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Congratulations on your purchase of the Native Instruments FM7
software synthesizer. You'll be glad you did.

The FM7 is based on FM synthesis, which made its mass market
debut in 1983 with the Yamaha DX7. Boasting aftertouch, velo-
city sensitivity, a new type of synthesis that was very different
from analog subtractive synthesizers, a new protocol called
“MIDI,” and a shockingly low list price, the DX7 was an instant
hit and went on to become the best-selling synthesizer of its time.
It spawned several offspring, including the famous TX81Z (still
one of the best synths for MIDI guitar) and the TX802, probably
the finest hardware implementation of FM synthesis that Yamaha
ever produced. The latest in the line is the DX200 Desktop Con-
trol Synthesizer which is also recommended as a MIDI controller
hardware for FM7.

Now FM synthesis is back, and better than ever. Designed as a
convenient plug-in, the FM7 has 32-bit resolution for superb
sound quality, an innovative algorithm programming matrix whose
flexibility is light years ahead of older FM synthesizers, extensive
modulation, effects, a filter module/operator, and multiple wave-
forms.
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FM7

Although FM synths had a reputation of being difficult to program
- and they were! - the FM7 offers a unique “easy” page that
makes it simple to customize sounds to perfection, without having
to learn programming.

All the great features of FM synthesis are included, such as an
“analog” control to add slight amounts of randomness, and a mi-
crotuning page for alternate tunings. But it also has modern es-
sentials, such as envelope and delay sync to MIDI clock, 64-voice
polyphony, variable resolution for lo-fi sounds, total MIDI control,
and much more to bring FM synthesis into the 21st century.

The FM7 integrates perfectly into the computer-based virtual stu-
dio, whether Macintosh or Windows. It can serve as a stand-alone
module, turning your computer into a synthesizer. It also works as
a sequencer plug-in with Steinberg’'s popular VST 2.0™ and
ASIO™ interfaces, as well as Cakewalk’s DXi standard, Digide-
sign’s DirectConnect, and Mark of the Unicorn’s MAS.

If you were around for the first wave of FM synthesis, you’'ll be
pleasantly surprised at just how good it can sound with up-to-date
technology. If you're new to FM synthesis, you're in for a great
time. You can coax sounds out of the FM7 that range from angeli-
cally clean to hellishly nasty...from sweet to sour...and from tradi-
tional to innovative.

Have fun! | sure am.

--Craig Anderton

Craig Anderton is an internationally-recognized authority in the
field of musical electronics, as well as a professional musician
whose music can be heard on over 15 major label releases. Some-
how, he convinced us to get him a beta copy of the FM7, and
somehow, we convinced him to help us with the manual.
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Audio Interfaces

Audio interfaces allow Native Instruments software to communi-
cate with the audio hardware of your computer and other pro-
grams that you may have installed. This chapter contains
detailed information on the various audio interfaces and how to
use them. The features of the various interfaces are described to-
gether with their suitable applications.

Basically, there are two ways of using NI software: as a “stand-
alone” or as a “Plugln”. In following, the two versions are de-
scribed together with their corresponding interfaces.

Stand-alone Application

This method allows you to use NI software as stand-alone pro-
grams with any of the following interfaces (drivers): ASIO, MME,
DirectSound, and Core Audio. In this case, your computer acts as
a stand-alone instrument, similar to a hardware synthesizer with a
MIDI port and analog inputs and outputs. The table contains an
overview of which interfaces are suitable for stand-alone operation
on the various computer platforms:

Interface/driver Windows Mac0S X
ASI0 2.0 °

DirectSound [

MME °

Core Audio [

Plugin

Used as Pluglns, NI software are not a stand-alone programs but
rather program “modules” that can be integrated into a “host”
program such as a sequencer. Plugln mode allows you to integrate
it seamlessly with the sequencer. Furthermore, it has many other
uses as a Plugln:
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e MIDI sequencing and audio mix-down of the MIDI tracks
within a single program

e Comfortable automation of parameters in the sequencer

e Further processing of signals using additional Pluglns

e Sample-accurate timing with MIDI controllers (when used as
VST 2.0 Plugln)

e Restoring of all Plugln settings when the host document (such
as a song file of the sequencer) is loaded

e |ntegration with other instruments into a “virtual studio”

This table provides you with an overview of which interfaces are
supported by which host programs:

Interface/driver Host Programs Windows Mac

VST 2.0 Plugin Cubase, Nuendo, Logic [ ] )
5.x

Cakewalk DXi Sonar °

Audio Units Logic 6.x, 5.x °

RTAS Pro Tools 6.x, LE, Free [ ] )

Overview of Operating Systems and Plugins

FM7
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The interfaces described below are effectively different ways in
which NI software can communicate with your sound card. The
interfaces that are available on your computer depend on the
sound card you are using as well as your computer platform (Win-
dows or MacOS).

ASIO ("Audio Streaming Input Output") is a sound card driver ar-
chitecture developed by Steinberg. ASIO is available for MacOS
and Windows computers. It offers low latency and supports multi-
channel audio cards. With its high performance and low latency,
the ASIO driver interface is highly recommendable.
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DirectSound is an interface developed by Microsoft and is a com-
ponent of DirectX 5.0 or higher for Windows 98/ME/2000/XP.
Whether or not DirectX works well depends on the sound card you
are using. If the audio buffer size that you set is too small with Di-
rectSound, glitches and clicks may occur in the audio.

MME is the standard “Wave” driver in Windows. Most sound cards
support this interface and work with it quite well. However, MME
is even less suitable than DirectSound for real-time applications.
This is noticeable by a comparatively high latency.

Core Audio is a new audio interface available with MacOS X that
allows you to use external audio hardware as well as the inte-
grated audio output of the Mac.

RTAS is based on an interface protocol from DigiDesign that al-
lows you to use Pluglns with ProTools (or other software that is
compatible with DigiDesign). RTAS Pluglns function indepen-
dently from additional TDM hardware and are nonetheless able to
offer the widest range of features. In this case, the host processor
alone performs all of the computations for the Plugln.

Audio Units is the OS X Plugln format devloped by Apple. They
may be used in similar fashion to VST Pluglns.

DXI 2 is a Plugln interface for software synthesizers and
instruments based on Microsoft DXi technology. Sonar from Cake-
walk and Fruity Loops are the most well known host sequencers
that support DXi.

VSTi is the Plugln format developed by Steinberg. It is cross plat-
form and can be used in a variety of hosts.
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NI software as Pluglin

VST 2.0 Plugln

In addition to the stand-alone version, NI software can also be
used as a VST PlugIn. The advantages of the VST 2.0 format al-
low us to provide you with a powerful Pluglin.

For more information on the VST 2.0 format, refer to the user
guide provided with your VST host program.

Using NI software in Cubase SX 2

Launch Cubase, go to the Devices menu option and select the
VST Instruments menu option.

A window showing the instrument rack appears. Click on an
empty slot and choose FM7 from the available list of instru-
ment Pluglns.

|
.

FM7

The Pluglin will now appear in your list and automatically be
turned on. It will also create a set of audio channels in your
VST mixer that will be used for mixdown within your project.
This will allow you to mix, pan, and process FM7 's output just
like any other existing audio track in your Cubase song.

Click on the Edit button to call up the FM7 interface. Here you
can control and edit all the features and functions that FM7
has to offer.

Now go to the "Project" page and add a MIDI track (if you do
not have one already created).

17| m) s | [T
@y Rjuj
Go to the Output parameter section for this MIDI Track and
click on the field. This will create a list of available MIDI out
ports to assign to this MIDI track. Choose FM7 VST from the
list.
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Note: If FM7 does not appear in the list of available VST instru-
ments inside your VST 2 host application, then it is not installed
correctly.

After having loaded an Instrument from the library you should be
able to trigger it via MIDI using a keyboard controller. FM7's
sound will generate through the VST mixer and directly to your
sound card. If the Plugin does not receive MIDI or generate au-
dio, then make sure to check the following areas:

Make sure "MIDI thru" is enabled in Cubase.

The MIDI channel of your MIDI track must correspond to the
receive channel of the loaded instrument.

Make sure that you have properly configured your sound card
for use with Cubase.

(please refer to your Cubase manual for more information)

Using NI software in Nuendo 2.0

Launch an empty or current project in Nuendo.

Click on the Devices menu and choose VST instruments from
the menu options (or press F11 on your keyboard).

A window showing the instrument rack appears. Click on an
empty slot and choose FM7 VST from the available list of in-
stalled Pluglns.

e @

# ) Exciting

The Plugln will now appear in your list and automatically be
turned on. It will also create a set of audio channels in your
VST mixer that will be used for mixdown within your project.
This will allow you to mix, pan, and process FM7's output just
like any other existing audio track in your Nuendo project.
Click on the Edit button to call up the FM7 interface. Here you
can control and edit all the features and functions that FM7
has to offer.

Now go to the "Project Editor" page and create a MIDI track (if
you do not have one already created).
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e Go to the Output parameter section for this MIDI Track and
click on the field. This will create a list of available MIDI out
ports to assign to this MIDI track. Choose FM7 VST from the
list. Also make sure you assign the MIDI input port to corre-
spond to whatever MIDI controller your are using.

17| m) s | [T
8 &y rRjuj
e Record enable the MIDI track.

Note: If the NI software does not appear in the list of available
VST instruments inside your VST 2 host application, then it is not
installed correctly.

FM7

After having loaded an Instrument from the library you should be
able to trigger it via MIDI using a keyboard controller. FM7's
sound will generate through the VST mixer and directly to your
sound card. If the Plugln does not receive MIDI or generate audio,
then make sure to check the following two areas:

e Make sure "MIDI thru" is enabled in Nuendo.

e The MIDI channel of your MIDI track must correspond to the
receive channel of the loaded instrument.

e Make sure that you have properly configured your sound card
for use with Nuendo

(please refer to your Nuendo manual for more information).
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Audio Units Pluglin

Using NI software in Logic 6.x and 5.x (please note the setup is the same
for Audio Units, Mac and VST, Windows)

e launch Logic and create an audio instrument track or set an
existing audio or MIDI track to an audio instrument track by
clicking on it, holding down the mouse button and choose Au-
dio = Audio Instrument = Audiolnst 1.

16 7 |EC a2 Audiolnst 1

e Double click the audio instrument track to open the environ-
ment window. Logic scrolls automatically to the first instru-
ment bus in the Logic mixer.

e (Choose the FM7 Audio Unit/VST Plugln in the appropriate in-
sert slot of the instrument mixer bus, either in the arrange or
mixer window. Then click onto the insert slot, hold down the
mouse button and choose Stereo = Audio Units/VST = FM7.
(FM7 is also available as a multi-channel insert)

Kein Plug-In
Maono

Lz
Wokator
Reaktord

Absynth 2
Kaontakt
Intakt

B4

B4
Battery
Pro-53
Pro-53
Kompakt

e The Plugln now appears in the instrument slot and is ready to
use. The instrument mixer channel will allow you to mix, pan,
and process FM7’s output just like any other existing audio
track in Logic.

Fm7
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e |f the FM7 interface is not already open, double click on the
mixer's FM7 slot to call up the FM7 interface. Here you can
control and edit all the features and functions that FM7 has to

offer.

