERTER. You can
connect this to the VCO 1+2 CV IN or VCO 2 CV IN jacks,
to control the oscillator pitch.

ENVELOPE FOLLOWER and TRIG OUT

The ENVELOPE FOLLOWER creates a control signal out
of the audio input level. For instance, you could connect the
ENV OUT to the LPF CUTOFF FREQ input, to create an
auto-wabh filter.

The ENVELOPE FOLLOWER takes its input from the
volume-scaled SIGNAL IN, right after the SIGNAL
LEVEL knob.

Similarly, the TRIG OUT creates a trigger signal from the
input. Use the THRESHOLD knob to set the volume level
at which the trigger occurs.

PEAKLED [Off, On]

This LED shows that the ENVELOPE FOLLOWER is at
its peak value. You can use this as an aid when adjusting the
input signal’s level and/or frequency content for optimal
performance.

ENV OUT jack

This is the output of the ENVELOPE FOLLOWER.
Connect this to any modulation input.

THRESHOLD knob [0.00...10.00]

This sets the volume level at which the trigger occurs. Adjust
this to match the

TRIG OUT jack

This is the trigger generated from the audio signal. You can
connect this to the EG 1&2 TRIG IN jack, the EG1 TRIG
IN jack, or the SAMPLE & HOLD CLOCK input.

TRIG OUT LED [Off, On]

This LED shows that input signal is over the trigger
THRESHOLD, and that the trigger output is on. You can
use this as an aid when adjusting the THRESHOLD, LOW
CUT FREQ and HIGH CUT FREQ controls, or when
using other controls to modify the input signal.

Using the External Signal Processor (ESP)

You can use the ESP to control the MS-20EX from an
external monophonic audio source, such as a melody played
on a guitar. Just like the original MS-20, the MS-20EX will
trigger its EGs and track the pitch of the guitar—with varying
degrees of accuracy. Of course, the unpredictability is part of
the charm...

Note that this will only work with single—note input, such as
melodies; polyphonic input will not work properly.

You can also use the ESP as a modulation source when
processing audio signals through the MS-20EX. This can be
very useful with drums, for instance; you can use the input
signal to trigger EGs, use the ESP’s envelope follower to
modulate the filters, and so on.

Important: the ESP only works if an MS-20EX note is
being played! You can use the Hold parameter, or a damper
pedal, to sustain a single note indefinitely if desired.

To set up the ESP for external control:

1. If you are using a live input, connect the instrument or
microphone to the NAUTILUS audio inputs, and set
up the gain accordingly.

2. On the EXi Audio Input page, select the desired input.

For more information, see “4-2: EXi Audio Input” on

page 134 (PROGRAM mode), “2—6: EXi Audio Input” on

page 412 (COMBINATION mode), and “2—6: EXi Audio

Input” on page 487 (SEQUENCER mode).

3. On the Patch Panel, connect the EXi AUDIO INPUT
to the SIGNAL IN.

4. Play a note on the keyboard, or via MIDI. Use either
the damper pedal or the HOLD parameter to keep the
note sustained.

The ESP is only active when a note is being played.
5. Increase the THRESHOLD while watching the TRIG

OUT light, until it lights when playing at medium to
high volumes.

The light shows when the signal is over the trigger threshold.
6. Connect the ESP’s TRIG OUT jack to the TRIG IN
jack.

This makes EG1 and EG2 respond to the ESP’s trigger
output, instead of the keyboard.
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7. Connect the ENV OUT jack to the VCA’s INITIAL
GAIN jack.

This makes the VCA level follow the amplitude of the ESP’s

signal, as generated by the envelope follower.

8. Connect the FxV CV OUT jack to the VCO 1+2 CV
IN jack (or the VCO 2 CV IN jack).

This makes the pitch of the VCOs follow the pitch of the

ESP’s signal.

9. In the BAND PASS FILTER, set the LOW CUT
FREQ to 10.00 and HIGH CUT FREQ to 0.00.

10.Play the highest note the ESP is to pick up, and slowly
increase the HIGH CUT until the desired pitch is
picked up.

11.Play the lowest note and slowly decrease the LOW
CUT until the note is picked up.

These measures help to refine the CV converter’s response

to the input signal.

12.Set the CV ADJUST control so that the pitch matches
that of the input instrument.

The MS-20EX should now respond to the audio input, as if
you were playing on the keyboard.

6-11: Parameter Details

The parameter details box shows different information
depending on whether the current selection is an input or
output jack, a knob, or one of the two assignable mod
sources (the wheel and switch).

Input and Output Jacks

If a jack is selected, this area shows the name of the selected
jack on the top line, and the jack(s) to which it is connected
on the bottom line, to the right of the arrow. If nothing is
connected to the jack, the bottom line reads “(No
Connection).”

If the selected jack is an output connected to multiple inputs,
only the first connection is shown, followed by an ellipse.

VOLUME

Disconnect button

Pressing the Disconnect button clears all cables connected
to the jack.

Mod Wheel and Mod Switch

In addition to the functionality described under “Input and
Output Jacks,” above, these jacks allow you to select any
AMS source, use Intensity to scale the signal, and then route
it into the patch panel.

Note that the Mod Switch can use any AMS source,
including continuous sources such as LFOs and EGs; it is
not limited to on/off switches.

O.

VOLUME

AMS__Oft

AMS [List of AMS Sources]

This selects the modulation source to route into the patch
panel. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

Important: on the original MS-20, the Mod Wheel was a
bipolar modulation source-meaning that the center position
produced no modulation, moving down from the center
made the value lower, and moving up from the center made
the value higher.

The MS-20EX has a number of bipolar modulation sources,
including the LFOs, EGs 3-6, and the Common Step
Sequencer. JS+Y (the equivalent of the Mod Wheel), on the
other hand, is unipolar.

You can use an AMS Mixer to convert JS+Y into a bipolar
signal, if you like. To do so:

1. On the AMS Mixer page, set the Mixer Type to Offset.
2. Select JS+Y as AMS A.

3. Set AMS A Offset to -99.

4. Set AMS A Amount to +199.

These settings shift JS+Y down and then double its range,
creating a bipolar signal.

5. In the Patch Panel, set the Mod Wheel jack to use the
AMS Mixer (instead of JS+Y).

The Mod Wheel jack will now carry the bipolar JS+Y signal.

Int (Intensity) [range depends on parameter]
This controls the depth and polarity of the AMS signal.

KBD TRIG OUT jack

In addition to the functionality described under “Input and
Output Jacks,” above, this jack lets you select the trigger
type, as below.

Trigger On [Note Gate + Sustain, Note Gate]

Note Gate + Sustain is the default, and is most appropriate
for general use.

Note Gate is useful for keyboard trigger operation within
self-triggering patches. For more information, see “Tip:
Creating self-triggering patches” on page 269.
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VOLUME

Knobs

If a knob is selected, this area shows its parameter group and
parameter name, its exact value, and its AMS assignments.
All six Patch Panel knobs, including Master Volume, are
modulatable.

VOLUME VOLUME I'ID.DU

AMS Off Int  +00.00

(Parameter group)

This shows the group of the parameter (such as VCO
MIXER).

(Parameter name) [range depends on parameter]

This shows the name and exact value of the parameter. You
can edit the parameter value with any of the standard data-
entry controls.

AMS [List of AMS Sources]

This selects a modulation source to control the selected
parameter. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Int (Intensity) [range depends on parameter]

This controls the depth and direction of the AMS
modulation.

v 6-1:Page Menu Commands
* Compare —p.112

*  Write Program —p.112
* Exclusive Solo —p.113

+ Delete All Connections —p.282

« PAGE —p.126
« MODE —p.126
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7-1:EG3

PROGRAM > MS-20EX: EG

The MS-20EX has four assignable EGs, in addition to the
original MS-20 EGs 1 and 2. Each of these can be used as an
AMS modulation source to control a wide variety of
parameters.

7-1:EG 3 ==

7-2:EG 4 ==

7-3:EG 5 &2

7-4:EG 6 =22

The MS-20EX’s EGs 3-6 are identical to the AL-1’s EGI.
For detailed explanations, please see “7—1: EG 1 (Filter),” on
page 169.

PROGRAM > MS-20EX: LFO

The MS-20EX has four assignable LFOs, in addition to the
original MS-20 MG and the EXi Program’s Common LFO.
Each of these can be used as an AMS modulation source to
control a wide variety of parameters.

8-1:LFO 1 ==

8-2:LFO 2 =

8-3:LFO 3 =

8-4:LFO 4 =

The MS-20EX’s LFOs 1-4 are identical to those of the AL-
1. For detailed explanations, please see “8-2: LFO 1,” on
page 175.
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PROGRAM > MS-20EX: AMS Mixers

The AMS Mixers combine two AMS sources into one, or
process an AMS source to make it into something new.

For instance, they can add two AMS sources together, or use
one AMS source to scale the amount of another. You can

also use them to modify the response of realtime controllers.

The AMS Mixer outputs appear in the list of AMS sources,
just like other controllers.

This also means that the original, unmodified inputs to the
AMS Mixers are still available as well. For instance, if you
use Aftertouch as an input to a AMS Mixer, you can use the
processed version of the Aftertouch to control one AMS
destination, and the original version to control another.

