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] product's enclosure that may be of sufficient magnitude to
ATTENTION: risouE b GHOC ELECTRIQUE NE PAS QUVAIR constitute a risk of electric shock to persons.

CAUTION: TO REDUCE THE RISK OF ELECTRIC SHOCK,
DO NOT REMOVE COVER (OR BACK).
NO USER-SERVICEABLE PARTS INSIDE.
REFER SERVICING TO QUALIFIED SERVICE PERSONNEL.

The exclamation point within an equilateral triangle is
intended to alert the user to the presence of important
operating and maintenance {servicing) instructions in the
literature accompanying the product.

CAUTION : The. Iightning flash lwi_th arrowhead symbol, within an
RISK OF EL E CTRIC SHOCK equilateral triangle, is intended to alert the user to the
presence of uninsulated “dangerous voltage” within the

I INSTRUCTIONS PERTAINING TO A RISK OF FIRE, ELECTRIC SHOCK, OR INJURY TO PERSONS. |

IMPORTANT SAFETY INSTRUCTIONS
SAVE THESE INSTRUCTIONS

WARNING - When using electric products, basic precautions shouid always be followed, including the following:

1. Read aii the instructions before using the product. 8. The power-supply cord of the product should be unplugged

2. Do not use this product near water — for example, near a from the outiet when left unused for a long period of time.
bathtub, washbowl, kitchen sink, in a wet basement, or near 9. Care should be taken so that objects do not fail and liquids
a swimming pool, or the like. are not spilled into the enclosure through openings.

3. This product should be used only with a cart or stand that is 10.The product should be serviced by qualified service
recommended by the manufacturer. personnel when:

4. This product, either alone or in combination with an ampilifier A. The power-supply cord or the piug has been damaged; or
and headphones or speakers, may be capable of producing B. Objects have falien, or liquid has been spilled onto the
sound levels that could cause permanent hearing loss. Do product; or
not operate for a long period of time at a high volume level C. The product has been exposed to rain; or
or at a level that is uncomfortable. If you experience any D. The product does not appear to operate normalty or
hearing loss or ringing in the ears, you should consult an exhibits a marked change in performance; or
audiologist. E. The product has been dropped, or the enclosure

5. The product shouid be located so that its location or position damaged.
does not interfere with its proper ventilation. 11.Do not attempt to service the product beyond that described

6. The product should be located away from heat sources such in the user-maintenance instructions. All other servicing
as radiators, heat registers, or other products that produce should be referred to qualified service personnel.
heat.

7. The product should be connected to a power supply only of
the type described in the operating instructions or as marked
on the product.

s For the USA N

This product may be equipped with a polarized line plug (one blade wider than the other) . This is a safety feature. If you
are unable to insert the plug into the outlet, contact an electrician to replace your obsolete outlet. Do not defeat the safety
purpose of the plug.

\§ J/

s For Canada =~
For Polarized Line Plug
CAUTION: 7O PREVENT ELECTRIC SHOCK, MATCH WIDE BLADE OF PLUG TO WIDE SLOT, FULLY INSERT.
ATTENTION: POUR EVITER LES CHOCS ELECTRIQUES, INTRODUIRE LA LAME LA PLUS LARGE DE LA FICHE

DANS LA BORNE CORRESPONDANTE DE LA PRISE ET POUSSER JUSQU' AU FOND.

\_ W,

s For the UK. ™
WARNING:  THIS APPARATUS MUST BE EARTHED
IMPORTANT: THE WIRES IN THIS MAINS LEAD ARE COLOURED IN ACCORDANCE WITH THE FOLLOWING CODE.

GREEN-AND-YELLOW: EARTH, BLUE: NEUTRAL, BROWN: LIVE

As the colours of the wires in the mains lead of this apparatus may not correspond with the coloured markings identifying
the terminals in your plug, proceed as follows:

The wire which is coloured GREEN-AND-YELLOW must be connected to the terminal in the plug which is marked by the
ietter E or by the safety earth symboi @or coloured GREEN or GREEN-AND-YELLOW.

The wire which is coloured BLUE must be connected to the terminal which is marked with the Ietter N or coloured BLACK.

The wire which is coloured BROWN must be connected to the terminal which is marked with the letter L or coloured RED.

.

The product which is equipped with a THREE WIRE GROUNDING TYPE LINE PLUG must be grounded.
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PRECAUTIONS

In addition to the precautions listed under Important Safety

Instructions inside the front cover, please observe the following:

[0 Power supply

@ If the power supply to the S - 770 is interrupted, all memory
data will be lost. Take care not to hit the power switch or
accidentally pull out the AC cord.

@ Be sure to use only an AC outlet of the correct voltage.

@ Do not connect the S - 770 to the same outlet as other devices
which produce noise (motors, lighting dimmers, etc.) or devices

which consume large amounts of power.

[J Location
@ Operating the S-770 near devices containing large

transformers (eg. power amplifiers) may induce hum.

@ Operating the S - 770 near CRT displays or radios may cause

interference. Do not use this unit near such devices.

@ If the room is rapidly heated, or if the S - 770 is brought from a
cold location into a warm room, condensation may form on the
Hard Disk and other electronic components, which can cause

damage. Wait for one hour or more before operating the S - 770.

@ Install the unit on a solid, level surface in an area free from

vibration.

@ Observe the following when using the unit’s disk drive. For
further details, refer to “Before using disks”.
(ODo not place the unit near devices that produce a strong
magnetic fields (eg. loudspeakers).
Olnstall the unit on a solid, level surface.
(ODo not move the unit or subject it to vibration while it is

operating.

[ Care

@ For everyday cleaning, wipe the unit with a soft dry cloth (or
one that has been slightly dampened with water). To remove
stubborn dirt use a mild neutral detergent. Afterwards be sure to

wipe the unit throughly with a soft, dry cloth.

@ Never use benzene, thinner, alcohol, or solvents of any kind to

avoid the risk of discoloration and/or deformation.

[ Other

@ Do not subject the S - 770 to strong shocks.

@ Do not press hard on the LCD or allow it to be hit. During
operation, some sound may be produced, but this is normal.

@ The S - 770 may produce some heat when operating normally.

@ Before using the S - 770 in a foreign country, contact a nearby

Roland service center.

[1Before using disks

@ Install the unit on a solid, level surface in an area free from
vibration. If the unit must be installed at an angle, be sure that
the angle of installation falls within the tolerance range (upward

; 10 degrees : downward ;10 degrees).

@ Avoid using the drive in areas of high humidity
(eg.condensation). High levels of moisture can adversely affect
the operation of the drive and/or damage disks. When the unit
has been transported, allow it to warm to room temperature

before operating.

@ To insert a disk, push it firmly into the drive. To remove a
disk, press the eject button firmly. Do not use excessive force

to remove a disk which is Jodged in the drive.



[1Floppy disk handling

@ Floppy disks are very delicate. Observe the following points
when handling them.
(ODo not touch the surface of the magnetic sheet.
(ODo not bend disks, or place heavy objects on them.
(ODo not store disks in dusty locations.
(ODo not leave disks in direct sunlight, near heating or
cooling equipment, or in a closed automobile.
(ODo not allow disks to come near magnets or speakers, or

devices which produce strong magnetic fields.

@ Floppy disks have a protect tab that can be used to keep
valuable data from accidentally being overwritten. When not
writing data to the disk, leave the protect tab in the protected

position.

/ N SR N
D I
WRITE

(. E) I PROTECT

@ Remove the floppy disk from the disk drive before turning the

power on or off.

@ Never remove the floppy disk while the disk drive is operating
(while the indicator is lit). Doing so could not only damage the

data, but also make the disk unusable.

@ As a precaution against emergency, remember to save your

important data in the internal Hard Disk onto a floppy disk.

@ When attaching a label to a disk, make sure that the label is
firmly attached. If the label comes off while the disk is in the

drive, you may be unable to remove the disk.

PRECAUTIONS

[1Hard Disk handling

@ A Hard Disk is a very delicate storage device. Do not subject it
to shock or vibration of any kind. Be especially careful not to

move or bump the unit while the power is ON.

@ When transporting the unit, be sure to use the Park Head
command to park the Hard Disk heads. And pack the unit in the

shipping carton or a special flight case.

@ It will take about 30 seconds for the Hard Disk to “boot up”

after the power is turned on.

@ Never turn the power off while the Hard Disk is operating
(when the Hard Disk indicator is lit).

@ After turning the power off, wait approximately 30 seconds
before moving the S - 770.

@ If the Hard Disk cooling fan is obstructed, overheating may
cause data to be lost or malfunctions to occur. The cooling fan

should always be running (except when sampling).

@ When handling external Hard Disks, refer to the manual for

each device.

@ Roland cannot be responsible for any data lost while using the
S-770. It is strongly suggested that you use floppy disks to
make backup copies of Hard Disk data.
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i ¢ Introduction

Introduction

The Roland $-770 Digital Sampler is the most advanced sampler available today. Drawing
on Roland’s extensive experience in sampler and synthesizer technology, it provides all the
features that musicians want and need. The power and capacity of the S-770 removes many
of the limitations of previous samplers, and make the S-770 a musical instrument and post-
production tool that requires from the user no compromises or apologies.

Features

Among the many important features are:

* Two megabytes of internal (RAM) memory, expandable to 16 megabytes using standard
easily-available SIMMs, for over 90 seconds of on-line stereo sample recording.

* A 40-megabyte internal hard drive for massive storage and quick access, a floppy disk drive
for easy off-line storge, plus a SCSI connector for external file storage on a wide variety of
devices including CD-ROM, fixed and removable hard disks, and Magneto-Optical read/write
drives.

¢ True 16-bit sampling, with a choice of sampling rates at both inputs and outputs, plus the
ability to combine samples recorded at different rates.

* Stereo inputs and outputs for true stereo sampling, plus eight assignable outputs for isolating
sounds in a mix.

* Digital inputs and outputs for direct access to CDs, DATSs, processors, and other digital
sources without A-to-D or D-to-A conversion.

¢ Internal resampling of stored samples, from single Samples to an entire multi-timbral
Performance, using multiple algorithms, entirely in the digital domain for highest quality and
flexibility.

» Twenty-four-voice polyphony for reproduction of many layers and the most complex
timbres.

 Advanced MIDI implementation including multi-channel operation, assignable controllers,
polyphonic aftertouch, monitoring of incoming data, and support for MIDI Sample Dump
Standard.
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* Analog-style resonant digital filters and envelopes for greatest flexibility in manipulating
sound.

* Advanced performance features such as splits, multisampling, layering, velocity switching
and fading, and positional crossfades.

* Compatibility with files from the S-550/W-30 sampler family (Convert Load).
* A user-friendly graphics-based operating system with mouse control.
In addition, the Version 2.0 operating system offers many new features, including:

* Advanced editing and DSP functions including time stretching, rate conversion, splicing
and mixing, reversing, scrubbing, filtering, and compression/expansion.

* Resampling an entire multi-timbral Performance and storing it as a single Sample.

Copyright warning

The S-770’s large memory makes it easy to record large segments of sound from live or
pre-recorded sources. Keep in mind that using material belonging to other persons without
their consent may be a violation of copyright law. When sampling material from CDs,
cassettes, DATSs, LPs, or broadcasts, please respect other people’s copyrights and do Aot break
the law.

Acknowledgements

The author wishes to thank the following for their assistance in preparing this manual:
Larry Garcia, Mark Tsuruta, Muneaki Ohkubo, Eric Persing, Nancy Kewin, Paul Young,
Chris Gill, Akira Matsui, Robert Daspit, Chris Meyer, Steve Peha, Al Dugas, Jerry Antonelli,
and Microtech International.
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Quick Tour » 1

Chapter las
An lntroductory Tour
of the S=770

If you’ve just purchased your Roland S-770 Digital Sampler, no doubt you are very
excited about it, and would like to put it to good use immediately. The S-770 is a
complex device, which is why this manual is so big, but it's not necessary to know
everything about it right away, so in this chapter we will get you started with a few
basic tasks. If you want to take a more formal, slower approach, feel free to skip ahead
to Chapter 2. But if you want a quick tour of some of the unit’s capabilities, read on.

When you are done with this chapter, you’ll know a little bit about the S-770, but
there is much, much more to learn. It is only intended to whet your appetite, so to get
the most out of your sampler, it really is necessary to go through the entire manual.

If you are a veteran user of the $-770...

skip ahead to Chapter 1b for instructions about how to upgrade your software to
Version 2.0, as well as a summary of the new features provided by the upgrade. Then
refer to the appropriate sections of the rest of the manual for more details.

Installation

When you remove the S-770 from its packing carton, place the unit on a solid flat
surface, making sure you have access to the rear panel. Do not put anything heavy,
like a video monitor or speaker, on top of the unit.

Power

Locate the AC power cord, and insert the female end into the socket on the rear
panel marked “AC IN”. Check to see that the POWER switch on the front panel is off (the
button is out), and then plug the AC power cord’s male end into an AC socket. Make
sure the AC voltage matches the power requirements stated on the S-770’s back panel.
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Mouse

Video

Audio

Locate the mouse, and insert its connector into the
socket marked “EXT CTRL” at the bottom left corner of the
front panel. Be careful of the orientation of the connector: it
must be inserted with the shorter row of holes (4 holes, not
5) at the top.

Lay the mouse onto a flat surface, like a table top or a pad of paper, where you will
have room to move it freely at least 6 inches in all directions. A mousepad is ideal,
otherwise any surface with some friction will work (a high-gloss desk top or sheet of
glass is not recommended).

Connect the video monitor you will be using. If you
have an RGB monitor with a cable designed for use with
Roland products, insert the round end of the cable into the ®
DIGITAL RGB jack on the rear panel, and connect the other ®®
end of the cable to the input of the monitor. If you have a
monochrome monitor, use a video cable with a male RCA
plug, and insert it into the MONOCHROME jack on the rear
panel. Connect the other end of the cable to the input of the monitor.

DISPLAY OUT

MONOCHROME  DIGITAL RGB

Note: a CGA-compatible RGB video monitor is highly recommended for use with
the S-770, but in a pinch — at least for now — you can use a standard television set
with a “composite” video input (the picture will be black-and-white). Connect the
MONOCHROME jack to that input using a video cable with an RCA male plug at each
end. If your TV does not have a composite input, you can go through a VCR: connect
the MONOCHROME jack to the VCR’s “Video” input, and connect the VCR’s “TV”
output to the television’s antenna input. If a VCR and TV are not available, you can use
the LCD display on the front panel, but you will have to be very patient, and you won't
be able to access some features.

—STEREO OUT—
' L(MONO)
Now connect the STEREO OUT jacks on the rear panel,

R
using cables terminating in 1/4-inch phone plugs, to your O O
mixer or amplifier and speakers. Alternatively, plug a pair of
stereo headphones (with a stereo 1/4-inch phone plug) into
the front-panel PHONES jack.
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We will do a little sampling A A ™
in this chapter, so an output from © Q S O

a CD player or cassette deck into
the LIMONO) jack above the

label INPUT on the front panel
(this takes a mono 1/4-inch phone plugs also). (The S-770 will sample in stereo, but
we’ll save that for later.)

Connect the MID! output of a MID! JHRY N
keyboard to the MIDI IN jack on the rear ® ®
panel, using a standard MIDI cable.

IMPORTANT: set the keyboard to transmit
on MIDI Channel 1.

Anything else?

If you have an RC-100 Remote Controller, a CD-ROM player, or a Magneto-
Optical or external hard-disk drive, leave them alone for now. We'll deal with them in
due time.

Booting up

Do NOT, repeat DO NOT, insert a floppy disk into the disk drive on the front
panel. The S-770's internal hard disk has the entire operating system already on it.
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Double check all your
connections, and turn down
the VOLUME and REC LEVEL
controls on the front panel.

Find the F2 button on the front @
panel, and press and hold it ’
while you push the POWER

Roland S-770ucmm. saveien

REC LEYEL
Vil

switch on until it locks. (Don‘t el e, [ e T s B o N i i
worry — you won’t have to

. . £ o
do this every time.) Next turn B 00029 0 .

on the power to the video

monitor and the MiDI

keyboard you are using to play the S-770. Last, turn on the power to the mixer or
amplifier you are monitoring with.

The LCD display on the front panel will light, and you will hear the hard disk and
fan in the S-770 start up. The amber “HARD DISK” LED will also light.

The video monitor will come to life, and will show a variety of messages in
sequence, including System Initialize in Progress, SCSI Device Scanning, Wave
Memory Check, and SCSI Device Check. (Depending on how the S-770 was
configured at the factory, there may be other messages as well.) It will pause for a
moment, then a “Message” screen will appear with the words “Volume Load...”,
followed by a rapid
progression of letters and

numbers.
Play Pagel Com Exit
Fma‘llly, everythmg O rPerformance L@1l:Stereo Piano Name
will quiet down, and the _
. . Ch Patch Name Lev Mix
following screen will 1 L@1:Piano L 127

appear on the video 1 L@l:Piano R 127
monitor:

This screen is known
as Play Page1, and its
name appears in the
upper-left.
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The operating system has automatically loaded an initial “Volume” of sounds,
consisting of piano samples. The name of the first “Performance” in that Volume is on
the first line of text, and the two “Patches” that make up the Performance are
immediately below it. If you turn the front-panel VOLUME control up, and play notes on
your MIDI keyboard (make sure it’s transmitting on Channel 1), you will hear a piano
from the S—-770 outputs. Little arrows will appear to the left of the Part numbers when
you play a note, showing that there is MIDI activity on the channels where those
Patches are located.

Loading Some Sounds

In the S-770, sounds are stored on disks — hard, floppy, or optical — but before
they can be played they must be loaded into the unit’s Internal Memory, or RAM. The
operating system has already done this for us, but let’s load in something else.

Take the mouse in hand, and move it around, watching the video screen. As you
move it, you will see a cross-hair cursor on the screen following your movements. As
you pass the cursor over certain words or numbers on the screen, they become
highlighted, changing to reverse video (that is, the letters and the background
exchange colors). When an item changes this way, it is being “selected” by the mouse.

Select the word “Com” in the upper right-hand corner, and while the word is in
reverse video, press the left mouse button once and release it. This is called “clicking”
the mouse.

Command

A box with a blue outline appears, which is
known as the “Command menu”. Without touching Disk
the buttons, move the mouse down to select the
word “Disk”. When it is highlighted, click the left Copy

Delete
mouse button.

Resample2

Edit Patch
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Mode Index Mark S~770/01

Disk Load
Target Volume 1ID: All
The screen iS replaced Current Drive ID@:Internal HD
with a new screen, called & LOAD | 1ofiles -
a “Disk Page”. There are 1:1L@1:Stereo Piano 22.9
: K rage. 1 2:L@l:Piano & Harp 37.2 "y
five Disk Pages in all, and 3:L@2:8trings 51.6
5:L04 :Basses 71.6
i M "
called “Disk Load”. (If the 61105 : Voices 22.2
words “Disk Load” do not 7:1@6:Mallets 19.6
appear in the upper-left 8:1L07:Drum Kits 46.6
) 9:107:TR-808 kit 13.4
portion of the screen, 10:1@7:Percussion 128.9 L. %0
move the mouse to the 11:
bottom-left corner where Internal Free @.5sec .
the word “Load” appears. Current Drive Free 19.@sec
Select Load and click the

left button.)

Look at the top of the screen where the word “Target” appears. Select that word.
Within the same reverse-video “field”, on the right side of the screen, will be another
word. This should be “Volume”.
If it is not, then while the field is
still in reverse video, click the left
mouse button repeatedly until
“Volume” appears.

l Target Volume J

Now move the mouse down until you have selected “6:L@5:Voices”. Click the left
button. A window opens asking you about Internal Memory being cleared. Don't

panic, nothing will be erased permanently — just select and click on the box labelled
//Yes//‘

The HARD DISK LED lights, and you can hear the disk spinning. At the bottom of the
screen, the words “Now Working” appear, along with five little arrows, rolling and
tumbling. Soon a list of names starts to scroll down the screen. When it finishes, the
“Now Working” changes briefly to “Complete”, and then the screen returns to the Disk
Load page.

You have just loaded a Volume called “Voices” into memory from the S-770's
internal hard disk into RAM. But you can't play any of the sounds quite yet. Move the
mouse up to the word Exit in the upper-right corner. Select it and click the mouse. The
blue Command menu re-appears and then quickly disappears.
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Mode Index Mark S~-770/901

We are back on
Play Pagel. As you
play notes on your

Play Pagel

Oprerformance 1L@5:Voxs Stereo

MIDI keyboard, the Ch Patch Name Lev Mix
02 1 L@®5:Voxs Right 127 127
the front panel 0o3
should light. Hold the 0o4
notes for a little gos
. . Joe
while, and you will 007

hear sampled human oos
voices. !f you don’t
hear anything, check
your connections
again, and also make
sure your MIDI
keyboard is still
transmitting on
Channel 1.

Selecting Sounds to Play

What you are hearing is a “Performance”. A Performance is a group of sounds
arranged on different MIDI channels, with various other characteristics including
stereo panning and level. This Performance is a fairly simple one — it uses two sounds,
or “Patches”, which are shown on the screen, both of which are set to respond to MIDI
channel 1.

The Volume you loaded into RAM contains several Performances. You can only
hear one at a time, but you can change which one you're listening to without re-
loading from disk. Move the mouse up to the line labelled “Performance” until it is in
reverse video. Now click the left or right mouse button, and with each click the name
of the Performance (the right side of the field) changes. Hold down the mouse button
to scroll more quickly through the list.

All told, there are nine Performances in this Volume. Theoretically, a Volume has
room for 64 Performances, but in this Volume only the first nine “slots” are used — if
you try to access the tenth slot, it has no name and you will hear no sound. As you
change Performances, you will see the different Patches that make them up. Some of
the Performances use one Patch, and some use three. You can also see the different
Pan settings they use. Some of the stereo effects are quite nice.
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The word “Performance” has a little rectangle immediately to its left. This is known
as a “Select icon”. If you select and click the left mouse button on the name of any

Parameter with a Select icon, you will open up a Select window. Try this now.

This Select window shows all of

the Performances currently in RAM Select Exit
as a list. The current Performance is Target Pform V4
shown with a red arrow. If you pass ® 1i1L@5:Voxs Stereo
h £ th 21 L@5:Voxs Mono
the mouse over one of the names 3| L5 : Voxs Sweep
(without clicking) and play the 41 L@5:Voxs Swp oct
keyboard, you will hear the Patch 5| L@5:Voxs Octavs

. . 6| L@5:Voxs Organic
assigned to Channel 1 in that 71105 : Voxs Perk
Performance. 8| L@5:Voxs Prk oct

9| L@5:Spacy Voxs

If you click on a name, you will 3: - ii’
immediately select that performance, 121 12
and be sent back to the Play page, 131- 13
with the selected Performance 141- = 14 ALl
sounding. This feature allows you to 151~ ¢ 15
move quickly through a long list of Sort Blank
files without scrolling through each
one. -

As you play the Performances, you will hear that while they all use the same basic
vocal sounds, the sounds are treated quite differently in terms of attack and decay,
stereo placement, register, and filtering (especially the “sweep” Performances). This
gives you some idea of how Samples can be modified once they are recorded into the
S5-770.

Exploring a Sound

Next on our tour we'll examine how a sound in a Performance is constructed.
We'll work our way downwards from the most complex structure to the simplest.

Patches

A Patch is an entire “instrument”, with all of its internal and MIDI control
parameters set. It's essentially the same as a “Patch” that you would find in a single-
timbre sampler or synthesizer.

Move the mouse all the way up to the top-left corner of the screen and select the
word “Mode”. Click with the left mouse button.



A blue-outlined box appears, the “Mode Change”
menu. Select and click on “Sound”.

This opens the Sound menu which is where you get
access to the sound-editing Functions. Select and click
on “Edit Patch”.

Common

The screen that now appears is the Edit Patch
Common page. Select white ietters on the line
labelled “Patch”, and click the left or right mouse
buttons until you see “L@5:Voxs Sweep m” appear.
Play the MIDI keyboard, and you can hear this Patch
by itself, without any others that may be combined
with it in a Performance.

Quick Tour » 9

Mode Change

Performance
Sound

System

Sound Menu Exit

Edit Patch

Edit Partial
Edit Samplel
Edit Sample2

Resampling

Edit Patch Common Com Exit

AL TR

0 patch L@&5:Voxs Sweep m
Select/MIDI in Omni On(*¥*)

Program Number
Output Assign
Patch Level
Stereo MIX Level
Panning

Patch Priority
Cutoff Offset
Vel-Sens Offset
Oct shift
Coarse Tuning
Fine Tuning
Analog Feel

Used 22.2/Remaining ©.3

Split

At the bottom of the page, select the word “Split” and click the left button. This
brings you to the Edit Patch Split page, which show how various sounds (or “Partials”,
the next level down) can be arranged on the MIDI keyboard, using the technique

known as “Multisampling”, to build the Patch.
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As you play on the keyboard,
red dots appear on the picture of
the keyboard on the screen,
showing the notes you are
playing. Above the keyboard
picture is a yellow bar with a
number of divisions. These show
the split points. Bring the mouse
to the line of white letters
immediately to the right of where
the word “Partial” appears in
yellow. Select this parameter, and
then click the left and right
buttons. This will let you “scroll”
through the various Partials that

Edit Patch Split

[OrPatch
Select/MIDI in

[partial

Assign Type
Lower ...

L@5: Vox

*Key Range ---

2 -

4 -

L@5:Voxs Sweep m
Omni On({**)

A @ Upper ...

<Info> Partial for SET
»-
*Sample 1 L@5:Vox F#4

F#4

ITII T 1A

make up this Patch. As certain Partials’ names appear, an area of the yellow bar will
turn red. This indicates the region of the keyboard that this particular Partial is
“mapped” to — when you play a key in that region, that Partial is the one that sounds.

Control

Move the mouse to the
bottom of the screen where the
word “Ctrl” appears, and click.
This opens the Edit Patch Ctrl
page, where you can determine
how various types of MIDI data
will affect the Patch. Move the
mouse to the line that says “Bend
— Up”. This is a “Parameter”,
which is currently set to 2. That
means that when you move the
Pitch Bend control up to its
furthest position, the pitch of the
sound will go up by 2 semitones
(a whole step). Use the mouse
buttons to increase (right button)

Mode Index Mark

S-77@/01

Edit Patch Ctrl

Com Exit

Opatch
Select /MIDI in

SMT Ctrl Sel
SMT Ctrl Sens
Ctrl Select
Bend - Up

- Down

TVF Ctrl

TVA Ctrl

LFO Rate Ctrl

LFO-Pitch Depth
-TVF Depth
~TVA Depth

L@5:Voxs Sweep m
Omni On(**)

Bend
Pitch Ctrl -

Off
"]

2
2
2

»
H
Q
ot
K
-

TR
seoe88e

or decrease (left) this number, and note how it affects the action of the Pitch Bend

control as you play.
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Partials

As we've seen, Partials are the constituent parts of a Patch, and within a Patch,
different Partials are played from different regions within the MIDI note range. Let's go
down a level and look at Partials.