Note: If FM7 does not appear in the list of available VST instru-
ments inside your VST 2 host application, then it is not installed

correctly.

After having loaded an Instrument from the library you should be
able to trigger it via MIDI using a keyboard controller. FM7's
sound will generate through the VST mixer and directly to your
sound card. If the Plugln does not receive MIDI or generate audio,
then make sure to check the following two areas:

e Make sure "MIDI thru" is enabled in Logic.

e The MIDI channel of your MIDI track must correspond to the
receive channel of the loaded instrument.

e Make sure that you have properly configured your sound card

for use with Logic.

(please refer to your Logic manual for more information).

Using NI software in Digital Performer 4.1 (or higher)

e launch Digital Performer and create an instrument track by
selecting Project = Add Track = Instrument Track= FM7.

Audio Studio Setup Windows Help O ] = o) Fr
1 Track _ Midi Track o%M

[ ’i'::'::__s T'"—E T"IK_-" ‘i Mono Audio Track {r38A

| S e Stereo Audio Track {r38s i

p— Delete | racks Surround »

By Modify Conductor Track

er DP song

Absynth 2 (stereg)
Intakt (stereo)
Kompakt (stereo)
B4 (stereo)
Battery (stereo)
Kontakt (stereo)
Vokator (stereo)
FM7 (stereo)
Pro-53 (stereo)
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Create a MIDI track by selecting Project = Add Track = Midi
Track. In Digital Performer’s track overview window (or in the
sequence editor window) assign the ouput of this MIDI track to
“FM7-1" and a MIDI channel. If you instantiate further FM7
Pluglns they will be named “FM7-2", “FM7-3" etc.

ﬁ Naone
| DF Qutput b L
IAC Driver [ 2 Fhd7-1-2
I my extemnal keyboard S Fh7-1-3
| FM7-1-4
| Mew Device Graup... FM7-1-5
FM7-1-6
Built-in Audiol-2 1 Autornatic FM7-1-7
Built-in Audiol-2 1 Autornatic el FM7-1 -5
Built-in Audiol-2 1 Autornatic 2 =
Built-in dudicl-2 1 Autoratic m  FM7-1-3
& Built-in Audicl-2 1 m FM7-1-10
: N Fm7-1-11
FM7-1-12
FM7-1-13
FM7-1-14
FM7-1-15
FM7-1-16

The Plugln is now ready to use. The mixer of Digital Performer
will allow you to mix, pan, and process FM7's output just like
any other existing audio track.

To play FM7 with your keyboard, record enable the MIDI track
which you have routed to FM7 and make sure Midi Patch
Through is enabled in the Studio menu of Digital Performer.
Double click on the FM7 slot in Digital Performers mixing
board to call up the FM7 interface. Here you can control and
edit all the features and functions that FM7 has to offer.

Note: If FM7 does not appear in the list of available Audio Unit
Pluglns inside your Audio Units host application, then it is not in-
stalled correctly.

Fm7
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After having loaded an Instrument from the library you should be
able to trigger it via MIDI using a keyboard controller. FM7's
sound will generate through Digital Performers mixer and directly
to your sound card. If the Plugln does not receive MIDI or gener-
ate audio, then make sure to check the following two areas:

e Make sure Midi Patch Through is enabled in the Studio menu
of Digital Performer.

e The MIDI channel of your MIDI track must correspond to the
receive channel of the loaded instrument.

e Make sure that the instruments track output is correctly set.

e Make sure that you have properly configured your sound card
for use with Digital Performer.

(please refer to your Digital Performer manual for more informa-
tion).

DXi 2 Plugln

DXi 2 is a Plugln interface for software synthesizers and instru-
ments based on Microsoft's DirectX technology.

Using NI software in Sonar

e launch Sonar
e |n the synth rack choose FM7 DXi 2.

L FM71 Cefault Preset -
Loading the FM7 DXi 2 Plugin in the synth rack

e Route a MIDI track to the DXi 2-Plugin by selecting FM7 in
the Out drop down list.

10 |
o

Hone

0 | 1-Fhd7 1

Assign a MIDI track to the FM7 2-DXi-Plugin

FM7
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After having loaded an Instrument from the library you should be
able to trigger it via MIDI using a keyboard controller. FM7's
sound will generate through the Sonar mixer and directly to your
sound card. If the Plugln does not receive MIDI or generate audio,
then make sure to check the following two areas:

e Make sure "MIDI thru" is enabled in Sonar.

e The MIDI channel of your MIDI track must correspond to the
receive channel of the loaded instrument.

e Make sure that you have properly configured your sound card
for use with Sonar.

(please refer to your Sonar manual for more information).

RTAS Plugin / HTDM Pluglin

Using NI software with Pro Tools 6.x under Mac and Windows

The RTAS format is an interface protocol for Mac OS and Windows
that allows you to use Plugins with ProTools independently from
additional TDM hardware, while nonetheless offering the widest
range of features. In this case, the host processor alone performs
all of the computations for the Plugin.

e launch Pro Tools

e C(Create a new AUX track File = New Track

e (Create a new MIDI track the same way

e Locate the channel mixer Windows = Show mix

e The dark grey box at the topmost section of the AUX channel is
the RTAS insert section. Click on the first empty slot to show
all available RTAS Pluglns.

Fm7
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e (Choose FM7 from the menu

W noinsert . | |

multi-channel TOM plug-in Abzynth 2 {stereo)
multi-channel RTAS plug-in > B4 {stereo)
| Battery {stereo)

multi-mono TOM plug-in
multi-mono RTAS plug-in Intakt {stereo)
Kompakt (sterea)

Kontakt {stereo)

H Pro-53 {stereo)
E Reaktor {stereo)
Spektral Delay (sterea)

w1z [ A ][ an ] Wokatar (stereo)
A1-2 l | none l | none l

¢ Now locate the MIDI channel you just created
e |n the output slot, choose FM7 and the appropriate channel

a1 1| L
J none I none ! none
- o

Kontakt » channel-2
{ channel-3
Predefined P Channel-4

channel-5

| channel-6
]m‘ channel-7
¥ channel-§
:| @ channel-9

channel-10

channel-11

channel-12

channel-13

channel-14

channel-15

channel-16

After record enabling the midi track, you will be able to play
FM7 with your midi keyboard.

(Please refer to your Pro Tools manual for more information on
how to record FM7’s output).

Note that on Pro Tools TDM systems stereo RTAS Pluglns can only
be instantiated on stereo audio tracks.
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Mac Standalone

The stand-alone version allows you to use the application inde-
pendently from other programs. In order to use the Standalone
version you have to do the audio and MIDI settings first. You can
call up the Audio + MIDI Settings setup dialog from the File
menu. For setting the standalone interfaces please choose
Setup... from the File -menu.

[ Audio Setup

‘l SoundCard || Routng || emor |

|
Interfacs | corefudic [+
Sample Rate ] 44108 Iv]
Output Device | Built-in ||

| Output Latency [D ] |24 ms |

| = || cance

Audio + MIDI Setting dialog

Soundcard tab
Interface

All of the supported (and installed) audio interfaces are available
in this drop-down list. Select the desired audio driver (MME, Di-
rectSound, ASIO, SoundManager, Core Audio) from this list.

Sample Rate

Depending on the sound card and driver you are using, various
sample rates are available. Set the desired sample rate here.

Output Device

Here you can define which of the installed audio interfaces should
be used for the audio outputs based on the driver selected under
Interface.

Fm7
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Output Latency

This box displays the output latency. With some drivers you also
get a latency slider for setting an individual latency.

Routing tab

Audio Setup

| soundcara || Routing [ rmr |

I Inputs I I Outputs I

Channel [1-2] Left Euilt-in Out 1 b M
Channel [1/2] Right Euilt-in Out 2 hd I
Channel [3/4] Left - not connected - -
Channel [244] Right - not connected - -
Channel [S/E] Left - not connected - -
Channel [54E] Right - not connected - -

I Ok I I Cancel I

If you are using a multi-channel sound card, FM7 also allows you
to freely select which channels to use for the output signals.

MIDI tab

Audio Setup
soundCard || Routng || emor |
Input Interface
Output Interface
M-Audio Keystation Series Port 1 |0FF |

] Ok I ] Cancel I
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These two boxes (MIDI inputs and MIDI outputs) display all of
the MIDI inputs and outputs that are correctly installed on your
system. Click in the right column to “off” or “on” to activate or
deactivate the corresponding MIDI input or output. From this
point on, FM7 sends and receives MIDI on the activated inputs
and outputs.

Fm7
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PC Standalone

Soundcard Settings

The FM7 software needs a soundcard for playing the sounds it
produces. No extra drivers are needed when using a standard
sound card as the software’s audio interface. The FM7 software
makes use of the standard MME, DirectX or ASIO drivers installed
with the cards.

DirectSound and MME

Some adjustment of the FM7 software’s parameters is necessary
to tune it to the hardware and achieve optimum performance.
Choose Soundcard in the System = Audio Port menu and open
the appropriate settings dialog window by selecting System = Au-
dio Settings....

Soundcard Properties x|

—In Port
INone j

Record &head: 400 ms

Ot Port

I DirectSound: wavOut 1/2 Delta-44 Direcj
1

{)

Flay shead: 15 ms

Feduce values for shorter delay.
Increase values when clicks are heard.

(] 8 | Cancel |

Audio Settings dialog window for standard Windows soundcards

If you have an ASIO driver for your audio card you should try these
out since ASIO drivers mostly allow lower latency settings than
MME or DirectSound drivers. Many ASIO drivers can have laten-
cies of 10 ms and less.

FM7
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Devices

If more than one soundcard (or driver port) is installed, the selec-
tion box Out Port chooses which soundcard (or which driver port)
will be used by the FM7 software.

In the list of available ports for Out Port, the available devices are
marked MME: or DirectSound:. The latest DirectSound drivers for
your soundcard are probably better optimized with regard to la-
tency (delay) in the audio output than the earlier MME (WaveOut)
drivers and normally perform better. We recommend that you try
out all the available drivers, and use the one that gives the most
responsive, delay-free performance.

Do not use emulated DirectSound drivers (which are usually
marked “emulated”) because these are actually MME drivers
made to look like DirectSound and will perform poorly.

A precondition for using DirectSound is that the Windows exten-
sion DirectX 5.0 (or later) is installed on your PC.

Note: The low latency technology employed in the FM7 software
makes high demands on soundcard drivers. Please make sure you
have the very latest drivers available for your soundcard.

Latency

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

If you are installing the FM7 software for the first time, you can
skip the settings described below and first get to know the sys-
tem. Return here later to optimize the latency for the best possi-
ble performance.

With the Out Port’s Play ahead slider you can adjust the audio
buffer size. The smaller the buffer, the faster the FM7 response.
However, if the buffer is set too small, clicks will appear in the au-
dio output (MME) or extreme latency will result (DirectSound).

Fm7
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Important: To get good performance from the FM7 software you
must optimize the Play ahead by hand every time you change your
soundcard or update the soundcard driver.

To optimize the buffer length for your system, select any preset
and play it while at the same time moving the slider for Play
ahead in the Soundcard Properties dialog window. Move the slider
to the left to reduce Play ahead until you start to hear clicks in the
sound output. Now move it back to the right a bit to find the point
where the clicks disappear. This is the optimum output buffer size
for your card.