Finally, you can cascade the AMS Mixers together—for
instance, you can use AMS Mixer 1 as an input to AMS
Mixer 2.

9-1: AMS Mixers 1/2

9-2: AMS Mixers 3/4

The MS-20EX’s AMS Mixers are identical to those of the
AL-1 (although the MS-20EX has four, to the AL-1’s two).
For detailed explanations, please see “9—1: AMS Mixer,” on
page 179.
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MS-20EX: Tone Adjust

MS-20EX Tone Adjust Default Settings

4 5

Unison

1 . 13
1.vVCco2 1.FM

Pitch MG/TExt

VCO1
Waveform

VCOo2 HPF HPF HPF
Waveform EG2/Ext Mod

2 3 : 5

1:VC02 1:HPF 1:HPF
Wave Freq EG2/Ext

SAW 0.00 0.00

EG1 EG1 EG1 EG2 EG2

Attack Release Attack Decay

1

1:EG1 1:EG1
Delay Release

0.00 0.00 0.00

Tone Adjust provides an elegant physical interface to the
MS-20EX’s parameters. Most of the factory sounds use the
default layout, as shown above. You can also customize the
layout for individual sounds, if desired.

For more information about Tone Adjust, please see “0-9a:
Tone Adjust,” on page 29.

Detune

Frequency  Peak

Common Tone Adjust parameters

These parameters affect both EXi 1 and 2. Except as noted
below, the Common Tone Adjust parameters behave as
described under “Common Tone Adjust Parameters,” on
page 31.

Button 7, 8, 15, 16:
LFO 1, 2, 3,4 Stop

LPF LPF LPF
EG2/Ext Mod
8

1:LPF
EG2/Ext

EG2 EG2 MG MG
Sustain

Release ~ Waveform Freq/Times

Sustain

0.00 5.00

Filter Cutoff. (-99...+99, CC#74)

This scales the cutoff frequency of the lowpass filter. To
adjust the highpass filter, use the separate, MS-20EX-
specific Tone Adjust parameters.

Filter Resonance. (-99...+99, CC#71)

This scales the resonance (PEAK) of the lowpass filter. To
adjust the highpass filter, use the separate, MS-20EX-
specific Tone Adjust parameters.

Filter EG Intensity. (-99...+99, CC#79)
This scales the EG2/EXT knob for the lowpass filter.

Amp Velocity Intensity. (-99...+99)
Not supported.

Filter/Amp EG Attack Time.

(-99...+99, CC#73)

This scales the attack time of EG2, which is normalled to
both filter cutoff and amplitude.
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Filter/Amp EG Decay Time.
(-99...499, CC#75)
This scales the decay time of EG2. It interacts with CC# 75.

Filter/Amp EG Sustain Level.
(-99...+99, CC#70)
This scales the sustain level of EG2.

Filter/Amp EG Release Time.
(-99...499, CC#72)
This scales the release time of EG2.

Filter EG, Amp EG, and Pitch EG Attack Time, Decay
Time, Sustain Level, Release Time are not supported by
the MS-20EX.

Pitch LFO1 Intensity. (-99...+99, CC#77)

This scales the FREQUENCY MODULATION
MG/T.EXT knob. (Note that this controls the amount of
pitch modulation, but does not necessarily apply to LFO1.)

MS-20EX Tone Adjust parameters

In addition to the Common Tone Adjust parameters listed
above, the MS-20EX adds a number of its own parameters.

Note that these additional parameters are separate for each
EXi, as opposed to being shared by both EXi in the Program.

All of the additional parameters are listed below. Tone
Adjust parameters may affect the internal parameters in one
of two ways: they may be Relative, in which case they scale
the existing parameter value, or Absolute, in which case
they over-write the existing value. Unless otherwise noted,
all of the MS-20EX parameters are Absolute.

VCO1

VCO1 WAVEFORM
VCO1 PW

VCOL Scale

VCO2

VCO2 WAVEFORM
VCO?2 Pitch

VCO2 Scale

PORTAMENTO

Portamento Time

FINE TUNE

Fine Tune

FREQUENCY MODULATION
Freq Mod MG/T.Ext
Freq Mod EG1/Ext

VCO Mixer
VCO 1 Level
VCO 2 Level

HPF
HPF Frequency
HPF Peak

CUTOFF FREQUENCY MODULATION (HPF)
HPF Mod MG/T.Ext
HPF Mod EG2/Ext

LPF
LPF Frequency
LPF Peak

CUTOFF FREQUENCY MODULATION (LPF)
LPF Mod MG/T.Ext
LPF Mod EG2/Ext

PITCH
Bend Range

Transpose

MODULATION GENERATOR (MG)
MG Key Sync

MG Tempo Sync

MG Base Note

MG Frequency

MG Times

MG WAVEFORM

ENVELOPE GENERATOR 1
EG1 Delay Time

EGI Attack Time

EG1 Release Time

ENVELOPE GENERATOR 2
EG2 Hold Time

EG2 Attack Time

EG2 Decay Time

EG2 Sustain Level

EG2 Release Time

MIXER 1
Mixer 1 Level A
Mixer 1 Level B

MIXER 2
Mixer 2 Level A
Mixer 2 Level B

EXTERNAL SIGNAL PROCESSOR
ESP Signal Level

ESP Low Cut Freq

ESP High Cut Freq

ESP CV Adjust

ESP Threshold

EGs

The MS-20EX adds the following separate controls for EGs
3,4,5and 6:

» Attack time (relative)
* Decay & Slope time (relative)
+ Sustain level (relative)

* Release time (relative)
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LFOs

In addition to supporting the standard Tone Adjust LFO
parameters, the MS-20EX adds the following separate
controls:

« LFO 1,2, 3, and 4 Waveform
+ LFO 1,2, 3, and 4 Shape

* LFO 3 Speed (relative)

* LFO 3 Fade (relative)

* LFO 3 Delay (relative)

* LFO 3 Stop

* LFO 4 Speed (relative)

* LFO 4 Fade (relative)

* LFO 4 Delay (relative)

* LFO 4 Stop
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EXi MS-20: Page Menu Commands

Compare —p.112
Write Program —p.112
Exclusive Solo —p.113
Copy Envelope —p.182
Swap Envelope —p.182
Copy LFO —p.182
Swap LFO —p.182
Delete All Connections —p.282
PAGE —p.126
MODE —p.126

Delete All Connections

This command removes all of the connections from the
Patch Panel, so that you can start from a blank slate.
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PolysixEX Overview

The PolysixEX is a rich-sounding, easy-to-use, high-
polyphony virtual analog synth (up to 180 voices!). It
combines the features and sonic character of the classic Korg
Polysix (and the Legacy Polysix plug-in) with many
additional capabilities unique to the NAUTILUS. Features
include:

» Korg’s proprietary CMT (Component Modeling
Technology)

» Up to 180-voice polyphony

» Oscillator, sub-oscillator, and 4-pole resonant lowpass
filter

» Dedicated chorus/ensemble/phaser effects

» Classic ADSR envelope, plus two multi-stage EGs

* Classic “MG” LFO, plus two multi-waveform LFOs
» Easy-to-use, sample-accurate arpeggiator

» Extensive AMS modulation, plus four AMS mixers

» Access to all standard EXi Program features, including
the Common LFO, Common Step Sequencer, Key Track
1 & 2, Arpeggiator, EQ, and effects—as well as layering
with any other EXi (including using two PolysixEXs
together!)

PolysixEX uses EXi fixed resources

The PolysixEX uses EXi fixed resources for its built-in
effects. These take up a small amount of processing power,
even if you’re not playing any notes.

Because of this, you can use only 16 PolysixEXs
simultaneously in a Combination or Song. If other EXis with
fixed resources are in use, the maximum number of
PolysixEXs will be reduced accordingly. Each EXi in each
Program counts towards the maximum; for instance, a
Program with two PolysixEXs counts as two, not as one.

For more information, see “CX-3 & other EXi: Limitations
on EXi fixed resources” on page 380.

PolysixEX Overview

Sub Osc

l Polysix EG ' ‘ MG ' l EG 2-3 '

AMS

LFO 1-2 Mixer 1-4

Polysix

Legend
Audic, pervoice v
—» Audio
Modulation
— — — 9 Modulation
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Unsupported EXi Common parameters

The PolysixEX supports all of the EXi Common parameters,
except for two of the voice allocation options: Poly Legato
and Mono Mode (Normal/Use Legato Offset).

All of the other voice allocation options are fully supported,
including Mono, Mono Legato, Unison, etc.

On-screen knobs and switches and the Parameter Details area

Parameter Details

The LCD displays include graphic knobs and switches for all
of the main PolysixEX parameters. These let you view and
edit parameters quickly and easily. Almost all of the original
Polysix parameters fit onto a single NAUTILUS page.

You can program any original Polysix sound using only
these knobs and switches. If you want more flexibility and
control, however, the PolysixEX offers two additional EGs
and LFOs, four AMS mixers, access to the EXi Program’s
Common LFO, Common Step Sequencer, and AMS
modulation for almost every original Polysix parameter.