Make sure you still have “L@5:Voxs Sweep m” selected as the Patch. Move the
mouse to Com in the upper-right and click the left button. Move the mouse down to
the word “Edit Partial” and click.

Mode Index Mark S-779/01

Common
Com Exit

| vame |

Sample K.F c.T F.T
[*][1 L@®5:Vox E6 Norm -17 -5@
Norm 2 %]

Norm

Norm

*Edit Partial Common*

Oprartial
Edit Mode

1@5:4Vox E6
Single

We are now at the Partial level.
Let’s look first at the “Edit Partial
Common” page. If the name at the
upper left corner of the screen
doesn’t say “*Edit Partial
Common*”, click on the word
“Common” in the bottom left
corner).

Output Assign
Partial Level
Stereo MIX Level
Panning

Coarse Tuning
Fine Tuning

SMT Velocity Ctrl

This Page shows the current
Partial that is sounding. When you
play different notes on the keyboard,
the Partial displayed changes. Each
Partial is made up of one or more Samples (in this case, they all have only one), which
are displayed in four “slots” in the upper half of the screen. As you move around the
keyboard, those change as well.

Used 1.4/Remaining @.3

TVF

*Edit Partial TVF*

Move the mouse to the bottom of
the screen and click on “TVF” (we’'ll
skip the SMT page for now). This
brings us to the “Edit Partial TVF”
page, where filter envelopes are
created and edited. As you play
different notes on the keyboard, the
different filter envelopes for the
different Partials are shown in the
graphic in the lower part of the
screen.

Opartial
Edit Mode

Filter Mode
Cutoff Freq
-Key Follow
Resonance
Vel-Curve
-C.Sens
KF Point

Time
Level

L@5:4Vox E6
Single
Envelope
31 -TVF Depth
[} -Vel Sens
16 -Pitch Depth
2 Time
(7] -Vel Sens
Cc_4 -Key Follow
1 2 3 4
@ 1@ 75 115
40 127 60 [
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Let's play with the filter envelope. Play a note on the keyboard, and then move the
mouse to one of the little blue squares that are at the envelope’s “break points”. Press
the left mouse button and hold it down, and then move the mouse slowly in one
direction or another, dragging the blue square with it. The envelope will re-draw itself
as the square moves. Let go of the mouse button, and play the same key you played
before (so that you make sure you are playing the same Partial), and listen to the effect
of the change you've made to the envelope.

TVA
Move the mouse to the word “TVA” v lex .. Al

at the bottom of the page and click. This *Edit Partial TVA*
opens the “Edit Partial TVA” page, QPartial  L@5:4Vox E6
where you can work on the Partial’s Bdit Mode Single
“Time Variant Amplifier”, or volume 5 mme
envelope. The volume envelope is ' 4 :;z,l, ot
displayed at the bottom of the screen
(and the TVF envelope you just played mpe o8 s 137 o4
with is in the background in dark blue). Level 127 72 120 ©
Grab one of the envelope break points
with the mouse and drag it around, and
then listen to its effect.

LFO

Move the mouse to “LFO” at the
bottom and click. This is the “Edit
Partial LFO” page, where various types

*Edit Partial LFO* Com Exit
of vibrato can be applied to the Partial. S f—— (e |
Play with the Parameters “Pitch Mod Edit Mode Single
Depth”, which control the amount of Yave Form
frequency-based vibrato; “TVA Mod D;!;:;une
Depth”, which controls the amount of -Rey Follow
amplitude-based vibrato (what used to Rey Sme
be known as “tremolo”); and “TVF Mod atch Eﬁ iﬁtﬁ

TVA Mod Depth

Depth”, which imparts vibrato onto the
filter (which can often result in a “wah-
wah” effect). Also try adjusting the Rate
and Delay parameters. Remember that
each Partial has its own set of
Parameters, so if you play different notes on the MIDI keyboard, the Partial will change
and the Parameters on the screen will change.
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Samples

Samples are the most elementary structure in the S-770. They are the actual sounds
recorded by the unit, or transferred to it from another medium. Click on Exit twice to
get back to the Sound menu, and select and click on “Edit Sample1”.

Looping
$-770/01
This is the Sample editing level, 2dit Sample Loopl
and we are looking at the Edit Osample L@5:Vox E6
here’
Sample Lo'op1' page (there sa L09p2 Loop Hode Forward Start
page, but it will have to wait until Edit Mode Mono Loop
Ke Mode Start Fine
Chapter 6). Play the MIDI keyboard Leﬁgtnh Lock off End
and you can hear this Sample, Disp Type Loop  Tuning
. Edit Step 1 R-Loop

unadorned, with no envelopes or X-Zoom xl  Fine

ib d h Y-Zoom x1 End
vibrato, and as you move around the Remaining 0.3 muning
keyboard, the Sample doesn’t
change.

Move the mouse to the
parameter Loop on the right side of
the screen. Select it, and press the
right mouse button and hold it. The number in the parameter will increase. Look at the
graphic waveform display at the bottom of the screen, and above the picture of the
waveform (yes, that’s what the Sample looks like), you can see a long blue rectangle
shrink towards the right as the number increases.

Hold down a MIDI key, and listen to the sound. After an initial period, the sound
starts to repeat, or loop. The number in the Loop parameter is the number of the
specific word within the Sample where the loop will start. As that number gets larger,
the loop starts later, and the repeat time is shorter. The blue rectangle is a graphic
representation of the loop. As the loop starts later, the rectangle gets smaller.

You will notice that at the point at which the loop repeats, it often “pops”. Trying to
get a good loop-repeat point without a pop or click is one of the fine arts of sampling.
The S-770 is very good at that, and we will discuss it in detail in Chapter 6, as well as
other operations available at this level.
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Phrase Sampling

The S-770 has a lot of memory, which means it can deal with the most complex
instrument sounds. But it also makes it ideal for working with longer sounds, like
sound effects or entire musical or spoken phrases, manipulating them in various ways
and playing them back on cue. Using the unit this way is often called “phrase
sampling”. Depending on how much memory you have installed, recorded sounds and
phrases can be anywhere from a few seconds to several minutes in length.

So that we don’t run out of RAM while we do this, we should clear the Internal
Memory before we proceed. Go back to the Performance Play Page by moving the
mouse to Mode at the extreme upper-left
corner and clicking. When the Menu opens

select Performance, and when the next Menu Delete Exit ||
Target Pform
opens select Play. Now move the mouse to ® 1|L05:voxs Stereo Y4
Com and click, and select Delete from the 2| L@5:Voxs Mono
3| L@5:Voxs Sweep
Menu that opens up. Move.the mouse all the 41 105:Voxs Swp oct
way to the bottom of the window that 5| L@5:Voxs Octavs
" "o 6| L@5:Voxs Organic
appears, sO that‘the word “Volume” is 71 105 Voxs Perk
selected, and click. 8| L@5:Voxs Prk oct
9| L@5:Spacy Voxs
_ , . . 18- 10
This operation removes all information 111 - 11
that is currently in RAM, but it does not affect g: - i";
anything on the disk (all disk operations have 14]- 14 @
to go through a Disk page). When the 12: - 12
“CAUTION!!" window opens, click on “Yes”.
A message window appears that says “Now

working”, and in a second or two it and the
Delete window will close, and you will be
back on the Play Page.

Now let's get some sound. Select Mode again, and when the Mode Change menu
opens, click on Sound. When the Sound menu opens, click on Edit Sample1. If the

“Sampling” page doesn’t appear, click on the far lower-left corner of the screen, on the
word “Smpling”.

This page is where you record samples. To keep things simple, we'll record a mono
Sample. Put the cursor on the “Mode” parameter in the left-hand column. If it says
“Stereo”, click the left mouse button until it says “Mono”. Next, select the “Time(sec)”
parameter three lines down, and press and hold the right mouse button until “5.68"
appears (if you overshoot, go back with the left mouse button). Now move to the
“Type” parameter in the right-hand column, and press the right mouse button until this
parameter reads “Manual”. Three lines down, set the “Monitor” parameter to “On”.
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Sampling Com Exit

SRR

[Osample

Mode Input

Orig Key Type Manual
Fregq (KHz) Trigger Level
Time (sec) Threshold

Pre-Trig Monitor

Normalize Digital ATT
Remaining

Please set Name |

Ready

LEVEL @...O..O.....Q..Q.

Earlier in this chapter you connected a
CD or cassette player into the jacks on the
front panel, didn’t you? Now’s your chance
to use it. Put a tape or disk into the player,
and start it playing. Adjust the “SENS”
control on the front panel next to the input
jacks so that the red LEDs immediately to the right of the control (they are hard to see
when they aren’t on — they’re above the label “HEAD AMP”) flash only occasionally at
the loudest moments.

Now look back up at the video screen, and watch the window at the bottom with
the word “LEVEL” in it. A little blue box is dancing back and forth, showing the level of
the incoming audio signal. If the box is jumping off to the right, turning red in the
process, the level is too high. If it is barely moving, or not getting past the mid-point of
the window at any time, the level is too low. Adjust the “REC LEVEL” knobs on the left
side of the front panel until the level is comfortable.

Before you record a Sample, you must name it. This gets a little complex but we'll
keep it as simple as possible for now. Move the cursor to the “Name” box at the upper-
right and click. A special “ASCH Keyboard” window opens. Towards the top of this
window is a black area containing a yellow colon and a short red horizontal line.
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Move the cursor so that it is over the
number “5” in the line of numbers.
Click the left mouse button once. “5”
appears in the black area and the red
line moves to the right. Move the cursor
to where “[CR]" appears, and click.
You've just named your new sample
“5”. The ASCII window closes, and you
are back to the Sampling Page, with the

‘| ASCII Keyboard Exit
[0.W] [DEL]
1234567890~ 4*\ [BS]

gqwertyuiope@ [
asdfghijkl; ] [CR] |
zxXxcvbom, ./ _
[Space] «¢»

new name now appearing in the Name parameter.

Now move the cursor to the

box containing the word

Sampling execute

“Ready” and click. A “Now
working” message window
appears briefly, and then the
“Sampling execute” page
appears. Get the CD or tape
cued up just before the point
that you want to sample, and
start it playing. When it reaches
the point where you want to
start, click on the box with the

Type
Trigger
Threshold
Monitor
Length(sec)

5.2

LEVEL E..O..............

word “Start”.

At the bottom of the screen,
a red “thermometer” will fill up

Mode

Index Mark s-770/91

as the recording progresses. (If

Sampling over

you would like to stop
recording in the middle for any
reason, click the mouse or press
the EXIT button on the front
panel.) At the end of five
seconds, the recording will stop,
and a small “Now working” box
shows itself briefly. Then the
“Sampling Over” page appears.
In the graphic window is a
picture of the recording you just
made. To hear it, play a Middle
C on your MIDI keyboard. To

Sample :5

Remaining 17.5

{ Next ] | Retry | | Ena }

| zoop |

l Trun | l Norm l

hear it sped up or slowed down, play a different note.
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Move the cursor to the “Loop” box and click. This brings you to the Edit Sample
Loop 1 page, which we saw earlier.

Put the cursor on “Loop Mode” and press the left mouse button until it changes to
“Fwd+R”. Move the cursor to “Loop” in the right-hand column, and press and hold the
left button. As you
hold it, the blue
rectangle at the top
of the graphic
display in the lower
half of the screen
grows larger. When
it gets about halfway
across the graphic window, let go of the mouse button.

Now move the
cursor to “End” just
below “Loop”, and
press and hold the
left mouse button until the right side of the blue rectangle moves about a quarter of the
way across the screen.

Play the MIDI keyboard, and listen to the loop you have set up. Adjust the Loop
and End parameters with the left and right mouse buttons, until you have a loop that is
sonically interesting, such as one bar of music, a complete spoken word, or a couple
of beats of drum fill. What you are setting up is known as the “Sustain loop”.

Move the cursor up to “KeyOn Mode”, and press the right mouse button twice, so
that “R-Loop” appears. Move the cursor to the “R-Loop” parameter in the right-hand
column, and press and hold the left mouse button until a second blue rectangle makes
itself seen. This is the
“Release Loop”, and
you can hear what it
sounds like by
playing a MIDI key.
The KeyOn Mode setting won't let you hear the Sustain loop, just the Release loop.

Adjust the beginning and end of the Release loop with the R-Loop parameter and
the End parameter just below it, until you get a Release loop that sounds interesting.
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Now let’s put these together. Click on Exit, and the Sound menu appears. Select
Edit Partial. If the Edit Partial Common page doesn’t appear, click on Common at the

bottom of the screen.

Place the cursor on the word “Off”

immediately under the yellow “Sample”. Edit Partial common Com Exit
Click the right mouse button once, and Opartial - singls  Loe
“5" appears in that field. What we have K.F  C.T F.T
just done is to load the Sample “5” into ; o p
this Partial. Nozm 4
Norm ]

Cutput Assign
Partial Level
Stereoc MIX Level

Now go back to the bottom of the

screen and click on TVA. This brings us fanaing
ocarse Tuning
to the volume envelope Page. If you play Fine Tuning

SMT Velocity Ctrl

a note on the MIDI keyboard at this
point, the sampled sound starts
immediately, and then when the loop
that you established on the Loop page is
reached, it repeats as long as you hold

Used 5.@/Remaining 17.5

Edit Partial TVA

the key down. We're going to do better Opartial - 3
than that Edit Mode Single
Vel-Curve 2 FKey Follow
upn —-C.Sens @ Time

Underneath the number “4”, to the e ce vel gens

right of the word “Time”, is the number -Key Follow

“1@". Move the cursor to highlight that 12 3 4

number, and press and hold the right Time = 1 10 10 82

Level 127 127 127 ]

mouse button until it changes to 80.
Now play a MIDI key. The sound starts
immediately, and as long as you hold
down the key the Sustain loop repeats,
but when you let go of the key, the
Release loop can be heard, and it repeats until it fades away.
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Advanced Sample Editing

There is a lot more you can do with Samples. Let’s try combining two of them
together. First we have to record a second Sample. Exit the Partial TVA page and when
the Sound menu appears click Edit Sample1. Click Smpling at the bottom of the screen
to get to the Sampling page.

Click on the Name box and when the ASCII Keyboard window opens, click on
[BS] until the horizontal red cursor is underneath the “5”. Move the mouse so “6” is
highlighted and click the left button. Click on [CR]. We’ve named the new sample “6”.
Exit the window and record another phrase sample like the one before, but use
different material.

Click on Exit and when the Sound menu appears click on Edit Sample2. This opens
a new menu, and here click on Patchwork. The Edit Sample Patchwork Param screen
appears.

Mark S-770/21

In the middle of the
€ Edit Sample Patchwork Param

screen, on the left-hand
side, put the cursor right

[ Dest Sample

under the yellow words KeyOnMode Start Edit Step
“Source Sample1”. Click q let DRemaining 112-
Source Sample Source Sample

the left mouse button .5 .6
until this line reads “ :5”. Pl:From P3:From
Move the cursor over to Ll:-Fade L3:~Fade

. . P2:To P4:To
the right, until it is under L2 :—Fade L4 :~Fade
the yellow words “Source Level Level

” o Delay

SampleZ . Click the left Truncate Trsort
and right mouse buttons Cut & Splice Mixing

until this line reads “  :6”. Area Erase Combine

Recover

Now go to the bottom
of the screen and click on
“Graph-1". The page
changes, and a graphic representation of the sample you called “5” is drawn towards
the top of the screen. (If you don’t have a video monitor, this screen will not be
visible.) Move the mouse so the cursor is in the center of the long rectangle just above
the drawing. The rectangle will turn purple. Press and hold the left mouse button and
move the mouse slowly to the right. The sample will start to play. The further you
move the mouse, the faster the sample plays.
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Move the mouse to the left, and the sample plays backwards. This is called
“scrubbing” the sample, and it should be a familiar technique for anyone who has ever
edited audio or video tape.

As you scrub, you will see a red line move along the picture of the sample
waveform. Find a point where you would like this sample to end, and the second
sample to be spliced on. When you've got that point, let go of the mouse button. Go
down to the bottom of the screen and click on “P2”.

Now click on “Graph-2” at the very bottom of the screen. The page changes, and
the sample you called “6” is drawn. Scrub this sample. Find the place where you
would like this sample to begin playing, and when you've got it, click on “P3".

Go back to the Param page by clicking at the bottom of the screen, and click on
the word “Combine”. The two samples will be spliced together, with the section of “5”
you've selected followed by the section of “6”. Play the MIDI keyboard to hear it.

Onwards!

That's it for the quick tour. In the chapter 2, we'll start working with the S-770 in a
more formal, comprehensive manner. But don’t think the fun’s over. It's really
just begun.



Version 2.0 Upgrade « 21

Chapter 1b:
Upgrading to
version 2.0

This chapter is for veteran S-770 users who are familiar with the version 1.0
software. It will show you how to upgrade quickly your unit to version 2.0, and how to
make sure all previously-created files work properly. Then it will give you a summary
of the many exciting new features provided by the upgraded software.

When you are done with this chapter, you can find more information about the
new features in the chapters specified. The manual has been largely rewritten to
accomodate all the new features, and it wouldn’t be a bad idea to go through the
whole thing to make sure you've picked up everything there is.

Installing the New System

The new system is on the disk labelled “SYS-772 SYSTEM DISK Ver. 2.0".
Before you do anything else, write-protect this disk by moving the write-protect tab
towards the edge of the disk. If your fingernails aren’t up to it, use a pen point or a
small paper clip (don’t use a pencil, which might break).

With the power to the S-770 turned off, put the floppy disk containing your new
software in the drive. If you're using a mouse, hold down the F2 key on the front panel
while you turn on the power. If you're using the RC-100 remote controller, hold down
F3 while you turn on the power. When “System Loading...” appears on the screen, you
can let go of the button.
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Index
When the boot-up is all [ Sound
d it will tak
done (and it will take Filter
somewhat longer than you're Key Range
used to), move the mouse to LFO
Loop
Index at the top of the screen Output
and click. The Index window Panning
opens. Look for “Save System” gart_ L
. artia
towards the bot’tom of‘the right Patch
column, and click on it. A few Performance
windows close and open, and Pitch(‘:IL‘gne)
eventually the Save System Resampling
. Sample
window appears. Sampling
Split
Velocity

MIDI

After Touch
Bender
Exclusive
MIDI Ch
Modulation

Program Change

System
Convert Load
Current Drive

Disk
LCD
Mouse
S 1i

Sound Play

Save System

Exit

Current Drive : Floppy Disk

SYS-772 System Disk Ver. 2.9
Copyright Roland

SaveSys

Click on the box labelled
SaveSys. A yellow “Now Saving

System” message appears, and then the
window closes. Congratulations. You

have successfully saved the new
software to your hard disk.

Remove the floppy disk from the

drive, and put it in a safe place. Turn
off the S-770, and turn it on again. It

should now reboot from the hard disk,

and “HardDisk Sys Ver 2.0" should
appear on the screen as it boots.

Click on the words “Current
Drive”. The Drive Select window opens.
Find the line of text where the words
“Internal HD” appear. (It will be at “IDQ",
unless you’ve changed it since you first
installed the S-770.) Click on the blue
number at the left of that line. The window
closes, and you're back on Save System.

Drive Select

Current Drive :

Floppy Disk

Device List
IDO
ID1
ID2
ID3
ID4
ID5S
ID6
ID7

ID@:InternalHD
ID1:— No Drive
ID2:- No Drive
ID3:- No Drive
ID4:- No Drive
ID5:- No Drive
ID6:— No Drive
ID7: S-770 Self

Floppy Disk

Scan

If something goes wrong, turn the S-770 off, re-insert the floppy, and try again.
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Using version 1.0 files

Files created with version 1.0 of the S-770 software should work perfectly with
version 2.0, but there are a couple of minor things to watch out for:

If a Partial has a pitch envelope (Pitch Depth on the Edit Partial TVF page is not
zero), it will have to be reset. In version 1.0 the maximum pitch change using this
parameter was up or down one-half octave. In version 2.0, the maximum pitch change
is two octaves up and four octaves down. Maintaining the same pitch change on a
Partial with a pitch envelope will probably involve some experimentation.

If you have any Volumes on a hard or magneto-optical disk that you created
with version 1.0 software and that you want to be able to access using Program
Changes, you will have to sort them on the disk before you load them into the version
2.0 software. (You can load them without sorting them, but then you won’t be able to
get to them with Program Changes.)

To do this, go to the Disk Utility page (page 5 in the Disk function) and click
on HD/MO File Sort.
The files will be sorted
alphabetically. The
Internal hard disk
should take only a
couple of minutes to
sort, but a full
magneto-optical disk
may take quite a bit

Mode Index Mark S-770/01

Disk Utility

Current Drive ID@:InternalHD

HD/MO Format

longer.

FD Format

HD/MO Park Heads

HD/MO Restart

HD/MO File Rename
HD/MO Volume PG#

Save System
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The New Features

Here are the major new features of the version 2.0 software, organized by
chapter. There are a number of small changes that are not included in this list, but they
will be obvious when you come across them, and are explained in the appropriate
chapter in the manual.

Installation — Chapter 2

« 8 outs mode. The S-770 can now be configured so that all eight outputs (the
six individual and the two analog stereo) can be used individually. The digital outputs
always carry the stereo mix, however. The switch for this is on System Parameters
Page 2.

Structure — Chapter 3

e Less restrictive Index. When you go to a Page using the Index, leaving that
Page no longer takes you back to the Index, but instead takes you to the appropriate
Menu. This makes the Index a lot more useful for advanced users.

* Faster operating system. This isn't really discussed in the chapter, but you'll
notice a marked increase in speed the first time you boot up.

* Files can be loaded without their subsidiaries. High-level files, from Partials
to Performances, can be loaded without Samples or any other subsidiary files, so they
can be used as templates for existing Samples in RAM. This is accomplished from the
Disk Load page, using the new Targets Partial PRM, Patch PRM, and Perform PRM.

« Alphabetical file sorting in RAM. Files in RAM can be sorted alphabetically,
which can make them easier to find. If new files are sorted in RAM before they are
saved to disk, they will be saved alphabetically on disk as well.

* Two sets of Jump pages. There are now ten user-programmable Jump pages.
You toggle between the two sets by pressing the right mouse button one or two times.

e Select icon. You can look at and access quickly a scrollable list of files at any
level by clicking on a Select icon to the left of the Function name. On disk pages, you
can no longer scroll through Current Drives, but must use this list (which will actually
speed things up considerably).
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* Com menus close automatically. If you've gone through the Com menu to get
to a page, like disk load or save, closing that window automatically closes the Com
menu as well, saving a mouse movement.

* Enhanced RAM copy function. Files can now be copied within RAM more
easily, and when a file is copied, its name need not be changed before it is saved.

Patches — Chapter 4

* Full editing from within Performances. You can now go directly to the Patch
level (and down) from within a Performance. An alternative “Part Map” provides Patch
editing from the Performance level itself.

* Automatic renaming of Partials. You can rename every Partial in a Patch so
that it has the same name as the Patch, along with a differentiating suffix, in one fast
operation.

* Instant Patch and Partial creation when you record a new Sample. When
you record a Sample from within a Patch (using the Sampling function on the Com
menu), it automatically creates a new Partial and Patch with the same name as the
Sample.

* Alternative Partial editing. A “Partial Map” feature allows you to view a
specific parameter for all of the Partials in a Patch simultaneously, and edit them.

* Analog feel. A new Parameter allows for random detuning of the Samples
within a Patch while it is being played.

Partials — Chapter 5

* Programmable Templates. You can create and store up to ten of your own
custom TVA/TVF Templates, by memorizing the envelopes from the current Partial.

* Global editing includes Samples. When editing a Partial in Subsidiary mode,
if Edit Mode is Global, changing the Sample in a slot will change the Sample for all of
the Partials in the Patch.

* Instant Partial creation when you record a new Sample. When you record a
Sample from within a Partial, using the Sampling function on the Com menu, it
automatically creates a new Partial with the same name as the Sample.
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« Pitch envelope range wider. The Pitch envelope created on the TVF page
now has a maximum range upwards of two octaves and a range downwards of four
octaves.

Samples — Chapters 6 and 7

¢ Two chapters. Sample recording and editing have now been split into two
chapters. Recording, looping, and smoothing are in Chapter 6, while all other
functions (and there are a lot of them!) are in Chapter 7.

* Parameter editing resolution is independent of display resolution. Parameters
now have an “Edit Step” parameter for setting coarse or fine adjustments.

» Editing functions have “Recover”. The software automatically stores the
current version of a Sample so you can instantly “undo” any operation. It also makes
backing up Samples much less crucial.

e Samples can be edited “in place”. Samples can be changed or re-recorded
without changing their names or slots.

e Samples can start to play in the middle of a loop. The Start and Loop
parameters can now be in any order.

* Truncate with fade-in and reversing. On the new Edit Sample2 pages,
Truncate can be performed with both a fade-in and a fade-out, and the Sample can be
turned around and played backwards.

* Auto-loop function for looking for loop points quickly.
e New parametric and high-resolution graphic editing pages, with scrubbing.
The Edit Sample2 pages for editing and looping feature high-resolution graphics, with

two-speed bi-directional scrubbing, and adjustable resolution.

* New editing functions for samples. A portion of a Sample can be removed
and the ends spliced together (“Cut & Splice”) or a gap left (“Area Erase”).

» DSP operations for Samples. Digital filtering, compression/expansion, time
stretching without pitch change, rate conversion, and individual graphic byte editing.
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e Editing functions for combining Samples. Two samples can be spliced, faded
into each other, or mixed, forwards or backwards.

¢ Performance Resampling. The S-770 in full multitimbral mode can be played
and the output automatically recorded as a new Sample.

* Resampling envelopes re-designed. In the Resampling function, the
background envelope on the TVF or TVA page is the same type envelope for the other
Sample — not the other envelope for the same Sample.

Performances — Chapter 8

» Keyboard display selectable to channel or part. The live keyboard graphic
can be restricted to show incoming notes on an individual MIDI channel, or on an
individual Part. The Splits for the Patch on that Part or channel are displayed too.

e Patch editing through Performance. You can now go directly to the Patch
level from within a Performance. An alternative “Part Map” provides Patch editing
from within the Performance level itself.

* Part Parameter can act as a Solo switch. When editing a Patch through a
Performance, you can isolate an individual MIDI channel or Part using the Part
parameter.

Volumes — Chapter 8

 User-assigned Program Change numbers. Program Change numbers for
Volumes no longer default to the Volume’s position on the disk, but can be set, and
also turned off.

* Volumes can be loaded without clearing memory. Once a Volume is loaded,
additional Volumes can be loaded without deleting the first one from RAM, provided
there’s sufficient memory available. The combination of the two is now considered a
single Volume, and its name is that of the last Volume loaded.

* More flexible and usable Volume IDs. Volume 1Ds can be applied to all files
within a Volume or just to certain levels. Not giving new Volume IDs to existing

Samples can save disk space.

» Automatic assignment of Volume IDs when saving files.
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System — Chapter 9

* Sort function. Files on disk can be sorted alphabetically to make them easier
to find.