When using MME drivers, the sound will break up when Play
ahead is too small. With DirectSound drivers on the other hand,
there will only be one glitch after which the effective latency sud-
denly becomes very large (about 1 second).

By the way, the number of voices used inside the software doesn’t
have any affect on latency. It does, of course, affect overall perfor-
mance because it increases the load on the CPU.

Please note that the soundcard output levels depend on the card’s
mixer settings. You can control this device using the Windows ac-
cessory Volume Control, the Multimedia Properties of the Control
Panel, or a mixer program delivered with the soundcard.

MIDI Interfaces

FM7
Eng

The MIDI Ports through which the FM7 software communicates
with the rest of the world are selected in the MIDI Port dialog win-
dow, which is opened via the menu entry System = MIDI Set-
tings.... All the existing MIDI ports in your PC that are installed
under Windows appear here, and can be chosen for use with the
FM7.

If a MIDI input port has already been opened by another program,
the software will not be able to use it and it will not appear under
Available Inports. In this case free up the port in the other pro-
gram or make sure that the FM7 software starts up first. Con-
versely, an inport has to be removed from the list of Installed
Inports before another program has access to it.
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MIDI Settings x|

—Awvailable Inports r— Installed Dutparts

SB Livel MIDI-In [CO00] Creative 554 Synth ;l
A; 5B Livel MIDI-Spnth
E: SB Livel MIDI-Syrith =l

[ . Remowve | Ikzert | Remowe |

r— Installed Inparts —Available Outports
5B Livel MIDI-In [CO00] ‘

— MIDT Input Channels
L8 T2 T2 T T2 T2 T (200 208 T2 2R 2 2 v

12 3 4 5 B 7 B 9 10 11 12 13 14 15 18

— MIDI Input Filter | FIDT Output Filter
[ Faly AT [" Channel AT [~ PolyaT ™ Channel AT
[™ Control Change [ Pitchbend [~ Control Change [ Pitchbend

[ Program Change I SysEx _RealTime I~ Program Change ™ S_l,lsE:-:_F!eaITimeI

[~ MIDI Through

Q. | Cancel |

MIDI Port dialog window

MIDI Input Channels

You can select MIDI channels for FM7. The program receives
MIDI only on channels you have activated here. MIDI data re-

ceived on other channels will be ignored.

MIDI Input and Output Filters

You can set MIDI filters for the MIDI input and output seperately.
If you want the FM7 to ignore specific MIDI controllers, select the

appropriate checkboxes.
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MIDI Thru

Activate this checkbox if you want FM7 to pass incoming MIDI
data directly to the MIDI output. MIDI thru is useful if you want to
set your MIDI interface as MIDI input for FM7, but also record the
MIDI data in another program. If you control FM7 from a se-
quencer, do not activate MIDI thru for FM7, since in certain con-
figurations you might get a MIDI loop.
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Interface Conventions

Mac and Windows Conventions

Operating the FM7 on Mac or Windows machines is identical, ex-
cept for slight differences caused by differences in their operat-
ing systems.

Key commands are given for Windows. For the Mac, when the text
says “right-click,” use Ctrl-click..

Sliders

To change a slider setting, click on it with the mouse. Drag the
mouse up or down to change the value. For “fine tuning,” press
the Shift key prior to moving the slider, and keep holding the Shift
key while moving the slider.

Numeric Values

For parameter tweaking, click on the numeric readout below the
slider. Drag the mouse up or down to change the value. When
there is both a slider and a numeric value, you get finer resolution
by dragging the numeric value. Hold additionally the Shift-key to
get an even finer resoluion.

For setting up the parameters ratio and offset drag on the 1s
digit of the numeric readout, then the value will change in 1s. If
you drag on the 10s digit, then the value will change in 10s.

If the numeric value has buttons above and below with small ar-
rows, clicking on the upward arrow raises the value by one, and
clicking on the downward arrow lowers the value by one. Clicking
and holding on these buttons scrolls through the values at a mod-
erate rate.
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Buttons and Switches

Click once on a button or switch to enable, click again to de-se-
lect or disable. A selected switch will be either outlined in red, or
change color.

Graphic Interfaces

Some parameters, such as envelopes, are shown graphically as
curves and lines with nodes.

e To change an envelope’s shape, click on a node with the
mouse, and drag the slope point into the new position.

e To create a new node, right-click where you want the node to
appear.

¢ To delete a node, right-click on the node.
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Test Driving the Standalone FM7

Now that the FM7 software is installed, let's check it out.

Select the FM7 from the Windows start menu or double-click
on the FM7 icon on the desktop.

After the FM7 screen has appeared click on the Lib button in
the selector strip to go to the libary page. This page is where
you manage (select, save, import, etc.) your FM7 presets and
banks of presets.

When you call up the FM7, one of the presets in a group of 32
presets will be outlined. There are three ways to play this preset.

The FM7 has a “virtual keyboard” at the bottom of the screen.
Click on notes to trigger them. You can also click on the mod
and bend wheels and move them. To “retract” or “extend” the
keyboard, click on the KEYBD button next to the FM7 logo.

Use a MIDI controller. Make sure your MIDI controller’s output
plugs into your computer interface’s MIDI input, which should
be assigned as the Inport under the System = MID/ settings
menu. If you move your controller's mod and pitch bend
wheels, the virtual wheels will move also.

In standalone mode only, the computer keyboard can trigger
notes. The letters are chosen to emulate a musical keyboard.
For example, Z-M plays notes C-B, S plays note C#, D plays
note D#, etc.

Page Select Area

In the Page Select area you can switch between the different FM7
panels. The first eight panels are for the eight FM7 operators. The
next six buttons open the panels for the pitch, LFO and modula-
tion parameters as well as the Master page, the Easy Edit page
and the Preset Library.
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If you press the same Page Select button several times, you can
switch between two pages, the one which was opened before you
pressed the latest page select button and the current page. This
allows you to compare the parameter settings of two pages with
each other.

The Store button overwrites the selected preset immidiately with
the current edit buffer. With the Comp button you can compare
two sound editing states with each other, the Learn button is for
easily assigning MIDI controllers to a parameter (See “Prefer-
ences” on page 82.).

Auditioning Presets

Click on additional presets to hear more cool sounds. For more
information on playing back and storing presets, see the Library
chapter.
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Common Parameters - All Pages

I: DET imPort

The upper portion of the FM7 remains constant as you switch
among pages. Available parameters include:

FM7 Logo. A klick on the logo opens the FM7 About window
where you find the FM7’s program version number and other in-
formation.

Preferences, Editor, Keyboard switches. Click on Preferences to
bring up the Preferences menu (See “Preferences” on page 82.),
Editor to show/hide the editor, and Keybd to show/hide the key-
board and wheels.

Preset readout. Click and drag up or down to change presets. An
LED toward the upper left of the readout lights in the presence of
MIDI activity. An LED in the lower right of the readout lights if the
preset has been edited.

Preset display. Shows the information stored with the preset. The
lower row is a general purpose display. You can click onto the let-
ter in front of the row to change the information being displayed:

I: Preset info

D: Preset save date

C: Preset categories
P: Selected parameter
A: Preset author

In some FM7 modes (e.g. MIDI Learn) the display shows impor-
tant additional information.

Poly readout. (inside the Preset display) Click and drag up or
down to change the maximum number of voices (polyphony).

Output meter. Realtime stereo level meter for the overall ampli-
tude of a sound.

Spectrum display. This non-editable display shows the harmonic
spectrum of the selected sound.
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Waveform display. This non-editable display shows the waveform
of the selected sound.

NI Logo. A klick on the NI logo launches your web browser and
opens the start site of the Native Instruments homepage if your
computer is connected to the internet.
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The Library

The library page is where you move, copy, store, save, import, and
manage presets and banks. Access the Library page at any time
by clicking the LIB button. When selected, the button turns red.

There are four main Library components.

Bank/Preset Listing

The Bank/Preset listing is toward the lower left.

e A bank is divided in four blocks (1-32, 33-64, 65-96, 97-
128). Select the desired block by clicking on its tab.

e There are 32 Presets within each block. Select a preset by
clicking on it. An outline appears around the name.

Master Control Strip

The master control strip contains the preset/bank management
tools. Select a function by clicking on its associated box.

Store: Any edits you make to a preset are kept in an edit buffer.
You must store any changes if you want the preset to retain them.
If you don’t store, the preset will revert to its previous settings
once you switch to a different preset.

Store To: Click and this box flashes. Select the target Block and
Preset number where you want the Preset stored.
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Load: Loads an individual FM7 preset (*.f7p suffix), a block of 32
presets (*.f7b suffix) or a FM7 bank of 128 presets (*.f7a suffix)
from storage media (hard drive, floppy, etc.). Navigate to the de-
sired file, select, and click on Open.

Import Sysex: The FM7 can accept System Exclusive Data (preset
parameters) from Yamaha's DX7, DX7Il and DX200 synthesizers
and convert the sound to its own parameter format.

In standalone mode FM7 automatically receives any MIDI SysEx
data in the recognised formats (do not click on Import SysEx; this
process is automatic). Single Presets go into the edit buffer (and
need to be stored manually), while Banks go into the currently se-
lected bank of 32 Presets.

Note that receiving SysEx data via MIDI is not possible when us-
ing FM7 as a plug-in because VST and the other plug-in standards
do not currently support SysEx.

FM7
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Another way (that always works) is to load the SysEx data from a
file. Click on the Import SysEx button, then navigate to a compat-
ible SysEx file (it will usually have a .syx suffix under Windows),
and open it. You can find lots of DX7 SysEx data files on the inter-
net. You can also capture MIDI SysEx data and save it to disk as a
file using programs like Midi-Ox (PC freeware for private use,
http://www.midiox.com), as well as sequencer programs and even
some keyboards

DX7 Operator 1 maps to FM7 operator F, operator 2 to operator E,
operator 3 to operator D, etc.

Save Preset: Saves the selected preset as a *.f7p file to your stor-
age media. Navigate to where you want to save the file, then click
on Save.

Save 32: Saves the currently visible block of 32 presets as a *.f7b
file. Navigate to where you want to save the file, then click on
Save.

Save All: Saves all 128 Presets as a *.f7a file. Navigate to where
you want to save the file, then click on Save.
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Randomize

RANDON1ZE
T G I (e T A ET

This function changes preset parameters randomly, according to
the parameter “mask.” The higher a number entered for a para-
meter, the wider the possible range of random values. Example:
To randomize just the Modulation parameters, set a non-zero
value for MOD, then click on Do It!

The All parameter changes all values simultaneously to that of the
All value.

Init Edit Buffer

Click on this to restore a preset to its most basic default connec-
tion - a single operator feeding the output, and panned to center.
Remember, you need to store the edit buffer in a preset to retain
the patch.

Details
This shows Preset information.

Name: If the Preset has been edited, this will start with EDIT, oth-
erwise it will start with the Preset number. You can rename by se-
lecting the name (drag or double-click) and typing in the new
name.

Category: You can classify a Preset’s sound by up to three catego-
ries. Choose the best descriptions from the pull-down menus.