The entry way to these advanced features is the Parameter
Details area, located in the lower right-hand part of the
display:

Parameter Details area

EG

Release

IS&U

AMS AMS Mixer2

Intensity : 10.00
intMed  Off

Intensity +00.00

The Parameter Details area shows information for the
selected knob or switch, including its parameter group and
parameter name, its exact value, and its AMS assignments.

Using the graphic parameters

Editing knobs and sliding switches

To edit knobs and sliding switches, such as the three-position
MG MODE switch:

1. Touch the knob or switch.

A yellow square will appear around the knob or switch,
showing that it has been selected. The Parameter Details area
will change to show the name and value of the current
parameter, along with other related information.

2. Touch and then drag the knob to change its value. You
can use either up-down or right-left gestures.
or:
Use any of the VALUE controllers to edit the value.

You can use the +/- buttons, or the VALUE dial.

As you edit the value, notice that the graphic knob or switch
moves, and that the value in the Parameter Details area
changes as well.

Editing on/off switches

To edit an on/off switch, such as the MG KEY SYNC
button, simply:

1. Touch the switch to toggle the value.

Assigning AMS modulation

Most parameters support modulation via AMS. Sources and
intensities can be edited in the Parameter Details area:

1. Touch the knob or switch.

If the parameter supports AMS modulation, the Parameter
Details area will show one or more AMS sources and
intensities.

2. Edit the AMS settings in the Parameter Details area.

Note: The graphic knobs and switches always show their
stored value. Absolute Tone Adjust settings edit these
values, just as if you were editing the parameters themselves,
and so the graphics will show the results. However, AMS
modulation does not edit the stored value, and so the
graphics do not include the results of AMS.

Note also that AMS can often modulate parameters outside
the range of the stored values, as if you were pushing the
parameter beyond the ends of the knob.

Poly, Unison, Chord, and Hold

The original Polysix had four switches to select different
voice-allocation options, including POLY, UNISON
(mono), CHORD, and HOLD. In the NAUTILUS, all of
these functions (and many more besides) are available on the
Program Basic page.
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EXi PROGRAM > PolysixEX: Home

0-1: Overview

Ime

> |D000: Polysix Gamelan

EXil PolysixEX YCONCFEGME
[

® P> ® @®
» 92 9 @
LFO1

3.

Overview
Mix Balance

This is the main page of PROGRAM mode. For a full
description of this page and all of its functions, please see
“EXi PROGRAM > Home” on page 127. This section
describes only the overview display, which differs for each
individual EXi.

0-1b: Overview and Page Jump

This part of the page shows an overview of the most
important settings for the Program’s two EXi instruments.
The specific parameters will vary, depending on which EXi
are being used. The specific parameters for the PolysixEX
are described below.

The graphics give you a quick way to check all of these
settings at a glance. They also let you jump instantly to any
of the displayed parameters. Just touch one of the sections,
and you’ll jump to the page containing its parameters. For
instance, if you touch the Filter graphic, you’ll go to the
Oscillator and Filter page.

Tip: Pressing EXIT several times will always bring you back
to this page.
VCO/VCF/EG/MG

This section shows the most important oscillator, filter,
envelope, and modulation generator parameters. Touch this
area to jump directly to the main PolysixEX page.

Arpeggiator

This section shows the arpeggiator parameters. Touch this
area to jump directly to the Modulation & Arpeggiator page.

0-1PMC

3Band EQ
Apeggiatol

ahaFF TEMPD

®

sreensTinmes " Polysix Off

Mute

127

Quick
Split

EGs and LFOs

EG 2,3 Graphics

These show the shapes of the two multi-stage EGs. Touch
either of them to jump directly to the corresponding edit

page.
LFO 1,2 Graphics

These show the waveforms and shapes of the two LFOs.
Touch either of them to jump directly to the corresponding
edit page.

Key Zone

Key Zone

This shows the key zones for EXil and EXi2, as set on the
Common section’s Program Basic page, in relation to the
entire MIDI note range. The range of the 61-, 73-, or 88-note
keyboard is also shown, as appropriate.

Press this area to jump to the Program Basic page.

0-1d: Common

3Band EQ Graphic

Mute (1) [On, Off]
Mute (2) [On, Off]
Mute (DrumT) [On, Off]
EXi1 Instrument Volume [000...127]
EXi2 Instrument Volume [000...127]
Drum Track Volume [000...127]

This is the same as with HD-1 programs. For more
information, please see “0—1d: Common” on page 4.
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v 0-1:Page Menu Commands

Compare —p.112

Write Program —p.112

Exclusive Solo —p.113

Show MS/WS/DKit Graphics —p.113
Add To Set List —p.113

Initialize Program —p.113

PAGE —p.126
MODE —p.126
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PROGRAM > PolysixEX: Main

4-1: Patch Panel

FREQUENCYTIMES

MG

4-1c @

KESONANCE EG INTENSITY

4-1d

4-1a:vVCO
VIBRATO INT [0.00...10.00]

Moving the joystick “up” from the center detent position,
away from yourself, produces the JS+Y controller (MIDI
CCH#1). On the PolysixEX, JS+Y normally controls

VIBRATO-the amount of the MG applied to VCO pitch.

VIBRATO INT controls the intensity of this modulation, up
to +/- 2 semitones. To disable JS+Y’s control of VIBRATO,
set this to 0.00.

Note that this is optimized for fairly small amounts of pitch
modulation. For more dramatic effects, set the MG’s MODE
to VCO, and adjust the depth via the MG’s LEVEL knob.

Alternatively, you can modulate TRANSPOSE or TUNE
via AMS.

[ VIBRATO INT is scaled by MIDI CC#77.

OCTAVE [16) 8, 4']
This sets the VCO’s coarse tuning, in octaves.
WAVEFORM [SAW, PW, PWM]

This selects the VCO’s waveform.

SAW produces a sawtooth wave—the traditional buzzy
analog synth sound.

PW produces square and pulse waveforms; for more
information, see “PW/PWM,” below.

PWM is similar to PW, but uses a dedicated LFO to
modulate the waveform. The speed of the LFO is controlled
by “PWM SPEED,” below. The PW/PWM setting
determines the maximum width.

4-1PMC

PITCH

SPEEDINTENSITY

Vibrato Int | 200

AMS off
Intensity: ~ +00.00
Int Mod  Off
Intensity +00.00

PW/PWM [0.00...10.00]

When WAVEFORM is set to PW, this directly controls the
shape of the waveform.

When WAVEFORM is set to PWM, this controls the
maximum pulse width when being modulated by the
dedicated PWM LFO. When PW/PWM is set to 0.00, the
LFO will have no effect.

More on Pulse Width

Pulse waveforms are simple, rectangular shapes. The Pulse
Width sets the percentage of the waveform spent in the “up”
position. A few examples are shown in the diagram below.
Note that a square wave is just a pulse wave with PW/PWM
set to 0.00.

The width controls the timbre of the oscillator, from pure
and hollow at 0.00 (a square wave) to thin and reedy at
higher settings.

At the maximum setting of 10.00, the Pulse wave will be
very quiet, since the “pulse” goes up and then down again
almost instantly.

The real magic of the pulse wave comes when you modulate
the width, using either AMS or the dedicated PWM LFO.
With AMS, try using a medium-speed triangle LFO, or a
sweeping EG.

Pulse waveform at different widths

Pulse Width = 0.00 Pulse Width = 5.00 Pulse Width = 9.00
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PWM SPEED [0.00...10.00]

The PolysixEX has an LFO dedicated to pulse width
modulation (PWM). This adjusts the speed of that LFO.
Note that this applies only when the WAVEFORM is set to
PWM.

The dedicated PWM LFO is shared between all the
PolysixEX voices, similar to the Common LFO.

If you’d like more flexible PWM, including per-voice
modulation, you can use AMS to modulate the PW/PWM
parameter directly.

SUB OSC [20CT, 10CT, OFF]

The VCO includes a sub-oscillator. You can set this to sound
either one or two octaves below the main oscillator, or turn it
off completely if desired.

20CT: the sub-oscillator will sound at two octaves below
the main oscillator.

10CT: the sub-oscillator will sound at one octave below the
main oscillator.

OFF: disables the sub-oscillator.

4-1b: MG (Modulation Generator) [R5

The MG is shared between all PolysixEX voices, similar to
the Common LFO. For per-voice modulation, use LFO1 or 2
instead.

The MG is available as an AMS source throughout the
PolysixEX, in two different versions: MG is the unaltered
MG signal, and MG + Delay is at 0 until the programmed
DELAY time has elapsed.

TEMPO SYNC [Off, On]

Touch the text/LED area to turn TEMPO SYNC on and off.

On (LED lit): When TEMPO SYNC is On, the MG
synchronizes to the system tempo, as set by either the tempo
of program or MIDI Clock. The MG speed is controlled by
the combination of the BASE NOTE and
FREQUENCY/TIMES parameters, below.

Off (LED dark): When TEMPO SYNC is Off, the
FREQUENCY/TIMES knob determines the speed of the
MG, and the BASE NOTE setting has no effect.

This parameter is not modulatable via AMS.