* File rename. Files on disk can be renamed after they are saved.

* Floppy and hard-disk formatting operations well separated. It is now much
more difficult to format a hard disk by mistake.

* Double arrow boxes on disk pages scroll by 10. This allows faster scrolling,
and they behave more consistently.

* Unit number shown on screen. The Unit Number (Device ID) of the S-770 is
now shown in the upper-right corner, to avoid confusion in multiple-sampler studios.

That’s it...

Enjoy your new software!
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Chapter 23
Installation,
Conmntrols,

ame Connections

This chapter will discuss in detail the various options you have for installing the
$-770, and how to connect it to other components in your studio. It will also describe
all of the front-panel and rear-panel controls and connectors.

Installation

The $-770 can be put on a flat surface, like a shelf or tabletop, or installed in a
standard 19-inch equipment rack. There are three sets of ventilation holes: in the front,
near the power switch; on the bottom, directly behind the ones on the front panel; and
on the rear panel. Do not defeat them — if the unit is on a shelf, make sure the shelf is
large enough so that none of the four round feet hang over the edge.

Do not place any heavy objects (like a video monitor) directly on top of the
5-770. Do not put any devices near it (like a video monitor) that might cause hum or
electrical or radio interference. Do not put a video monitor on top of the S-770. Got
that?

The S-770 contains a hard disk, which needs to be treated with respect. Never
turn the power off when the hard disk is running (which you’ll know because the
amber HARD DISK LED on the front panel will be lit). Always park the heads of the hard
disk before moving the S-770 — see Chapter 9 for how to do this. If you have brought
the S-770 into a warm, humid room from outdoors, condensation may form inside the
unit which could damage it. Allow about an hour for the unit to come up to room
temperature before turning it on.
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Rackmounting

The S-770 takes 3U of space ina 19-
inch rack. If you have been using the unit
prior to rackmounting it, park the heads
(Chapter 9), turn off the power, and wait 30
seconds for the hard disk to stop spinning.
With a Philips screwdriver, remove the four
round feet. Locate the four square self-
adhesive rubber feet, and attach them to the
bottom panel near the corners — these
provide a minimum air space below the unit
if you are mounting it directly on top of
something else, and will also prevent the
cases from scratching each other.

Locate the two rackmount brackets.
Remove the four screws on each side of the
S-770 just behind the front panel, and use
them to attach the brackets. Make sure the
brackets are oriented so that the rackmounting flange is in front of the screws.

The Controls and Connectors

Before we start wiring up the S-770, let’s look at what everything on it is for.

The Front Panel

Unlike most musical equipment you are used to, it’s quite possible to operate
the S-770 and almost never touch the front panel controls. That's because most of
them are duplicated, often in a more convenient way, by the action of the mouse.
Sometimes, however, it can be more convenient to use the front panel, and it does
have a few controls that are unique.

The VOLUME knob controls the signal level at the stereo analog outputs and the
headphone (PHONES) output. It has no effect on the six individual numbered outputs, or
on the digital outputs. It should normally be set to “MAX”, because the S-770’s signal-
to-noise ratio is highest at that point.
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The S-770 has a muting function built into its power-up and power-down
procedures, but it is still generally a good idea to turn down the VOLUME control when
switching the unit on and off.

The REC LEVEL knobs control the level of the incoming analog audio signals
which are being sampled. It works on both the front-panel and rear-panel analog
inputs, but not on the digital inputs.

The EXT CTRL socket is for plugging in the mouse or the RC~100 Remote
Controller which you have. (When the RC-100 is used, the mouse plugs into it.)

The LCD screen shows the current Menu, Page, or Window when operating the
S-770. Normally, you will be monitoring these displays using an external video
monitor, but on those occasions when a monitor is not available, the LCD can be of
help. It only shows a part of the screen, but when you move the mouse up or down, or
use the Cursor buttons to access a Parameter, the screen scrolls. Some screens,
however (the high-res graphic editing ones), are not available on the LCD screen. The
action of the LCD screen is much slower than that of a video monitor, so move the
mouse slowly or you may lose track of the cursor. The LCD screen can be shut off,
which can make the video monitor respond slightly faster — see Chapter 9.

The row of buttons F1 through F5, below the LCD screen, are used to move
among Pages in a Function — for example, when you are editing a Partial, you can use
these switches to move from the volume envelope Page (“TVA”), to the filter envelope
Page (“TVF”), to the vibrato Page (“LFO”), and so on. The name of the Page which
corresponds to each button appears at the bottom of the LCD screen. These buttons’
action is duplicated on the video monitor by “page switches” at the bottom of the
screen.
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When the JUMP button is pressed, F1 through F5 become switches that can move
to Pages in other Functions — so you can instantly go from a Partial TVA page to a
Patch Split page, for example. These “Jumps” are user-programmable, using the MARK
button, described below (see Chapter 3 for a complete discussion of this). The JumP
button is duplicated by the right mouse button.

The F keys also have special functions when booting up, which we'll get to a
little later.

The EXIT button is used to leave a page or window, and often to cancel an
operation. Most video screens have an Exit switch in the upper right corner that has
the same function.

The CONTRAST knob adjusts the contrast of the LCD screen. Normally this needs
to be set only once after installation.

The PHONES jack takes a standard stereo 1/4-inch (tip/ring/sleeve) headphone
plug. As mentioned above, its level is controlled with the VOLUME knob.

The FOOT SWITCH jack is for a 1/4-inch plug from a normally-closed, single-pole
foot switch such as the Roland DP-2 (available separately), which can be used to
control certain functions such as Sample recording,.

The INPUT jacks — LIMONO) and R — are for 1/4-inch plugs from unbalanced
analog audio sources, that are to be sampled by the S-770. Stereo sources will use
both jacks, while mono sources will use only the LIMONO) jack. There are also input
jacks on the rear panel, which we'll talk about shortly.

The SENS control is a pad between the front-panel INPUT jacks and the REC LEVEL
control. Its furthest counterclockwise setting is appropriate for line level (+4 dBm)
signals, and its furthest clockwise setting is good for mic level (50 dBm) signals. (It
does not affect the rear-panel inputs.)

Above the labels HEAD AMP and L—PEAK—R are two LEDs hidden behind the
panel. They are there to help you set the SENS control. (They are active when using the
rear-pane! inputs.)

The VALUE wheel is used to dial in Parameter settings, and also to scroll through
items in a list. Its action is duplicated by the left and right mouse buttons, and usually
by the S1 and S2 buttons, but it is often a more efficient way of adjusting Parameters
than the buttons.
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The s1 button is used for choosing menu items and activating switches. The s2
button sometimes acts as an auxiliary to the $1 button. The two together are used to
adjust Parameters and access items on a list, duplicating the actions of the left and
right mouse buttons in most functions.

The four cursor buttons or keys (T, <, §, =) move the cursor from item to item
on the display, up, left, down, or right, allowing you to select parameters to adjust,
menu items to choose, and switches to activate (with the VALUE wheel and/or §
buttons). Moving the mouse around does the same thing, although the cursor buttons,
because they jump instantly from one item to the next (and never miss), can sometimes
be faster.

The floppy disk drive is for backing up files on 3-1/2-inch floppy disks. Both
double-density (800K Macintosh/1 Meg IBM) and high-density (1.44 Meg Macintosh/2
Meg IBM) disks can be used. You can insert a disk at any time (as long as there isn’t
one already in there). Remove the disk by pushing the rectangular button on the right
side of the drive. When the drive is in use, a yellow LED on its left side will light.
When the operating system requires you to insert a disk, the yellow LED will flash.

WARNINGS! DO NOT remove a disk when the LED is steadily lit. Also, DO
NOT BOOT THE $-770 WITH A DISK IN THE DRIVE!! There is one exception to this
rule, which is when you are updating the System software, which will be explained in
Chapter 11.

The HARD DISK LED lights when the unit is reading or writing to the hard disk.

Do not move the S-770 or turn the power off while this LED is lit, or you will damage
the hard disk drive.

PERFORM, SOUND, and SYSTEM are three operating Modes of the System software.
Pressing each of them opens up a Menu showing the various functions available within
that Mode, which can then be selected using the cursor keys and st button, or the
mouse. You can also change modes with the mouse, by selecting “Mode” at the top of
the screen. When you do this, LEDs in all three buttons will flash, and you can select a
Mode, either with a button or with the mouse. After you select a Mode, the LED in the
button corresponding to that Mode will be lit.
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INDEX calls up a special Index function on the display, which lets you access
operating Pages by selecting their topic. It's a very fast way for getting around the
S-770, especially when you are first learning it.

MARK calls up a window from within a Page that lets you “mark” it as a “Jump”
Page — one of the Pages that can then be accessed instantly using the JUMP button and
one of the F buttons (see Chapter 3).

COMMAND opens a Command (or Com) Menu from within a Page, within which
various Functions are available, including disk input and output, memory
management, and other specialized tasks.

SOUND PLAY can be used to simulate a MIDI keyboard input while editing
sounds if no MIDI keyboard is available, or it can be used just for convenience.
Pressing it “sends” the S-770 a specific MIDI note with a specific velocity, both of
which are user-programmable, and the note is sustained as long as the button is held
in.

GRAPHIC instantly changes the LCD screen to show the bottom portion of the
screen, if there is a graphic present (picture of a keyboard, drawing of an envelope,
etc.). It has an internal red LED that lights when it has been pressed. Press it again and
it returns the LCD screen to wherever it was before. It has no effect on the video
display.

MIDI MESSAGE is a green LED that lights when the S-770 receives a valid MIDI
message. It is somewhat more intelligent than an ordinary MIDI data indicator, and
actually lights whenever the S-770 is producing sound under MIDI control. For
example, if it receives a Note-On command on a channel to which it is programmed
to respond, it will light and stay lit until it receives the corresponding Note-Off. If it
receives a Note-On followed by a Sustain Pedal On (Controller # 64 with a value of

127), it will stay lit even after it receives the Note-Off, until it receives a Sustain Pedal
Off (Controller # 64 value 0).

The POWER turns on and off the AC power to the unit. “In” is on and “out” is off.
Do not connect or disconnect the AC power cord with the switch on.
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AC IN is where you plug the AC power cord. Be sure the AC line voltage in your
studio matches the voltage requirements of the unit, as printed on the plate above this
jack. Insert the cord here first, making sure the POWER switch is off, then plug the other
end into the AC socket.

The DIGITAL IN/OUT connectors are used for digital audio signals that are in the
AES/EBU (Consumer) format for direct interfacing with other digital audio equipment.

The SCSI connector is a standard 25-pin connector conforming to the Small
Computer System Interface standard. It can be used to connect high-speed storage and
data-processing devices to the S-770.

The MONOCHROME video output (under the DISPLAY OUT label) sends a black-
and-white screen image to any video monitor equipped with a standard composite
video input. The DIGITAL RGB video output sends a 200-line digital color signal to a
compatible color monitor. See the next section and the Appendix for more details.

The MIDI connectors are standard. IN is for receiving performance data from a
controller or sequencer, as well as System Exclusive data and Samples in the MIDI
Sample Dump Standard format. OUT is for sending System Exclusive and MIDI Sample
Dump Standard data. THRU echoes all MIDI data received at the IN port .

The six INDIVIDUAL output jacks can be programmed to send specific sounds or
groups of sounds. The VOLUME knob on the front-panel does not affect these outputs.

The STEREO outputs either send a mixed audio signal, with individual sounds
programmable as to level and pan position within the stereo field; or they can act as
the seventh and eighth individual outputs. The mode they operate in is determined on
the System Parameters Page 2 (see Chapter 9). Regardless of what signal they are
carrying, these outputs are controlled by the VOLUME knob.
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The INPUT connectors are balanced XLR jacks for use with microphones or any
other analog audio sources that are to be sampled. The SENS switch (which is
independent of the SENS control on the front panel) selects among three input-level
ranges: +4 dBm, —10 dBm, and -50 dBm. Stereo sources will use both jacks, while
mono sources will use only the LIMONO) jack. You can use only one input jack —
front-panel or rear-panel — on each channel at a time. The front-panel PEAK LEDs will
show clipping at either set of inputs. The REC LEVEL knobs on the front-panel control the
input level for both inputs after the PEAK LEDs.

Making Connections
Now that we know what everything does, let’s start hooking things up.

Power

Before applying power to the S-770, make sure the line voltage is the same as
the voltage rating of the unit, as stated on the metal panel above the AC IN socket (120,
230, or 240 volts). The S-770 will accept either 50 Hz or 60 Hz current.

As with any computer or sound-generating device, clean AC power is essential
for proper operation of the S-770. Do not operate it on a line with any devices
containing large motors, like refrigerators or air conditioners; with any devices that can
generate electrical or radio-frequency interference, such as fluorescent lights, heating
devices, or dimmers; or with any devices that consume a large amount of power and
can cause fluctuations in the voltage level.

Do not connect or disconnect the power cord with the POWER switch on
(pushed in).

MIDI
ouUT

MIDI THRU IN
ol ) (e

The S-770’s MIDI IN jack should be connected
to the MIDI OUT of whatever device is going to be controlling the unit: keyboard,
drum controller, wind controller, guitar controller, hardware sequencer, or a MIDI
interface from a computer running sequencing, sound editing, or other compositional
software.

The MIDI OUT jack should be used if you plan to send or store sounds externally
using the MIDI Sample Dump Standard. Sounds can be transmitted this way to other
samplers, and to computers equipped with sample-editing software, where they can be
manipulated, and then returned to the S-770 (through the MIDI IN jack), or sent to
other samplers, or stored.
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The MIDI THRU jack provides an “echo” of the data going to the MIDIIN jack. It
is provided as a convenience for “daisy-chaining” multiple MIDI devices together.
Connect it to the MIDI IN jack of any other MIDI device that you would like to receive
data from the same controller (keyboard, sequencer, etc.) that is controlling the S-770.

Audio

The S-770 provides a wide range of audio inputs and outputs, both analog and
digital.

Analog Outputs

The main analog outputs are the STEREO L and R outputs on the rear panel. They
carry a stereo mix which can contain any or all of the sounds the S-770 produces.
They are unbalanced, high-level, medium impedance, and are designed for
connection to a mixing console, patch bay, or amplifier. Their level is controlled by
the VOLUME knob on the
front panel. The same signal
is paralleled to the PHONES w5 PP ——————— e o)
output on the front-panel,
which is in the form of a O O O O O O O O
single stereo 1/4-inch jack.

The other analog outputs are the INDIVIDUAL jacks, numbered 1 through 6.
These are also unbalanced, high-level, medium-impedance, but they are not
controlled by the VOLUME knob. The INDIVIDUAL outputs are available on an
instrument-by-instrument basis, at the Performance, Patch, or Partial level, so that
individual sounds can be isolated for separate mixing or processing. Their use is
optional — all sounds can be programmed to appear at the STEREO outputs — but
having access to them at a mixing console or patch bay enhances the flexibility of the
S-770 considerably. If you have room for them in your studio setup, use them.

For even more flexibility, the main outputs can serve as an additional two
individual outputs, numbers 7 and 8, if the Analog Outs Mode parameter on the
System Parameters Page 2 is set to 8outs (see Chapter 9). In this case the PHONES
output will carry the same individual signals. Regardless of how they are used, the
STEREO OUT and PHONES outputs are always affected by the VOLUME control.
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Analog Inputs

There are two sets of analog inputs,  sgns INPUT
which are used for signals that the S-770 will M
record for Samples. On the rear panel are
two balanced XLR connectors, for use with
professional mono or stereo sound sources
ranging from microphones to console line
outputs. A three-position SENSitivity control
determines the nominal input level: =50, —
10, or +4 dBm.

L(MONO)

On the front panel are two unbalanced 1/4-inch connectors, which can be used
with sources like synthesizers, electric guitars, or consumer tape decks or CD players.
These inputs also have an input-level range of approximately —50 to +4 dBm, but they

have a continuous SENSitivity control. Both inputs are further controlled by the REC
LEVEL knobs on the front panel.

When the S-770 is recording in Mono mode, it only recognizes signals at the
Left analog audio inputs, so if you are planning to record mono samples, make sure
that’s the channel you use.

The rear-panel input jacks are normalled through the front-panel jacks, so if a
plug is inserted into one of the front-panel jacks, the rear-panel jack for that channel
will be disconnected.

Digital
Rear-Panel input Front-Panel input
— MV
€79 = g

PEAK

|y @

SENS REC LEVEL
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There are two types of digital audio connectors provided, which allow the
$-770 to connect directly to other devices that conform to the AES/EBU Digital Audio
standard. The AES/EBU standard mandates that both audio channels of a stereo pair be
transmitted on one cable, and so there is only one jack of each type labelled “Out”
and one of each type labelled “IN”.

The two types are

“COAXIAL”, using shielded SUT —IN DIGITAL INOUT ST
coaxial cable and RCA plugs; ® ® ® ®
and “OPTICAL", using optical- Ol 10
fibre cables and connectors. Use — COAXIAL — =orrch=
whichever format is compatible L !
with the other digital equipment
in your studio, and set the switch accordingly. Only one of these types may be used at
a time — you cannot use the coaxial input and the optical output simultaneously, for
example.

When recording digital signals, the SENS and REC LEVEL controls are not
operative. However, you can increase or decrease the digital signal level in
software — see Chapter 6. When sampling a digital signal monaurally, you have the
choice (this is also done in software) of having the S-770 listen to either the Left or
Right channel.

The S-770 can record at four different sampling rates: 48 kHz, 44.1 kHz, 24
kHz, and 22.05 kHz. The sampling-rate frequency must be equal to or exactly half of
the sampling rate of the incoming digital signal, or you will not be able to record. Most
professional digital tape recorders, including DAT decks, sample at 48 kHz. CD
players with digital outputs use 44.1 kHz. (CD-ROM players, however, use the SCSI
port, not the digital audio connectors.) The sampling-rate frequency is set by the Freq
parameter on the Smpling page (see Chapter 6) and by the Master Freq parameter on
the System Parameters Page 2 (see Chapter 9).

The digital outputs will operate at the sampling rate set by the Master Freq
parameter: either 48 kHz or 44.1 kHz.

The digital outputs always carry the main stereo mix, regardless of the
setting of the Analog Outs parameter. Any sounds assigned to the INDIVIDUAL outputs
are not part of the digital signal (unless they are also assigned to the STEREO outputs),
and the digital signal is not affected by the VOLUME knob.
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Video Display

RGB

DISPLAY OUT

An external video monitor is very highly ® . ®
recommended for efficient operation of the S-770.

The best alternative is an RGB color monitor. If MONOCHROME DIGITAL RGB
you have been using a Roland 5-550 or $-330,

you may already have an appropriate monitor and cable. You may use either an RGB-
251 or RGB—-25N cable. If you wish to design your own, the pinouts and electrical
characteristics are in the Appendix to this manual.

Monochrome

If an RGB monitor is not available, a monochrome (black-and-white, green,
amber, etc.) computer monitor is acceptable. However, the colors — which are an
important part of the S-770 display — will not be visible, and some screen elements
may be difficult to see. Use a cable designed for video signals with an RCA plug on
each end, and connect the monitor to the MONOCHROME output. A television set with
a “Video” input can be used this way as well, although the display will be in black-
and-white, even on a color set.

If none of these are available, an ordinary television set that lacks a Video input
can be used, as long as you have a VCR or some other device to modulate the signal
onto a VHF carrier. Connect the MONOCHROME output to the VCR’s Video input, and
then connect the VCR’s Antenna output to the TV’s antenna terminals. Set the VCR
input switch to “Video” (not “Tuner”), and set the TV to receive on the channel that the
VCR transmits on (usually Channel 3 or 4). The picture quality may not be great, but it
should be readable. It is not recommended that you use this as a permanent setup,
however, because you’ll end up hurting your eyes.

Mouse

The only mouse that should be used with the S-770 is the one supplied with the
unit (the S-550 mouse is also compatible). Do not attempt to use any other computer
mouse. The mouse is connected to the EXT CTRL jack on the front panel, or to the RC-
100 if you're using one (see below). Observe the plug orientation carefully — the
shorter side of the plug, with four holes, not five, is on top.
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Use the mouse on a flat surface with some friction — a mouse pad is ideal. A
composition-topped desk will usually be okay, as will a pad of paper or sheet of
cardboard. A high-gloss desk or sheet of glass will probably not give satisfactory
results.

The S-770 should recognize and respond to the mouse the first time you turn it
on. If it doesn’t, turn the power off, and wait about 10 seconds. Press the F2 button and
hold it, and then turn the power on. When the “System Initialize in Progress” message
appears, you can let go of the F2 button.

This setting is memorized—- the next time you boot up, the $-770 will
recognize the mouse without you holding in the F2 button.

If for some reason you should want the S-770 not to recognize the mouse, do
the same procedure holding in the F1 button. There is also a “Controller” parameter
you can set on the System Parameters Page 2 that tells the 5-770 what to recognize.

RC-100

The RC—-100 Remote Controller which you have is a lightweight and portable,
but sturdy, control surface that can be used with the S-770. It is designed to sit on a
console or small table, and can even be used in your lap. It duplicates all of the
controls on the S-770’s front panel, except the input and output level knobs. When it
is combined with a video monitor, it provides a complete remote editing and control
interface for the unit. This can be a major convenience, in that it uses up much less
space than the S-770 itself, which can then be placed somewhere out of the way.

Installation

Installing the RC-100 is very simple. Run its output cable to the EXT CTRL socket
on the front panel of the S-770 (where the mouse was plugged in). Be careful of the
orientation of the plug when you insert it (short side on top). Now plug the mouse
cable into the socket labelled “MOUSE” on the back of the RC-100, checking that
plug’s orientation as well. If you are using a foot switch, such as the Roland DP-2, you
can plug that into the FOOT SWITCH jack on the S-770 front panel.

The RC-100 is designed for use with several Roland products. To “customize” it
for the S-770, a plastic overlay sheet is provided. Align the sheet over the buttons and
wheel, and attach it with the double-sided tape supplied.
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The S-770 will probably not recognize and
respond to the RC-100 the first time you turn
iton. You can get it to do so by turning on
the power while holding the F3 button in.
When the “System Initialize in Progress”
message appears, you can let go. Like the F2
setting to recognize the mouse, this is
memorized. You can also get the S-770 to
recognize the RC-100 while it is running by
using the “Controller” parameter on the System
Parameters Page 2 (see Chapter 9).

If the S-770 does not immediately start to respond to the RC-100, press the
RESET button on the back of the RC-100. (Don’t worry, it won’t reset the S-770.)

If you want to disconnect the RC-100 and just use the mouse, power up
holding the F2 button. If you want to use neither, power up holding the F1 button.

Numeric Keypad

Besides duplicating the front-panel controls, the RC-100 adds a few controls
and features of its own. It contains a numeric keypad, for directly entering numeric
values into Parameters. Pressing the desired digits followed by the ENTER key enters the
value. If a value entered this way is too high or too low for the particular Parameter,
the software will assign the highest or lowest permissible value.

Negative values can be entered, even though there is no “~” key. Press “0” twice
in a Parameter, and a minus sign appears. Then follow it with the other digits, and the
ENTER key. The keypad can also be used to enter letters into file names — see the
section on the ASCIl Keyboard window in Chapter 3.

Other features

The F keys along the top of the RC-100 all have red LEDs built into them, and
when you are viewing a particular Page, the LED in the button corresponding to that
Page will light. When the JUMP button is pressed (either on the front panel or the
RC-100), all five of the LEDs will blink until you press one of them (or you press the
JUMP button two more times).
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Below the VALUE wheel are two extra buttons, DEC(rement) and INC(rement).
They are used to help you set values or find items on a list when you are also using the
wheel. They have no unique functions, and most of the time duplicate the action of the
$1 and S2 buttons, except that they don’t “repeat” when they are held down. They are
placed near the wheel for convenience.

The RESET button on the back of the RC—=100, mentioned earlier, does not reset
the S-770, so feel free to press it at any time. It merely re-establishes communication
between the RC-100 and the S-770 if it has been lost — for example, if the cable has
been accidentally pulled out. When you press it, all the LEDs do a little dance before
settling back down to work.

Up to six external SCSI devices can be connected to the S-770 through the sCsi
port on the rear panel. These can include fixed and removable hard-disk drives, CD—
ROM players, and Magneto-Optical drives such as the Roland MO-7.

SCsI

@ \..-.o.o.o.-.o.-.t.o.o.o-o/ @

Although hardware connections for SCSI are fairly well standardized, software
is not, and for a particular SCSI device to be recognized by the S-770, a software
"driver” must exist in the S-770’s operating system. Enclosed with the S5-770 is a leaflet
containing brands and models of SCSI devices that have been shown to work with the
sampler. There are certainly other such devices, but you should consult with your
dealer or Roland before attempting to connect any SCSI device not listed, to make sure
that it will work properly.

In addition, certain protocols must be followed carefully when working with
SCSI devices. Please read Chapter 10 before working with any external SCSI devices.
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Chapter 33
Structural and
Operational
Overview

A few notes before we begin this chapter...

For best results, it is strongly recommended that you use an external RGB video
monitor with your S-770 (see the previous chapter), and this manual will assume that
you have one. If you are using a monochrome monitor or TV set, all of the references
to screen colors will obviously not apply. If you are relying on the front-panel LCD
display, you will only be able to see part of the screen at a time, and some screens you
won’t be able to see at all.

This manual will also assume that you are using the mouse. Many movements
around the screen that are done with the mouse can also be done with the four cursor
buttons on the front panel and the RC-100. In addition, most actions that require a
click or press of the left or right mouse button, except those specifically having to do
with screen graphics, can be done by the st and s2 front-panel buttons (respectively).

In general, references to front-panel buttons apply equally to the RC-100, and if
there is a special way to do something with the RC-100, it is mentioned. Any time the
VALUE wheel is mentioned as a control, the RC-100’s numeric keypad and DEC and
INC buttons can be used as well.
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The Operating Screens

The S-770 has seven basic types or levels of operation: Modes, Menus, Functions,
Pages, Parameters, Switches, and Windows.

Modes

At the top of the operational hierarchy are the three Modes: Performance, Sound,
and System. The current Mode determines in an overall sense what the S-770 is going
to be doing. In Performance mode, the unit is a polyphonic, multitimbral, MIDI-
controlled sound generator. In Sound mode, sounds
can be recorded, edited, and combined. In System
mode, basic operating parameters are set up.

Mode Change

The Mode is determined from the Mode Change Performance
menu. Open it by moving the mouse cursor to the
. M " Sound
upper-left corner of the screen until the word “Mode
goes into reverse video. Then click (press and release System

quickly) the left mouse button, and the menu appears.
Make a selection from the menu by moving the
mouse up and down (don‘t hold the mouse button
while you do this — this is not a Macintosh), or by pressing the up or down cursor
keys on the front panel, so that one of the three items on it goes into reverse video.
Then execute your selection by pressing the left

mouse button or the $1 button.

PERFORM 3SO0OUND SYSTEM

I Ll Il |

Alternatively, the Mode can be selected using
the dedicated buttons on the right side of the front
panel. At just about any time, you can change the Mode by pressing the corresponding
button: PERFORM, SOUND, oOr SYSTEM.