Author: Rename by selecting (drag or double-click) and typing in
the new name. You can enter a default name in the FM7 prefer-
ences to avoid filling it out everytime.

Date: Shows the date on which the preset was saved, like the file-
stamping found in the Windows or Mac operating systems.

Info: Use this as a mini-note pad to type information about the
Preset.
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Master Page

This page contains parameters that affect the instrument as a
whole. Access it by clicking the Master button. When the page is
on top, the Master button will be red.

Here is what the various parameters do.

Master

MASTER

IHPUT

WOLUME

CONTROLLER DEFINE
& Oata Entrws

1IN i

l

[

Output

Volume changes the level of the entire instrument. Try to keep this
as high as possible, consistent with not overloading the device
(e.g., mixer or soundcard) being fed by the FM7 (as indicated by
the associated meter hitting O dB). This parameter is not stored or
recalled as part of a sound preset, which is why the digits are
green.
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Input

Volume This controls the level of signals being fed into the FM7
when using it as a processor. As with output, keep the control as
high as possible without causing the associated level meter to hit
0 dB. This parameter is not stored or recalled as part of a sound
preset, as indicated by the digits being green).

Poly

Poly sets the available polyphony. Only voices that are being
played consume CPU power, so this parameter acts as a governor
to set a limit on the number of voices. This parameter is mirrored
by the Poly parameter in the main (top) panel display. This param-
eter is not stored or recalled as part of a sound preset (again, the
digits are green).

Mono limits playback to one note at a time, like the old monopho-
nic analog synthesizers. Like in the DX7 this also switches to sin-
gle trigger envelopes (legato playing). However, you can still stack
multiple voices on this one note using Unison (see next).

Unison Voices determines how many voices can be stacked on a
single key in unison mode. If many keys are pressed and not
enough voices are available, the FM7 assigns fewer voices to each
key, so individual notes “thin out” rather than disappear.

Unison Detune detunes the unison voices for a fatter, chorusing-
like effect. Higher values give increased detuning.

Pitch

Master Tune offsets the pitch from -99 to +100 cents for pre-
cise pitch matching to other instruments. This parameter is not
stored or recalled as part of a sound preset, as indicated by
green digits.

Tranposition can transpose pitch up or down two octaves, in semi-
tone increments.
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Quality

Analog This introduces random variations between voices, as used
to happen with analog gear - for example, component values
would change as temperatures drifted, and so on. Higher values
increase the degree of randomness, and is very effective in Uni-
son mode.

Digital changes the bit resolution, and therefore the sound qual-
ity. The original DX7 was a 12-bit device, whereas later models
used 16 bits. This control lets you simulate, as well as go even
“lower-fi” than, the “vintage” sound.

Controller Define

FM7

EOHTROLLER DEFINE

COHMTROLLER 1

4 Fo Ctrl

Controller 1 selects the MIDI controller number for Controller 1
in the Modulation Matrix. Click on the controller number and
drag vertically to select. Controller 2 similarly selects the MIDI
controller number for Controller 2.

FM7 can be edited or automated from remote devices; the three
lower fields allow viewing, loading, and storing the controller as-
signments for all parameter automation. Normally these are set by
loading a configuration for a particular fader/control box, or using
the MIDI learn function to assign individual parameters to individ-
ual controllers.
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Effect

EFFEET
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This consists of a 4-tap stereo delay line with four independent
modulation LFOs, and whose output can be filtered. Note that
several presets for popular effects are available from the Easy
page.

Effect On/Off enables or disables the Effect section.

Tempo Sync synchronizes the delay time to any incoming MIDI
clock tempo. If Sync Delays is activated, the modulation LFO is
also synchronized to the tempo.

Note: Not all VST host software supplies tempo information to
plug-in instruments, so this feature may not work with your host
software.

Dry/Wet determines the mix of straight and processed sounds. O
gives dry sound only, 100 gives effect sound only. 50 is generally
optimum for chorusing and flanging effects.

Delay

Time sets the time between repeats.
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Filt

Feedback causes the delay output to feedback to the input, thus
creating multiple echoes. The Delay Time control sets the spacing
between echoes.

Diffusion spreads the 4 echo taps in time. Higher values give
more diffusion. With Time = 55, Feedback = 70, Diffusion = 100,
Dry/Wet = 85, Low Cut = 100, Hi Cut = 40 and Modulation Depth
= 20, you'll hear a reverb-like effect.

Invert alters the phase of the repeats. Inversion gives a somewhat
more diffused sound with echoes, and with flanging, changes the
effect’s tonality.

Sync Delays phase locks the modulation LFOs and diffused ech-
oes.

er

Low Cut determines the delayed signal’'s low end frequency re-
sponse. O gives full low frequency response. 100 cuts out the low
frequencies.

Hi Cut edits the delayed signal’s high end frequency response. O
gives minimum high frequency response. 100 gives maximum
high frequency response.

Modulation

FM7
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This adds a periodic, cyclic shift to the delayed signal time. At
low delay times, adding modulation by turning up the Depth con-
trol creates flanging effects. At slightly longer delay times, it's
possible to obtain chorusing. At high values, you can get some
really warped sounds by turning up the Depth.

Rate sets the period of the oscillator controlling the delay time. O
= slowest rate, 100 = fastest rate.

Depth determines how much the modulation varies the delay. O =
no modulation, 100 = maximum modulation.
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Easy Edit Page

FM synthesizers were never easy instruments to program. Familiar
synth parameters were suddenly replaced by a confusing array of
operators, modulators, rate/level envelopes, and other terms that
had no precedent with analog synthesis. No wonder so many peo-
ple bought third-party sounds!

In designing FM7, Native Instruments has created several algo-
rithms that provide common synth programming functions, and
know which FM parameters to manipulate to create these effects.
For most sounds, the Easy Edit page will be sufficient to custo-
mize a sound for your needs. Let's look at the available para-
meters; call up a preset and experiment with the settings to hear
how each one affects the sound.

All the Easy Edit sliders go positive and negative, to let you in-
crease or decrease the relevant properties of the sound. When the
sliders are centered (zero), you hear the original sound.

Main Settings

Apply

If you like the edits you've made to the sound, click on Apply to
store the edited sound in the Edit buffer. This means that the
Easy Page settings revert to zero, but the relevant sound settings
on the other pages are changed so that you get the same sound.
You can then continue Easy-Editing from there.
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Reset

Use this to return to the original, pre-edited sound.

Effect Select

This lets you choose from several preset effects settings, as well
as Off (no effect at all) and Normal (the existing effect settings
take priority).

The FX Strength parameter varies the intensity of the effect. O =
original intensity, -99= effect disabled, 100 = maximum effect.

Timbre

TIMERE

EHMVELOPE WELOEITY
ERIGHTHESE HARMONIC AMOUNT BENEIVITY

=

=] [ =] a a =

Brightness increases the sound’s treble content.

Harmonic changes the harmonic content (by adjusting the opera-
tor Ratios). Depending on the patch, the changed harmonics may
be somewhat atonal.

Detune changes the pitch slightly of different oscillators in a
multi-oscillator preset, which creates a “fatter” sound.

Envelope Amount sets how much the timbre envelope influences
the sound.

Velocity Sensitivity determines the extent to which changes in
timbre correlate to the dynamics of your playing.
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Timbre Envelope

TIMERE ENVELOFE
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The FM7 multi-stage envelopes allow for extremely precise con-
trol, but are time-consuming to set up. The Timbre Envelope
brings all these parameters together into the familiar ADSR (At-
tack Decay Sustain Release) envelope format. Changing any Tim-
bre Envelope parameter causes multiple changes in the
individual operator envelopes to accomplish the desired effect.

Attack Positive values increase the existing attack time, negative
values decrease the attack time.

Decay Positive values increase the existing decay time, negative
values decrease the decay time.

Sustain Positive values increase the existing sustain level, nega-
tive values decrease the sustain level.

Release Positive values increase the existing release time, nega-
tive values decrease the release time.

WVIBRATO TIMERE TREMBLD

2] a [Fo

g

As with the envelopes, the LFO parameters tie in with multiple
parameters. Here’s what each control does.

Rate changes the LFO speed. Positive values increase the speed,
negative values decrease it.
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Vibrato alters how much the LFO modulates pitch. Positive values
increase the amount of pitch modulation, negative values reduce
it.

Timbre determines how much the LFO modulates the frequency
response. In an analog synth, this is equivalent to altering the
amount of filter modulation from an LFO. Positive values increase
the amount of timbre modulation, negative values reduce it.

Tremolo sets the extent to which the LFO modulates amplitude.
Positive values increase the amount of amplitude modulation,
negative values decrease it.

Output

OUTRUT

STERED WELDEITY
YBLUME WIDTH
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Volume changes the overall preset (not instrument) level. Posi-
tive values raise the volume, negative values decrease it.

Stereo Width affects the spread of operators in the stereo field.
Positive values increase the width to create a wider stereo spread,
negative values collapse the spread to center (mono).

Velocity Sensitivity sets how velocity affects the overall output
level. Positive values increase velocity response, while negative
values decrease the response to velocity.

Amplitude Envelope

AMPLITUDE ENVELGPE

ATTAEK DEEAY BUBTAIN RELEASE

E (2] a (=]

Fm7
English — 40



This allows tweaking amplitude (level) characteristics in a man-
ner similar to using the Timbre Envelope to tweak timbral char-
acteristics. Changing any Amplitude Envelope parameter causes
multiple changes in the individual operator envelopes to accom-
plish the desired effect.

Attack Positive values increase the existing attack time, negative
values decrease the attack time.

Decay Positive values increase the existing decay time, negative
values decrease the decay time.

Sustain Positive values increase the existing sustain level, nega-
tive values decrease the sustain level.

Release Positive values increase the existing release time, nega-
tive values decrease the release time.
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Modulation Page

Although each operator page shows modulation information for
that individual operator, this page shows the modulation parame-
ters for all operators, in one convenient screen.

Modulation Basics

The amplitude of each operator has a major effect on the overall
sound. Therefore, many modulation sources are available to vary
the operator amplitude in real time.

Modulation is set up as a matrix, with columns of modulation
sources and rows of modulation targets (destinations). At each
junction, you can vary the amount of modulation going to the
destination.

Adding a Modulation Control

e |magine a line going downward from the modulation source.
Imagine a second line going across to the modulation target.

e Click and hold at the junction represented by a black field in
the background.

e Drag up. The imaginary lines are now drawn in, and a box ap-
pears with a numerical. Drag until the numerical shows the de-
sired modulation level.
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Removing a Modulation Control

Click on the numerical box, and drag down. Upon reaching O, the
box and lines disappear.

The Modulation Matrix Router

MODULATION MATRIX

This shows all modulation sources and targets. Available modula-
tion sources (left to right) are:

PB UP Pitch bend up range

PB DN Pitch bend down range, applied in negative direction
MOD Modulation wheel (MIDI controller #1)

ATC Aftertouch (channel pressure)

BRTH Breath controller (MIDI controller #2)

CTR1 1st MIDI controller assigned on Master Page

CTR2 2nd MIDI controller assigned on Master Page

IN ENV Envelope derived from input signal amplitude

The parameters for LFO1 and LFO2 are identical, so we will list
those only for LFO1.