KEY SYNC [Off, On]

If this setting is ON, the phase is reset for the first note-on in
each legato phrase. Subsequent notes in a chord, or notes
played legato, do not cause the phase to be reset.

This parameter is not modulatable via AMS.

BASE NOTE [1/1...1/32]

When TEMPO SYNC is ON, this sets the basic speed of the
MG, relative to the system tempo. The values range from a
32nd note to a whole note, including triplets. This value is
then multiplied by the FREQUENCY/TIMES knob, below.

When TEMPO SYNC is OFF, this parameter has no effect.

This parameter is not modulatable via AMS.

FREQUENCY/TIMES [0.00...10.00/16...1]

If TEMPO SYNC is OFF, this controls the frequency of the
MG.

If TEMPO SYNC is ON, this multiplies the length of the
BASE NOTE. For instance, if the BASE NOTE is set to a
sixteenth note, and Times is set to 3, the MG will cycle over
a dotted eighth note. Note that higher values mean a faster
MG.

DELAY [0.00...10.00]

Adjusts the time from note-on until the MG is heard.

Note that this affects only the routing selected by the MODE
parameter, below; the VIBRATO always uses the un-
delayed MG signal.

LEVEL [0.00...10.00]
Adjusts the depth of the effect produced by the MG.
MODE [VCA, VCF, VCO]

Selects whether the MG modulates the amplitude (VCA),
the filter cutoff (VCF), or the pitch (VCO).

4-1c: VCF

CUTOFF [0.00...10.00]

This controls the cutoff frequency of the 24dB lowpass filter.
Sounds above this frequency are removed, making the
timbre darker.

[M) This is scaled by MIDI CC#74.
RESONANCE [0.00...10.00]

Resonance emphasizes the frequencies around the cutoff
frequency.

When this is set to 0, there is no emphasis, and frequencies
beyond the cutoff will simply diminish smoothly.

At medium settings, the resonance will alter the timbre of the
filter, making it sound more nasal, or more extreme.

At very high settings, the resonance can be heard as a
separate, whistling pitch. Near the maximum setting, the
filter will self-oscillate.

[} RESONANCE is scaled by MIDI CC#7.

EG INTENSITY [-5.00...+5.00]

Specifies the depth and direction to which the EG will affect
the cutoff frequency.

[ This is scaled by MIDI CC#79.

KBD TRACK [0.0...150.0]

Adjusts the depth to which the cutoff frequency will change
according to the note number, centered at C3.

With a setting of 100, the change in cutoff frequency will be
proportionate to the change in pitch (1 octave in pitch = 1
octave in filter frequency).

Note: Unlike some of the other EXi, the PolysixEX
keyboard tracking does not include the effects of pitch bend.
This matches the behavior of the original synthesizer. If
desired, you can create the same effect by using JS X as an
AMS source for the VCF CUTOFF.
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4-1d:EG
EG
Sustain
Level
Change to
Parameter
Value Time
Attack Decay Release
Time Time Time
Note-on Note-off
ATTACK [0.00...10.00]

Adjusts the time from note-on until the maximum level is
reached.

[ This is scaled by MIDI CC# 73.

DECAY [0.00...10.00]

Adjusts the time the EG takes to descend from the peak to
the sustain level.

[ This is scaled by MIDI CC# 75.

SUSTAIN [0.00...10.00]

Adjusts the sustain level. The EG will stay at this level until
the note is released.

[ This is scaled by MIDI CC# 70.
RELEASE [0.00...10.00]

Adjusts the time from the note-off until the level decays to
Zero.

[ This is scaled by MIDI CC# 72.

Using separate EGs for the VCF and VCA

Unlike the original Polysix, the PolysixEX lets you use
separate EGs for the VCF and the VCA. To do so:

1. Set the VCA MODE switch to EG.

2. Set the VCF EG INTENSITY to 0.00.
3. Select the CUTOFF parameter.
4

. In the Parameter Details panel for CUTOFTF, select
EG2 as the AMS source.

5. Set the AMS Intensity as desired.

Now, the original EG will control the VCA, and EG2 will
control the VCF.

4-1e:VCA
VCA stands for Voltage Controlled Amplifier, which is the

circuit that controls the volume of an analog synthesizer.
MODE [EG, Gate]
This selects the main control source for the volume.

EG means that the volume is controlled by the ADSR
envelope.

You can also use EGs 2 or 3 to modulate the main
VOLUME parameter via AMS.

Gate means that the volume goes to maximum immediately
at note-on, and falls to silence immediately at note-off.

ATTENUATOR [-20.0...+20.0dB]
Adjusts the volume up or down by 20dB, in 0.1 dB

increments. This is separate from the main VOLUME knob,
below.

Also, unlike VOLUME, the ATTENUATOR is per-voice,
which means that you can modulate it via per-voice AMS
sources such as EGs, LFOs 1 and 2, key tracking, etc.

4-1f: OUTPUT

PAN [Random, L001...C064...R127]

This controls the stereo pan of the PolysixEX, at the very
end of the signal chain. A setting of L001 places the sound at
the far left, C064 in the center, and R127 to the far right.

When this is set to Random, the pan position will be
different for each note-on.

M You can also control pan via MIDI Pan (CC#10). A
CC#10 value of 0 or 1 places the sound at the far left, 64
places the sound at the location specified by the “Pan”
parameter, and 127 places the sound at the far right. This
is controlled on the global MIDI channel (GLOBAL 1-
la).

Note: You can select Random pan only from the on-screen
Ul, and not from AMS, MIDI.

Note that this is a post-effects pan, while Unison Stereo
Spread is pre-effects:

Pan via Unison Stereo Spread -> PolysixEX Effects
(stereo) -> PAN knob (stereo in-out)

In the PolysixEX, PAN affects all voices at once, and so it
cannot be modulated by per-voice AMS sources such as EGs
or LFOs 1 and 2.

VOLUME [0.00...10.00]

This controls the main output level. It affects all voices at
once, and so it cannot be modulated by per-voice AMS
sources such as EGs or LFOs 1 and 2.

For per-voice modulation, use the ATTENUATOR
parameter instead. For more information, see
“ATTENUATOR” on page 289.

4-1g: PITCH
BEND RANGE [0.00...12.00]

This sets the maximum amount of pitch bend up and down,
in semitones and cents, as controlled by JS X. To use another
AMS source for pitch bend, modulate the TRANSPOSE or
TUNE parameters instead.

BEND RANGE is not modulatable via AMS.

TRANSPOSE [-24.00...+24.00]

This controls the coarse tuning, in half-steps and cents, up or
down two octaves. You can modulate this smoothly via
AMS.

TUNE [-5.00...+5.00]

This adjusts the pitch of the oscillators, in steps of 1/5 of a
cent, for a total range of +/- 1 semitone.
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4-1h: EFFECTS
MODE [OFF, CHORUS, PHASE, ENSEMBLE]

Switches the effect mode. Choose from chorus, phase, and
ensemble.

SPREAD [0.00...10.00]
Adjusts the width to which the effect sound will be panned.
SPEED/INTENSITY [0.00...10.00]

Adjusts the speed or intensity of the effect.

If MODE is set to Chorus or Phase, this adjusts the speed.
If Ensemble is selected, this adjusts the depth.

4-1i: Parameter Details

When you touch a knob or switch, a yellow square appears
around it, showing that it has been selected.

The Parameter Details area shows information for this
selected item, including its parameter group and parameter
name, its exact value, and its AMS assignments.

Individual parameters and AMS

PITCH BEND RANGE is not modulatable via AMS. The
PAN knob and a number of switches are modulatable by a
single AMS source, as described under “Pan knob and
Buttons,” below. The rest of the continuous knobs on this
page are modulatable via two AMS sources, as detailed
under “Knobs,” below.

(Parameter group)
This shows the group of the parameter (such as VCO).

(Parameter name) [range depends on parameter]

This shows the name and exact value of the parameter. You
can edit the parameter value with any of the standard data-
entry controls.

Knobs
AMS [List of AMS Sources]

This selects a modulation source to control the selected
parameter. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [range depends on parameter]

This controls the depth and direction of the AMS
modulation. For unipolar parameters, the range is the same
as that of the selected parameter, in both positive and
negative directions. For instance, if the parameter range is
0.00...10.00, the Intensity range will be -10.00...+10.00.

For bipolar parameters, including FILTER EG
INTENSITY, VCA ATTENUATOR, TRANSPOSE, and
TUNE, the range is twice that of the original parameter. For
instance, if the original parameter range is —24.00...+24.00,
the Intensity range will be double that: —48.00...+48.00.
This allows full modulation of the parameter, regardless of
the initial setting.

In some cases, you can use this to modulate the parameter
outside of its original range, for a wider range of values.

Int Mod [List of AMS Sources]
You can modulate the main AMS Intensity from another
AMS source. This selects that source. For a list of AMS
sources, see “Alternate Modulation Source (AMS) List” on
page 905.

Intensity [range depends on parameter]

This controls the depth and direction of the Intensity Mod.
The result is summed with the main AMS Intensity to
produce the final modulation amount.

Pan knob and Buttons

The PAN knob and the OCTAVE, WAVEFORM, SUB
OSC, VCA MODE, MG MODE, and EFFECTS MODE
switches can each be modulated from a single AMS source.