Although the Modes are essentially separate, there are various paths for moving
between them, as we shall see.
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Menus, Functions, and Pages

Sound Menu Exit Menu

Each Mode has a Menu, which Edit Patch
appears when you have selected the
Mode. The menu shows the various
Functions, or types of operations,
available within the Mode. Choose a Edit Sample2
Function in the same way you chose
the Mode: select the item you want on
the menu with the mouse or cursor
keys so that it goes into reverse video,
and execute the selection with the left mouse button or §1 button.

Edit Partial .
Functions

Edit Samplel

Resampling

This will bring up a Page. Each Function contains between one and five Pages.
Short versions of the names of all
the pages in a Function appear Mode Tndex Mark
across the very bottom of the
screen, with the current page
showing in red. The full name of
the current Page is shown in the poop Mode  Omeshot Toost

upper-ieft corner of the page. ReyOn Mode  Start  Fine
Length Lock Off End

Disp Type Loop Tuning

. X-Zoom x1 R-Loop
Change Pages by moving the Y-Zoom %1 Fine

mouse cursor to the bottom of the Remaining @.2  End
screen, to the name of the Page you ey
want to go to. When it appears in
reverse video, click the left button.
You can also change Pages using
the F-keys on the front panel: F1
selects the first page of the current
Function, F2 the second, and so on.

S-77@/91

*Edit Sample Loopl*

OSample L@5:Dry Kick 1 -R

There are also ways to get quickly to Pages in different Functions, which are known
as Index and Jump. We'll discuss these a little later.

The Command (“Com”) Menu

A special type of menu is the Command or “Com” menu. It appears in many Pages
towards the upper-right corner. Open it by selecting its name with the mouse and
clicking. The Com menu is not accessible with the cursor keys but instead has its own
dedicated front-panel button, marked “COMMAND".
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The Com menu contains functions for accessing
disks, managing internal memory (RAM), moving
around the operational hierarchy in special ways, and
various housekeeping chores. Whenever you execute a | copy
funciton in a Com menu, after execution is done, the Delete
Com menu automatically closes.

Command

Digk

Set Stereo
Set Mono

Parameters

Parameters are the items on the Pages that do all the work. A Parameter can be a
numeric value, or it can be the name of a file or other item chosen from a “list”.
Parameters can be accessed with the mouse or by using the four cursor keys on the
front panel. As usual, a Parameter will go into reverse video when it is selected.
Parameter names are generally in yellow, while Parameter values (the things that
change) are in white.

Since Parameters can usually be adjusted up or down, both mouse buttons are
used, the left one to lower the Parameter value (or go to the previous item on a list),
and the right one to raise the value (or go to the next item). On the front panel, the $1
and $2 buttons perform these same functions, and the VALUE wheel does too.

When you are adjusting a Parameter, if you hold down the appropriate button after
pressing it, the value will start to change faster. In many (but not all) cases, if you are
adjusting a Parameter with the mouse, holding down the appropriate button and then
momentarily pressing the opposite button will cause the Parameter to change much
faster. For instance, if you are decrementing a value with the left mouse button and
you momentarily press the right mouse button, the value will very quickly go to zero,
or whatever its minimum is. This function does not work with the $1 and S2 buttons.

If you have an RC-100, Parameters can also be adjusted using the numeric keypad:
press the numbers on the keypad for the value you wish to enter, and then press the
ENTER key. The numbers don’t have to be a legitimate value — if you enter a value
that's too high, the Parameter will simply go to its highest allowable value. Negative
values can be entered by pressing “0” twice — the second time, a “~" sign will appear,
and you can then enter the rest of the digits.
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Even if the Parameter is not a numerical one, you can use the RC-100 keypad to
set it. For example, every Sample has a numbered “slot” in RAM that keeps track of its
position. You will not see the number of the slot, because it is not normally part of the
Sample’s name. The usual way to select a Sample in one of the editing Pages is to
scroll through the list of Samples, one at a time, until you arrive at the one you want.
However, if you know that Sample’s number, you can enter it on the keypad, press
ENTER, and the Sample will appear on the screen instantly. All other types of S-770
files also have numbered slots, and can be accessed this way from their Edit Pages.

Switches

Switches are items that you select
and click on just once (with the left
mouse button), and something happens.
Almost every Page or Window (see Before Loading ?
below) has an Exit switch towards the
upper right corner, which closes the
Page or Window and goes to the next Yes No Cancel
item up on the hierarchy — another
Page or a Menu. Often when you leave
a Page with the Exit switch, and go to a
Menu, the S-770 behaves as if the Page is still showing, and you can still have it make
sounds.

Clear Internal Memory

The Exit switch can be clicked with the mouse, but like the Com menu, it cannot
be accessed with the cursor keys. Instead has its own dedicated front-panel button,
marked (not surprisingly) “EXIT”.

Other Switches appear in other screens in various places, and may be labelled
“Execute”, “Set”, “YES”, “NO”, “Name”, etc. Those switches can generally be
accessed either with the mouse or with the cursor keys, and activated with the left
mouse button or the S1 button.

Other things
Besides these categories, there are a few special items that you will encounter as

you learn your way around the S-770, such as ASCII windows, graphic editing
displays, and message and alert windows, which we will explain as we come to them.
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Tools and Techniques —
Sound MIDI
Amp After Touch
ind Filter Bender
naex Key Range Exclusive
LFO MIDI Ch
A | . Loop Modulation
n alternative way to move Output Program Change
around the Pages in the S-770 is by Panning
N h | d The | d Part System
using the on-screen Index. The Index partial Convert Load
is particularly helpful when you are Patch Current Drive
first | . h . . fi Performance Disk
irst learning the unit, as it can ind a pitch (Tune) LCD
Page or Parameter for you whose Resampling Mouse
| . b Sample Sampling Rate
ocation you may be unsure about, Sampling Save System
without making you go searching Split SCSI Config
Velocity Sound Play
through the Menus.

The Index can be called up any time by moving the mouse cursor to the top of the
screen where the word “Index” appears, and clicking. It can also be called up by
pressing the INDEX button on the front panel.

The Index displays a large number of “topics”, arranged in three groups. Topics
under Sound deal with editing the sounds. Topics under MIDI deal with controlling
the S—770 via MIDI. Topics under System deal with system operating parameters and
disk access. Unlike the Modes, the organization of topics in the Index is not formal,
and does not strictly follow the hierarchies
and divisions of the S-770’s operating
system.

Key Range in ..

With the mouse or cursor keys, choose a Performance Page 1
topic, and the software will jump to the page performance Page 2
h h  is dealt with. Ch Performance Page 3
where that topic is deait with. Choose Performance Page 4

“Split”, for example, and the Edit Patch Split
page will appear. Choose “Exclusive”, and
the MIDI Sample Dump page will appear.

Patch Split

Most of the Index topics, however, refer to more than one Page. When you choose
one of these, a “subtopic” window opens. For example, there are various levels at
which key ranges can be set for a sound, so if you choose “Key Range”, a window will
open asking whether you want to work with key ranges at the Performance or Patch
level. Choose one of those, and the appropriate Page will appear.

When you leave the Index (by clicking on Exit), you will go back to the Menu or
Page you were on previously.
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jumping Pages

The Jump feature allows you to move immediately between Pages located in
different Functions and different Modes, bypassing the menus and the Index. There are
ten pages available for Jumping, in two sets of five, and they are always available,
regardless of what Page you are on. (They are not available, however, when a menu or
a window is open.)

Access the Jump pages by moving the mouse down to a Page name on the bottom
of the screen, and instead of clicking the left mouse button, click the right one. The
Page names at the bottom will all turn red, and will change to show the first set of five
Jump pages. Move the mouse to the Page you want to jJump to and click the left mouse
button. The new Page will appear. Or, to see the second set of Jump pages, click the
right mouse button again. To go back to the normal Page names, click a third time.

Alternatively, you can press the JUMP button on the front panel once or twice, and
then one of the five F keys to do a Jump. The screen will respond the same way.

The S-770 comes pre-programmed with Jump pages in each of the ten “slots”, as
illustrated here. For instance, you
can get right to the Disk Load page
by pressing the right mouse button

Mark Set Exit

T <#1>
and then clicking the left button on F1 Play Pagel [ Playl ]
the Page name at the far right. You F2 Edit Patch Split [ split ]
can get directly to the Disk Save F3*Edit Partial TVA* [ TVA ]
L. . . F4 Sampling from patch [Smpling]
page by clicking twice on the right F5 Disk Load [ Load ]

mouse button and then on the

Page name. <#2>
F1 Performance Common [PrfmCom]

F2 Edit Sample Time Str[Stret-P]
You can change the Jump F3*Edit Partial TVF* [ TVF |

pages if you like. To program a F4 Edit Sample Loopl [ Loopl ]
F5 Digk Save [ Save ]

Jump page, you must first bring up Mark Stack 72%Free

the Page you are going to want to
Jump to, using the conventional
menus and page names. Then move the cursor to the top of the screen and click on
“Mark” (or press the MARK button on the front panel). A window will appear showing
the ten numbered Jump “slots” and the Pages currently installed in them, with both
their full names (which due to space restrictions may be truncated) and their
abbreviations as they appear on the screen. Move the cursor to the slot where you
want to install the current Page and click the left mouse button. The name in the slot
will change to the name of the current Page. Close the window by clicking on Exit,
and you will go back to the current Page.
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To program the rest of the Jump pages, go to each Page that you want to jump to,
click on Mark, and then click on the Jump slot where you want that current Page to
appear. Windows and Menus cannot be programmed as Jump destinations, and when
a Window or Menu is open, the word “Mark” is dimmed, indicating you can't select it.
If a name appears with *’s around it, it means the page being jumped to is in
“Subsidiary” mode, and that it is arrived at through another Page. We'll deal with
exactly what this means shortly.

After you've programmed the Jump pages, there is one more thing you must do to
make the programming permanent (so you don’t lose the Jump pages when you turn
off the power). Go to the Index and select “Save System” — it's down towards the
bottom of the right column. The Save System window opens. Check to see that the
Current Drive parameter says “Internal HD”, and click on the SaveSys switch. The
hard disk will spin for a moment, saving your programming to the hard disk. Click on
Exit, and you’ll go to System menu. Click on Exit again to get back to the Mode
Change menu. (Note: a lot more than just the Jump pages gets saved in this operation
— see Chapter 9.)

Now the next time, and every subsequent time, you call up the Jump pages with
the right mouse button or the JUMP button, the Pages you have installed will appear at
the bottom of the screen, and you can Jump to any of them from wherever you are.

You will discover as you read this manual that the path you take to get to a Page is
often very important. When you Mark a Jump page, the software memorizes not only
the Page, but the path you took to get there. It’s certainly possible, and sometimes
useful, to have the same Page with two different paths in two different jump slots.

The Select Window and the Scroll Arrows

When a Parameter is the name of a file in a list, next to it is
a little rectangle, which is known as the “Select Icon.” Clicking
on it opens the “Select Window”. This window shows all of the select icon
items in that file list. Rather than scroll the Parameter to see
every item in the list, which can get very tedious with a long list
(like all of the Samples in a Volume), you can open the Select
Window, view them all, and just click on the one you want to
select. If you pass the mouse cursor over the name of a file without clicking on it, you
can play that file from MIDI to hear what it sounds like before comitting to it.

Osample 1L@1:

The window shows 15 items at a time, at the file level indicated by the “Target”
line: i.e., Sample, Partial, etc. A red arrow points to the item currently selected in the
Page you just came from. ‘
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If there are more than 15 items in Select - )
. . T t S 1 1S DOX SCrolis
the list, you can scroll the window I Lo7 o Kick 2 the list by 1
. 2| L@7:Dry kick
using the Scroll Arrow boxes at the 31107 o stik B
1 4| L@7:BM stik A
upper and lower right corners of the BT sk
window. Place the cursor on the top 61 Lo7:The CLAP
. . . 71 197:808 Claps 1
box (with the single arrows) and click 81 L97:F1 Low Tom
9| L@7:Close HH A
the left mouse button (or press the $1 101 197:Close HE C
11| L.@7:Mid T
button or move the VALUE wheel oo T A
~ R . 13} L@7:0pen HH B
counter-clockwise). The list moves 14110750 Hi tom
down — that is, towards the beginning 151107 CR1A gb This box scrolls
. . . he list by 10
— by one item at a time. Click the | sorc |[ mtamx | g
right mouse button (or press $2 or

move the VALUE wheel clockwise),

and the list moves up one item at a time. The lower box with the double arrows moves
the list ten items at a time, so use this box to scroll quickly through a very long list.
Scroll Arrow boxes show up in other places, too, as we shall see shortly.

Two other options are available in the Select Window. The “Sort” switch organizes
all the files in RAM alphabetically, not only at the Target level but at every other level
as well. Although it does not change the order in which the files appear on disk, it is a
convenience for finding files when there are many in RAM. If you do it just before
saving a large number of new files to a disk, they will be saved alphabetically on the
disk as well. (There is a way to sort files once they’re on the disk, which we’ll show
you in Chapter 9.) The “Blank” switch sets the first available empty slot as the Current
file. This is useful when you want to work on a new file from scratch.

Getting to a Function through Another Function

Yet one more way of moving around the pages is
available in a few circumstances. If you are working on
any file that has subsidiary files — and this includes
Performances, Patches, and Partials — you can move to a Delete

. . . . Initialize
lower-level Function without exiting the Function you are

in. For example, you can go from a Partial Edit page toa | Rename Partials
Sample Edit page (so that you can edit a Sample within a Partial Map
Partial) without going to the Sound menu. Then when Edit Partial

you are done with the Sample Edit, you can click on Exit
and you will go right back to the Partial Edit page you
were working on previously. This is accomplished through the Com menu, and will be
explained in more detail in the chapters on sound editing.

Sampling

When you are working on the lower-level editing, it is called being in “Subsidiary
mode”.
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How the S-770 is organized

Like most samplers, the S-770 records sounds and plays them back under MID!
control. The sounds are recorded in Internal Memory, or RAM, where they can be
played back as they were recorded, or modified in a number of ways before or during
playback. Some modifications to the sounds are destructive, meaning their basic
identity is changed, while some are non-destructive, meaning they remain stored
exactly as they were recorded.

Once recorded, sounds can be stored on disk, either the unit’s internal hard disk or
an external floppy, hard, or magneto-optical disk. The S-770’s RAM is volatile, that is,
it erases itself whenever you turn the power off. Disks, however — including the
S-770's internal hard disk — are non-volatile: they can store data indefinitely without
power. Therefore, if you want to keep a sound you’ve recorded or altered in RAM, you
must save it to a disk in order to be able to use it the next time you turn on the unit.
Sounds can only be played from RAM, so to use a sound stored on disk, you must first
re-load it into RAM.

Besides permanence, disks have the advantage of much greater storage capacity
than RAM. Disk procedures are discussed later in this chapter.

When working with a sound (in RAM or on disk), there are five organizational
levels to deal with. Each of these organizational levels is a Function (as described
earlier), and has its own set of Pages. We will examine these Functions starting at the
bottom. The first three are accessed in the Sound mode, and the others in the
Performance mode.
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Samples

The basic element of sound is the Sample. A Sample is a single recording, mono or
stereo, of an actual sound. It can be recorded by the S-770 itself, or recorded by some
other device and transferred electronically into the 5-770. A Sample can be any length
from very short (a few bytes, or so short you can’t hear it) to very long (up to several
minutes).

Samples are recorded on the Sampling page and edited on the Sample Edit pages,
which make up the Edit Sample1 and Edit Sample2 Functions, which are selected from
the Sound menu, or entered (in subsidiary mode) from one of the other Functions. On
the Edit pages, Samples can be looped, smoothed, truncated, normalized, cut, pasted,
compressed, time stretched, digitally filtered, and redrawn. With the exception of
looping, all of these functions are destructive, and will alter the Sample permanently.
However, you can “Recover” any operation you don't like, and go back to the original
version. More in Chapters 6 and 7.

Samples are placed in RAM or on disk in numbered “slots”, like the patches on a
programmable synthesizer. There are a fixed number of slots available for Samples on
any one hard disk or in RAM: a hard disk has 8192 available slots for Samples, and
RAM has 512. (The actual number of Samples you can get into RAM or onto a disk will
often be lower, however, depending on the size of the Samples and the amount of
space on the disk and in RAM.)

When a Sample is in a slot it has a name. (Empty slots are referred to by their
numbers.) When you record a new Sample, you must name it first.

The amount of space a Sample takes up in RAM or on a disk is a function of its
length, its Sampling Rate Frequency, and whether it is stereo or mono. Samples use a
lot of memory: even the shortest Samples you will be dealing with take several
thousand bytes, and longer Samples can be in the Megabyte range.

When the memory capacity of RAM or a disk is referred to in this manual or on the
screen (it's also sometimes called “Wave Memory”), it’s always in terms of the amount
of memory available for storing Samples. Files from other levels of the S-770’s
organization, as we shall see, take up essentially no room at all.

Memory capacities and Sample lengths are usually referred to in seconds, but
sometimes also in words. Some screens show a “Remaining” parameter, which tells
you how much space is available in RAM or on disk for Samples. (Although this
Parameter is in “seconds”, it may not always reflect the actual amount of time a
Sample lasts. This will be explained later in this chapter.)
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Partials

Samples are combined into Partials. Each Partial contains from one to four
Samples, which are layered — that is, they can all sound simultaneously. Each Sample
within a Partial can have its own level, tuning (relative to the pitch it was recorded at),
and pan position in the stereo outputs. Samples within a Partial can also be velocity-
switched, that is, different MIDI key velocities on the same note can sound different
Samples, using the Sample Mix Table (“SMT”).

Partials are constructed and edited using the Pages in the Edit Partial and Partial
Map Functions. Partials as a whole can be given a volume envelope (known as a Time
Variant Amplifier, or “TVA”), and an analog-style filter with an envelope (Time Variant
Filter, or “TVF”). In addition, a Low-Frequency Oscillator (“LFO”) can be applied to a
Partial to provide pitch, volume, or filter vibrato.

Like Samples, Partials are stored on disk. The Samples that make up a Partial are
known as its “subsidiary files”, and they are stored separately from the Partial itself.
This means that the space on the disk that the Partial takes up by itself is actually quite
small: it consists merely of a listing of the names of the subsidiary Samples, plus a
couple of dozen parameters.

The same Sample can be shared among a number of different Partials — for
example, a bass drum Sample might be used as part of a drum kit, or as a basis for an
explosion effect. If you change it in one Partial, the change takes effect in every Partial
in which the Sample is used. If you don’t want this to happen, then the changed
Sample should be copied and given a different name (which can be done in one
operation) before it is altered.

When a Partial is loaded into RAM, the amount of memory it takes up is dependent
on the size of the Samples that are associated with that Partial. if the Samples are
already in RAM (because the same Samples have been loaded in previously with a
different Partial), then loading in the new Partial will take up no additional RAM. You
can also load a Partial without any of its Samples if you want to apply its Parameters to
Samples already in RAM.

Partials, like Samples, occupy numbered slots when they are in RAM or on a hard
disk. The maximum number of Partials in RAM is 255, and for any one hard disk,
4096. These numbers may be lower, however, depending on the size of the Samples
associated with the Partials, and the amount of space on the disk and in RAM.

Unlike Samples, you can create a new Partial without naming it first, and you can
access it within RAM by its slot number. If you want to save it to disk, however, you
must name it first — you cannot save a Partial that just has a reference number.
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Patches

Partials are in turn combined into Patches. Patches are normally dealt with on the
Edit Patch pages (although they can also be edited from the Part Map page, which is
accessed from the Performance Play Function). Within a Patch, different Partials are
assigned to different portions of the MIDI note range. A Partial’s range within a Patch
can be anywhere from 1 to 88 notes wide, and the notes need not be contiguous.
(However, a particular note can have only one Partial assigned to it.) This feature,
known as Split, and set up on the Edit Patch Split page, allows “Multisampling”, a
highly useful sampling technique. Multisampling avoids the “Mickey Mouse” effect
that can occur when you play back a Sample at a pitch far removed from the pitch it
was originally recorded at.

Each Patch has a MIDI Program Change number, which means that when the
S-770 receives a Program Change command on the appropriate MIDI channel, this
Patch becomes active.

Each Patch also contains a MIDI control matrix, which takes incoming MID1 data
like Pitchbend, Channel Pressure, and Continuous Controllers and assigns them to var-
ious musical parameters, such as pitch, volume, filter (TVF) depth, and vibrato (LFO).

In addition, the Edit Patch pages have level, tuning, and output assignment settings
that can be used to augment or override the settings in the Partials.

The Partials and Samples in a Patch are “subsidiary files” of that Patch. Like a
Partial, a Patch is merely a brief list of parameters, and by itself takes up essentially no
room in RAM or on disk.

As with Samples, the same Partial can be shared among a number of different
Patches. To go back to the bass drum example, you might want to use it as a bass
drum in one Patch and tune it higher to use as a tom-tom in another Patch. If you alter
the Partial in one Patch, then it will be altered in every other Patch in which it appears.
Since saving a Partial by itself requires no extra memory, it is a good idea that every
time you alter a Partial which may appear somewhere else, you copy it and save it
with a new name.

The absolute maximum number of Patches that can be stored on any one hard disk
is 1024, and the maximum number of Patches that can be in RAM at any time is 128.
These numbers may be lower, however, depending on the size of the Samples
associated with the Patches, and the amount of space on the disk and in RAM.

Patches can be created without names (just reference numbers), but they must be
named before they can be saved to disk.
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Performances

Performances are groups of Patches. A Performance is what you will have loaded
into RAM most of the time when you are actually playing a piece of music with the
S-770, whether it’s live from a MIDI controller, or from a sequencer. A Performance is
what allows the S-770 to be a fully multitimbral sound generator, that is, one that can
play different sounds on different MIDI channels.

Performances have their own Mode and Menu. Selecting Performance from the
Mode menu or pressing the PERFORM button on the front panel opens the Perform
Menu. Performances are edited using two different Functions in the Perform menu,
Play and Edit Performance. (Note that you can edit a Patch or other subsidiary file
from within Performance mode — see Chapter 8).

Up to 32 Patches can be combined in a Performance. Each Patch is assigned a
MIDI channel, so that the S-770 can respond to different MIDI channels with different
sounds. Patches can also be layered by assigning two or more to the same MIDI
channel. In addition, each Patch is given a keyboard range, which provides yet
another opportunity for setting up multisampling splits, with the added feature that
crossfades between Patches based on their keyboard position can be set up. Volume,
output assignments, and pan positions can be assigned here as well to augment or
override the settings in the Patches and Partials.

Like Patches and Partials, Performances themselves take up little room in RAM or
on disk, but since they usually have quite a few subsidiary Samples associated with
them, if you are loading a new Performance into RAM, it can take a little while. Also,
changing a Patch in one Performance will change it in any other Performance in which
it is used, so when making an alteration to a Patch that has multiple uses, it is a good
idea to copy it and change its name.

The absolute maximum number of Performances that can be stored on any one
hard disk is 512, and the maximum number of Performances that can be in RAM at
any time is 64. These numbers may be lower, however, depending on the size of the
Samples associated with the Performances, and the amount of space on the disk and in
RAM.

Performances can be created without names (just reference numbers), and they can
even be called up via MIDI Program Changes (see Chapter 8) that way, but they must
be named before they can be saved to disk.
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Volumes

Performances can be organized into Volumes. Volumes are very convenient:
selecting a Volume to load into memory means a large number of Performances and
their many subsidiary files can be accessed with a single operation. They also provide
a good way to organize your data, and in fact the unit comes from the factory with all
of the sounds on the hard disk organized into Volumes.

Only one Volume can be in RAM at a time. Conversely, the entire contents of RAM
can be considered as a single Volume. When a Volume is loaded in, another volume
can be loaded in after it without clearing out the Internal memory, but now the
contents of the two Volumes are considered as a single Volume. The name of that
Volume will be the name of the most recently loaded Volume.

A Performance or other high-level file can draw its subsidiary files from different
Volumes. Volumes can also share files — the same file can be in more than one
Volume. Like Performances, Volumes can be called up by MIDI Program Changes, but
when you call a Volume that way, rather than switching sounds in RAM, it actually
loads it from disk. This can have serious consequences, which will be discussed in
Chapter 8.

Volumes are a bit of a special case — you won't see the word “Volume” on any
Mode menu or even in the Index. The first three characters of the name of every file on
the disk (from Samples to Volumes) make up the “Volume 1D”. The Volume ID helps
the system software keep track of files, and makes system functions more efficient. It is
an integral part of the name: two files with identical names but different Volume 1Ds
are considered to be different files. When loading, copying, or delting files, you can
choose to have only files with a particular Volume ID visible on the screen. This can
make finding a particular file much easier.

The absolute maximum number of Volumes that can be stored on any one hard
disk is 128. This number may be lower, however, depending on the size of the
Samples associated with the Volumes, and the amount of space on the disk.
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Working With Disks

As we mentioned earlier, sound files in RAM will disappear when you turn the
S-770’s power off. In addition, when you load in a new Volume (or any new file, if
you tell the unit to clear its Internal Memory), all of the files in RAM will be erased. To
store them permanently, they must go onto a disk. Unlike some computer systems, the
software does not automatically save RAM files for you, or give you a second or third
chance to save them — you must take that initiative yourself. The unit’s internal hard
disk is the obvious first choice for file storage, so we’ll talk about it first.

There are four ways to get to the Disk Function, which is how you move files from
RAM to disk and vice versa. One is through the Command (Com) menu, available from
all of the sound-editing Pages: open that menu and select Disk. This is the method you
will use most of the time. The second is from the System menu: choose System from
the Mode menu or press the front-panel SYSTEM button, and then select the item Disk
Tools. The third is through the Index: under System, select Disk. Finally, you can jump
there.

The Disk Function (no matter how you get to it) has five Pages: Load, Save, Copy,
Delete, and Util.

Loading
Click on Load at the bottom of the screen or press the F1 button to go to the Disk

Load page. (You can also Jump to it using JUMP and F5.) The center of the screen will
show a numbered directory of

the current files on the hard disk, Mode Index Mark
at one particular Function level Disk Load
— Samples, Partials, Patches, Target Volume ID: All
Performances, or Volumes — as Current Drive TDo:Internal HD
: . = LOAD | 1ofiles -
well as their total lengths, in 1:L01:Stereo Piano 22.0
seconds. {In some cases, these 2:L@1:Piano & Harp 37.2 /!
i " 3:102:Strings 51.6
lengths might not seem quite 4:103:Acoustic GTR 38.5
H ’ ’ 5:104 :Basses 71.6
right — don’t worry, we'll get to e 105 voiaes 02 2
that.) 7:L@6:Mallets 19.6
8:L@7 :Drum Kits 46.6
9:1L07: TR-808 kit 13.4
Just above the Iength :1&7 :Percussion 108.9 @

numbers will be a number in
yellow showing how many of
this type of file are on the disk:
for example, “308 files”.