LFO1 Main LFO output

LFO1 MOD LFO1 output controlled by mod wheel

LFO1 ATC LFO1 output controlled by aftertouch

LFO1 BRTH LFO1 output controlled by breath controller

LFO1 CTRL1 LFO1 output controlled by the 1st MIDI controller
assigned on the Master page
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LFO1 CTRL2 LFO1 output controlled by the 2nd MIDI controller
assigned on the Master page

Modulation Monitor and Controls

FITCH BEND MODUL ATION (CC1) | AFTERTOUCH EREATH (CC2) CONTROLLER 1 CONTROLLER 2 IN ENVELOFE RESET

a

The lower strip of controls provides two independent functions:
modulation input monitoring, and modulation input control by
mouse. These are available for the following modulation sources:
Pitch Bend, Modulation, Breath, Controller 1 (assigned on Mas-
ter page), and Controller 2 (assigned on Master page). Input En-
velope has only the meter, and does not include the control
function.

e The meters display the incoming control signals.

e The numerical not only works as a display but also allows to
enter the value by mouse action (click on it and drag up or
down to change).

¢ The Reset button restores all displays to zero.
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The LFO Page

This page contains all LFO-related parameters for the two LFOs. It
has three main sections: LFO1 parameters, LFO 2 parameters,
and an LFO-specific excerpt from the Modulation matrix.

LFO Parameters

LFD RATE

KEY VELBEITY
OH/OFF BEALIMG BEALIMNG

——

TEMPO
BYHE

——

=

=

Sine 1

The two LFOs are identical, so we will describe only LFO1.

Waveform chooses among the various modulation waveforms. The
waveforms are the same as available for the FM operators. Click in
the numerical and drag up or down to select the desired wave-
form.

Waveform Sign sets the polarity of the waveform. + produces pos-
itive values, - produces negative values.

Free Run/Key Sync has two options. With Free Run, the LFO
waveform runs continuously. When you press a key, the modula-
tion picks up whatever part of the LFO curve is happening at that
moment. With Key Sync, pressing a key resets the LFO to the be-
ginning of the waveform. Example: Suppose Sine is selected as
the waveform. With Key Sync, upon pressing a key, the waveform
starts at O and goes positive. With Free Run, the waveform could
start anywhere - 0, the peak, the lowest value, somewhere in be-
tween, etc.

On/Off enables/disables the LFO.

Tempo Sync matches the LFO frequency to the song tempo and
syncs the LFO to the beat. When disabled, the LFO ignores the
song tempo.
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Note: Not all VST host software supplies tempo information to
plug-in instruments, so this feature may not work with your host
software. In standalone-mode, the FM7 does respond to MIDI
clock signals.

Rate sets the LFO’s base frequency.

Key Scaling changes the LFQO’s rate as you play over the keyboard.
Higher values cause the rate to speed up as you play progressively
higher on the keyboard.

Velocity Scaling changes the LFO’s rate according to velocity.
With higher values, higher velocities increase the LFO rate.

LFO Invert flips the waveform upside down. This is useful in
Tempo Sync mode, to make the modulation go down instead of
up, on the beat.

LFO Page Modulation Matrix

MODULATION MATRIX

LFod

This is a subset of the Modulation Matrix page. Please refer to
that chapter for information on assigning controllers; the only dif-
ference is that to conserve space, only one LFO is visible at a
time. With the two buttons at the buttom you select which LFO
you want to see.
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To summarize, LFO1 represents the LFO output. MOD, ATC,
BRTH, CTR1, and CTR2 modulate the LFO output. Any of these
modulation sources can feed any of the target destinations via use
of a matrix. Clicking at the junction of a source and target creates
a box with a numerical; click on the number and drag up or down
to change the modulation amount.
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Pitch Page

The Pitch Page has four main sections:

An envelope that varies the note pitch over time
A microtuning pane for creating non-standard tunings

Pitch bend parameters and a pitch-related excerpt of the mo-
dulation matrix

Several pitch parameter control sliders

Portamento Controls

PITCH

PORTAMEHTO
ON/OFF AUTO

FORTAMENWTO

TIME

=

Portamento On/Off enables or disables the portamento function.

Portamento Auto allows portamento to occur only when playing le-
gato, where there is no gap between notes. If you release a key be-
fore playing the next one, there will be no portamento.

Portmento Time sets how long it takes for the pitch to glide from
one note to another. O = shortest time, 100 = longest time.

FM7
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Envelope Controls
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Analog isn’t really an envelope control, but duplicates the func-
tion found on the master page that introduces random changes
in the pitch to more closely simulate analog oscillators.

Envelope Amount determines how much the envelope affects
pitch.
Velocity Sensitivity sets how the overall envelope amplitude re-

sponds to velocity. At lower values, velocity has less effect. At
higher values, velocity kicks the envelope up higher.

Key Scaling edits how keyboard pitch affects the envelope times.
At higher values, playing higher up on the keyboard shortens all
time values. This emulates many plucked instruments, whose
notes attack and decay more quickly at higher pitches.

Velocity Scaling edits how velocity affects the envelope times. At
higher values, hitting the keys harder shortens all time values.

Pitch Bend Controls

FPITEH

FITGHEEHWD MODE

Mode 1 -

[ TUHE I TRANSF |

5]

Pitch Bend Mode offers four modes.

e Normal affects all notes equally.

® Highest affects only the highest note if several notes are held.
This is designed to provide guitar-like pitch bending effects.
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e [owest affects only the lowest note if several notes are held.

e Keyon allows pitch bend to work only as long as a key is held
down. There is no bend during the sound’s release phase.

Tune adds a fixed amount of detuning from -99 to +100 cents.

Transpose adds a fixed amount of detuning in semitone steps,
from -24 to +24 semitones.

Pitch Modulation
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This is a subset of the Modulation Matrix page. Please refer to
that chapter for information on assigning controllers; the only
difference is that to conserve space, the pitch modulation
sources are arranged in two lines stacked above each other, in-
stead of one long line.

Microtuning Controls

Even-tempered tuning, which divides an octave into 12 equal in-
tervals, was developed to simplify modulation. However there are
many other scales, such as just intonation, microtunings, stretch
tunings so that pianos sound more in tune, etc. Several of these
are available in the FM7 as presets, or you can create your own
tunings using the microtuning controls below the pitch envelope.
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Each of the twelve semitones that make up an octave (C, C#, D,
etc.) has an offset control that can change the note’s tuning by -
99 cents to +100 cents. Zero offset gives a standard even-tem-
pered scale. Any offsets are preserved throughout all octaves (ex-
ample: if D is offset by +3 cents, all D notes will be offset by +3
cents).

Stretch Octaves

The Octave stretch parameter leaves middle C unaffected, but
positive offset values create progressively sharper note tunings
when playing higher up on the keyboard, and progressively flatter
note tunnings when playing lower on the keyboard. A negative off-
set value does the reverse - higher notes become progressively
flatter, while lower notes become progressively sharper.

An offset of 50 compresses the scale into two semitones per key,
or two octaves into one octave. An offset of -50 does the opposite,
expanding the normal scale into a quarter tone scale (in other
words, there are 24 notes per octave).

Pianos use stretch tuning, which can be simulated in the FM7 by
a small positive offset. This is because the harmonics of lower
strings are slightly sharp, as the strings cannot be as long as the
laws of physics would like, because of a piano’s size constraints.
Therefore, tuning them slightly flat allows the harmonics to fall
into tune with the rest of the piano. A related phenomenon occurs
at the high end, where notes have to be tuned slightly sharp to
sound in tune with harmonics from lower strings.

With small offset values (near O), the number is an octave’s de-
tuning in cents. Example: a reading of +5 means that each octave
is 5 cents sharp.

Selecting and Saving Microtuning Presets

To select a Microtuning preset click on the arrow in the right edge
of the name field and choose a preset from the drop down list.

To save a tuning preset you created, enter a name in the name
field and click on Store.
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Pitch Envelope

The pitch envelope varies pitch over time. Envelopes are time/
level types, where you specify levels, and the times that it takes to
get from one level to the next. Levels are specified by inserting
breakpoints along a line, then moving the breakpoints up or down
to change levels, and left or right to change times.

Here is the initialized pitch envelope:
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Right-click (Mac: ctrl-click) wherever you want a breakpoint. The
first and last breakpoints move up and down together, because
the envelope starts from where it ended.

The following diagram shows an envelope with multiple break
points.
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The left-most breakpoint is where the envelope starts. The next
two breakpoints fall on two vertical red lines. These indicate the
segment where the envelope reaches the "sustain" pitch, marked
by the horizontal red line. On this pitch the envelope stays as
long as the key is held down.
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If you insert one or more breakpoints between the red markers the
"sustain" segment becomes a "loop". This means that this part will
be repeated as long as the note is sustained. You can create novel
vibrato effects by changing the positions of these breakpoints.

If there are more than 3 breakpoints the sustain or loop segment
can be shifted by moving the vertical red lines with the mouse.
They snap to the next breakpoint, except the start and the end
point.

Upon releasing the key, the envelope continues with the segment
after the second red marker. In our example there are two more
breakpoints after the sustain, one below and one above the center
line, then the final end point.

Dragging the small circle between breakpoints can change the
line's shape between the breakpoints from concave, to straight, to
convex.

Envelope Parameter Strip
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Now let's investigate the envelope parameter strip above the en-
velope. Except as noted, clicking on a numerical and dragging up
or down edits the value; they also update automatically if you
move the breakpoint.

# shows two numbers. The first field is the index number of the
breakpoint or stage being edited. It can be changed by mouse
move to select another stage. The second field is the total number
of envelope breakpoints. This is for display only and cannot be ed-
ited.

Mode has two options, SLD and FIX. In SLiDe mode, if you move
a breakpoint left or right, the envelope to the right of the break-
point moves as well to maintain the same times and levels past
the breakpoint being edited.
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In Fix mode, the total envelope time doesn’t change. Moving a
breakpoint to the right not only lengthens its distance compared
to the breakpoint to its left, but shortens the distance compared
to the breakpoint at its right.

Abs. Time shows the amount of time in seconds from the start of
the envelope to the breakpoint being edited.

Delta Time shows the amount of time in seconds from the break-
point being edited to the breakpoint at its immediate left.

Level shows the breakpoint level referenced to the center line.

Slope shows the state of the line between breakpoints. 0.5 indi-
cates a straight line. 0.999 indicates a maximally convex curve.
0.001 indicates a maximally concave curve.

The numericals for Delta time, Level and Slope can be edited by
mouse (click and move up or down).

Envelope Ruler and Zoom

The ruler below the envelope is calibrated in seconds. If the enve-
lope extends past the envelope’s visible range, click on the ruler
and drag to the left or right to see a different range of the ruler.
Double-click on the ruler to fit the envelope exactly within the vi-
sible part of the ruler.

To change the ruler range (zoom function), right-click on the ruler.
Drag right to zoom out, left to zoom in. This not only changes the
display, but also sets the quantization time for the Tempo Sync
function (described later).

Note that when zooming, the point of the envelope where you
right click is fixed. When zooming out this is only the case until
the beginning of the envelope is visible at the left end of the ruler.
Upon further zooming out, the zero point becomes fixed.