TEMPO SYNC, KEY SYNC, and BASE NOTE are not
modulatable.

AMS [List of AMS Sources]

This selects a modulation source to control the selected
parameter. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [range depends on parameter]

This controls the depth and direction of the AMS
modulation. The range is the same as the selected parameter,
in both positive and negative directions.

Vv 4-1:Page Menu Commands
* Compare —p.112
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PROGRAM > PolysixEX: Modulation & Arpeggiator

5-1: Mod & Arp

>ROGRAM > PolysixEx:Mod & Arp

exi  DO0O: Polysix Gamelan

| AMS Mixer2

5-1a: EXTERNAL MODULATION

The External Modulation section offers an easy way to
assign modulation to multiple destinations at once, using any
AMS source. Note that most parameters also include
dedicated AMS modulation, via the Parameter Details area.

Source 1

SOURCE 1 [List of AMS Sources]
This selects the modulation source to control the parameters
below. For a list of AMS sources, see “Alternate Modulation
Source (AMS) List” on page 905.

VCO PULSE WIDTH [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to the oscillator (VCO) PW/PWM.

VCF CUTOFF [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to the filter (VCF) CUTOFF.

VCA GAIN [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to the amp (VCA).

MG LEVEL [-10.00...+10.00]
Specifies the depth and direction of the modulation applied
to the MG (Modulation Generator) LEVEL.

Source 2

This allows you to route a second AMS source to the same
list of mod destinations. The parameters are identical to
those under “Source 1,” above.

5-1PMC

®

MG LEVEL

ARPEGGIATOR
On/Off Jott
AMS off

Mode: Momentary

KorG POIlyssiie EX

5-1b: ARPEGGIATOR

ON/OFF [Off, On]
Switches the arpeggiator on/off.
KEY SYNC [Off, On]

If this setting is ON, the arpeggiator will be reset at the
beginning of each legato phrase.

This parameter is not modulatable.

TEMPO SYNC [Off, On]
Touch the text/LED area to turn TEMPO SYNC on and off.

On (LED lit): When TEMPO SYNC is On, the arpeggiator
synchronizes to the system tempo, as set by either the Tempo
or MIDI Clock. The arpeggiator speed is controlled by the
combination of the BASE NOTE and SPEED/TIMES
parameters, below.

Off (LED dark): When TEMPO SYNC is Off, the
FREQUENCY/TIMES knob determines the speed of the
arpeggiator, and the BASE NOTE setting has no effect.

This parameter is not modulatable via AMS.

BASE NOTE [1/1...1/32]

When TEMPO SYNC is ON, this sets the basic speed of the
arpeggiator, relative to the system tempo. The values range
from a 32nd note to a whole note, including triplets. This
value is then multiplied by the SPEED/TIMES knob,
below.

When TEMPO SYNC is OFF, this parameter has no effect.
BASE NOTE is not modulatable via AMS.
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SPEED/TIMES [0.00...10.00/16...1]
If TEMPO SYNC is OFTF, this controls the speed of the
arpeggiator.

If TEMPO SYNC is ON, this multiplies the length of the
BASE NOTE. For instance, if the BASE NOTE is set to a
sixteenth note, and Times is set to 3, each arpeggiator step
will last for a dotted eighth note. Note that higher values
mean a faster arpeggio.

RANGE [10CT, 20CT, FULL]

Specifies the range in which the arpeggiator will play the
pattern. FULL plays the pattern over 6 octaves.

MODE [UP/DOWN, DOWN, UP]
Selects the pattern that the arpeggiator will play.
LATCH [Off, On]

Specifies whether the arpeggiator will continue playing even
after note-off occurs.

5-1c: ANALOG

ANALOG [0.00...10.00]

This models the instability of an analog system by adding
subtle randomization to the VCO and VCF frequencies.

This parameter is not modulatable.

5-1d: Parameter Details

This area shows details for the selected knob, including its
parameter group and parameter name, its exact value, and its
AMS assignments.

Individual parameters and AMS

Only the ARPEGGIATOR parameters are modulatable via
AMS; the EXTERNAL MODULATION and ANALOG
knobs, the BASE NOTE parameter, and the TEMPO
SYNC and KEY SYNC switches are not modulatable.

Note that the ARPEGGIATOR affects all voices at once,
and so it cannot be modulated by per-voice AMS sources
such as EGs or LFOs 1 and 2.

(Parameter group)

This shows the group of the parameter (such as
ARPEGGIATOR).

(Parameter name) [range depends on parameter]

This shows the name and exact value of the parameter. You
can edit the parameter value with any of the standard data-
entry controls.

SPEED/TIMES knob
AMS [List of AMS Sources]

This selects the first modulation source to control the
selected parameter. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [range depends on parameter]

This controls the depth and direction of the AMS
modulation. The range is the same as the selected parameter,
in both positive and negative directions. For instance, if the
parameter range is 0.00...10.00, the Intensity range will be -
10.00...+10.00.

Int Mod [List of AMS Sources]

You can modulate the main AMS Intensity from another
AMS source. This selects that source.

For a list of AMS sources, see “Alternate Modulation Source
(AMS) List” on page 905.
Intensity [range depends on parameter]

This controls the depth and direction of the Intensity Mod.
The result is summed with the main AMS Intensity to
produce the final modulation amount.

Multi-position Switches

Multi-position switch parameters, including RANGE and
MODE, have only a single AMS/Intensity pair, as below.
AMS [List of AMS Sources]

This selects a modulation source to control the selected
parameter. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

Intensity [range depends on parameter]

This controls the depth and direction of the AMS
modulation. The range is the same as the selected parameter,
in both positive and negative directions.

On/Off Switches

On/off switch parameters, including ARPEGGIATOR
ON/OFF and LATCH, have only a single AMS/Intensity
pair, as below.

AMS [List of AMS Sources]

This selects a modulation source to control the selected
parameter. For a list of AMS sources, see “Alternate
Modulation Source (AMS) List” on page 905.

AMS Mode

This parameter controls the way in which the switch AMS
works.

[Toggle, Momentary]

When this is set to Toggle, the switch will alternate between
on and off. For instance, if LATCH is set to Off, and AMS
is assigned to a footswitch, the first press will cause the
arpeggiator latch to turn on, and the next press will turn it off
again.

Momentary means that the switch value is changed only
while the controller is enabled. Continuing the example from
above, when the footswitch is pressed down, the arpeggiator
latch will turn on; when the footswitch is released, the latch
will turn it off again.

AMS lets you switch to the opposite of the programmed
setting. For instance, if LATCH is set to On, and the AMS
Mode is set to Momentary, then pressing down on the
footswitch would cause the latch to turn off.

If you set AMS to use a continuous controller, such as the
Joystick, values of 0-63 are as if the switch was off, and
values of 64—127 are as if the switch was on.

Finally - note that the assignable switches, SW1 and SW2,
can themselves be set to either momentary or toggle modes,
and these settings are reflected by the switch LEDs.
Individual parameter mode settings, such as the LATCH
AMS Mode, do not affect the LEDs.

So, if you’re using SW1 or SW2 as the AMS source, it’s best
to set the AMS Mode to Momentary, and then just let the
switch itself determine the momentary/toggle behavior.



PROGRAM > PolysixEX: Modulation & Arpeggiator 7-1:EG2

v 5-1:Page Menu Commands
e Compare —p.112

*  Write Program —p.112

* Exclusive Solo —p.113

« PAGE —p.126
- MODE —p.126

PROGRAM > PolysixEX: EG

The PolysixEX has two assignable EGs, in addition to the
original EG. Each of these can be used as an AMS
modulation source to control a wide variety of parameters.

7-1:EG 2 =22

7-2:EG 3 =22

The PolysixEX’s EGs 2 and 3 are identical to the AL-1’s
EGI. For detailed explanations, please see “7—1: EG 1
(Filter),” on page 169.

PROGRAM > PolysixEX: LFO

The PolysixEX has two assignable LFOs, in addition to the
original Polysix MG and the EXi Program’s Common LFO.
Each of these can be used as an AMS modulation source to
control a wide variety of parameters.

8-1:LFO 1 ==

8-2:LFO 2 e

The PolysixEX’s LFOs 1 and 2 are identical to those of the
AL-1. For detailed explanations, please see “8-2: LFO 1,”
on page 175.

PROGRAM > PolysixEX: AMS Mixers

The AMS mixer lets you combine two AMS sources into
one, or process an AMS source to make it into something
new.

For instance, you can multiply two AMS sources, or use a
single AMS source to change the source settings of another
source. You can also change the LFOs and EGs in varied
ways, or control the response of the real-time controls.

The AMS mixer outputs appear in the list of AMS sources,
just as with the LFOs and EGs.

This also means that the AMS configured with the AMS
mixer input can itself be reused as an AMS. For instance, if
you use LFO1 as an input for an AMS mixer, you can use the
processed version of the LFO signal to control one AMS
modulation, and the original version of the LFO signal to
control another AMS modulation.

AMS mixers can also be used in cascading sequence. For
example, you can use AMS Mixer 1 as the input for AMS
Mixer 2.