Internal Free
Current Drive Free
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Move the mouse or the cursor buttons to select the file you want to load. There is
room for only 11 file names to appear on the screen at a time, so if there are more files
that you want to look at, use the Scroll Arrows at the right side of the screen. As in the
Select window, the upper arrows scroll by one, and the lower by 10.

Changing the Function Level (Target)

The directory shows one Function level at a time. Changing the level is
accomplished by selecting the “Target” parameter at the top of the page, and using the
mouse buttons, § buttons, or VALUE wheel to choose the Function level you want to see
— use the left mouse button to go higher (up towards Volume) and the right one to go
lower (down towards Sample). You can go beyond Sample as well to special “PRM”
targets — we'll get to these shortly.

Changing the disk :
Drive Select
The “Current Drive” parameter Current Drive :

shows you which disk the S-770 will | 1D@: InternallD

load files from. If you want to load Device List
; ; ; » ID@ = ID@:InternalHD
from a dlffere'nt disk, elther a floppy IDL - IDI.- No Drive
or a SCSI device, you will have to ID2 = ID2:- No Drive
change this parameter. Although it ID3 = ID3:- No Drive
d h Sel . licki ID4 = ID4:- No Drive
oes not have a Select icon, clicking ID5 - ID5:- No Drive
anywhere on this parameter opens ID6 = ID6:— No Drive

ID7 ID7: S-770 Self

up a special Select window, called
“Drive Select”. Floppy Disk

In this window, click on the blue
ID number (on the left side of the “="
sign) of the drive you want to load
from, or on the words “Floppy Disk” at the bottom of the window. Don’t click on the
name in white: if you do, you will be asked to re-name the drive, which is a nice thing
to be able to do, but not right now. The window will close, and you'll be back on the
Disk Load page. If you change your mind and don’t want to switch drives, click on
Exit. Using floppy and external disks is covered in more detail later in the chapter.

You can use a wide variety of SCSI devices with the S-770, including fixed hard
drives, removable hard drives such as SyQuest mechanisms, and CD-ROM drives,
provided the disk itself is designed for the S-770 (if it's designed for the S-550, it has to
be dealt with differently, as we'll see in Chapter 9.) More about SCSI is in Chapter 10.
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Changing the Volume ID

Volume ID Select
I21 BS BTS

The “ID” parameter in the upper-right

, ) : 185 FX SFX L@3
corner is set to “All”. This means that files

in all Volumes will be displayed on the Lo2 HIT SYN 1o4

screen. If you want to limit the display to STR VOX HRP L@6

only those files belgngmg to.a particular PRC ETH 107

volume, you can click on this Parameter

and the Volume ID Select window opens. DRM BRS Lo8

You can then choose a particular Volume KEY WND L@9

(or group of Volumes) to display, or select GTR MLT 11

All. More on this in Chapter 8. 21 | [vare vew |

Loading into RAM

When you have selected the file you want to load into RAM, click the left mouse
button or press S1. If there are already sounds loaded into the S-770’s memory, a
window will appear asking you if you want to
clear all of them out of RAM before you load
in this new file. If you want to start from
scratch, click on the Yes switch. Remember if [ Lol:Stereo Piano ]
you do this, any sounds not saved to disk — Clear Internal Memory
newly recorded Samples, edited Partials or
Patches — will be lost forever. If you want to
hold on to what's already in RAM and just I Yes I l N°—l ’ Cancel I
add this new file to it, click No. If you don't
want to do anything, click Cancel.

Yes/ No/ Cancel ?

Before Loading ?

As the file loads, the words “Now Working” appear at the bottom of the screen,
and some white arrows will also appear, rolling and tumbling, while the disk is read.
These arrows will become very familiar as you work with the S-770. They don't
actually mean very much, but are provided to show that, in case you were worried by
the apparent pause in activity, yes, the

machine is working. Now working \ 2342

If you are loading in a Volume, Performance, Patch, or Partial, all of the Samples
and other subsidiary files associated with the file will be loaded in as well. The screen
will display the name of every file as it loads. (Here’s where the dancing arrows mean
something: how many there are indicates how many levels of files are being dealt
with.) The files are loaded in ascending order: all the Samples first, then the Partials,
Patches, and Performances. Since the Samples are the only ones with any real length,
they take the longest.
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However, if the Target is Partial PRM, Patch PRM, or Performance PRM, then the
subsidiary files are not loaded. This is to allow you to use existing higher-level files as
templates for working with different Samples. For example, if you wanted to use an
existing drum map (a set of keyboard split assignments in a Patch) with a completely
different set of Samples than it was designed for, you could load the Samples first, then
the Patch without the Samples. This way you don't have to redesign the Patch from

scratch.
If a file to be loaded has the same Yes/ No/ Cancel ?
name as a file already in RAM, a window
will appear asking you if you wish to [ L@l:Stereo Piano ]
replace the file in RAM. (If you're loading Same Name Found !
a high-level file, there may be several Volume: 1
s . Performance: 3
subsidiary files that need to be replaced.) Patch 4
Click “Yes” and the RAM files are Partial: 30
replaced with those from the disk. Click Sample: 30
“No” and those files will not be replaced, Overwrite?
but any other files that are not already in Yos No cancel
RAM will load. Click “Cancel” and the
Load operation is cancelled.

You can eliminate this step, and have the Load take place automatically without
checking whether any RAM files that will be replaced, by turning on the Overwrite
switch, which is on the SCSI Config page (from the System menu, select SCSI). We’'ll
talk more about this in Chapter 9.

How Much Room?

At the bottom of the screen is a line of text labelled “Internal Free”. This shows
how much RAM is available for Samples, in seconds. As one or more Samples get
loaded in, this number will go down. (Although if a Sample has been loaded
previously, this number probably will not change, because the new Sample is
replacing an old Sample of the same length.) Since the directory shows the size in
seconds of each file on the list, it makes it easy to determine beforehand whether there
is room in RAM to accommodate it.
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A Note About Lengths of Time

When any time length — whether it refers to a file, or to the space remaining in
RAM or on disk — is shown on the screen, the number may not correspond to the
actual length in real time of the file or the memory. This is because time lengths are
generally calculated as if the file or space were being processed at a sampling rate of
44.1 kHz — even though the S-770 is capable of operation at several different
sampling rates. The reason for this is so the display can be consistent: otherwise you
might find yourself in a situation where there are 2.5 seconds free in RAM at one
sample rate, and you have a Sample on disk 2.3 seconds long but it won't fit into RAM
because it was recorded at a faster sample rate. By having all timings referenced to the
same sample rate, this kind of confusion is avoided.

Therefore, if the Samples in a file were recorded at 48 kHz, the number shown for
their total length will be greater than their actual length. If they were recorded at 22.05
or 24 kHz, the number shown will be less than the length. Here’s an example: if a
Sample on disk is 24.2 seconds long and was recorded at 22.05 kHz, its length
according to the S-770 will be 12.1 seconds. If you intend to load that Sample and the
“Internal Free” display says “13”, you've got plenty of room to spare.

There are two exceptions to this: when you are recording a new Sample on the
Smpling page, or when you are Resampling. These are discussed further in Chapters 6
and 7.

Filling RAM Up

When the RAM gets close to full, the loading operation may take longer, because
the unit has to re-shuffle memory to accommodate new files. If you run out of RAM in
the middle of a loading operation, you will get an error message: “Wave Memory
Full”. No more Samples will be loaded, but the other files (if there are any) will be.
You can always load files from a “PRM” target, because those files take up no memory.
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Saving

Saving files in RAM to disk is

Disk Save Exi

done on the second Disk page, Disk . e

Save. (You can Jump to this page — Current Drive ID@:Internal HD

it’s the fifth page in the second set.) —ENEe lfiles —
! 1:1@1:Stereo Piano 22.0

Select a Target, and all files of that

type currently in RAM will appear in
the directory window. If you have
more than a screen’s full, use the

Up/Down boxes to scroll. l_—_l
adiy

You can change which drive to

Internal Free B.58ec
save to by clicking on the Current Current Drive Free 19.0sec

Drive parameter, and selecting the
new drive in the Drive Select
window.

Next to the file name is the size of the file in seconds, which takes into account all
of the Samples associated with the file. (As with loading, if you save any high-level file,
all of its subsidiary files are saved along with it.) This number should be compared
with the “Current Drive Free” display at the bottom of the screen, which shows the
Sample memory available on the disk. If the file size is bigger than the amount of free
space on the disk, you may have trouble saving it.

Checking Disk Space

We say you may have trouble, because these numbers do not take into
consideration Samples that you are saving that are already on the disk. Therefore, if
you are saving high-level files that contain nothing but unaltered Samples which were
previously loaded in from the current disk (and not altered in any way at the Sample
level), you will be able to save them even if there is no room at all available on the
disk, because the Samples will simply replace other Samples on the disk of the same
length.

For example, if you load in a Volume that contains 47.8 seconds worth of Samples,
tweak a few filter and keyboard-split parameters, and then try to save it to a disk that
has only 5.5 seconds of free memory, you will have no problem, because you haven’t
added any new Samples to the file.
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If, however, given the same circumstances, you do a destructive edit like a
Truncate on a Sample which is 7.2 seconds long, and you give the new version a
name, then when you go to save the Volume, you won’t be able to do it. The system
will start saving Samples, but when it encounters the new Sample it will give you a red
Error! message, and not save it on the disk. The rest of the Volume, however, will save
correctly. (We'll deal with all this more in Chapter 9.)

As with loading Samples, if you Save Samples to a disk which already contains
Samples of the same name, you will be asked if you want to replace the disk’s Samples
with those from RAM. If you click No, then the Samples in question will be skipped
over, but any other files not already on disk will be saved. Clicking Cancel cancels the
save completely. If the Overwrite switch is on, this warning will not appear and the
Save will go on regardless.

Remember that even if you are doing a non-destructive edit on a Partial or Patch,
and that Partial or Patch is used in more than one higher-level file, the new version of
the Partial or Patch will show up everywhere the old version did. So if you are making
changes that might affect other files, save the changes with a new name (see the end of
this chapter for information about naming files).

The ID parameter in the upper-right corner determines if files will be saved with
their original names, or new versions of them will be created with a new Volume ID.
Leaving it on Thru preserves the original names, and also means they won’t take up
any extra space. More on using this parameter in Chapter 8.

To leave the Save Page and get back to the Menu or Page you started from, click on
the Exit switch or press the EXIT

button. Mode 1Index Mark 5-770/01
Digk Delete Exit
Delete Target Volume 1ID: All

Current Drive ID@: Internal HD

Sl Norm -~ 1@files -
:1@1:Stereo Pianco

:I@l:Piano & Harp

:1@2:8trings

: 103 :Acoustic GTR

: 1404 : Basses

:1@5:Voices

:1P6:Mallets

: 1427 :Drum Kits

: 1027 : TR-808 kit

:1@7 : Percussion

The Disk Delete page lets you
erase files from the disk, thereby
making room for other files. Delete
is permanent — once it’s gone, it’s
gone — so make sure that you can
afford to lose the files you're
deleting forever, or else make

WO~ WwND P
€« s s e s e s e e »
Wik NAATANS

backups using the Copy page Internal Free @.58ec

Current Drive Free 20, 6sec

(discussed next).
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Any time you delete a high-level file, the system will tell you, in the Delete
window, how many subsidiary files of each type are being deleted with it, and will
give you one last chance (using Yes and No switches) to change your mind.

You can change which drive you are working on by clicking on the Current Drive
parameter, and selecting the new drive in the Drive
Select window.

Yes/No ? Norm

[ I@1:Stereo Piano ]

Deleting shared files Delete, as Follows
Volume: 1
. . . Performance: 1
If any subsidiary files in the file you’re deleting Patch: 2
. . . Partial: 17
are being used by another file on the same disk (for Sample: 17
example, you have two brass-ensemble Patches built Are You Sure?

out of the same trumpet and horn Partials and
Samples), whether those files’ subsidiary files are
deleted will depend on the setting of the “Fast
Delete Mode” switch. This setting is shown at the top of the file-list window: either
“Fast” or “Norm”. It is set on the SCSI Config page.

Normally, you will want this switch Off (Normal mode). In this mode, the system
checks to see if the high-level file you're deleting contains any subsidiary files that are
also being used by another high-level file. If there are, then it leaves those subsidiary
files alone. When the switch is On (Fast mode), this checking is not done, and all
subsidiary files are deleted, whether or not they are needed elsewhere.

The advantage of setting the switch On is that the Delete function can be
accomplished faster — sometimes much faster. The disadvantage is that there’s no
protection to keep you from inadvertently losing an important Sample when all you're
trying to do is clean up your disk.

Keep in mind when deleting a high-level file that it's not the deleting of the file
itselfthat frees up memory, it’s the deleting of all of its subsidiary Samples. Therefore,
deleting a file whose subsidiary Samples are all in use by other files may make your
file list one item shorter, but it won’t give you any more disk space.
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Copy

The Copy feature lets you do file Mode Index Mark s-770/
backups from one SCSI drive to Disk Copy
another in one step — you don’t have Target Volume ID: All
. . . Current Drive ID@:Internal HD
to load in a file from one disk and Destin Drive ID4:M@-7/sidel

then save it to another. (It does not
work, however, with floppy disks.
We'll explain how to get files to and
from floppies in moment.)

W Copy | lofiles 1
:L@1l:Stereo Piano 2
:L@l:Piano & Harp '/*
:L@2:Strings
:L@3 :Acoustic GTR
:L@4 :Basses
:L@5:Voices
:1@6:Mallets
:L@7:Drum Kits
:L@7: TR-808 kit
:L@7 : Percussion

W oo 1 OhU W
WIBEOAOANOAUIAONDE

Go to the Disk Copy page, and
click on the Current Drive parameter

to open the Drive Select window, Current Drive Free 19.@sec

Destin Drive Free 265.9sec

and choose the disk drive you want to
copy the file from. Now click on the
Destin Drive parameter, and choose
the drive you want to copy to. (You can set the two parameters to the same disk if
you're feeling particularly perverse, but you won’t accomplish anything.) Then select
the Target and file in the usual way. Make sure there’s sufficient space on the
Destination Drive (check the Destin Drive Free value at the bottom of the screen) to
accept the new file. When you're done, hit the Exit switch.

The Copy function has an additional Target level: “All”. This is used when you
want to copy the entire contents of one SCSI device to another at one time. If there is a
lot of data involved, the operation may take a while, but you don't have to baby-sit it,
as you would if you were copying all of the volumes or other files individually.

Select All as the Target — it’s before “Volume”. The filenames will disappear from
the window and are replaced with the single line “Copy All Execute”. Select that line
and click, and the copying will commence.
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Using floppies

Floppy disks are a convenient way to store files “off-line”. You can Save to them or
Load from them just the way you do with the internal hard disk. Their advantages are
that they are cheap, easy to transport, universally compatible, and readily available.
Their disadvantages are that they are relatively slow and do not hold a large amount of
data. One 10-second 48-kHz Sample, for example, will require two 800k floppies to
store.

To access a floppy disk in the drive from one of the Disk pages, click on the
Current Drive parameter at the top of the Load or Save page, and when the Drive
Select window opens, select [Floppy Disk] at the bottom.

Disk types and Formatting

The S-770 can use both standard double-sided/double-density (800k) and high-
density (1.44M) 3-1/2” diskettes, just like those you would buy for many personal
computers. As with all devices that use floppies, new disks must be formatted before
using. However, you can Save a file to a floppy without pre-formatting it — the
formatting operation is handled automatically.

On the other hand, if you are
planning to use many floppies in

, _ Disk Utility Exit
an operation (to store either one
large file or several small ones), Current Drive [ Floppy Disk ]
you can save time by formatting

the disks ahead of time. This is HD/MO Format HD/MO File Sort
handled on the Disk Util page,
the fifth Page of the Disk
Function. Go to that page by
clicking on Util at the bottom of HD/MO Restart Save System
the screen, or pressing F5.
(We'll deal with the other
functions on this page in
Chapter 9.)

FD Format HD/MO File Rename

HD/MO ParkHeads HD/MO Volume PG#

Now Formatting

Insert the disk you want to
format into the drive, making
sure it is not write-protected: the write-protect tab should be snapped towards the
center of the disk. Click on FD Format (you don’t need to worry about what the
Current Drive is set to).
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Note: Be careful not to click on HD/MO Format, or you will format the Hard Disk!
You do not want to do this!

The S-770 knows what kind of disk is in the drive, and formats it accordingly.
Remember that formatting a disk erases everything on it. If the disk was previously
formatted for the S—770 and contains either any Sample files or an operating system,
the software will tell you so (“Sound Data Disk!” or “This is a System Disk!”), and ask
you again whether you want to format it .

If you have a disk in the drive you don’t want to format, you can push the eject
button on the right side of the drive to get it out of there, and replace it with another
disk. If you get confused or for some reason want to forget the whole thing, click on
Exit.

One File per Disk...

You can only save one file on a floppy disk. If you try to save another file, the first
one will be erased (the software will warn you before this happens). However, the file
that you save can be at any level, so you can, for example, store a Performance
containing many Patches, Partials, and Samples on a floppy. You can then load in any
of the subsidiary files to RAM just as you would from the hard disk. You just can’t save
any of the subsidiary files individually to the floppy, without wiping out everything
else.

A floppy disk can be either a System disk or a sound data disk, but not both. If you
have previously used a disk to Save System (see Chapter 9), and you Save a sound file
on it, the System will be erased. Similarly, if you Save System on a disk that has sound
data on it, the sound files will be erased.

...But Several Disks per File

Very often, as we mentioned above, a file will need more than one floppy to hold
it. An 800k disk will hold about 6.6 seconds of Samples at the 44.1 kHz Sampling
Frequency, while a 1.44M disk will hold just about 14.6 seconds. If the file you're
saving is bigger than that, the S-770 automatically splits it up among as many disks as
it needs. When the first disk is full, it asks you to insert another one. It automatically
formats this disk (and warns you if there’s already something on it), and then continues
to save the file. It will keep asking for more disks until its hunger is satiated.

As you use a disk, put a label on it and number it! Don’t put the disks away just yet
— when the procedure is done, the S-770 will ask for all of them again, for just a
moment, so that it can do its own numbering.
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Keep track of all of these disks; if you lose or damage just one, you will not be able
to load the file back in. Remember that none of the disks you’ve just saved can have
anything else written to it, or the contents will be lost, which will likely make the other
disks containing the rest of the file useless.

If you need to cancel a multiple-disk operation in the middle, you can do so. On a
Save, if you run out of blank disks halfway through the operation, when the screen tells
you to insert another disk and asks if you want to continue, click on No and the whole
thing will be cancelled. If you click Yes and only then discover you have no more
blanks, click the right mouse button and you will be given another chance to exit
gracefully. If you cancel a multiple-disk save, some of the files may get saved to disk
anyway.

On a Load, if you can’t find a disk in a set, or just change your mind, click either
mouse button when the screen asks for the next disk, and the operation will be
cancelled. Files that have already loaded in when you cancel will be in RAM.

Restrictions and Warnings

You cannot use the Copy feature with floppy disks. If you want to move a file from
a SCSI disk to a floppy or vice versa, you must first Load it into RAM and then Save it
to the appropriate disk. You also cannot use the Delete feature with floppies. Since
you can only store one file at a time on a disk anyway, there’s no reason to delete
anything — just format it or write over it.

Note: Do not boot the S-770 with a floppy disk in the drive. This will cause the
unit to ignore the operating system software on the hard disk, and it may not run
properly, or at all. There is one exception to this rule, and that is when you are
updating the system software. This is discussed in Chapter 11.

Never remove a floppy disk while the drive is running (the yellow LED on the drive
is lit steadily). This could damage both the disk and the drive. However, don’t be afraid
to insert a disk when the yellow LED is flashing, which will happen fairly often.

Using external SCSI disks

The S-770 will work with external disks that use the Small Computer System
Interface (“SCSI”) protocol, including fixed hard disks, SyQuest removable hard disks,
CD-ROM players, and Magneto-Optical Read/Write disks like the Roland MO-7. Up to
six external SCSI devices can be supported on line at a time — the limit for a SCSI line
is eight devices, but the S-770 itself counts as one of those, and the internal hard disk
is another.
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If you have changed (or with a magneto-optical drive, flipped over) a disk in an
external SCSI drive any time after booting up, the S-770 will not recognize the new
disk, and when you open the Drive Select window, its name will not appear on the list
of available drives. If this happens, click on the “Scan” box in the lower-right corner of
the window. The software will scan everything on the SCSI “network”, and will update
its list to show any changes.

The S-770 will load sounds from floppy disks or CD-ROM disk libraries created for
the Roland S-550, S-330, and W-30. This is a special operation called “Convert Load”,
which is described in Chapter 9.

WARNING! Setting up SCSI devices to work with the S-770 is a procedure that
must be followed carefully. It is discussed in detail in Chapter 10. Please read that
chapter before attempting to use any external SCSI devices.

Naming Files

Every file at every level in the S-770 has a name. Names are given to files only

when they are in RAM, and those names stick with the files when they go to and from
disk.

Every name has two parts: the Volume ID, mentioned earlier in this chapter, and
the filename. The Volume ID is the first three characters preceding the colon, while the
filename is everything after the colon, and can be up to 12 characters. The last two or
three characters are sometimes used for special suffixes: “~L” and “~R” for the two
halves of a stereo sample; “~N” for a Sample that’s just been copied; and “AA”, “AB”,
etc. for a higher-level file that’s been copied.

Filenames must be unique within a given Volume ID and a given level. For
example, you cannot have two Samples named “DRM:LoTom1”. You can, however,
use the same name at different levels, so you could, for example, have a Sample
named “DRM:LoTom1” and a Partial named “DRM:LoTom1”, and a Patch and even a
Performance, both named “DRM:LoTom1”. In fact, the S-770 sometimes creates this
kind of situation automatically (see Chapters 4 and 5).

You could also have one Sample named “DRM:LoTom1” and another named
“PRC:LoTom1” — since the Volume IDs are different, there is no conflict.
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The ASCII Keyboard Window | ASCTT Reyboard Exi
L@1:Piano L_ [0.W] [DEL]

Names are given to files from within 11234567898~ [Bs] |

. . . . 1 gwertyuiope@] :

their respective Edit Pages. Click on the | asdfohikil;:] (R |
Name switch, and a window labelled zxcvbaom, ./ _ “« 9

. [Space] '-

ASCH Keyboard opens. Here is where you

construct the name.

The top line of the ASCII Keyboard window shows the name, with Volume ID,
colon, and filename. If you are renaming a file that already has a name, that name will
be displayed. If you are constructing a new file, the line will contain the last name that
happened to be displayed in this window — this makes it easy to name, for example, a
new Partial with the same name you just used for a new Patch (and since the files are
at different Function levels, there is no conflict). If this is the first time you have entered
the window since powering up, it will be blank, except for the colon.

A red “underline” cursor appears on the name line. The position of this cursor
shows where you are about to insert a character. Move the cursor back and forth by
clicking (with the left mouse button) on the left and right arrows in the lower-right
corner of the window. For now, let’s stay to the right of the colon.

When the underline cursor is in position, move the mouse (or front-panel cursor
keys) into the “qwerty” typewriter-keyboard area below it. Put the mouse on the letter,
number, or punctuation mark (or [Space]) you want to insert at the underlined
position, and click the left button (or press $1). The character will be inserted and the
cursor will move one space to the right.

The first time you use this window in a session, it will be in “Overwrite” mode —
“[O.W]” will appear to the right of the name. This means that any character you insert
on the name line will replace the character previously in that space. If you click on
[O.W], it changes to “[INS]”, for “Insert” mode. Now any character you insert will
move all characters after it one space to the right. Characters that get pushed off the
right edge are lost.

You can also enter or change a character directly on the name line by moving the
mouse cursor (not the underline cursor) to the position where you want the character
to go so that it turns yellow. Use the left and right mouse buttons or VALUE wheel to
scroll through the available character set until you reach the character you want, and
then simply move the mouse cursor away.



74 o Structure

And there’s one more way to get a character into a position, if you are using an
RC-100. Select the position with the mouse, as in the last paragraph, and then press
one of the numeric keys on the RC-100. You will notice on the RC-100 control panel
there are small letters in red next to each numeric key. These are the letters the key will
produce. The first time you press, say, the “2” key, the character produced will be “2”.
Press it again, however, and the character changes to “D”. Press it again and it
becomes “E”, and another press makes it “F” (only upper-case letters are produced this
way). One more press and it goes back to “2”, and the cycle starts over again. The
ENTER key doubles as a Space bar.

To remove a character, click on “[DEL]” (Delete) or “[BS]” (Backspace) with the
mouse. Delete eliminates the character above the cursor, while Backspace takes out
the character one position to the left of the cursor. All characters to the right of the
cursor are moved one position to the left.

The Character Set

The character set available to you includes a full set of upper-case letters (as we
just saw with the RC-100) and alternative punctuation. You can get to these by first
pressing and holding the right mouse button, before selecting a character with the left
button. When you press the right button, the “qwerty” area changes to show the upper-
case characters. Keep holding the right button while you select the character you want
and click the left button. (Here the s2 front-panel button does not duplicate the right
mouse button. $1 can be used for inserting characters, but $2 will not work as a Shift
key.)

Name Suffixes and Volume IDs

The Suffixes at the end of the filenames are important, and should be left alone for
now. For two Samples to be recognized as a single Stereo Sample, for example, they
must have identical names except for the “-L” and “~R” suffixes. Changing or
eliminating either of the suffixes will make it impossible for the software to work
properly with the Samples. The “-N” suffix appears after a Sample is copied, to
differentiate it from the original version. When other files are copied, they get a two-
letter suffix: “AA”, “AB”, etc. Any of these copies can be saved to disk, with or without
re-naming.

The Volume ID portion of the name should be left alone. You will only want to
change the Volume ID of an individual file in very rare cases — normally, you will set
the Volume ID for a large group of files at once. More on this in Chapter 8.
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Executing the Name

When you are done naming the file, click on [CR] (Carriage Return). If you have
given the file a name which is already in use by a file at the same level in RAM, you
will get a “Please Rename” window, asking you to try = ..
another name. If all is well, the ASClI Keyboard
window will close, and the new name will be applied
to the file currently on the screen. (If it had an “~N”
suffix, that suffix will be dropped.) You can now save it

to disk under that name if you like.

If you do not want to keep the name you've
created, click on Exit (or press the EXIT button) and the
ASCII Keyboard window will close without changing anything.

Same Name Found!

Please Rename.

Naming Disks and Files on Disks

Although names are applied to new files in RAM, you can also change the name of
an existing file after it has been saved to disk. This is done with the HD/MO File
Rename Function, which is on the Disk Utility page. The procedure is essentially the
same as naming a file in RAM, and is described in Chapter 9.

You can also name the disk itself. From any Disk page, open the Drive Select
window by clicking on the Current Drive parameter. You can now select and change
any of the names of the devices on the SCSI list, even inactive ones. Click on the name
of the disk, and the ASCII window opens up. You can name it whatever you like.