Envelope Function Strip

FM7
Eng

The Envelope Function Strip offers several useful functions.
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Envelope Preset offers a drop-down menu that comes with several
common envelope types.

Store lets you save a particular envelope in the preset list. To save
an envelope you created, enter a name in the name field and click
on Store.

Tempo Sync superimposes a grid on the envelope display that cor-
responds to rhythmic values, such as quarter notes, eighth notes,
16th notes, etc. Breakpoints can be snapped to these points.

The quantization value depends on the current zoom factor, as set
by right-clicking on the envelope ruler and dragging. (When
Tempo Sync is enabled, the ruler markings will be calibrated in
rhythmic values instead of seconds.) If the incoming tempo infor-
mation changes, the envelope times are re-computed to match
the current song tempo. Example: if the envelope loop is set to a
1 beat duration, it will remain 1 beat long as the tempo changes.

Enabling Tempo Sync does not change breakpoint positions in ex-
isting envelopes. However, you can edit an existing envelope by
moving the breakpoints so that they snap to the nearest quantiza-
tion value.

Note: Not all VST host software supplies tempo information to
plug-ininstruments, so this feature may not work with your host
software. In standalone-mode, the FM7 does respond to MIDI
clock signals.

Matrix is a shortcut to the algorithm creation matrix screen.
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FM Synthesis Programming Basics

FM7
Eng

The principle behind FM synthesis is remarkable in its simplicity.
The basis of all FM synthesis is a sine wave oscillator, represented
below as a circle and an output.

O

A keyboard or other controller sets the oscillator's pitch. However,
we now need a way to gate this oscillator on and off. Analog syn-
thesizers used a circuit called a VCA (voltage-controlled amplifier)
to alter the oscillator level. The level depended on a control signal
(called a control voltage) fed into the VCA. Many modern digital
synths and programs still use this terminology, even though the
level changes are all generated digital, by altering numbers within
the program. Some digital synths refer to VCA as DCA (for Digi-
tally Controlled Amplifier”), while others just refer to it as amp..

Ot

With analog synths, the control signal that changes the level is
generated by a circuit called an envelope generator (EG). It
causes the level to change in a predictable way over time. For ex-
ample, to create a plucked sound, the envelope might start at a
very high value and then drop over several milliseconds to a much
lower value, or even turn off completely. In digital gear, the pro-
gram generates a data stream that changes level the way an enve-
lope generator would. However, the concept is still usually
referred to as envelope generation. This grouping of a sine wave
oscillator, VCA/DCA, and EG is called an Operator, which is the
basic building block of FM synthesis.
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As a pure sine wave is pretty boring from a musical standpoint,
this leads us to the extremely clever aspect of FM synthesis. Let's
add a control input to the operator to modulate its overall ampli-

tude.

operator

Feed a sine wave into that control input. A low frequency wave
produces tremolo by slowly changing the level over time. But an
audio range signal produces one of two results. Signals that are
not harmonically-related to the main oscillator create "clangorous"
sounds. Injecting a harmonically-related signal generates harmon-
ics that sound more "in-tune." (Both types of effects can be use-
ful.)

The amount of harmonics depends on the /evel of signal injected
into the main oscillator, and the harmonic structure depends on
the modulating oscillator's frequency. As timbre is primarily af-
fected by the injected signal’s amplitude, adding a VCA after the
modulating oscillator (along with an envelope generator to control
the VCA/DCA) allows predictable control over the signal, hence
the overall timbre. Our FM synthesis block diagram now looks like
this.

Note how the same operator structure can provide an audio signal

modulator carrier

(Operator 1) or modulate that audio signal (Operator 2), so we
need to differentiate between the two functions. The operator we
hear is called the carrier. An operator is called a modulator if it
modulates the carrier.
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This two-operator structure can actually make some very sweet
brass timbres. Increasing the output of Op 2 creates a sound
somewhat like opening up a lowpass filter; decreasing the output
is like closing the filter down.

Meet The Algorithm

You can combine operators in various ways to create a variety of
Algorithms. The FM7 has several preset algorithms, accessible
from a drop-down menu on the FM Matrix page. They use up to six
conventional operators, and you can see how they are combined
in the various macro algorithms. For example, the following algo-
rithm has two carriers. Each has its own modulator.

Feedback

The next diagram shows the previous algorithm, but with feed-
back added to the modulators - in effect, an operator becomes its
own modulator. Increasing feedback can add bite and grittiness.
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The Envelope Generator

The envelopes in vintage synths worked on the rate/level princi-
ple, which specified the rate at which the envelope goes from one
level to another. Unfortunately this was quite confusing, as going
from zero to a high level would take longer than going from zero to
a low level, given the same rate. The FM7 solves this problem by
letting you set a specific time for one level to transition to an-
other, and does all the necessary calculations internally to convert
this into the correct rate.

The envelope level typically starts at zero. To create an attack, you
specify the level to be attained, and the time it takes for the enve-
lope to reach that level. Other stages of the envelope are set sim-
ilarly, according to times and levels. Going from a higher level to a
lower one produces a decay; going from lower to higher produces
an attack.

About the Next Chapter

Now it's your turn to experiment. The next two chapters explain
how to program algorithms, and the operators inside the algo-
rithms. This is fairly heavy stuff, so it's very helpful to call up
some of the FM7 presets, and analyze how the parameters are set.
Turn off each operator, one by one, to see how that operator af-
fects the sound. As you vary parameters, note how each parameter
changes the overall sound. Studying how the presets are con-
structed will teach you how to tweak them for your own particular
application. For example, if you want a mellower sound, you'll
know to turn down the modulator output levels.

And don't forget the many expressive possibilities: the operator
amplitude can be tied to velocity, and adding some LFO in the
right places can do wonders. Keyboard and level scaling are also
very helpful when trying to achieve sounds that resemble acoustic
instruments, as they allow the sound to change dynamically as
your playing moves between higher and lower pitches.
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Furthermore, the FM7 adds two new elements not used in tradi-
tional FM synthesizers: a saturator module and a filter. Both of
these are extremely useful to add another dimension to the basic

operator-generated sound.
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Algorithm Programming

Although the FM7 comes with numerous presets and can load in
presets from FM synths, learning how to program the FM7 will re-
ward you with unique sounds that have your own sonic signature.
The depth and range of FM synthesis is astonishing, from com-
plex, acoustic-like timbres to wild sound effects.

Programming starts with an algorithm, then continues with pro-
gramming the various operators that make up the algorithm. The
final programming step involves adding effects and tweaking.

Accessing the FM (Algorithm) Matrix

Unlike FM synthesizers, which had a fixed selection of algorithms,
you can create a virtually infinite number of algorithms via the
FM7’s programming matrix. You can access the matrix from any
Operator programming page (A-F, X, or Z) or the Pitch page. If the
matrix isn't visible, click on the Matrix label in the upper right
corner of the envelope pane.

The matrix lets you route modulators to carriers, and send carriers
to the audio output. Any operator can be a modulator, a carrier, or
both simultaneously, and any number of modulators can modulate
any number of carriers. Let’s analyze the algorithm for the Preset
Piano 2 included in the DX7 bank delivered with the FM7.
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Operator A modulates Operator B, which is a modulator for Oper-
ator C. Operators C, D, and E all modulate Operator F, which
serves as a carrier, and feeds the output. Note that Operator D has
feedback.

Inactive operators are ,greyed out”. In the X and Y operators the
letters are greyed out if Bypass is activated.

The following mouse operations and key commands are available
in the Matrix:

Click on operator selects the appropriate operator page
Right click (Mac: Ctrl click) on operator switches it on and off.

Shift+Right Click (Mac: Shift+Ctrl click)on operator X and Z
switches Bypass on and off (if operator X/Z is active)

Double click on operator jumps to its envelope.

Constructing an Algorithm

FM7

To send an operator output to another operator input, imagine
a line going downward from the first operator. Imagine a sec-
ond line going across to the right, to the target operator.

Click and hold at the junction of these two imaginary lines, as
represented by a dark field in the background where you click.
Drag up. The imaginary lines are now drawn in, and a box ap-
pears with a numerical. This controls the level of the modula-
tor feeding the carrier. Drag until the numerical shows the
desired level.

Any operator can feed back not just to itself, but to any other
operator. To create feedback from one operator to another, im-
agine a line going upward from the first operator and a second
line going across to the left, to the target operator.

Click and hold at the junction of these two imaginary lines.
Drag up. The imaginary lines are now drawn in, and a box ap-
pears with a numerical that acts like a volume control. Drag
until the numerical shows the desired level.
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Removing an Algorithm Connection

Click on the numerical box, and drag down. Upon reaching O, the
box and lines disappear.

Matrix Function Strip

Three functions are available.
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Drop-Down Menu presents a list of preset algorithms, including
all those found in the original DX7.

Store lets you save an algorithm to the list of presets. To save an
algorithm you created, enter a name in the name field and click
on Store.

Envelope is a shortcut to the selected operator’s envelope page.

FM7
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Programming Operators

Op

Each of the 6 operators (labeled A-F) has its own page where you
may program its parameters. You select the page via the operator
selector strip. The selected operator’s label turns red. Note: You
can also select an operator by clicking on its associated letter in
the algorithm creation matrix.

OPERATOR

erator On/0ff Selector
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While programming, it’s convenient to be able to turn off extra-
neous operators so you can focus on the sound created by a par-
ticular operator or group of operators. The Operator On/Off
buttons are available on every operator page. Click on a button to
enable the operator (button LED lights red), click again to disa-
ble (button LED goes out).

A right click (Mac: Ctrl click) on an active X or Z operator switches
it to bypass mode (button LED lights yellow).

Operator A-E

Copy and Paste

FM7
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This is a shortcut for copying one operator’'s settings to another.
Example: Suppose one operator provides a signal to the audio
output, and you want to double this with an operator exactly one
octave higher. With the operator page showing for the operator
you want to copy, press Copy. The Paste indicator turns red to
show that there are operator parameters in the copy buffer and
ready to paste.

Now select the page for the destination operator, and click on
Paste. The opeator parameters are transferred. Now you can tweak
the destination operator.

Waveform Selection

An operator can have any of 32 different waveforms (the original
DX7 had only sine waves). Clicking and dragging up or down on
the numerical selects the waveform.

Key Sync vs. Free Run

Clicking on this box toggles between these two selections. Key
Sync mode resets the oscillator phase at the beginning of each
note. When any group of operators needs to have a fixed phase re-
lationship to preserve a particular tone quality, activate Key Sync
for all operators in the group.With Free Run mode, there is no
phase reset.
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Frequency Ratio and Offset
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Frequency Ratio defines the mathematical relationship of the op-
erator frequency compared to the fundamental frequency of the
note being played. 1.0000 means the operator is the same pitch
as the fundamental, 2.000 sets the operator to the second har-
monic (1 octave higher), 3.000 is the third harmonic (octave +
fifth), etc. 0.5000 is the subharmonic one octave below the fun-
damental.

These numericals are edited by clicking on one of the digits and
moving it up or down. The arrows above and below each numerical
allow incrementing (up arrow) or decrementing (lower arrow) one
value at a time.