9-1: AMS Mixers 1/222

9-2: AMS Mixers 3/4 ==

The PolysixEX’s AMS Mixers are identical to those of the
AL-1 (although the PolysixEX has four, to the AL-1’s two).
For detailed explanations, please see “9—1: AMS Mixer,” on
page 179.
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PolysixEX: Tone Adjust

PolysixEX Tone Adjust Default Settings

Button 1:
VCA Mode
1:Arp
Button 9, 10: KeySync
Arp Tempo &
Key Sync

Filter EG
Intensity

Filter
Resonance

Filter
Cutoff

Filter Kbd
Track

VCO
Octave

1 2 3 4 5

1:Filter
EG Int

1:Filter
Cutoff

1:Filter
Reso

1:Filter Kbd
Track

1:vCo
Octave

+00.00

EG1
Attack

EG1
Decay

EG1
Sustain

EG1
Release

9 10 n 12

1:EG 1:EG 1EG 1:EG
Attack Decay Sustain Release

5.00 10.00 5.60 Ensembl

Tone Adjust provides an elegant physical interface to the
PolysixEX’s parameters. Most of the factory sounds use the
default layout, as shown above. You can also customize the
layout for individual sounds, if desired.

For more information about Tone Adjust, please see “0—9a:
Tone Adjust,” on page 29.

Common Tone Adjust parameters

These parameters affect both EXi 1 and 2. Except as noted
below, the Common Tone Adjust parameters behave as
described under “Common Tone Adjust Parameters,” on
page 31.

Amp Velocity Intensity. (-99...+99)
Not supported.

Button 7, 8:
LFO 1 & 2 Stop

16

1:MG
R Button 15, 16:
MG Tempo &
off Key Sync

VCOo
Waveform

Pulse
Width
7

1:Pulse
Width

1:PWM
Speed

0.00 0.00

Effect
Int/Speed

MG
Freq/Times

MG
Level

MG
Mode

16 17

1:MG
Level

1:MG
Mode

0.00

Filter/Amp EG Attack Time.

(-99...499, CC#73)

This scales the attack time of the PolysixEX EG. It interacts
with CC# 73.

Filter/Amp EG Decay Time.

(-99...499, CC#75)

This scales the decay time of the PolysixEX EG. It interacts
with CC# 75.

Filter/Amp EG Sustain Level.

(-99...499, CC#70)

This scales the sustain level of the PolysixEX EG. It interacts
with CC# 70.

Filter/Amp EG Release Time.

(-99...499, CC#72)

This scales the release time of the PolysixEX EG. It interacts
with CC# 72.



PolysixEX: Tone Adjust PolysixEX Tone Adjust parameters

Filter EG, Amp EG, and Pitch EG Attack Time, Decay
Time, Sustain Level, Release Time are not supported by
the PolysixEX.

Pitch LFO1 Intensity. (-99...+99, CC#77)
This scales the VIBRATO INT parameter.

PolysixEX Tone Adjust parameters

In addition to the Common Tone Adjust parameters listed
above, the PolysixEX adds a number of its own parameters.

Note that these additional parameters are separate for each

EXi, as opposed to being shared by both EXi in the Program.

All of the additional parameters are listed below. Tone
Adjust parameters may affect the internal parameters in one
of two ways: they may be Relative, in which case they scale
the existing parameter value, or Absolute, in which case
they over-write the existing value. Unless otherwise noted,
all of the PolysixEX parameters are Absolute.

VCo

Vibrato Int

Vibrato Int AMS Int
VCO Octave

VCO Waveform
PW/PWM
PW/PWM AMS Int
PWM Speed

PWM Speed AMS Int
Sub Osc

Sub Osc AMS Int

VCF

Filter Cutoff

Filter Cutoff AMS Int

Filter Resonance

Filter Resonance AMS Int
Filter EG Intensity

Filter EG Intensity AMS Int
Filter Keyboard Track

VCA
VCA Mode
Attenuator

Attenuator AMS Int

EG

EG Attack Time

EG Attack Time AMS Int
EG Decay Time

EG Decay Time AMS Int
Sustain Level

Sustain Level AMS Int
Release Time

Release Time AMS Int

OUTPUT

Volume
Volume AMS Int

MODULATION GENERATOR (MG)
MG Key Sync

MG Tempo Sync

MG Base Note

MG Frequency

MG Frequency AMS Int
MG Sync Times

MG Sync Times AMS Int
MG Delay

MG Level

MG Level AMS Int

MG Mode

PITCH

Transpose
Transpose AMS Int
Tune

Tune AMS Int

EFFECTS

Effect Mode

Effect Spread

Effect Spread AMS Int
Effect Speed/Intensity
Effect Speed AMS Int

ARPEGGIATOR

Arpeg On/off

Arpeg Key Sync

Arpeg Tempo Sync

Arpeg Base Note

Arpeg Speed

Arpeg Speed AMS Int

Arpeg Times

Arpeg Times AMS Int

Arpeg Range

Arpeg Mode

Arpeg Latch

EGs

The following controls are available for both EG2 and EG3:
+ Attack time (relative)

* Decay & Slope time (relative)
+ Sustain level (relative)

* Release time (relative)
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LFOs

In addition to supporting the standard Tone Adjust LFO
parameters, the PolysixEX adds the following separate
controls:

e LFO 1 and 2Waveform
* LFO 1 and 2 Shape

EXi PolysixEX: Page Menu Commands

Compare —p.112
Write Program —p.112
Exclusive Solo —p.113
Copy Envelope —p.182
Swap Envelope —p.182
Copy LFO —p.182
Swap LFO —p.182
PAGE —p.126
MODE —p.126
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MOD-7 Overview

The MOD-7 is a powerful, semi-modular synthesizer,
combining Variable Phase Modulation (VPM),
waveshaping, ring modulation, PCM sample playback, and
subtractive synthesis. Exceptionally versatile, the MOD-7
produces everything from classic FM keyboards and bells to
rhythmic soundscapes, from cut-through-the-mix synth
basses to sparkling, epic pads.

VPM refers to Korg’s patented contributions to Frequency
Modulation (FM) synthesis; for more information, see
“VPM and FM Synthesis” on page 301.

Features include:

* Six VPM Oscillators. Each can be used as a sine, saw,
triangle, square, or waveshaping oscillator with FM and
ring modulation, or as a waveshaping and/or ring mod
processor for other signals.

« 101 different waveshaping tables, whose response can be
controlled via modulatable drive and offset.

* A PCM sample playback oscillator using Korg’s ultra-
low-aliasing PCM technology, as first introduced in the
HD-1. This supports four-way velocity-switching
between any mono samples from ROM, EXSs,
SAMPLING mode, or User Sample Banks.

* Dual multi-mode resonant filters (including Korg’s Multi
Filter, as first introduced in the AL-1).

» Three patchable, modulatable 2-in, 1-out mixers for
combining and scaling audio signals.

* Noise generator with dedicated filter and saturation.
+ Live audio input.

» Patch Panel allows free connection of all components,
including the six VPM Oscillators, PCM oscillator, noise
generator, real-time audio input, three modulatable
mixers, and two filters. Connections can include multiple
cables from a single output, hybrid serial/parallel
routings, and feedback paths.

*  “Vast” sample-mangling capabilities, with incredible
flexibility and power. Use samples as FM modulators,
and create incredibly rich processing environments
combining multiple stages of filtering, waveshaping, and
ring modulation, patched together however you’d like.

» Up to 52 voices of polyphony.
+ Import classic FM sounds from the DX7.

» Four per-voice LFOs, ten re-triggerable EGs, nine key-
tracking generators, eight AMS mixers, and a per-voice
step sequencer.

» Access to all standard EXi Program features, including
the Common LFO, Common Step Sequencer, Key Track
1 & 2, Arpeggiator, EQ, and effects—as well as layering
with any other EXi (including two MOD-7s together, for
12 VPM oscillators!)

MOD-7 uses EXi fixed resources

The MOD-7 uses EXi fixed resources for its audio input.
This takes up a very small amount of processing power, even
if you’re not playing any notes on the keyboard. The amount
is tiny—around 1/96 that of the CX-3-but if other EXi are
using large amounts of fixed resources, the number of MOD-
7 that you can load in a Combination or Song may be
limited.

Each EXi in each Program counts towards the maximum; for
instance, a Program with two MOD-7s counts as two, not as
one.

For more information, see “CX-3 & other EXi: Limitations
on EXi fixed resources” on page 380.

Unsupported EXi Common parameters

The MOD-7 supports all of the EXi Common parameters,
except for two of the voice allocation options: Poly Legato
and Mono Mode (Normal/Use Legato Offset).

All of the other voice allocation options are fully supported,
including Mono, Mono Legato, Unison, etc.