You cannot change the first part of the name, before the colon, because it is the
SCSHID number. (SCSI'ID numbers are changed elsewhere — see Chapter 10.) You
also cannot name a floppy disk — anything you put in the floppy drive will always be
known as “Floppy Disk”. And as much as you might like to, you cannot change the
name of “S-770 Self”. (It's colored purple to show you it's unchangeable.) This would
create a very serious identity crisis.



76 ¢ Patches

Chapter 4: e
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Patch | [Patch | Patch

As you've already learned, the organization of
the S-770 is complex, and the more you get into it,

the more complex (and more interesting) it gets. To

gwdg you through. this in as smoot.h a fa.shlon as ‘Partial Eﬁa' Partial
possible, we’re going to start working with the unit’s I S

system software in the middle of the organizational )

table, and work our way downwards, then we’ll go

back up to the top. As you go through the manual, Sample Sample | ‘Sample

you will see how this approach makes sense.

At the top of the Sound menu is Edit Patch. Patches incorporate Partials, which in
turn incorporate Samples. Patches are complete, performable instruments. They have
envelopes, they cover the entire keyboard range (if you want them to), they have
output assignments, and they can have several MIDI controllers assigned to various
parameters for real-time performance control.

When editing a Patch, it can be played from a MIDI keyboard. In most cases the
S-770 will be in Omni mode, so the MIDI keyboard can be set to transmit on any
channel.

There are several ways to get to one of the Edit Patch Function’s three Pages:

e open the Sound menu and select Edit Patch,

e select Patch from the Index, and Patch Common from the subtopic window,

e select any of the other possible topics in the Index that apply to the Patch pages,
which are numerous, and then selecting the appropriate subtopic (for example,
Panning In...Patch Common) from the menu that appears,

e use a Jump page that has been previously programmed (Page 2 in Jump Set 1 is Edit
Patch Split as the unit comes from the factory)

e go through any of the Performance pages. You move from a Performance page by
opening the Com menu, and then selecting Edit Patch. When you call up a Patch
page from a Performance page, the Patch page behaves a little differently, which we
will explain at the end of this chapter and also in Chapter 8.

In all cases, when you Exit a Patch page, you will go back to the page or window
you came from: either the Sound menu or the Performance page.
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Looking at a Patch — Basic Parameters
Let's start by loading in a new set of Patches to play with. Select Edit Patch from
the Sound menu. Make sure you’re looking at the Edit Patch Common page. If you're

not, click on Common at the bottom of the screen or press F1 on the front panel.

Now Open the Com menu,

and select Disk. Make sure the Edit Patch Common Com Exit
. . . R
Disk Load page is showing, and OPatch L5 : Voxs mono
set the Target parameter to Select/MIDI in  Omni On(**)
Volume. Click on Volume 6, Program Number
. . Output Assign
LO5:Voices. If the screen asks if Patch Level
you want to delete all Internal Stereo MIX Level
. Panning
Sound Data, click on Yes. Patch Priority
. Cutoff Offset
When the Volume is done Vel-Sens Offset
loading, click on Exit, and you Oct Shift
. . Coarse Tuning
will be back on the Edit Patch Fine Tuning
Common page. Analog Feel

Used 22.2/Remaining @.3

Selecting the Patch

At the top of the Page, you
can select the Patch you want to work on — the “Current Patch” — from any Patch in
RAM. Highlight the name of the Patch on the first line of the screen with the mouse or
cursor keys, and then move through the list of available Patches with the left and right
mouse buttons, $1 and $2 front-panel buttons, or the VALUE wheel. There are 14
Patches available in the Volume you've just loaded.

Besides a name, every Patch also has a number, denoting its “slot”, or position on
the list of Patches in RAM. Generally, you don’t see the number (because it doesn’t
normally appear in the name) unless the slot is empty. If you know that number,
however, and you have an RC-100, you can enter the number on the numeric keypad
of the RC-100, and then press ENTER. The Patch you've designated will appear. For
example, press 6, and ENTER. The Patch changes to L&5:Voxs Sweep m. Press 1 and 5
and ENTER, and the display will show an empty slot, with the number 15.

There's another way to select a Patch. The word “Patch” has a Select Icon next to
it, so you can click on it and open a Select window. Here you can view all the Patches
currently in RAM and choose one as the current Patch — just click on the Patch'’s
name. You can also sort them alphabetically, or set up a blank Patch from which you
can construct a new Patch from scratch.
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Back on the Common page, below the name of the Patch is the “Select/MIDI in”
setting. This determines which MIDI channel the S-770 will respond to while you are
editing the Patch. For now, it should be set to “Omni On” — if it isn’t, select it and
hold down the right mouse button until it is. More about this Parameter at the end of
this chapter.

Next to the Patch name is a “Name” box. Clicking on this opens the ASCII
Keyboard window in which you can rename the current patch, as discussed in the

previous chapter. Remember a new name is not permanent until the Patch is saved to
disk.

MIDI Program Number

Go back to Patch 1, L&5:Voxs Left. The first parameter below the name is Program
Number. This determines which incoming MIDI Program Change command number,
1 through 128, will call up this Patch when you use it in a Performance. The Program
Change numbers for this and the other Patches in the Performance are the same as the
Patch’s own slot number, and in fact the slot number is the default Program Change
number when you create a new Patch. However, you can change this Parameter to
anything you like, and the new number becomes part of the Patch when you save it.

Although obviously it is to be avoided, it is possible to assign the same Program
Number to more than one Patch. What happens when this is the case we’ll also deal
with in Chapter 8. Be aware as well that Program Changes are used to call up entirely
new Performances and even Volumes, as well as Patches, and if there is a conflict — if
both a Performance and a Patch are assigned to the same Program Change on the
same MIDI channel — the Performance will take precedence, and the Patch will not
change. The S-770 has a special “Control Channel” to handle Performance and
Volume changing, and it is usually best to avoid changing Patches on that channel.
More on this in (you guessed it) Chapter 8.

Outputs and Levels

Output Assign sends the sound of the Patch to one of the six (or eight if you are in
that mode) individual analog outputs on the S-770’s back panel. If this parameter is
Off, then the Patch appears only at the stereo outputs. If it is P (the default setting for
new Patches), then the individual output assignment is determined by the Partials that
make up the Patch (see the next chapter). The current Patch has the individual outputs
turned Off.

Patch Level sets an overall output level, from 0 to 127, for the Patch at all outputs:
digital, stereo analog, and the individual outputs.
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Stereo MIX Level sets an output level (0-127) for the Patch only at the stereo
outputs (both analog and digital), without affecting the individual outputs. To set up
this Patch so it appears only at a numbered output, you would set Output Assign to the
number of the output, Patch Level to 127, and Stereo MIX Level to 0.

® INDIVIDUAL OUT s

Stereo
MIX Level

STEREO OUT s

Panning

Panning moves the sound of the Patch in the stereo field (it does not affect the
numbered outputs). The range is L32 (hard left), to 0 (center), to R32 (hard right). This
parameter influences, but does not replace, similar parameters in the Partials, which
we'll discuss in the next chapter. If a Partial has Pan characteristics of its own, then
setting this Parameter to L32, for example, will not cause all of the sound to emanate
from the left channel only; but it will “bias” the image so that the sound will never
emerge any further right in the stereo image than dead center.

Partial with
/ Stereo Planning \

L l R L R L ln
il ranning YYYYY PRz VYWY

+'\vf\/\ = NN =R32 "\
YYVYY 'L/ﬂ
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Here’s an example. Select Patch 13, L@5:Vox Space L. Its Panning parameter is set
to L32. Play notes on the keyboard and listen carefully to how they place themselves
in the stereo field. Each note occurs at a different place between extreme left and
center (the placement is not pitch-related, it is random — we’ll see how this is done in
the next chapter). Change the Panning parameter to @. Notice how the sound now
spreads out so that different notes appear across the entire stereo field. Now change
Panning to R32, and hear that the sounds now occur between center and extreme
right.

While you're playing with this Parameter, there are two things worth paying
attention to:

e First, changing the Parameter does not affect any notes currently sounding — it
affects the next note to sound after the change. This is true of most S-770 Parameters,
although some will change the sound in “real time”.

e Second, the mouse and screen action of the display tends to slow down when one or
more notes are sounding. This is because the S-770’s central processor, which is
controlling both the sound and the visual display, is giving first priority to responding
to incoming MIDI data and maintaining the sound quality.

Patch Priority

This Parameter, if turned On, will override the normal “voice-stealing” algorithm of
the S-770. The S-770 normally works on a last-note priority basis. It is not impossible,
especially when it is being used multitimbrally, to use up all of the S-770’s 24 voices,
especially if one or more of the voices are layered from multiple Samples. If at any
time all 24 voices are in use, and a new note is struck, the note that has been sounding
the longest will lose one or more voices to accommodate the new one(s). However, if
that oldest-living note belongs to a Patch with Priority turned On, it will not give up
any voices, but will continue to sustain. The next-oldest-living note will be asked to
give up voices for the newcomer.

In normal practice, Patch Priority should be turned on for sustained lead lines and
held bass notes (if it is needed), and off for background tracks and drums. Note that if
all Patches in a performance have Patch Priority turned on, the S-770 will operate on a
first-note priority basis, and any new notes that exceed the 24-voice limit will be
ignored.
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Offsets

Cutoff Offset is a bias control that acts on the TVF (Time Variant Filter) in all of the
Partials that make up the Patch (see next chapter). The range is -63 to +63. Positive
values will make the sound brighter by raising the filter’s cutoff frequency, and
negative values will make it duller, by lowering the cutoff frequency. Play with this
Parameter in the current patch and see how the tone is affected.

Vel-Sens Offset is a bias control that acts on any parameters that are programmed
to respond to MIDI velocity, such as the TVF (for brightness) or the TVA (Time Variant
Amplifier, for volume), or an envelope’s speed. The range is ~63 to +63. Positive
values increase the effect of velocity, while negative values dampen it.

Patch number 6, L@&5:Voxs Sweep m, can demonstrate how this Parameter is used.
Vel-Sens Offset is set to 0. Change it to 32. First, play a note softly, and listen to the
speed of the sweep filter. Then play the note harder, and listen to the sweep speed up.
Now set the Parameter to —32: at low velocities the filter envelope is slow, but at high
velocities it becomes v-e-r-y s-I-I-0-0-0-w-w-w.

Tuning

Oct Shift changes the position of the Patch on the MIDI keyboard up or down one
or two octaves. Another way of looking at it is that it transposes the MIDI data going to
this particular Patch by an octave or two. It not only alters the pitch of all of the
Partials (relative to MIDI note numbers), but it also moves the Splits up and down
(we'll get to Splits in a moment). For example, if a particular Partial is assigned to the
octave C_3 to C_4, setting Oct Shift to 1 will move that Partial to the octave C_2 to
C_3.

Oct Shift is useful for adjusting the ranges of Patches within a Performance, and
makes it easy to set up two Patches to double at the octave, or conversely, to make a
unison out of two simultaneous-sounding Patches that are sounding an octave apart.
Different Patches in this Volume use different Oct Shift settings, and you can hear that
they play in different ranges.

Coarse Tuning adjusts the pitch of the entire Patch in semitone steps, up or down
over a range of 48 semitones (4 octaves). If a note is sounding when you change this
Parameter, the note’s pitch will change. Note that Samples have an upper limit beyond
which they cannot be transposed higher (normally two or three octaves above their
original pitch, depending on the sampling rate), so after a certain point, this Parameter
will not do anything.
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Unlike the Oct Shift

parameter, this Parameter does Partial: Parttial:  Partial:
not move the Splits. Using our - JOmLoN_, , HomMd, o High
previous example, setting Oct Shift = @

Coarse Tuning to 1 would leave ~ Coarse Tuning=0 |

the Partial in the original octave @
C_3to C_4, but those notes

would sound a semitone Partial: Partial: Partial:

HornLow ~ HornMid  Horn High
h | gh er. ...........................................................
Coarse Tuning=1 }

Fine Tuning adjusts the
pitch of the Patch in cents, or @
hundredths of a semitone. The
range is £50 cents, or 1/4-tone
up or down. You can adjust this Oct Shift = 1
Parameter and hear its effect
while a note is sounding (which @
makes it a whole lot easier to s
usel).

Partial: Partial: Partial:

Partial: Partial: Partiai:

The Tuning Parameters have .
. . L Oct Shift = 1

many uses, including bringing Coarse Tuning = 1
different musical sounds into
tune with each other, and
creating harmony, doubling, or
chorusing effects. Sounds can
be tuned at the Partial and Sample levels as well.

Analog Feel is a pitch randomizer, which causes each occurrence of a note in the
Patch to play at a slightly different tuning. Used subtly, this can be very helpful in
making a performance sound more “live”. The range is O to 127, with the highest value
causing the pitch to vary up to a semitone above or below the nominal pitch. If a Patch
contains more than one Partial, the randomization operates independently on each
Partial, detuning them so that flanging and chorussing effects can be created. Pitched
instruments, especially woodwinds and vocals, work best with small values.
Unpitched instruments, like drums, work well with larger values.

The Used number tells you how much memory (in seconds at 44.1 kHz) the
Samples in the current Patch occupy. The Remaining number tells you how much
memory is available after all of the Samples in RAM are taken into account.



Splits

The second Page of the Patch
Function is Edit Patch Split. On this
page, Partials are laid out across the
MIDI keyboard in regions called
Splits. A Split can be as narrow as one

Mode Index Mark
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s-77@/@1

Edit Patch Split

Com Exit

Opratch
Select/MIDI in

OPartial

Agsgign Type
Lower ...

I@l:Piano L

1P1:C2

A_Q Upper ...

ST

Omni On(**)

<Info> Partial for SET
*Key Range A_@ B D#2
*Sample 1 101:C2

note, and as wide as 88 notes (the
range of the S-770). A Patch can
contain just one Partial, or as many as
88. Splits cannot overlap (if you want
to overlap sounds on a keyboard, you
can do it with Patches at the
Performance level — see Chapter 8).
However, the same Partial can be
assigned to different, non-contiguous
regions of the keyboard. Not every
note on the keyboard must be part of a Split, and any notes that are not assigned to a
Split will make no sound.

Multisampling

Splits are used for several purposes. When you are trying to reproduce the sound of
a natural instrument that covers a wide range, one Sample of the instrument rarely will
be sufficient. A Sample that is transposed too far up or down from its source pitch often
will suffer from the “chipmunk” effect — the formal technical name for this is

“munchkinization” — in which it sounds like a tape recording of itself being played at
the wrong speed (which is essentially what is going on, although there’s no tape
involved).

The transposing distance you can get away with from a single Sample will vary
widely depending on the nature of the Sample: a grand piano, with its rich, out-of-tune
harmonics, will start to sound unnatural if you transpose it more than about a minor
third (three semitones); while a vocal “0ooh” Sample can sometimes be transposed an
octave or even more before it sounds strange. Samples generally transpose downwards
better than they do upwards, and in some cases, with low-pitched Samples, you can
safely do very large downward transpositions. The 5-770 will not let you transpose a
Sample up more than two (or three if it was sampled at a low rate) octaves. (If you
really need to do so, however, you can transpose as much as you want with the Rate
Convert or Resampling functions — see Chapter 7.)
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Therefore, a technique known as “Multisampling” is used with many sounds, in
which a different Sample is taken at regular intervals up and down the scale. In the
S-770, each of those Samples is put into a Partial, and then the Partials are mapped
across the keyboard using the Edit Patch Split page.

Because you can usually transpose a Sample down further than up, the original
pitch of a Sample will typically be mapped at or near the top of a Split range — for
example, a Sample of a piano playing E5 may be assigned to the notes from C#5 to F5,
and another Sample of the piano playing A5 will then be assigned to the notes F#5 to
A#5, and so on.

~ When a Sample is recorded, it has an “Original Key” parameter, which usually
corresponds to the pitch of the Sample — for example, if a sound at 440 Hz is
sampled, its Original Key would normally be set to “A_4" (A above Middle C). If the
Original Key does not match the pitch, then when you place the Sample (actually, the
Partial containing the Sample) into a Split, it will be way out of tune, and will suffer
from munchkinization. You cannot adjust the relative pitch of a Sample within a Patch
— you can only adjust the tuning of the Patch as a whole — but you can do it at the
Partial level (next chapter).

To see a Multisample in action, load in the Patch L& 1:Piano L (open the Com
menu, select Disk, make sure you’re on the Disk Load Page, set Target to Patch, and
click on L@1:Piano L). To avoid any confusion, click on Yes when it asks if you want
to Clear Internal Memory. Be sure the Target is not Patch PRM, or you will load in
only the Patch parameters without any of the right Partials or Samples.

- Exit back to the Patch Split page, and move the cursor to the Partial name, which is
to the right of the word Partial. Scroll through the Partials that make up this Patch. As
you do so, the keyboard region where each Partial is assigned will show as a red area
in the larger of the two horizontal “bars” just above the picture of the keyboard. Other
Partials that are assigned to keys in this Patch will show as yellow areas in-the
horizontal bar, and areas that are not assigned will be in white.
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Drum and effects mapping

Another reason for using Splits is to be able to play totally different sounds from
different notes within a Patch. A common example of this is a drum set, in which each
note plays a different drum. Another example is a set of sound effects residing in RAM,
which are called up using a MIDI sequencer locked to SMPTE timecode on a
videotape. Each sound effect can be assigned its own note, so getting one to fire at the
proper time is merely a matter of telling the sequencer to play its note at the prescribed
SMPTE time. (In both of these instances, you don’t want the actual note number to
change the sound’s pitch, so the K.F [Key Follow] parameter on the Partial Common
page for that Sample should be set to Off. But that's the next chapter.)

A good example of a individual sound-mapped Patch is L&7:TR-808! No fewer
than 19 Partials are used in this Patch, and several of them are arranged in non-
contiguous Splits. All of the Splits are a single note wide.

open cymbal cowbell

hihat rim clave

closed
claps hihat

conga

kicks snares

congas maraca
TomL TomH

Examining the Split

The Split page gives other important information about each Partial in a Patch,
which appears in blue. This includes the Samples (up to four) that are in each Partial,
and the overall Key Range for that Partial. If the Partial is mapped to two or more non-
contiguous regions in the Split, only one key range will be displayed: from the lowest
note of the lowest region to the highest note of the highest region. The (Info) line says
“Partial for SET”, meaning that the information being given is for the Partial named in
the Partial parameter, close to the Set switch.

[ L©7:808 Kicklong Poly]
| lllllll”u![llllll]l”l

-

-

LU

( Info ) Cc 2
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There are various ways to look at how the Partials are laid out in a Split. As
described above, you can scroll the Partial parameter to see where the Splits are. Note
that there is a Select Icon next to the word Partial. Click on it, and you will open a
Select window from which you can choose any Partial in RAM, and see if and where it
belongs in the current Patch — areas of the keyboard assigned to that Partial will show
a red area in the horizontal bar above the keyboard graphic.

You can also use the mouse to move the cursor over the keyboard graphic. As the
cursor passes over each key, the name of the Partial assigned to that key and other
information appears in the box around the keyboard. The (Info) line changes to read
“Partial in Patch”, telling you the Key Range and Sample list now refer to the Partial
you're pointing to on the keyboard. Click the left mouse button on a key, and you can
hear the Partial assigned to that key. (Notice that in order to access a white key, you
must put the mouse cursor on the lower part of the key.)

Additionally, you can use your MIDI keyboard. Playing a note that is assigned to a
Partial will display the note on the keyboard graphic on the screen, and will also
change the Info in the graphic and above it to correspond to the Partial being played
(regardless of where the cursor is). If you play an unassigned MIDI key, the screen will
not respond.

Designing the Split

There are several ways to design a Split, any of which can be used in conjunction
with any other. The first step in all of them is to use the Partial parameter and the
mouse buttons to select the Partial you want to assign to a region of the keyboard.
We'll look at the Patch we’ve just loaded as an example.

Using Parameters

One method for designing a Split is to select a Partial and set its range using the
Lower and Upper parameters. They can be adjusted with the mouse buttons, panel
buttons, VALUE wheel, or numeric keypad (by entering the MIDI note number). The
lowest note you can use is A_@ (21) and the highest is C_8 (108). Note that these
parameters are inclusive, which means that the low- and high-limit keys are included
in the Split. If you set both
limits to the same note, the Lower Upper
Split will consist of only c.3 A#4
that note. When you click
on the Set switch, the
Partial assignment goes into
effect.
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Let’s try one. In the Partial parameter, select the third Partial in the TR-8@8! Patch,
808 Claps 1. (We can dispense with Volume IDs by now, okay?) If you look carefully
at the larger horizontal bar above the keyboard graphic, you'll notice a small area
directly above C#2 has turned red. Move the mouse down to that note to confirm this
visually (watch the text inside the box) and audibly (click the left button).

Now let’s design a new Split for this sound. Set Lower to G_5 and Upper to B_5.
Click on the Set switch. You'll see a new red area appear in the bar far up the
keyboard. If you click on any of the notes in that area (or play any of them on the MIDI
keyboard), you'll hear the handclaps. (The pitch doesn’t change because this Partial
has its Key Follow parameter turned off.) Notice the original Split is still in effect.

Try this with other Partials in the Patch, assigning them to different regions. Set the
limits and the Partial, and click Set. If you assign a Partial to a note that has already
been assigned, the latest assignment will take precedence. For example, if you set 606
Tom L to D#5 and F#5, and then set 6836 Tom M to F5 and G#5, the result will be that
the low tom sound will be heard on D#5 and E5 only, and the high tom sound will
start at F5.

To remove one or more notes from a Split, set their lower and upper points and
assign them to a different Partial or, if you want nothing to sound on those notes at all,
set the Partial parameter to “—Off—" and assign them to that. (You could also assign
them to an unused Partial, but that would be dangerous if you used that Partial slot
later on.) You can de-assign notes using the mouse and the graphic display, which
we'll get to in a moment.

Using the MIDI keyboard

You can also
design a Split using

the MIDI keyboard.
selected the Partial, RS
move the mouse so ( Set by MIDI )

b

it is away from any

parameter or Page switch, and also outside the box surrounding the keyboard graphic
at the bottom of the screen. Press and hold the right mouse button. (If you have a foot-
switch plugged into the S-770, you can instead press and hold the foot-switch.) The
message “(Set by MIDI)” will appear in red below the keyboard graphic.
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Now play all the notes within the range that you want this Split to cover. You can
play a chromatic scale, or skip some notes if you like, or even play individual notes
anywhere on the keyboard. As you play each note, the larger horizontal bar above the
note’s image in the keyboard graphic will turn red. When you’ve played all the notes
you want to include, let go of the mouse button (or footswitch).

For example, select 8638 Cymbal (number 11) as the current Partial. Move the
mouse to the middle of the screen, but away from any of the Parameters, and press and
hold the right button. When you see “(Set by MIDI)”, play some notes that you’d like
to assign the Cymbal. As you play, if there are any Partials assigned to a note
previously, you will hear that old assignment, which is about to be discarded. If a note
has not had a previous assignment, you will hear nothing.

When you're done, let go of the right mouse button. Now when you play notes in
the new Split you've just defined, you will hear the cymbal (which, again, plays at a
constant pitch).

Using the graphic display

A third way to set up a Split is to use the graphic display directly. Set Partial to the
Partial you want to place. Move the mouse cursor onto the graphic keyboard, and
press and hold the right button. The name of the current Partial will appear just above
the keyboard, and the text in the lower-left corner of the box will change to “(Set)”.

Put the mouse onto one of the keys on the keyboard that you want to include in
this Split. Still holding

the right button, press [ L®7:8@08 Cymloal Poly]
and hold the left [ T

button. All the text

now tars red. Holaing | 1] 1 FHE T MUK [TRTUR, TRV L TERTVRRINTIN IOV )
both buttons, drag the ( Set ) < c 3
mouse to the left or

right. A little line ) .

. . press right button, select high note,
graphic appears just press left button, drag to low note,
above the keyboard release left button, release right button

and follows your

motion. In addition, the text at the lower-right corner of the box tells you what note the
mouse cursor is on. Any old assignments made to the keys you're going over will
sound, just to say goodbye.
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Still holding both buttons, continue to drag to the end of the note range you want
included in this Split. Let go of the left button. The horizontal bar will then fill in red
over the range you've
just defined. Notice [ 1427 sB®8 Cyamiloall Polsz]
that all notes in the ! S
range, black and
ke W L LU LU LU
Now let go of the right | ¢ BEdE ) — c 3
button.

If you grab the end of a range at the wrong place, or you just decide you don't
want to assign these notes to the Partial, let go of the right button first, and nothing will
be set.

To check your work, drag the mouse (without holding any buttons) up and down
the keyboard. The lower-left text in the graphic box will say “(Info)”, the lower-right
text will show the note position of the cursor, and the upper line of text in the box will
show the name of the Partial assigned to the note where the cursor is currently located.
Press the left mouse button and you can hear the note. (The MIDI keyboard is also
always active for monitoring.)

You can also expand or reduce an existing Split in the graphic window. To expand
a Split, press and hold the right mouse button, and move the mouse vertically above
the keyboard, into the larger

of the two horizontal bars, [ = 2 Pols]
until the lower-left text E i

changes to “(Edit)”. Then

move the mouse mem

horizontally until it’s inside ( OFF ) «— + c.3

the range of the existing
Split, and — still holding the
right button — press and hold the left mouse button. Now drag to the left or right out
of the Split range. The linear graphic you saw earlier appears, and the lower-right text
tracks your motion. (If there are any old assignments, you will hear them say goodbye.)

When you’ve dragged the mouse to the key where you want the range to extend to,
let go of the left button. The colored region of the horizontal bar will expand to show
the new notes in the Split. Note that the region will only be red if the Partial parameter
is the same as the Partial in the Split you just expanded — otherwise it will be yellow.
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If you're watching closely, you may notice that all of these procedures assign both
a Partial and a Type to the selected region. Don’t get confused — we’ll deal with
Types next.

You can de-assign notes from a Split graphically. When you first grab the right
mouse button, move the mouse down below the keyboard until the lower-left text says
“(Off)". Set the mouse inside or near the Split you want to take notes away from, hold
the left button, drag, and release. The notes you've outlined will now be removed.
Unlike the “expansion” technique you just saw, this “removal” technique is not Split-
specific — you can drag the mouse across any part of the keyboard, and wherever it
goes, the notes will be removed from Splits — so if you want to erase an entire
keyboard of Splits in a hurry, drag the mouse across the whole thing. You can also de-
assign a single note by moving the mouse below that note, holding the right button
and clicking and letting go of the left button without dragging.

Try these techniques with some of the TR-8@¥8! partials. If you really screw things
up, remember that nothing is permanent on the S-770 until it gets saved to disk, so feel
free to re-load the original version of the Patch whenever you want, and you can wipe
out all your experiments. If you want to save them, feel free to do that as well (using
the Disk Save page), only be sure to change the name of the Patch first. Since you are
not changing any Samples, alternate versions of the Patch will not take up any
additional room on the disk where you save them.

Assignment Types

The Assign Type parameter determines how a Split will respond to multiple MIDI
notes. There are three main types.

Poly is the normal, polyphonic mode. It is the default mode.