When the Ratio is not an exact integer (e.g. 1.0030) then the op-
erator is detuned and will "beat" against other operators. The beat
frequency rises if the note pitch increases, and falls if the note
pitch decreases.

Frequency Offset applies a constant frequency offset (in Hz) to
the operator to cause detuning and beating against other opera-
tors. This is constant regardless of pitch. Example: a 5 Hz Offset
causes beating at exactly 5 Hz between the selected operator and
another operator with no offset.
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Output, Velocity, and Envelope Rate Controls
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Level serves as a master level control for all numericals in the
matrix column associated with the selected operator, except for
any feedback to itself. Example: If operator E modulates opera-
tor F and sends its output to the main output, there are two nu-
mericals in the column, one connecting to operator E and one to
the output. Lowering or raising Level will lower or raise both nu-
mericals. Similarly, raising or lowering the highest-value numeri-
cal will raise or lower the slider.

Note: the Level slider will always assume the value of the column
numerical with the highest value. It also works ratiometrically. In
other words, if one numerical is at 50 and another is at 100, re-
ducing the second numerical from 100 to 50 doesn’t reduce the
other other numerical to 0, but to half of its value, as 50 is half
the value of 100.

Pan mirrors an operator’s pan control in the algorithm creation
matrix, and edits the audio output’s placement in the stereo field,
from left to right. Changing this control changes the correspond-
ing numerical in the matrix; changing the numerical similarly
changes the slider.

Velocity Sensitivity sets how the overall envelope amplitude re-
sponds to velocity. At lower values, velocity has less effect. At
higher values, velocity kicks the envelope up higher. If the opera-
tor is a carrier, higher-amplitude envelopes increase the volume.
If the operator is a modulator, higher-amplitude envelopes change
the timbre by increasing the brightness.
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Key Scaling edits how keyboard pitch affects the envelope times.
At higher values, playing higher up on the keyboard shortens all
time values. This emulates many plucked instruments, whose
notes attack and decay more quickly at higher pitches.

Velocity Scaling edits how velocity affects the envelope times. At
positive values, hitting the keys harder shortens all time values. At
negative values the enevlope times become longer with higher key
velocity.

plitude Modulation
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This is a subset of the Modulation Matrix page. Please refer to
that chapter for information on assigning controllers; the only
difference is that to conserve space, the pitch modulation
sources are arranged in two lines stacked above each other, in-
stead of one long line.

Matrix/Envelope Pane

FM7

The lower right-hand pane displays either the algorithm program-
ming FM matrix, or the amplitude envelope and keyscaling graph.
If the matrix is visible, click on the Envelope label in the upper
right-hand corner of the pane to see the envelope/keyscaling
graphs. If the envelope/keyscaling graphs are visible, click on the
Matrix label in the upper right-hand corner of the pane to see the
matrix.
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Operator Amplitude Envelope

The amplitude envelope varies the operator amplitude over time.
Envelopes are time/level types, where you specify levels, and the
times that it takes to get from one level to the next. Levels are
specified by inserting breakpoints along a line, then moving the
breakpoints up or down to change levels, and left or right to
change times.

Here is the initialized amplitude envelope:

ENMYELOFE E

Cro
[# | m ABE. TIME 4 TIME LEVEL SLOPE

Al | 1. BEE |, SEa

Right-click (Mac: ctrl-click) wherever you want a breakpoint. The
first and last breakpoints move up and down together, because it
is assumed you will eventually want the envelope to end up
where it started.

The following diagram shows an envelope with multiple break
points:

Fm7
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The left-most breakpoint is where the envelope starts. The next
breakpoint to the right sets the envelope's maximum level; the
first two breakpoints therefore create the envelopes's attack. The
next breakpoint to the right specifies the level to which the enve-
lope will fall after passing through the attack phase (decay).

This and the maximum breakpoint fall on two vertical red lines.
These indicate the segment where the envelope reaches the "sus-
tain" level, marked by the horizontal red line. On this level the en-
velope stays as long as the key is held down.

If you insert one or more breakpoints between the red markers the
"sustain" segment becomes a "loop". This means that this part will
be repeated as long as the note is sustained. You can create novel
tremolo effects by changing the positions of these breakpoints.

If there are more than 3 breakpoints the sustain or loop segment
can be shifted by moving the vertical red lines with the mouse.
They snap to the next breakpoint, except the start and the end
point.

Upon releasing the key, the envelope continues with the segment
after the second red marker. In our example there is one more
breakpoint after the sustain, the final end point.

Dragging the small circle between breakpoints can change the
line's shape between the breakpoints from concave, to straight, to
convex.

Envelope Parameter Strip

FM7

# _ frioce faesome  Jamee  Juever  fsiore |

B4 S0 13.711 72T H. SEE

Now let’s investigate the envelope parameter strip above the en-
velope. Except as noted, clicking on a numerical and dragging up
or down edits the value; they also update automatically if you
move the breakpoint.

# shows two numbers. The first field is the index number of the
breakpoint or stage being edited. The second field is the total
number of envelope breakpoints. This is for display only and can-
not be edited.
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Mode has two options, SLD and FIX. In SLiDe mode, if you move
a breakpoint left or right, the envelope to the right of the break-
point moves as well to maintain the same times and levels past
the breakpoint being edited.

In Fix mode, the total envelope time doesn’t change. Moving a
breakpoint to the right not only lengthens its distance compared
to the breakpoint to its left, but shortens the distance compared
to the breakpoint at its right.

Abs. Time shows shows the amount of time in seconds from the
start of the envelope to the breakpoint being edited.

Delta Time shows shows the amount of time in seconds from the
breakpoint being edited to the breakpoint at its immediate left.

Level shows the breakpoint level referenced to the center line.

Slope shows the state of the line between breakpoints. 0.5 indi-
cates a straight line. 0.999 indicates a maximally convex curve.
0.001 indicates a maximally concave curve.

Envelope Ruler and Zoom

The ruler below the envelope is calibrated in seconds. If the enve-
lope extends past the envelope’s visible range, click on the ruler
and drag to the left or right to see a different range of the ruler.
Double-click on the ruler to have the envelope fit exactly within
the visible part of the ruler.

To change the ruler range (zoom function), right-click on the ruler.
Drag right to zoom out, left to zoom in. This not only changes the
display, but also sets the quantization time for the Tempo Sync
function (described later).

Note that when zooming, the point of the envelope where you
right click is fixed. When zooming out this is only the case until
the beginning of the envelope is visible at the left end of the ruler.
Upon further zooming out, the zero point becomes fixed.

Envelope Function Strip

ENVELOPE P
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This strip, located above the Envelope Parameter Strip, offers
several useful functions.

Envelope Preset offers a drop-down menu that comes with several
common envelope types.

Store lets you save a particular envelope in the preset list. To save
an envelope you created, enter a name in the name field and click
on Store.

Tempo Sync superimposes a grid on the envelope display that cor-
responds to rhythmic values, such as quarter notes, eighth notes,
16th notes, etc. Breakpoints can be snapped to these points.

The quantization value depends on the current zoom factor, as set
by right-clicking on the envelope ruler and dragging. (When
Tempo Sync is enabled, the ruler markings will be calibrated in
rhythmic values instead of seconds.) If the incoming tempo infor-
mation changes, the envelope times are re-computed to match
the current song tempo. Example: If the envelope loop is set to a
1 beat duration, it will remain 1 beat long as the tempo changes.

If an envelope has already been created, enabling Tempo Sync
will not change the existing breakpoints. However, you can edit an
existing envelope by moving the breakpoints so that they snap to
the nearest quantization value.

Note: Not all VST host software supplies tempo information to
plug-ininstruments, so this feature may not work with your host
software. In standalone-mode, the FM7 does respond to MIDI
clock signals.

FM7

Matrix is a shortcut to the algorithm creation matrix screen.
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Keyscaling Graph

Keyscaling sets how the operator amplitude changes across the
keyboard range. Like the envelopes, you can create/delete break-
points to create a particular curve shape, and dragging the small
circle between the breakpoints can change the line’s shape from
concave, to straight, to convex..
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A small keyboard graphic below the curve serves as a reference
for breakpoints. The white area corresponds to the range of the
FM7 keyboard, or a standard 5-octave MIDI keyboard controller.

The default keyscale line is at O (maximum level), as indicated by
a horizontal line going across the top of the graph. You reduce the
level for a particular area of the keyboard by lowering the line over
a particular keyboard range. In the screen shot above, amplitude
falls off starting at around middle C, and the slope gets progres-
sively steeper the higher you play on the keyboard.

Here's what the various parameters indicate.

Note shows the MIDI note number of any breakpoint on which you
click, or when you create a breakpoint. Moving the breakpoint up-
dates the MIDI note number.

Level shows the level of any breakpoint on which you click, or
when you create a breakpoint. Moving the breakpoint updates the
level. Levels are referenced to O, so the more negative the num-
ber, the lower the level.

Slope shows the state of the line between breakpoints. 0.5 indi-
cates a straight line. 1.000 indicates a maximally convex curve.
0.000 indicates a maximally concave curve.
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Operator X

This special-case operator resembles a conventional operator in
many ways: its amplitude can be envelope-controlled, keyscaled,
amplitude modulated, and fed back to other operators. However,
it both generates noise and can process an input signal with dis-

tortion. The noise is mixed with the input signal, processed by a

saturation stage and multiplied with the envelope. Unlike the
other operators, it has has two pages of parameters.

Noise
Generator

Cutoff Reso
!
y

¥

Amp

Gain

7\

4

Asy Limit

y__ ¥

Envelope
Scaling

Modulations

Lowpass
Filter

e

Saturation

P

Bypass

Operator X block diagram

Page and Bypass Selection

FAGE E BEWPABE
[ = =]

Page 2 selects the second page of parameters. When selected,
its light turns red to indicate that page 2 parameters are being

displayed.

Bypass offers a convenient way to turn off operator X’s effects.
When bypassed, operator X essentially becomes transparent.
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Saturation Curve Display

EBATURATION CURVE

This display shows the effects on the waveform of manipulating
the various saturation controls. It has no adjustable parameters.

Amplitude Modulation

AMPLITUDE MODULATIGH

EEZIEIIEEEEIEEZIEIEEEIEIIIEEEI
[Fa on]ernt Jornz nenv]iraz [roe Jare Jentnerar Jernz]
3 =

This is a subset of the Modulation Matrix page. Please refer to
that chapter for information on assigning controllers; the only
difference is that to conserve space, the pitch modulation
sources are arranged in two lines stacked above each other, in-
stead of one long line.

Page 1 Controls

EUTOFF

[

[

—!

I

[

There are two main sections: Noise and Saturator. Noise adds
digitally-generated random noise (this is very useful for modula-
ting carriers, but also provides a useful audio output). Saturator
adds limiting/distortion.

Noise Amp sets the noise level.
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Noise Cutoff sets the noise generator’s lowpass filter cutoff. With
very low cutoff values, the noise source can serve as a low fre-
quency random modulator.

Noise Reso sets the noise generator’'s lowpass filter resonance. It
adds a sense of pitch to the noise.

Saturator Gain sets the level going through the Saturator. The
higher the level, the more pronounced the effects of the Asyn and
Limit controls.