297



298

EXi: MOD-7 Waveshaping VPM Synthesizer

MOD-7 over view

Patch Panel
Level
In2

Sine Osc HWaveshaper H Ring Mod }—» Level

Feedback

Feedback from Sine Osc

Feedback From Output

AMS
AMS AMS
Per-voice step EG19 Amp EG LFO1-4 Mixer 1-4 Mixer 5-8
sequencer
( N
FM Oscillators/ Waveshapers
FM Osc 1-6
-
Level Key
Patch Panel Track
n1 Level

| Patch Panel

PCM Oscillator

Level Key
Track

[ PCM Osc

]_>[ Level }—y[ Patch Panel ]

Patch Panel Mixers 1-3

Mixers 1-3

Patch Panel

Noise Generator

Noise
Generator

H Level ]—y[ Patch Panel ]

Audio Input

EXi Audio
Input

]—>[ Level ]-p[ Patch Panel ]

Filters
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Output
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EQ
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MOD-7 Overview Using the Parameter Details area

Using the Parameter Details area

PRI lator

[ Exi  A118: MOD -7 Reed EP

Main Parameter Details g — Parameter

Mode Esme + Waveshaper LPF 100 Mode: Sine + Waveshaper Details area
Input Level 1 100 Input Level 2 100 It

Main cill

area Oscillator Input ) |- LPF |—~ VisvuShapar |-
Ratio 00
Freq Offset +0000Hz Fine +0.00H Keyboard Track
Feedback 10 =D Key Lo Break C1 Center C1 HiBreak C1
Initial Phase +000 Phase Sync Key Sync Ramp Btm-Lo +00 Lo-Cntr  +00 Cntr-Hi +00 Hi-Top +00

.
Overview

The LCD displays are divided into two sections. The first is
the main part of the display, which includes all of the major
MOD-7 parameters. This provides quick access to different
functions, and an easy-to-read overview of the current
settings.

The other section is the Parameter Details area, located in the
upper right-hand part of the screen. This area shows
information for the selected parameter, such as descriptive
graphics and AMS assignments.

Assigning AMS modulation

Parameters which have AMS modulation shown only in the
Parameter Details area are marked with either a black “D” or
a white “D” (for “Details”) and an arrow. The black “D”
indicates that the Parameter Details area includes the
possibility of AMS modulation, but that none is assigned;
the white “D” and arrow show that an AMS source is already
assigned

To edit AMS settings in the Parameter Details area:
1. Touch the parameter in the main area of the display.

If the parameter supports AMS modulation, the Parameter
Details area will show one or more AMS sources and
intensities.

2. Edit the AMS settings in the Parameter Details area.

Note that AMS can often modulate parameters outside the
range of the stored values, as if you were pushing the
parameter beyond the ends of the knob.
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Loading DX sounds

Overview

The MOD-7 can load sounds created for the vintage DX7.
There are thousands of these sounds available on the
internet, providing a massive pre-existing library of timbres
(in addition to the many sounds created exclusively for the
MOD-7!). Try searching for “DX7 SysEx download.”

Once loaded, you can bring these vintage sounds up to date
using all of the MOD-7’s unique features, layer them with
other EXi, and process them with Arpeggiator and the
NAUTILUS effects.

The conversion works by reading .SYX format System
Exclusive files. This format is supported by programs on all
major computer operating systems.

Supported file types

In order to load a file, it must meet the following
requirements:

+ The file must contain a complete bank of 32 DX7
sounds. Files with only a single sound cannot be loaded.

* The file may contain multiple System Exclusive
messages, but only if the main DX7 bank dump is the
first of these messages. All subsequent messages in the
file will be ignored.

Note: Some instruments, such as the DX71I, may transmit
multiple System Exclusive messages when doing their
program data dump, with the main DX7 bank dump
coming last. If this set of messages is stored into a single
.SYX file, the NAUTILUS will not be able to load the
file.

* The System Exclusive must be in the original, first-
generation DX7 format, which was supported by all of
the classic 6-operator FM synths as well as the DX9.
System Exclusive files from later-generation FM
instruments, such as 4-operator “baby DX synths and
the TX81Z, SY77, etc., cannot be loaded.

Loading a single bank of DX7 sounds

To load a bank of DX7 sounds:

1. Transfer the DX7 .SYX file to NAUTILUS-readable
media, such as a USB flash drive.

2. Connect the media to the NAUTILUS.

3. Press the front-panel MODE button to select MEDIA
mode.

4. Go to the Load page.

5. In the Drive Select parameter, select the media from
step 2, above.

6. Select the DX7 SYX file.

7. Press the LOAD button.

A dialog box will appear, allowing you to select a bank into

which to load the sounds. Since DX7 banks contain 32

sounds, while a NAUTILUS bank contains 128, you can also

select where to place the DX7 sounds within the

NAUTILUS bank: into Programs 0-31, 32-63, 64-95, or 96-
127.

8. Select the bank and Program range into which to load
the sounds.

Important: If you select an HD-1 bank, it will be changed to
an EXi bank, and all of the bank’s HD-1 Programs will be
erased.

9. Press OK to load the sounds.

The sounds will be loaded into the NAUTILUS as MOD-7
Programs.

Loading multiple banks of DX7 sounds
If you like, you can load multiple .SYX files at once. To do
so:

1. Follow steps 1 through 4 under “Loading a single
bank of DX7 sounds,” above.

2. Enable the Multiple Select check-box.
3. Select the desired DX7 .SYX files.

4. Press the LOAD button.

An “Are you sure?” dialog will appear.

5. Press OK.

6. For each .SYX file, select the bank and Program
range to load into.

For more information, see steps 8 and 9 under “Loading a
single bank of DX7 sounds,” above.

Error messages

If the NAUTILUS can’t read the file, it will show one of two
error messages:

There is no readable data will appear if the file is shorter
than 4104 bytes, or if the SysEx header indicates something
other than DX7 Program Bank format.

File contains unsupported data will appear if the header is
correct, but the data is damaged; for instance, if the file’s
checksum doesn’t match, or if the trailing F7 is missing.
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Synthesis with the MOD-7: a guided tour

Overview

The tutorials below provide a guided tour of the MOD-7’s
synthesis capabilities. They start with a little background
information, and then dive right into step-by-step
instructions for creating simple sounds from scratch, using
all of the MOD-7’s major features.

Please read each section in order, since the later ones rely on
what you’ve done earlier.

VPM and FM Synthesis

Variable Phase Modulation (VPM) synthesis refers to Korg’s
patented contributions to Frequency Modulation (FM)
synthesis.

Carrier-modulator pairs

In its most basic form, these synthesis methods use a pair of
oscillators: a modulator and a carrier. Only the carrier is
connected to the audio output. The modulator is not heard
directly; instead, its output modulates the frequency (or
phase) of the carrier.

This modulation creates changes in timbre. The relative
frequencies (or “ratios”) of the two oscillators determines
which overtones are produced, and the level of the
modulator controls the loudness of those overtones.

In general, whole-number ratios produce harmonically
related overtones, fine deviations from whole-number ratios
produce similar overtones with chorusing, and more
complex ratios produce wild, clangorous overtones.

Greater complexity

Most modern VPM and FM synths allow more than simple
oscillator pairs. For instance, a modulator might itself be
modulated, to create a more complex timbre; two modulators
might have separate paths into a single carrier; a single
modulator might be sent to two or more carriers; and so on.
A carrier might both be heard directly, and also act as a
modulator on another oscillator. Feedback paths may let a
carrier modulate itself.

In the MOD-7, these routings are created on the Patch Panel,
by selecting an algorithm, creating patch cables, or a
combination of the two.

The more complex the routing and frequency relationships,
the more difficult it can be for even experienced sound
designers to predict the results. As legend has it, the main
breakthrough for FM itself came from a mistake, when FM
pioneer John Chowning programmed an LFO with a
frequency 100 times faster than he’d intended. When
working with the MOD-7, take a cue from his example: keep
experimenting, and leave your ears open for “happy
accidents.”

VPM, PCM, Waveshaping, and Ring Mod

The MOD-7 combines VPM with PCM sample playback,
waveshaping, ring modulation, and dual multimode resonant
filters, It’s a powerful digital synthesis toolkit, and it can be
approached from many different angles, as discussed in the
tutorials below.

Aliasing

Multiplying one audio-rate signal with another generally
causes aliasing, and VPM is no exception. Higher modulator
levels can produce aliasing artifacts, from low-level grunge
to phantom pitches to, at the extremes, loud white noise.
This becomes more of an issue with higher frequencies, such
as when playing in the top octaves of the keyboard.

Sometimes, these artifacts may be useful as part of the
overall timbre; other times, they may be unwelcome guests.
The most valuable tool to mitigate aliasing is Key Tracking,
which lets you reduce the modulator levels at higher
frequencies, while keeping them stronger at lower
frequencies. The MOD-7 includes dedicated multi-point key
tracking for each VPM Oscillator.

Creating an initialized MOD-7 Program
For the tutorials below, we’ll need to start with an initialized
MOD-7 Program. To do this:

1. In PROGRAM mode, select factory Program B028,
“Soft Jazz Perc.”

2. Go to the PROGRAM > Basic/X-Y/Controllers—
Program Basic page.

3. Change the EXil Instrument Type from CX-3
Tonewheel Organ to MOD-7 Waveshaping VPM
Synthesizer.

If you’ve already been working with the MOD-7, and want
to return to an initialized state:

1. Select the EXil Instrument Type parameter.
2. Use the - button to change it to PolysixEX.
3. Use the + button to toggle it back to MOD-7.
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Individual oscillators and subtractive synthesis

Each of the six VPM Oscillators can be used on its own, to
generate sine, saw, triangle, or square waveforms, plus
timbres created by waveshaping. You can layer multiple
VPM Oscillators together, modulate their volumes, and
process them through filters for standard subtractive
synthesis.