Mono is a special mode which normally behaves like Poly, except when you play
the same note twice. If the note has a long envelope (TVA) release, or if you are
holding the Sustain pedal, you will hear the note cut off and be re-triggered. It can be
used for that well-known st-st-st-stuttering effect. On the other hand, if a sound has a
fast release, playing it in this mode will not sound much different than Poly mode.

Exc (it stands for “exclusive”) is an expanded version of what you might normally
think of as Mono mode: notes within a Split of this type can only sound one at a time.
However, there is not just one Exc mode — there are 16 of them, and each one is
independent of the others. So you will be able to play only one note within a Split
whose Type is Exc1, and only one within a Split whose Type is Exc2, but you can play
those two notes simultaneously.
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Assign Mode = Poly
Our TR-808 patch contains an

example of an Exc assignment. Play

the note A#2 (with the mouse or a

MIDI keyboard). It's an open hihat,
1
to

with a long envelope. Now play G#2.
It’s a closed hihat. If you play A#2 first,
and then quickly play G#2, the second
note will cut off the first, just as a real
hihat stops ringing when you close it.
If you put the mouse on those keys,
you will see they both have an Assign
Type of Exc 2, in other words, they
belong to the same exclusive group. A
little investigation will show that F#2
(which is also closed hihat) belongs to

Note-on The same
Note-on

Assign Mode = Mono

!
Exc 2 as well, as does A3 (maraca). T T
Therefore, playing any of these notes Note-on Lh? same
Ote-on

will cut off any others in the group that
are sounding.
Assign Mode = Exc n
Let's make a change. C#3 is a ride

and set Partial to 8638 Cymbal. Click
on Set. Now, any of the other sounds

cymbal. Why not make it part of the
same group? Set Lower and Upper
both to C#3, set Assign Type to Exc 2,
!
tor o

' . i Note-on  Note-on Note-on of
in the group will choke the ride ofany  ofany any note not
note in other ingroup n
cymbal. group n  notein group
group n

Normally speaking, Partials and
Types are assigned to a Split at the same time, but if you like you can change the Type
of a Split without changing its Partial. Here’s an example. From the Disk Load page,
load in L@4:Pick Bass 1 Patch (clear RAM if you have to). Go back to the Split page.

This Patch consists of only two Partials, both in Poly mode. But if we wanted to
simulate a real bass guitar, we would break the Patch up into four exclusive regions,
each one representing one string. You can't play two notes on one string, right? But
you can play all four strings at the same time. Instead of using real bass string ranges,
however, let’s expand them a bit. Do the following, clicking Set between each
operation:
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{ Lo4:Bass japl Exc 1]

( Info ) Cc_3
Partial Lower Upper Assign Type
Bass jap1 AO C3 Exc 1
r C#3 G 3 Exc 2
” G#3 Cc4 Exc 3
Bass jap2 C#4 G 4 Exc 3
” G#4 ES5 Exc 4
Off F5 C8

So now we have a bass guitar that has four “strings”, and one of the strings (Exc 3)
uses two different Partials.

Another way to set up a Split might be to simulate a saxophone, using a number of

Samples (ranging all the way from Bass Sax to Soprano Sax), but all assigned to a single
Exc group, so that only one note can sound at a time.

Setting the Type Graphically

The bottom (smaller) horizontal bar above the keyboard graphic shows the Type.
The color-coding will be determined by the setting of the Assign Type parameter: if it
says Mono, areas in Mono will be red, while notes belong to one or another Exc group
will be in yellow. If it is displaying an Exc number, areas in that particular Exc group
will be in red, while notes in other groups or in Mono will be in yellow. Areas in white
are either unassigned, or in Poly.

We saw earlier that when you make a Split assignment graphically, both a Partial

and a Type get assigned. However, using the lower horizontal bar, you can change the
region of a Type without

changing the Partial [ @4 sBess Jepl Bre 1]
assignment, so that you can, -
for example, move other ! ! ! !m! ! “ ! "_H
sounds into an Exc group.

{ )i b c#_4
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Move the mouse into the lower bar, and press the right button. The text in the
lower-left corner of the graphic box changes to “(Type)”. Now move into a region that
has been assigned a Type whose range you would like to expand. The upper-right
corner will tell you the Type. Still holding the right mouse button, press the left button
and hold it. Those two bits of text turn red. Holding both buttons, drag the mouse left
or right to the point at which you want the expanded region to end (any assigned notes
will speak as you do this). Let go of the left button, and then the right. The new region
is set.

There is no “Off” mode in Type Assignment. If you wish to remove a region from
an Exc group, make it Poly. Do this by selecting an adjacent Poly region and expand it
into the Exc group as far as you need. If there is no adjacent Poly region adjacent to a
group you wish to shrink, you'll have to do it the old-fashioned way, setting the Upper,
Lower, and Assign Type parameters by hand.

Renaming Partials

Once you've finished designing a Split, you can change all the names of the
Partials in it to the same name as the Patch itself, with various suffixes. This can help
quite a bit to keep things organized when you’re working with lots of Partials. More on
this at the end of this chapter.

MIDI Control

The S-770 allows much in the way of real-time MID! control over various sound
functions. This control is set up on the third Patch-editing Page, Edit Patch Ctrl. These
MIDI assignments work globally on all of the Partials in the Patch.

Controllers and controllers

Before we go any further, let’s distinguish between a MIDI Controller (upper-case
“C”) and a MIDI controller (lower-case “c”). The distinction is subtle, but important. In
this manual, upper-case Controller refers specifically to one of the 121 Continuous
Controllers defined in the MIDI Specification. These include Modulation Wheel (#1),
Breath Control (#2), Volume (#7), Sustain pedal (#64), Registered and Non-registered
Parameters, unassigned Controllers, etc. etc. Lower-case controller refers to any MIDI
message that contains data which can change over time, which includes all the
Controllers, plus Pitch Wheel, Channel Pressure (also known as monophonic
aftertouch), and Key Pressure (polyphonic aftertouch). So “Controllers” is a subset of
“controllers”.
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And just to make things
more complicated, “MIDI
controllers” (lower-case again)
can also refer to a MIDI
performing device, like a
keyboard, drum pad, guitar,
wind controller, etc.

Edit Patch Ctrl

Opatch

SMT Ctrl Sel
SMT Ctrl Sens
Ctrl Select
Bend - Up

L@l:Piano L
Select/MIDI in Omni

on(*+*)
Off

. . - Do
Fortunately, this usage will be e

. . Bend
obvious in context. pitch Ctrl -
TVF Ctrl
TVA Ctrl
LFO Rate Ctrl
LFO-Pitch Depth

-TVF Depth

-TVA Depth

The Parameters

Q8888
A

Back to our screen. On the
top line, as usual, you select
the Patch you want to work on.
On the second line you can
select the MIDI channel the
S-770 will respond to, but the setting is not completely straightforward, so best to leave
it on Omni for now.

Sample Shifting

SMT Ctrl Sel stands for “Sample Mix Table Control Selection”, and SMT Ctrl Sens
stands for “Sample Mix Table Control Sensitivity”. The Sample Mix Table is a feature of
each Partial (that’s right — next chapter), which allows velocity-based switching and
crossfading between two or more Samples in a Patch — so that hitting the note harder
not only changes the volume, it can also change which Sample is playing. These
parameters allow this Sample-changing feature to be controlled not only by velocity,
but also by a MIDI controller (that’s the lower-case “c”). That way the MIDI controller
can act as a real-time “fader” between the sounds, changing the sounds after the key is
struck which is, of course, impossible to do with velocity, since any single note only
gets one velocity value.

There are four choices (besides Off) available for SMT Ctrl Sel: Bend (Pitchbend),
A.T (Aftertouch), Mod (Modulation Wheel, Controller #1), and Ctrl (a Controller
number to be named later). The Sens parameter determines how much influence this
control will have over the SMT. The range is 63 to 63. At 0, it will not affect the SMT
at all. At positive values it will add to the velocity, and at negative values it will
subtract from the velocity.
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The controller doesn’t replace the velocity control over the SMT, but it does “bias”
it, by adding (or subtracting, if the Sens parameter is negative) its own current value to
the velocity. For example, if SMT Ctrl Sel is set to Mod and Sens is set to 63, and you
move the modulation wheel to its full-on position, the effect on the SMT will be as if
there are no velocities being produced below 63, and only the Samples mapped to the
upper portion of the SMT (above 63) will sound. If Sens is set to —63, then the effect
will be as if no velocities are being produced by the keyboard higher than 64 — that
is, 127 (maximum MIDI velocity) minus 63.

Let’s try one. Load in from the hard disk Patch number 73, L&7:LA Fat Kit. On note
A#2 is an open hihat (it's quite different from the one in TR-88!). Listen carefully to
the sound as you play it. When you play the note with a low velocity, it sounds like a
small cymbal. When you play with a high velocity, however, it acquires a distinctly
pitched “ring”. That's because this sound is actually two Samples, one without the ring
and one with, and they are arranged on the Partial’s Sample Mix Table so that the ring
sounds when the note is played above a certain velocity.

The SMT Ctrl parameters can change where that velocity break point is. Set SMT
Ctrl Sel to Mod, and SMT Ctrl Sens to 63. Now play the note with a steady, medium
velocity, and slowly advance the modulation wheel on your keyboard. At a certain
point you will hear the plain cymbal sound switch over to the ring sound, even if the
velocity is rock steady. The harder you play, the sooner that point will come, and
conversely, the higher the wheel setting, the softer you need to play to make the
change.

Note that when Bend is selected for SMT Ctrl Sel, it will either add to or subtract
from the velocities, depending on whether you move the Pitchbend up or down.
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Stalking the Wild Controller

The next Parameter on the page is Ctrl Select, and this is the previously-mentioned
“Controller to be named later”. The S-770 responds to Pitchbend, Aftertouch, and
Modulation Wheel in fairly normal ways, plus one other “wild” controller per Patch.
This parameter determines the nature of the “wild” controller. It can be any MIDI
Controller number 0 to 95 (higher Controllers are reserved for System Mode messages).
This controller can then be assigned to any of a number of parameters, including SMT
Ctrl Sel.

Note that this Parameter only affects this Patch, and other Patches — even if they're
used at the same time in a Performance — can have different wild controllers, which
can give you a lot of flexibility.

Pitchbend

Bend-Up and -Down are the range, in semitones, of the Pitchbend control for this
Patch. They can be set anywhere from 0 to 48 (four octaves). Remember that Samples
in the S-770 cannot be transposed more than two or three octaves up from their
original pitch, so extreme settings for Bend-Up may not give you quite the results you
expect. If you want to use the Pitchbend control for something other than pitch bend
(such as SMT control), here’s where you can turn it off.

The controller Matrix

At the bottom of the page is a matrix of MIDI controllers and the possible effects
they can have on the sound. Across the top of the matrix are the controllers, which are
the same as the ones available for SMT Control: Pitchbend, Modulation Wheel, and
the Wild Controller. Aftertouch in this case can be either monophonic (Channel
Pressure) or polyphonic (Key Pressure), depending on the settings of the MIDI Filters,
which are discussed in Chapter 8. At the left side are the “Control Destinations”.

The Control Destinations are discussed in detail in the next chapter (except Pitch
Ctrl, which is easy).

Pitch Ctrl — what the Pitch Wheel normally does, you can also do with Aftertouch
and the wild controller. Letting Aftertouch do small amounts of pitch changing gives
you real-time “finger vibrato” (and using polyphonic Aftertouch, so you can do iton a
note-by-note basis, is particularly cool).

TVF Ctrl — this increases or decreases the effect of the Time Variant Filter, which
we met earlier when dealing with the Cutoff Offset parameter on the Common page. It
essentially controls the Patch’s brightness.
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TVA Ctrl — increases or decreases the effect of the Time Variant Amplifier, or
volume envelope, which we also met on the Common page. This essentially deals with
overall volume. (Note, however, that MIDI Controller #7 — Volume — is always
responded to by the S-770.)

LFO Rate Ctrl — influences the vibrato rate(s) of the various Partials. Each Partial
has its own vibrato rate, and this will increase or decrease all of them at the same time
(but it will not make them all the same). The vibrato LFO can be set to change pitch,
volume, or timbre on the Edit Partial LFO page.

LFO-Pitch Depth — increases or decreases the effect the LFO has on pitch. This
has two default settings: under A.T it is 35, and under Mod it is 30. This means that in
a new Patch, aftertouch and modulation wheel both control the pitch change of the
LFO.

-TVF Depth — increases or decreases the effect the LFO has on timbre (“wah-
wah” effect).

~TVA Depth — increases or decreases the effect the LFO has on volume (what
guitar amplifier manufacturers used to call tremolo).

When a “~" appears in the matrix, it means that that controller cannot be used to
influence that Control Destination. For instance, Bend cannot be assigned to Pitch
Ctrl, because it already is (using the Bend-Up and —Down parameters). A “@”" in the
matrix means the controller can be assigned to that Control Destination, but isn’t at the
moment. All of the matrix entries have a range of —63 to 63. Negative values affect the
Control Destination upside-down.

Some examples
Play around with this Page by loading various Patches into RAM (drum sounds
won’t do much — try vocal and string sounds), and creating MIDI controller mappings

for them. Here are some examples you might find useful.

This mapping lets Modulation Wheel control vibrato depth while Aftertouch
controls vibrato speed.

Controller Target Setting
AT LFO Rate Control 63

Mod LFO-Pitch Depth 63
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This mapping lets Foot Pedal control the brightness while Aftertouch imparts a bit
of vibrato onto the timbre. (Set Ctrl Select to 4.)

Controller Target Setting
Ctrl TVF Ctrl 63
AT LFO-TVF Depth 25

This mapping brightens the timbre of a sound when you apply Aftertouch — sort of
a finger-pressure wah-wah effect — and at the same time reduces any pitch vibrato
already on the sound.

Controller Target Setting
AT TVF Ctrl 63
AT LFO-Pitch Depth 20

Combining controllers

If more than one controller is mapped to a Control Destination, they will both be
operable. However, if you send data from two controllers that are mapped to the same
Control Destination at the same time, what happens is not what you might expect.
Instead of the last controller event being the operative one (which is how MIDI deals
with the world), the two controllers work together, and their values are added together
to determine the effect on the Control Destination.

Here’s an example: Assign A.T to LFO-Pitch Depth with a setting of 63, and do the
same thing with Mod. Play a MIDI note and hold the key down lightly. Now move the
Modulation Wheel to its full-on position (value 127), and you will hear a certain
amount of pitch vibrato. Now press down hard on the key, and the vibrato depth will
increase. When you back off the pressure on the key (still holding it down), even
though the Aftertouch goes to 0, you will still hear vibrato, because the Modulation
Wheel is still full on, and the two controllers are being added together.

MIDI Settings at Lower Function Levels

Before we finish with Patches, it must be mentioned that any settings made on the
Edit Patch Ctrl page will be in effect when you move lower down through the
S-770’s organizational structure. If you are editing a Partial or Sample and want to
play it from a MIDI keyboard, the way that the Partial or Sample will respond to
incoming MIDI data will be dictated by the settings on the Edit Patch Ctrl page that
belong to the last Patch selected on any Patch Edit page.
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Therefore, if you select a Patch whose Bend-Up is 13, and which maps Aftertouch
to TVA rate and Breath Control to TVF, and then go to edit a Partial, all those MIDI
controllers will be active — even if the Partial you're editing has nothing at all to do
with the last Patch you looked at.

If you haven’t been on any Patch Edit page since you booted up, then default
settings will be in effect: LFO-Pitch Depth under A.T is 35 and under Mod is 30; all
other sensitivities are set to 0; SMT Ctrl is Off; and Bend-Up and -Down are both set
to 2. As always, Controller #7 — Volume — is responded to.

It should also be mentioned that, because Performances are made up of Patches
(see Chapter 8), and it is quite possible for a particular Patch to appear in more than
one Performance, if you change a Patch in any way, that change will be effective in
every Performance in which the Patch is used. If you are unsure of whether a Patch has
multiple uses, to be safe you can make a copy of it (we’ll get to how to do this in a
moment) and work with the copy. You can even save the copy to disk — unless you
have altered any of the Samples within it, it will not take up any extra disk space.

The “Part” Parameter

The Part parameter on the Patch Common page is used primarily when working on
Patches within a Performance, and it will be discussed in that context in Chapter 8. It
serves as a kind of MIDI channel filter. Normally speaking, it will be set to Omni. This
means that the Patch on display will respond to all MIDI data coming into the S-770,
on all channels.

When you're playing the Patch from a keyboard, this is fine. But what if you are
working with a sequence, which has data on several MIDI channels at once, and you
want to edit the Patch? If you just go to this page as it is, the Patch will respond to
every incoming MIDI note, which would be awfully confusing. You can filter out the
unwanted tracks by changing the Part parameter.

When you set Select/MIDI in to Part 1, the S-770 no longer responds on all
channels, but instead only responds to data on the MIDI channel which is assigned to
Part 1 in the current Performance. The current Performance is the Performance that
was displayed the last time you accessed one of the Performance pages. If you haven't
accessed a Performance page since boot-up, the current Performance is the default
Performance.
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Disk

Other Patch Functions Command Exit
Several other functions that affect Patches Disk
are available through the Com menu on any of o
. opY
the Patch Edit pages. Delete
Initialize
The Disk function (Load, Save, Copy, Rename Partials
Delete, Util) is the same as in other modes and
is described in Chapters 3 and 9. When you Partial Map
Load a Patch, it loads in all subsidiary Partials Edit Partial
and Samples, unless you set the Target to .
Patch PRM, in which case it loads in only the Sampling

Copy

A Performance contains up to 32 Parts. In the default Performance, the first 16 Parts
are set to the 16 MIDI channels, respectively. Parts 17 through 32 are assigned to no
MIDI channel. So when you set the Parameter to Part 1, the S-770 will respond only to
data on MIDI Channel 1 (unless you’ve changed the MIDI assignment of Part 1 at the
Performance level — but of course you haven’t, because that’s in Chapter 8 and you
are reading this manual in order, aren’t you?). If you change the Select/MIDI in
parameter to some other value, the MIDI channel the S-770 will respond to will appear
in parentheses: e.g., “Part 6( 6)”. If you set it to a Part which has no MIDI Channel
assignment, you will hear no response at all.

Patch parameters, but not the Partials or the
Samples. This way an existing Patch can easily
be used as a template to organize a different set of Samples.

When you Save a Patch, any new Samples or Partials you have created get saved
with it. In addition, any old Samples or Partials that are subsidiary to the Patch will be
saved as new files if you have changed the name or the Volume ID since you loaded
in those files from disk (see Chapter 8). If you delete a Patch from disk, all subsidiary
Samples and Partials are deleted as well, unless they are being used in another Patch
and the Fast Delete Mode switch is Off.

Copy lets you make a duplicate of the Current Patch into another slot in RAM. This
allows you to make multiple clones of a Patch easily which can then be edited
individually, or to allow you to keep the original version of a patch safe while you edit
it. (The same function can be performed by changing the name of a Patch and then re-
loading the original version from disk into a different slot, but this is much quicker.)
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To make a copy of the Current Patch, choose a slot to copy into from the Copy
window.

The duplicate has two letters added to its name: the first copy will have “AA”
tacked onto the end; the second will have “AB”, etc. You can freely copy copies, and
the alphabetic progression will continue regardless of whether you are copying an
original or a copy.

If the slot you are copying into is occupied by another Patch, that Patch will be
deleted. If the slot is occupied by another copy of the Patch you are copying, the name
will not change — that is, a new suffix will not be assigned. Any of these copies can be
saved to disk, modified or unmodified.

Delete

The Delete function on the Com menu lets you select a Patch to remove from
RAM. It is useful when you want to clean up RAM prior to saving a Volume (Chapter
8). The Delete function only works on RAM — the files on disk are not changed unless
you go through the Disk function. If one or more Partials or Samples in the Patch are
shared by other Patches in RAM, they are not deleted when this operation is executed
(regardless of the setting of the Fast Delete Mode switch.)

As you pass the cursor over the names of the Patches in the Delete window
(without clicking the mouse), you can hear each one if you play the MIDI keyboard.
This can help you determine which Patch you want to lose.

Initialize

Initialize sets the current Patch to an initialized state: all Parameters are set to their
default values, and all Splits are cancelled. It does not remove any subsidiary files from
RAM, it simply erases their assignments as far as the current Patch is concerned. You
are given a warning window before the Initialization takes place.



102 ¢ Patches

Rename Partials

This function renames all of the Partials in the Current Patch to the same name as
the Patch, and adds a suffix. The lowest-placed Partial gets the suffix “AA”, the next
lowest “AB”, and so on. (If any suffixes are in use because of a previous Copy
operation on a Partial with the same name, the software will start assigning them with
the first one available.)

The main use for this function is when you need to create a new version of an
existing Patch in which the Partials are modified. Remember if a Partial belongs to
more than one Patch, editing it changes it for every Patch. So, for example, if you have
a fast-attack string Patch, and you want to create a slower-attack version without losing
the original, you can Copy the Patch, change its name, and then select Rename
Partials. Now you have a whole new set of Partials whose envelopes you can edit,
without affecting the envelopes of the Partials in the original Patch. This doesn’t use up
any additional RAM or disk space, because the Samples are unchanged.

Partial Map and Edit Partial — Moving on Down

These two commands let you move down to the Partial Edit level and work with
one or more Partials that are associated with the current Patch. Getting to the Partial
level this way (“Subsidiary mode”) is not exactly the same as getting to it from the
Sound menu, and there are certain extra features and restrictions that come into play.
They are discussed in detail in the next chapter. When you Exit the Partial level, you
will come back up to the Patch Edit level.

Sampling — All the Way Down

This command takes you down to the Sampling page, where you can record a new
Sample. There is one important difference between going to that page through the
Patch page and going there direct from the Sound menu: when you go through a Patch
page, as soon as you record a Sample, the software automatically creates a new Partial
and Patch with the same name as the Sample. More about this in Chapter 6.

The Part Map

The Part Map provides another way of viewing and adjusting many of the Patch
parameters — from another dimension, you might say — from within a Performance.
Rather than looking at a group of parameters for a single Patch, you get to look at the
settings for a single parameter on all Patches within a Performance, simultaneously.
The Part Map page is accessed at the Performance Play level. We will discuss this
more in Chapter 8.
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The next layer below Patches in the S-770's . .
operating system are Partials. A Partial consists of
between one and four Samples, along with
information about how they are to be played.
This includes level, tuning, pan position and
output assignment, velocity switching, LFO
(vibrato) action, and envelopes, both volume
(“TVA”) and filter (“TVF”). One or more Partials
are arranged across the MIDI note range to form a Patch, as we saw in the previous
chapter.

Partials are constructed and edited on the Edit Partial pages, of which there are
five. There are several ways to reach these Pages:

* select Edit Partial from the Sound menu,

* select Partial from the Index, and Partial Common from the subtopic window,

* select any of the possible topics in the Index that apply to the Partials pages (Amp,
Filter, LFO, Output, Panning, Pitch, Velocity) and then selecting the appropriate
subtopic (for example, Partial TVA) from the menu that appears,

* use a Jump page that has been
previously programmed (Jump
Page 3 in each set of the factory-
programmed Jumps is a Partial

Edit Partial Common

O Partial L@5:4Vox F#4
page), Edit Mode single
* or go through any of the Patch Sample K.F
[*101 1@5:Vox F#4 Norm
pages. You move from a Patch Notm
page by opening the Com menu, Nozm
. . . Norm
and then selecting Edit Partial. output Assign
When you call up a Partial page Partial Level
er Stereo MIX Level
from a Patch page, it’s in Panning
Subsidiary mode, and the Partial Coarse Tuning
. . Fine Tuning
page behaves a little differently, SMT Velocity Ctrl
which we will explain later in Used 1.6/Remaining @.3
this chapter. (The Jumps in fact

go through the Patch pages.)
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In addition, there is another set of pages for editing Partials called the Partial Map,
which we will also deal with later in the chapter.

When you Exit a Partials page, you will go back to the Page or window you came
from: either the Sound menu or the last selected Patch page.

Playing Partials from MIDI

The Partial pages normally respond to MIDI in Omni mode, so no matter what
channel your MIDI keyboard is transmitting on, the S~770 will respond (although this
is not necessarily true in Subsidiary mode, which we’ll get to at the end of the chapter).
The MIDI controller functions (LFO response, pitchbend range, etc.) are determined by
the settings made on the Edit Patch Ctrl page of the last Patch to be loaded or edited
or, if there has been no Patch loaded or edited since you booted up, the default
settings will be used (LFO-Pitch Depth under A.T set to 35 and under Mod set to 30;
all other parameter sensitivities set to 0; SMT Control Off; and Bend-Up and —-Down
both set to 2).

Let’s load a few Partials into RAM to help us understand the functions of the Edit
Partial pages. Go to the Disk Load page (through the Com menu), and set Target to
Partial (not Partial PRM). Then load the following Partials, in any order you like. Clear
Internal Memory before loading the first one, but not when loading subsequent ones:

L@2:String Pad m
LO5:4Vox F#4
LO7:FAT tom A
LO7:K snr center
LA7:Ride/cup

Basic Parameters

The first page, Edit Partial Common, is where the basic parameters for constructing
the Partial are set up. At the top of the page is the name of the current Partial — if you
are creating a Partial from scratch, this line will be blank. Next to it is a “Name” box:
click in this and the ASCII Keyboard window appears and you can rename the Partial.
The second line, Edit Mode, will normally be set to “Single”. At the bottom of the
screen, as on the Patch Common page, the Used parameter refers to the amount of
sample memory in the current Partial, while the Remaining parameter refers to
available memory in RAM.



Partials » 105

Remember that if you alter a Partial that is being used in more than one Patch, the
alterations will affect the Partial wherever it’s used. If you don’t want this to happen,
copy the altered Partial before you edit it (use the Copy function described at the end
of the chapter).

Putting Samples into the Partial

The lines labelled “1” through “4” are the four “slots” for Samples that can be
combined to form this Partial. Move the mouse or cursor keys so that the first line is
highlighted, and then use the mouse buttons or value wheel to scroll through the
available Samples, or click on the Select icon to the left of the Sample number to open
the Select window. Any of the Samples currently in RAM (that is, any Samples that
have been loaded in by themselves, or as part of another Partial, a Patch, a
Performance, or a Volume) will be available. The same Sample can appear in more
than one slot. To get an idea of how Partials use combinations of Samples, scroll
through the ones you've just loaded in.

Stereo Samples require two slots. You can enter the two halves of a stereo Sample
individually, but there is also a shortcut. Next to the Select icons for slots 1 and 3 is a
biue “[*]”. Putting the cursor on this and clicking the right mouse button scrolls the
Samples in RAM but ignores all the mono ones. Instead, it finds the next stereo
Sample, and enters its two halves into the chosen slot and the slot directly beneath it.
(It also does more than that, which we’ll get to in a moment.) We have a stereo Sample
in memory at the moment, so you can see this work: Fat Toms 1. Select 4Vox F#4 as
the Current Partial and click on the [*] next to slot 1. Fat toms 1—L gets entered in slot
1, and Fat toms 1—R goes into slot 2.