Saturator Asy offsets the symmetry of the saturation. The higher
the value, the greater the saturation of negative amplitudes.

Saturator Limit clips both the positive- and negative-going por-
tions of the waveform. Lower values produce more clipping; a
value of 100 introduces no clipping. Note: Extreme clipping will
also lower the output level.

Page 2 Controls

OUTFUT ENVELDOFE RATE

WELDEITY WELBEITY

KEY
LEVEL BEHSIVITY SEALING SCALING

——

b
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[
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Noise Amp duplicates the same control on Page 1 for conven-
ience.

All other controls are identical to the same controls in the stan-
dard operators, as described in this chapter under Output, Veloc-
ity, and Envelope Rate Controls.

Envelope

FM7

This is identical to the envelope function in the other operators,
as described in this chapter under Operator Amplitude Envelope.
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Keyscaling

This is identical to the keyscaling function in the other operators,
as described in this chapter under Keyscaling Graph.

Operator Z

This special-case operator is a signal processor that contains two
separate filters (each a 2-pole 24dB/oct multimode filter), which
can be combined in almost any imaginable configuration. Yes, FM
synthesis finally has a great-sounding, analog-style multimode fil-
ter.

Cutoff Cutoff Spread

v

Envelope
Sca"ng - -»@ Reso 2 Mode
Modulations
e .
]

Reso 1 Mode

1
1 1 1
o[ R
i oo
L 2 2 | Yy ¥ 3 F1
F2
In Filter 1 Filter 2  out

Operator Z block diagram

Page and Bypass Selection

FAGE B EYPABE
[ = =]
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Page 2 selects the second page of parameters. When selected, its
light turns red to indicate that page 2 parameters are being dis-
played.

Bypass offers a convenient way to turn off operator Z’s effects.
When bypassed, operator Z essentially becomes transparent.

Filter Curve Display

FILTER EURVE

This display shows the response curve produced by the action of
the two filters. It has no adjustable parameters.

Cutoff Modulation

GUTEFF MODULATIGN

Fe ur [rion Jarc Jerth]iros [Foo Jave JertaJera: Jornz]
B5 9

oo Jatc JERTH JGTR1 JETRZ |
£ 17

FM7

This is a subset of the Modulation Matrix page. Please refer to
that chapter for information on assigning controllers; the only
difference is that to conserve space, the cutoff modulation
sources are arranged in two lines stacked above each other, in-
stead of one long line. Also note that unlike the other operators,
this modulation affects the filter cutoff frequency, not an ampli-
tude parameter.
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Page 1 Controls

FILTER 1 FILTER 2

CUTOFF
EUTBFF RESE SPREAD RESE

[

EHV
AMOUNT BERIAL

BB

i||||£||||g
g||||I||||E

PARAL

Page 1 has controls that relate to the two filters.
Cutoff controls the initial cutoff frequency of both filters.

Reso performs the same function for each filter, and sets the de-
gree of resonance (boost at the cutoff frequency).

Env Amount determines how much the envelope affects the cutoff
frequency. Positive values kick the cutoff higher, while negative
values lower the cutoff.

Mode performs the same function for each filter. It allows setting
the response mode in a continuously variable fashion from low-
pass, to bandpass, to highpass.

Cutoff Spread applies to Filter 2 only. It offsets Filter 2's fre-
quency compared to Filter 1. A value of O sets identical cutoffs
for both filters. Increasing the value increases Filter 2's cutoff
compared to Filter 1.

Serial/Parallel adjusts the configuration of the two filters from se-
ries (Filter 2 follows Filter 1) to parallel (the same input signal
feeds both filters, and their outputs are mixed together), to any-
where in between.

Filter Mix changes the balance of the output of the two filters,
from only Filter 1 output, to both outputs, to only Filter 2 output.

Note that the display of the filter response is invaluable in figur-
ing out how these parameters affect the filter response.
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Page 2 Controls

FILTER BUTPUT ENVELOPE RATE

WELBEITY Kl WELBEITY

EY
CUTOFF LEVEL BENSIVITY BEALING BEALING

==

]
13
=
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I

Filter Cutoff duplicates the same control on Page 1 for conven-
ience.

All other controls are identical to the same controls in the stan-
dard operators, as described in this chapter under Output, Velo-
city, and Envelope Rate Controls. Remember that the envelope
affects filter cutoff rather than an amplitude parameter.

Envelope

This functions similarly to the envelope function in the other op-
erators, as described in this chapter under Operator Amplitude
Envelope, but affects filter cutoff rather than amplitude. Also
note that the 1:1 option causes the filter to track the envelope in
such a way as to preserve the sound’s harmonic structure as you
play up and down the keyboard.

Keyscaling

FM7
Eng

This is identical to the keyscaling function in the other operators,
as described in this chapter under Keyscaling Graph except for
the additional 1:1 button:

1:1 applies only to the Operator Z, the filter operator. Clicking on
it creates a curve where the filter cutoff frequency tracks the key-
board in a linear fashion (i.e., the cutoff changes to retain the
same harmonic structure regardless of which key you play).
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Application Notes

A typical use of operator Z would be to put the filters in series and
select low pass mode for both. This provides the typical 24dB/oc-
tave low pass filter response as found in traditional analog synthe-
sizer filters, such as the Minimoog. To emulate the Oberheim filter
sound, use only one filter, as these filters had a 12 dB/octave re-
sponse. These configurations are particularly effective when
sweeping the filter with the envelope.

Another option is to put the filters in parallel, choose bandpass
mode with relatively high resonance, and spread them a bit to
simulate formants, such as vocal formants (this usually doens’t
require cutoff frequency modulation).

Typically, the signal produced by the waveform operators feeds
through operator Z to make it softer and warmer (possibly just af-
ter passing through the operator X).

Of course, with the FM Matrix, operator Z can connect anywhere
between the other operators.
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Preferences

PREFERENCES

H, 581

autHer: MATIVE IMSTREUMENTS DUMF CONTROLLERE

The PREF button opens a dialogue where you can set some op-
tions for your preferred FM7 operating modes.

Memory Protect

This switches into a safer mode of storing presets. If it is ena-
bled you will be prompted, when you click on the Store button,
before overwriting a preset in memory. The default setting is on.

Compare Mode
You can choose from two Compare operation modes:

When Compare with Preset is on, Compare discards the changes
in the edit buffer and restores the settings of the latest recalled
preset.

In the Back to Last Compare mode, pressing Compare restores
the settings before the last Compare action. This allows to de-
velop a sound step-by-step, with a one-step undo.

In either mode, Compare can be used after recalling a preset to
return to your latest editings before the recall.
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Velocity

The original DX7 has a note velocity range from O to 100, while
all other keyboards and sequencers generate notes with veloci-
ties between 0 and 127. If you control the FM7 from a DX7, you
can use the DX7 Keyboard option to adapt the velocity range.
With a standard keyboard connected in this mode, velocities
higher than 100 let the presets sound brighter than they have
been programmed. In the Standard Keyboard mode a DX7 would
not use the full dynamic range, so the sounds would be softer
than intended.

MIDI Controller Range

Many FM7 parameters have a range from O to 100. If you re-
mote control the FM7 by MIDI control changes it can be advan-
tageous to read the identical values between O and 100 from the
remote device. This can be attained with the O...100 option; val-
ues higher than 100 will be clipped to 100.

Note: this does not apply to parameters that can be negative (like
Pan). In the standard setting, 0...127, the values are mapped to
the full range of an FM7 parameter.

The second pair of switches let you decide how the buttons re-
act to MIDI controllers. The standard mode is 0...63: Off /
64..127: On, where values smaller than 64 set the button to the
off position, and values greater than 63 set it on. Some MIDI in-
struments, especially with multi-step selector switches, send
with each change a value from the sequence O, 1, 2, 3, ... Here
the Even: Off / Odd: On option is appropriate, so that the FM7
switches toggle on/off with each action of the remote control
switches.
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MIDI Assign

When Data Entry is activated, selected parameters are outlined
and can be controlled by external hardware via MIDI control
changes. Data Entry Controller sets the number of the MIDI con-
troller to be used for this.

The Use Op A Controllers for Selected Op function allows a page-
oriented assignment of MIDI controllers. The controllers as-
signed to operator A's parameters will control the parameters of
another operator, when you switch to its page. The switching be-
tween operators is assigned to a MIDI controller with the number
set by Op Select Controller.

Some MIDI hardware units allow the incremental control, and
sometimes the display, of the current state of the values. This
has the advantage that knob movements do not cause any
jumps. If you use such a device, enable Send Controllers When
Changed in order to provide the hardware with the latest values
set in the software. CC Send MIDI Channel allows choosing a
separate channel for these controller events.

MIDI Learn

Aut

FM7
Eng

Remember to disable MIDI Learn as soon as a MIDI controller
has been assigned to an FM7 control; this ensures that the as-
signment will not be overwritten by later events. But you may
want to keep MIDI Learn enabled should you want to assign sev-
eral controls in a row. In this case, disable Switch Off After As-
signment. Learn is then finished only by a click on the Learn
button.

omation

If you run FM7 as a plug-in in Logic and get a problem with the
automation, enable the Workaround for Emagic Logic function. It
works as follows:
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Logic filters out most controllers for VST instruments, as the
controllers are used to automate the channel busses (exceptions
are the controllers 0, 1, 2, 4, 5,6, 11, 12, 13, 14 and 15). This
workaround opens a new way to send controllers to the FM7;
FM7 presents 64 parameters to Logic. If you automate these pa-
rameters (using the conventional way in Logic - either by choos-
ing MIDI controllers between 65 and 119 or the parameter list of
the plug-in), MIDI controllers between 65 and 119 are gener-
ated in FM7 on MIDI channel 1.

The MIDI controller number in Logic depends on the position of
the plug-in in the mixer bus. If FM7 is the upmost plug-in (what
normally is the case when you use FM7as VST instrument) then
the Logic MIDI controllers are equal to FM7 (so if you send con-
toller 90 to the FM7 plug-in, FM7 also receives this as control-
ler 90). If you use FM7 as a VST effect plug-in and another
insert effect is used before the FM7plug-in, the controller num-
bers change in the amount of 16 at a time per effect inserted
before FM7. So if you use one insert effect before FM7, then
Logic controller number 90 becomes 74 in FM7. If there is any
plug-in behind the FM7 plug-in, then FM7 has only 16 control-
lers at its disposal. If you need more, the signal should be routed
to an audio bus, where you can insert your other plug-ins with-
out affecting the number of available controllers for FM7.

Envelope Slope

This Default Value is used for the slope of every new segment
created in the Envelope editor.

Randomize

The Randomize function on the Lib page applies random
changes to groups of parameters. In several cases a slight
change can cause a dramatic change in the sound. Therefore in
the Cautious mode not all parameters are affected by the Rand-
omize function; e. g. in the FM Matrix no new connections will
be created or in the Envelopes no breakpoints will be deleted or
created. In the Aggressive mode there are no such restrictions.
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Author

The name that you enter here is stored with all your presets, un-
less you edit the Author in the LIB page.

Dump Controllers

Clicking on this button sends the settings of all parameters that
are assigned to a MIDI controller. This can be useful to initialize
an external MIDI device.
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