Layering six saw oscillators

Let’s start by creating a simple sound with six layered
sawtooth oscillators.

1. Follow the instructions under “Creating an initialized
MOD-7 Program,” above.

2. Press the PAGE button, and then press the MOD-7
tab.

The MOD-7’s tabs will appear on the right.
3. Press the Patch Panel button.

The Patch Panel will appear. This shows all of the basic
building blocks of the MOD-7, including all of the
oscillators, filters, mixers, and so on.

The Algorithm name is shown in the upper left-hand corner.
By default, it’s set to Blank Patch.

4. Open the Algorithm pop-up, and select 05: All
carriers -> 4-pole.

5. Press OK to confirm the selection and close the
popup.

As a shortcut, you can also select the Algorithm name on the

Patch Panel page, and then enter the Algorithm number from

the dial, or +, — buttons.

Notice that the lines on the Patch Panel have changed. These
show the normalled connections between the various blocks.
(“Normalled” is a term used in patchbays and modular
synths, meaning the default internal connections between
patch points.)

05 All carriers -> 4-pole has outputs from all six VPM
Oscillators mixed into a single filter.

The VPM Oscillators are shown as a line of six boxes,
running from 1 at the top to 6 at the bottom. The boxes are
labeled simply with the numbers 1 through 6. Each has two
input jacks, colored red, and one output jack, colored blue.

6. Touch the blue circle (the output) on VPM Oscillator
1.

A yellow highlight box will appear around the output jack, to
show that the jack is selected.

Look in the upper right-hand corner of the page. This is the
Parameter Details area; it shows additional information
about the selected item. In this case, it will show that you’ve
selected the output of VPM Oscillator 1, along with the
output level and the inputs to which it is connected (if any).
It also has two buttons: Jump and Disconnect.

7. Press the Jump button.

This takes you to the selected block’s page—in this case, the
VPM Oscillator 1 page. You can use this shortcut with any
of the blocks on the Patch Panel.

8. On the VPM Oscillator 1 page, set the Mode to Saw.

This controls the basic timbre of the oscillator.
9. Set the Ratio Fine to +0.004.

This causes the pitch to be very slightly higher than nominal.
We’re going to detune all six oscillators, to create a fat,
stacked sawtooth timbre.

10.Using the tabs, select each of the other VPM
Oscillators in turn. For each one, set the Mode to Saw,
and set the Ratio Fine as noted below.

* Osc2:-0.004
* Osc 3:+0.008
* Osc4:-0.008
* Osc5:+0.014
* Osc6:-0.014

Now, try playing the keyboard. It should sound like a thick,
detuned sawtooth timbre, with a “digital” tone quality.

To warm it up a bit, let’s make it so each oscillator starts with
a random phase.

11.For each of the VPM Oscillators, set the Phase Sync
(in the Oscillator section) to Random.

Notice how this makes the sound more full and rounded.
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VPM (aka FM)

Basic VPM

To start using VPM in earnest, simply connect the output of
one VPM Oscillator to the input of another. You can do this
either by selecting an algorithm, or creating a patch cable.
For instance:

1. Follow the instructions under “Creating an initialized
MOD-7 Program,” above.

2. Press the PAGE button and the MOD-7 tab, and then
press the Patch Panel button.

The Patch Panel will appear.
3. Set the Algorithm to 08: 2 + 2 + 2 -> Parallel Filters.

This groups the six VPM Oscillators into three carrier-
modulator pairs.

4. Press one of the VPM oscillator 3 jacks, and press the
ON check button at top right to turn it off.

5. Do the same for VPM oscillators 4-6.

This mutes VPM oscillators 3—6. From here, we’ll only be
working with VPM oscillators 1 and 2.

6. Press the PAGE button, the HOME button and then
the Tone Adjust tab. The PROGRAM > Home- Tone
Adjust page will display.

7. Press the Slider 9—17 button and lower Slider 9 to the
bottom of its range, and play the keyboard.

Lowering Slider 9 turns VPM Oscillator 1°s volume all the

way down. This means that you’ll hear only VPM Oscillator

2, which plays a pure sine wave.

8. While playing the keyboard, slowly raise Slider 9 to
the middle of its range, or slightly higher.

As you raise Slider 9, listen to how the timbre changes to be

increasingly bright. What you’re hearing is FM synthesis:

VPM Oscillator 1 is modulating VPM Oscillator 2. By

controlling the level of VPM Oscillator 1, Slider 1 controls

the amount of modulation.

In this algorithm, using standard FM terms, VPM Oscillator
1 is a modulator, and VPM Oscillator 2 is a carrier.

9. Press the Slider 1-8 button. While playing the
keyboard, very slowly raise or lower Slider 1.
Slider 1 controls the Ratio, or fundamental pitch, of VPM
Oscillator 1. Since VPM Oscillator 1 is acting as a
modulator, this changes the timbre of the sound.

10.Experiment with different settings of Slider 1 and
Slider 9.

Notice how Slider 1 changes the overtone frequencies
created by the FM, while Slider 9 changes their intensity.

11.Press the slider 1-8 button. While playing the
keyboard, press the switch 1 to turn it on and off.

This enables and disables VPM Oscillator 1. When it’s off,
you’ll hear VPM Oscillator 2 on its own: a pure sine wave.
When programming, this is a handy way to find out how an
individual VPM Oscillator is affecting the overall sound.

Feedback

Continuing from the above, let’s take a brief look at
Feedback. This causes the VPM Oscillator to modulate
itself, essentially acting as both the carrier and the modulator
at the same time.

1. Press the Tone Adjust Switch 1.
This mutes VPM Oscillator 1.
2. Play the keyboard.

Notice that the sound is now a sine wave, since we’re
hearing only the un-modulated VPM Oscillator 2.

3. Go to the VPM Osc 2 page.

If you’re still on the Patch Panel page, you can do this by
selecting any of the jacks on Osc 2 and then pressing the
Jump button in Parameter Details.

4. While playing the keyboard, slowly raise the
Feedback parameter to about 65.

Notice how the sound becomes brighter, almost like
sweeping the filter on an analog synth. In fact, when
Feedback is at 65, the sound is very close to a sawtooth
waveform.

You can modulate the Feedback level, and also choose
between two different feedback paths. For more information,
see “Feedback” on page 327.

Phase

In some cases, the phase relationship between the carrier and
modulator has an interesting effect on the sound. Continuing
from the above:

1. Lower VPM Osc 2’s Feedback to 0.
2. Go to the VPM Osc 1 page.
3. In VPM Osc 1, set the Ratio to 1.

Now, both VPM Osc 1 and 2 are set to the same Ratio, for
the most basic FM timbre: a carrier/modulator ratio of 1.

4. Press the Tone Adjust Switch 1.

5. Set the Tone Adjust Slider 9 to the middle of its range.

6. While playing the keyboard, slowly increase VPM Osc
1’s Phase from 0 to 90.

Notice how the timbre changes.

Phase has a strong effect with carrier/modulator ratios of 1:1
and 2:1, but is much more subtle (or not noticeable at all) at
other ratios.

Detuning

Let’s look at what happens when the carrier and modulator
are slightly out-of-tune. Continuing from the above:

1. Set VPM Osc 1’s Phase back to 0.

2. While playing the keyboard, use the + button to
change VPM Osc 1’s Freq Offset from +0000Hz to
+0001 Hz.

Notice how this introduces a chorus effect into the sound.

3. While playing the keyboard, use the — button to
change the Freq Offset back to +0000Hz.
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Notice how the sound becomes more flat and static. A small
amount of detuning can add a lot of interest to the sound.

4. While playing the keyboard, use the + button to
change VPM Osc 1’s Ratio Fine from +0.000 to
+0.003.

This also adds a chorusing effect. There’s a difference
between changing the Ratio and the Freq Offset, however,
as we’ll see next:

5. Play different ranges of the keyboard: low, middle,
and high, including all the way up to the top of the
keyboard.

Notice how the speed of the chorus effect gets faster as you
play higher. With Freq Offset, on the other hand, the speed
stays the same across the keyboard. Each is useful for
different purposes.

6. While playing the keyboard (arpeggios, for instance),
use the VALUE dial to sweep VPM Osc 1’s Ratio Fine
throughout its range.

Notice how the effect changes with broader detuning,
including new frequencies appearing both above and below
the root pitch.

Envelopes and VPM

Each VPM Oscillator can have its own volume envelope. As
we’ve noticed by using the Tone Adjust slider 9, changing
the level of a modulator affects the intensity of the FM.
Envelopes let you create interesting timbres by varying that
intensity over time.

Continuing from the above:

1. Set VPM Osc 1’s Ratio Fine back to +0.000.
The main Ratio should still be set to 1.

2. Set the Output Level to 75.

3. Notice that the Output section’s EG Select is set to
EGI1.

This is the EG assigned to control the VPM Osc’s volume.
By default, EGs 1-6 are assigned to VPM O