As with normal scrolling, clicking the left mouse selects the next lowest stereo
Sample in memory. Since at the moment there are no others to choose from, clicking
the left button will do nothing. (Since we will want to use this Partial again later in this
chapter, set Sample 1 back to Vox F#4 and Sample 2 to Off before going on.)

The number of Samples in a Partial determines the number of 5-770 “voices” that
will be used when the Partial — or a Patch containing the Partial — is played. The
$-770 has a limit of 24 simultaneous voices, and Partials with multiple Samples will
use those voices up more quickly than single-Sample Partials. However, as we shall
see, multiple-Sample Partials don’t always use all their voices all the time. (See also the
discussion of voice-stealing in the previous chapter under “Patch Priority”.)
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Tuning Individual Samples

Each Sample can then be tuned individually, relative to the overall Partial tuning.
C.T is coarse tuning, and has a range of £ 4 octaves in semitone increments, while F.T
is fine tuning, and has a range of *+ half a semitone (a quarter-tone), in increments of 1
cent (1/100th of a semitone). The entire Partial can also be tuned, using the Tuning
Parameters at the bottom of the screen, which we'll discuss in a moment.

This is the best place to tune a Sample that was recorded with an Original Key
parameter that does not reflect the Sample’s true pitch (we discussed this in the section
on Multisampling in the previous chapter). If the Parameter and the pitch don’t match,
then when you place the Sample (actually the Partial containing it) into a particular
keyboard range as part of a Patch Split, the pitches that sound will be different from the
notes you play. This can be corrected with these Parameters.

Toggle back and forth between 4Vox F#4 and String Pad m and look at the
differences in their tuning parameters. The Samples that make up both of these Partials
were recorded out of tune, and quite differently so, but by correcting them at this level,
they can be made to sound in tune. While in String Pad m, select Sample slot 2 and
click on the mouse buttons until the vocal Sample Vox F#4 appears. Now adjust the
C.T and F.T parameters until the two Samples sound in tune.

Another use of these Parameters is to create tuned layers within a Partial. For
example, you could load Vox F#4 into two slots, and then detune one slightly (set F.T
to 4) for a flanging or chorusing effect, or detune one by an octave (set C.T to 12) for a
dramatic doubling effect. (Remember that the Analog Feel parameter on the Patch
Common page randomly detunes each Sample in the Partial independently.)

Transposition Limits

Samples in the S—770 can only be transposed a total of two octaves above their
original pitch (three if they were recorded at a low rate), whether that transposition is
done by incoming MIDI data, or by a re-tuning of the sound at the Partial or Patch
level. If you try to transpose a note higher than that — for instance, if you try to play a
four-octave scale up from the original pitch — when you reach the two- or three-
octave limit, the note will continue to play, but the pitch will not go any higher.
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Therefore, if you layer two Samples in a Partial and one of them has been
transposed up by a large amount, when you play the Partial up the scale, at one point
the pitches will stop being an octave apart, and one of them will “freeze” while the
other continues to go up. This can be avoided by making sure the Split range (at the
Patch level) for that Partial doesn’t go so high that one of the Samples is being
transposed up more than the two- or three-octave limit.

f
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Changing the Scale

K.F, or Key Follow, lets you change the scale of the Sample relative to incoming
MIDI notes, by “stretching” or “shrinking” it. When K.F is set to Norm, the Sample
plays normally, i.e., moving a semitone up on the MIDI keyboard raises the Sample’s
pitch by a semitone. When it is set to one of the ratios, which range from 1/8 to 16/8,
the scale is changed by that ratio.

For example, if the ratio is 16/8, playing two keys a semitone apart will result in
two notes sounding a whole tone apart; playing two notes a minor third (three
semitones) apart will sound a diminished fifth (six semitones); and playing two notes
an octave apart will result in two notes two octaves apart. Going the other way, if the
ratio is 1/8, a semitone on the keyboard will result in a pitch change of only 1/16th-
tone, while a minor sixth (eight semitones) on the keyboard will sound a semitone. A
two-octave spread will sound a minor third. (You will notice that Norm is equivalent
to a ratio of “8/8".)



108 e Partials
(Orig Key = B_4)

Negative ratios are
allowed, which make the
pitch go down as you move
up the keyboard and vice
versa. The “zero point” — the
key which the ratios are
calculated from — is the Orig
Key set in the Sample itself
(see the next chapter). If the
Orig Key is G#5, playing G#5
will always result in the same
pitch, regardless of the K.F
setting (although it may not
actually be a G#, because of
the setting of the Tune
parameters). There is also an
Off position for this parameter,
which makes the Sample
always play back at the Orig
Key pitch regardless of which
key is being played. This is
useful for mapping drums and
other sounds that you may
want to use on more than one
key without having their pitch
change.
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The “spread scales” that result from various settings of the K.F ratio are good for
simulating non-Western ethnic music, or creating or modifying non-musical sound
effects. Try setting up 1/8 or 2/8 ratios on some of the drum sounds in RAM, or on the
vocal sounds for a Ligeti-like effect. When constructing a soundtrack, playing an
ambient sound on several keys pitched a fraction of a semitone apart can create a
thicker ambience, with varied loop times, without imparting any unwanted “pitchness”
to the sound.

Small K.F ratios are also useful when working with sounds which have an
“unpitched” and a “pitched” portion, like a breathy flute, a guitar with string-sliding
noises before the note, or a spoken word. By putting the different portions in different
layers in the Partial, and giving the “unpitched” portion (the breath, the slide, or the
consonant) a small K.F ratio, so it stays relatively constant in pitch as the rest of the
sound moves up the scale, you can make the sound much more natural.
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For a crude but effective example of this, go to an empty Partial, and put the
Sample Bass Str C5l (from the String Pad m Partial) into slot 1, and the Sample K snr 1
(from the K snr center Partial) into Slot 2. Set K.F on the snare Sample to 1/8, and C.T
to —14. Now play up and down the scale. The snare acts as a “chiff” to the string
sound, and changes in pitch with it, but the change is relatively quite small, and so it
still sounds like a drum.

Outputs and Levels

Output Assign lets you designate one of the six (or eight) numbered individual
audio outputs for this Partial. The Partial will appear at the stereo outputs as well, and
if this is set to Off, it will appear only at the stereo outputs. Individual outputs are very
useful for Patches that contain many different types of sounds, like drum sets. They
allow individual instruments to be processed and mixed by themselves. Notice that
FAT tom A and K snr center already have output assignments of 4 and 2, respectively,
so that when they are used in a patch, those sounds can be isolated.

A Partial which uses stereo Samples can only play those Samples in stereo using
the stereo outputs — when the Partial is played from a numbered output, it is in mono.
(However, you can force two numbered outputs to act as a stereo pair at the
Performance level — see Chapter 8.)

This parameter will be overridden by the Output Assign parameter on the Patch
Common page (in the previous chapter) and Performance Edit page (Chapter 8), unless
that Parameter is set to “P”.

Partial Level lets you set a general level for the Partial (from 0 to 127) as it appears
at all of the outputs (numbered and stereo) to which it is assigned.

Stereo Mix Level controls how much of the Partial will appear at the stereo outputs
(analog and digital), without affecting the numbered outputs. If you want the Partial to
appear at one of the numbered outputs and not at the stereo outputs, you would set
Output Assign to the numbered output, Partial Level to a high number, and Stereo
MIX Level to @.

Panning also refers to the stereo outputs only, and sets the pan position of the
Partial as a whole, from L 32 (hard left), to @ (center), to R 32 (hard right). The
individual Samples get Pan positions too, on the next page, SMT, and if the Samples
are set up with pan positions (for example, if they are halves of a stereo pair), this
control acts as a “bias”, moving the overall stereo image left or right, but not collapsing
it into mono.
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Other Parameters

Coarse Tuning and Fine Tuning (the ones in the lower half of the screen) adjust the
tuning of all of the Samples in the Partial simultaneously. They do not override the C.T
and F.T parameters for the individual Samples, but instead add to (or subtract from)
those settings.

SMT Velocity Ctrl enables the Sample Mix Table, which is on the next Page (and
coming right up) to be controlled by velocity. When it is Off, all four Samples will
maintain the same relative balance to each other, regardless of the velocity. However,
they can still be controlled by the SMT Ctrl set at the Patch level, described in the
previous chapter.

SMT

The Sample Mix Table (SMT) page allows you to balance the Samples that make up
the Partial in several different ways.

Panning and Level

S-770/01
As on the Common page, the Edit Partial SMT Com Exit
line of the Edit Partial SMT
top t Opartial L@7:Ride/cup Name l
page shows the name of the Edit Mode single
current Partial, and the first four Sample Pan Level
] [*]1 L L@7:ET Ride Rnd 127
lines below that show the names @ Lo7:Ride Cup Rnd 97
[*103 Of £ - @8 127
of the Samples. Ygu can select 04 off o 127
which Samples will be included vel Low Vel Hi Fade L Fade H
in the Partial on this page as well 1 110 2
111 127 2
as on the Common page; any 1 127 e
changes made here will appear 1 127 2
on the Common page and vice
versa.

The Pan parameter allows
each Sample to be located
spatially in the stereo outputs. The range is from hard left (L32) to center (&) to hard
right (R32). If you are using a stereo Sample, you would normally select the two halves
of the Sample (which bear the suffixes “-L” and “~R” in their names), and pan one to
L32 and the other to R32. FAT tom A is an example of this.
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This parameter can be influenced, and the stereo field for the Sample shifted one
way or the other, by the Panning parameters on the Partial Common and Patch
Common pages.

When you enter a stereo Sample into a Partial using the [*] function on either the
Common or SMT page, the Pan parameters of the two halves of the Sample are
automatically set to L32 and R32, respectively. After the Sample is entered, the Pan
settings can be changed, if you like.

Samples recorded in stereo are not the only Samples that can have stereo
characteristics. It’s quite possible to take two unrelated sounds and set them up on
opposite sides of the stereo field, or to take two identical sounds and, by changing one
slightly and panning them to opposite sides, “synthesize” a stereo sound. We'll get to
an example of this in a moment.

You can also create a stereo image from a single Sample using the three other
options for this Parameter. Rnd randomly places each individual note in the stereo
field as it sounds (Ride/cup uses this — each time you play the cymbal, it appears
somewhere else). Ky+ places the sound according to the MIDI note number, with
lower notes on the left and higher notes on the right. Ky- reverses the process, and
places the higher notes on the left and the lower notes on the right. Try either of these
last two on the Bass Str C51 Sample in String Pad m — it instantly turns it into a stereo
orchestra, with basses on one side and high violins on the other.

If you want to try something interesting, go back to the Partial Common page, and
put that same Bass Str C51 Sample into the first two slots. Set the C.T Parameter of both
Samples to -1, and set F.T of one to =50 and the other to —~48. Return to the SMT page,
and set Pan for one to Ky+ and the other to Ky-. You’ll end up with a marvelous
flanged string sound, most definitely in stereo, but without specific notes emanating
from particular locations.

The Level parameter (adjustable from 0 to 127) allows you to adjust the volume of
each Sample individually, so you can balance them.

Velocity Switching

The bottom half of the SMT page is used to set up velocity-based switches and
crossfades for the various Samples within the Patch. Velocity switching allows different
Samples to sound depending on how hard a MIDI key is hit. Ride/cup is an excellent
example of a velocity switch: notes with velocities of 110 and below sound the ride
cymbal edge, while notes with velocities of 111 and above sound the cymbal cup.
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Another use for a velocity switch would be a sax Sample: at lower velocities, you
use a mellow tone, while higher velocities call for a more strident sound. You can also
set up velocity switches so that more Sample layers are added as the velocity
increases, providing not only a louder sound, but also a brighter, thicker, or more
complex sound at higher velocities.

Each of the four Samples can be assigned a velocity range within which it will
respond. If a velocity level is received that is below the Vel Low level or above the Vel
Hi level for a particular Sample, that Sample will not sound. Note that this range does
not change the velocity response, it simply limits it. This means that regardless of
whether the Vel Low level for a Sample is 1 or 74, a MIDI note-on with a velocity of
75 will always play that Sample at the same volume. But if the Vel Low setting is 76, a
MIDI note-on with velocity 75 will make no sound at all.

The window at the bottom of the screen shows the velocity ranges of the four
Samples as horizontal lines, each three pixels high.

(If a Sample slot is “Off”, its line will be only one —

pixel high.) When you select any parameter relating —
to one of the four Samples (with the mouse or

cursor keys), the horizontal line corresponding to
that Sample will be highlighted in red. When you

[ S1 — Vel Low ]

move the mouse over one of the horizontal lines
themselves, it will be highlighted in yellow.
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The window also displays an arrow showing the velocity of the last MIDI note-on
received. As you play the keyboard and listen to the sounds, the arrow will jump
around. This can be a big help in determining how to set up your velocity range
values.

You can adjust the Vel Low and Vel Hi levels for each Sample by selecting the
individual parameter and incrementing or decrementing it with the mouse buttons or
the VALUE wheel. Or, you can do it graphically: move the mouse to one of the ends of
the horizontal lines, and click and hold the left mouse button. The line will turn red,
and the slot number of the Sample and the name of the parameter being adjusted (Vel
Low or Vel Hi) will appear at the bottom of the window (this is called the “Title” area).
Without letting go of the mouse button, drag the mouse left or right to decrease or
increase the value. The end of the line will move with you, and the numeric value of
the parameter you are adjusting will change as you drag the mouse.

Velocity fading

A transition between two velocity-switched Samples can be made smooth by
overlapping their velocity ranges. But for even more smoothness you can “fade” the
Samples into each other. An example of this is K snr center.

The Fade L(ow) parameter for each Sample in the Sample Mix Table sets a range of
velocities, above the Vel Low value, over which the sound will fade in as the velocity
increases. For example, look at the settings for Sample 2. The Vel Low parameter is 58
and the Fade L parameter is 17. This
means that an incoming note with a M ax——
velocity of 58 will sound that Sample at
minimum volume, and as the velocity
rises from 58 to 75 (58 + 17), the volume
will increase relatively sharply. At 76 and
above, the velocity response is linear (up
to 90, the Vel Hi limit). It could be said
that the Fade L parameter scales the
bottom of the velocity response curve for min |

Velocity

a particular Sample. 1 127

Volume

Vel Low Vel Hi Fade L. Fade H
58 90 17 []
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The Fade H(igh) parameter does a
similar thing with the Vel Hi parameter —
it sets a range of velocities over which the
volume of the Sample will decrease as the
velocity increases, with the Vel Hi
parameter as its upper limit, at which
point the volume will be at minimum.
Sample 3 illustrates this: Vel Hi is 122 and
Fade H is 11. Therefore, velocity response
will be linear upto 111 (122 — 11), and
then notes will get progressively softer as
the velocity increases to 122. When the
velocity is above 122, the Sample won't
sound at all.

max—-

min
Velocity ]
1 127

Vel Low Vel Hi Fade I., Fade H
[] 122 ] 11

The combination of limits and fades can give you very complex switching
algorithms. Also keep in mind that the SMT Ctrl that you selected at the Patch level
will also act on these functions, not by increasing or decreasing the actual velocities

(or the volumes), but by shifting the break
points of the switches up and down. (More
on this in a moment.)

You can adjust the Fade L and Fade H
parameters by selecting them and then
pressing the mouse buttons or turning the
VALUE wheel. Notice that when you set a
Fade parameter, the middle portion of the
horizontal line representing the Sample you
are working on (i.e., the second vertical
pixel) moves away from the end of the line,
creating an “open” line, showing the extent
of the Fade.

max— P4

Vld
Pld

\ ,l"’“""."ﬂ‘{’:
N

Vel Low Vel Hi Fade I. Fade H
1 0 100 0 55
2 55 127 20 0
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You can also adjust the Fade parameters graphically: use the mouse to locate one
of the ends of the fade line (that is, where the middle portion of the line ends), and
then click and hold the right mouse button, and, without letting go, click and hold the
left button. If you do this correctly, the number of the Sample and “Fade L” or “Fade
H” will appear in the Title at the bottom of the window, and you can then drag the
mouse to extend or shorten the fade line. Note that you cannot extend the fade line
past either end of the overall velocity line, nor can you shrink the line so it is smaller
than one pixel.

When you enter a stereo Sample into a Partial using the [*] function on either the
Common or SMT page, the Vel and Fade parameters of the right half of the Sample will
automatically be set to the same values as the left half. If you like, you can change any
of these values afterwards.

Other SMT controls

As we saw in the previous chapter, The Sample Mix Table can also be operated in
real time (before or after a note has been played) by a MIDI controller, such as
Pitchbend, Modulation Wheel, or Aftertouch. Therefore, a certain velocity value may
cause one Sample to sound, and then by applying aftertouch to the key, a different
Sample fades in. The SMT controller doesn’t replace the velocity data operating the
SMT, but adds to or subtracts from that data, to the degree determined by the SMT Ctrl
Sens parameter on the Edit Patch Ctrl page.



116 ¢ Partials

TVF

Mode Index Mark s-779/21

Edit Partial TVF

TVF stands for Time Variant

Oprartial L@5:4Vox F#4

Filter. It determines how the Edit Mode single
timbre of the Partial will change Filter Mode LPF Envelope
. . Cutoff Freq 31 -TVF Depth
over time, by bOOStmg or -Key Follow 13 -Vel Sens
attenuating certain frequencies. Resonance 20 -Pitch Depth
. ) Vel-Curve 2 Time
The filter has two main parts: the -C.Sens @ —vel Sens
Parameters defining the filter KF Point . C—; 3 ‘sz Follow
itself, and the envelope to Time 2 100 72 115

Level 4@ 127 44 [}

control how the filter changes
over time. The Parameters on
this page can also influence the
pitch of the Partial as it plays.

The Parameters

Filter Mode can be set to Low-Pass (LPF) which cuts off high frequencies, and is the
most common mode; Band-Pass (BPF) which accentuates a narrow band of
frequencies; or High-Pass (HPF), which cuts off low frequencies. It can also be turned
Off, which renders everything else on the page meaningless.

Level

Frequency —p»

Low-Pass High-Pass Band-Pass

Note: If you are not using the filters on a Partial then it is best to leave this Parameter
Off (rather than disable them in some other way), because the S-770 responds slightly
faster when you do this.

Cutoff Freq controls the frequency that the filter’s action will take place at — the
“knee” of the filter, or when the mode is Band-pass, the center point of the filter’s
action. Higher numbers are higher frequencies.
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Key Follow determines W“W“W]—ml—m“ﬂ
whether the Cutoff Frequency is
going to be constant over the KF Point f
entire keyboard range, or \ T
whether it will change with
changing incoming MIDI notes

(this is sometimes called a Mode = LPF
“tracking filter”). At 0, the Cutoff Cutoff Freq Key Follow

Frequency will be constant
across the keyboard range. At
positive values, the Cutoff

Frequency will rise as the MIDI

note goes up, and the higher the Cutoff Freq Key Follow = -63
parameter, the steeper the rise.

At negative values, the Cutoff Frequency will go down as the MIDI note goes up, 5o
that higher notes contain fewer high frequencies. The range is -63 to +63. The
“median” point for the filter — that is, the note at which this Parameter has no effect —
is determined by the KF Point at the bottom of the column.

63

Key Follow can help to make a sampled sound more “natural” — on a real
instrument, high notes usually have more high-frequency partials than low notes.
Proper use of this filter can extend the good-sounding range of a Sample. Listen to
4Vox F#4 (which, after all, contains only one Sample) over several octaves to see how
well this can work.

Another important use is to eliminate any high-frequency noise that might have
been recorded with the original Sample when transposing it down by a large interval.
Any noise that is present in the original Sample will be transposed down as well, and
can sound very ugly. (Although because the S-770 uses constant sample-rate playback
and differential interpolation, aliasing noise will not be a problem.) By using a Low-
Pass Filter whose Cutoff Frequency goes down with the pitch, the noise can be
eliminated easily.
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Resonance refers to the depth, or Filter Mode = LPF
“Q", of the filter action. Low Filter Mode = LPF Resonance = 80
Resonance = 30
numbers mean the filter will be
relatively subtle and broad, while Level
higher numbers mean the filter will
be sharper. As with an analog
synthesizer, when the Resonance T Frequeny —p '

value reaches a certain point, the
filter goes into self-oscillation, Filter Mode = BPF Filter Mode = BPF

producing a tone whose pitch will Resonance = 30 Feronane® ™
vary with the Cutoff frequency and
the filter envelope. N

Vel-Curve and C.Sens will be
discussed in a moment.

Envelope has three parameters, all of which have a range of 63 to +63:

TVF Depth determines how much the cutoff frequency of the filter will respond to
the envelope described at the bottom of the screen. At 0, the filter will remain at a
constant frequency and the envelope
will have no effect. As you increase

TVF Depth =
the value of the parameter, the cutoff 63
frequency of the filter will change Cutoff
more with the rising and falling of the  Freq
0

envelope. At negative values, the 20
cutoff frequency will respond to the A/\ 40
envelope “upside-down”: as the 63
envelope rises, the cutoff frequency Time >

will fall, and vice versa. If you use

negative values in a Low-Pass or Band-Pass filter, you should use a high Cutoff Freq,
or you might find everything filtered out.

Vel Sens determines how the filter envelope responds (if at all) to MIDI velocity. At
high values of the parameter, high incoming MIDI velocities will make the cutoff
frequency more sensitive to the envelope — which means if you hit the note harder,
the filter envelope action becomes stronger. At negative values, the effect of Envelope
will be inverted and low velocities will flatten out the envelope, so that as you hit the
note softer, the filter action becomes less strong, and hard notes will produce the most
change in the filter. A value of 0 means that velocity will have no effect on the filter.
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Vel Sens is influenced by Vel-Curve and C.Sens, on the left side of the screen:

Vel-Curve selects from one of four velocity curves which are illustrated below.
Curve 1 is a constant value, so that changes in velocity don‘t affect the filter at all (like
setting Vel Sens to @). Curve 2 is linear, meaning that velocity changes cause filter
changes proportionately throughout the velocity range. Curve 3 curves downward, so
that velocity changes at low velocities affect the filter less than those at high velocities.
Curve 4 curves upward, so that low-range velocity changes will affect the filter more
than high-range ones.

C.Sens, which stands for Curve Sensitivity, is set up the same way as Vel Sens, and
determines how much, and in which direction, the cutoff frequency will respond to
velocity changes. It is not redundant, however, because it is a common parameter for
both the Envelope Vel Sens and the Time Vel Sens, described next.

S 63
ensg =
frequency
1 1 1
T 127 T '
MIDI Input velocity
Sens = 0O
m Sens = —-63

The separate Vel Sens parameters for Envelope and Time mean they can operate
independently: setting C.Sens to a positive value and Envelope Vel Sens to a positive
value will cause the cutoff frequency to increase with velocity, while at the same time
if you set Time Vel Sens to a negative value, it will cause the envelope to slow down
as the velocity increases. Admittedly, this can all get very complicated, but some day
you’ll thank us for allowing this degree of flexibility.
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Time has two parameters, both of which range from —-63 to + 63:

Vel Sens expands or contracts the filter envelope in time, according to incoming
MIDI velocities. With a positive setting, higher note velocities will cause the filter
envelope to act faster, opening or closing in a shorter period of time, while lower note
velocities will stretch the envelope out, causing it to open or close more slowly.
Negative settings will produce the opposite effect. This parameter is affected by the
Vel-Curve and C.Sens parameters.

Key Follow expands or contracts the filter envelope in time according to incoming
MIDI note numbers (don‘t confuse it with the frequency-affecting Key Follow
described earlier). With a positive setting, higher notes will cause the filter envelope to
act faster, while lower notes will stretch the envelope out, and negative settings will
produce the opposite effect. The “median” point, that is, the note which always plays
the envelope at its normal rate, is determined by the KF Point parameter.

KF Point \
Cutoff
Freq

Time —e—pp»

Time Key Follow =

V\%\Vﬁ\

Time Key Follow = -63

Pitch Depth has aimost nothing to do with the filter, but uses the TVF envelope to
effect a pitch change in the Partial as it plays. At O there will be no pitch change. At
positive values, the pitch change will follow the envelope. As the value increases, the
pitch change becomes more pronounced. At negative values, the pitch will follow the
envelope upside-down, rising as it falls and vice versa. The pitch change is affected by
velocity, but it does follow any changes in the speed of the envelope dictated by the
Time Vel Sens and Key Follow parameters. If the Filter Mode is Off, there is no pitch
change.

The maximum pitch change upwards (when this parameter is 63 and the envelope
level is 127) is two octaves, while the maximum pitch change downwards (when this
parameter is -63) is four octaves. Version 1.0 users note that this is quite different from
the previous version, in which the maximum shift both up and down was one-half
octave. If you are using Partials created with Version 1.0 software that use this
parameter, you will have to reset it.
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The Envelope
The envelope changes the Cutoff Freq over time, giving the sound timbral

“motion”. String Pad m has a simple TVF envelope, while 4Vox F#4 has a complex
one. (The percussive sounds have envelopes that simply open and close with the note-

on and -off.)
High
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The envelope itself is a standard five-segment Attack/Decay1, 2/Sustain/Release
envelope, and a graphic representation of it appears in the window at the bottom of
the screen. (The TVF envelope is in white — the dark blue lines behind it are the TVA,
coming up soon.) Time for each segment ranges from 0 (essentially instantaneous) to
127 (up to about 2 minutes). Level for each segment ranges from 0 to 127.

The envelope starts at the level specified under Level 4 when you press the MIDI
key (Level 4 and Level “zero” are always the same). During the period specified by
Time 1 (the Attack), it rises or falls to the level specified by Level 1. It then immediately
goes to Level 2, in the period specified by Time 2 (the Decay 1), and then to Level 3 in
the period specified by Time 3 (the Decay 2). It holds at this level until the key (or
Sustain pedal, if it’s in use) is released — a short green line will appear at the right of
the square and a vertical green line will appear below it and to the right, reminding
you that this is the Sustain level (unless Level 3 is 0). When the key is released, it goes
to Level 4 in Time 4 (the Release). Like most ADSR envelopes, if the key is released
before the envelope has time to play all the way through, it proceeds to the Release
segment (4) immediately.
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The envelope parameters can be changed by moving the cursor to the desired
parameter and clicking the left and right mouse buttons or moving the VALUE wheel.
They can also be adjusted graphically: use the mouse to grab one of the little blue
squares in the graphic representation of the envelope, press the left button and hold it,
and then drag it up or down, left or right. The segments affected by the move will turn
red, and the parameters being adjusted (Time and Level for the appropriate segment)
will change as the mouse moves.

Note that the square at the far left, the initial level, can only be moved vertically,
and it controls only Level 4. The square at the far right can be moved in any direction
and controls both Time 4 and Level 4. These two squares must always be at the same
vertical position, and so moving one of them moves the other.

The default TVF envelope has the Time 1, 4 parameter set
to O, the Time 2, 3 set to 10 and the Level parameters set to
127 (except Level 4), which means that when you start with a
new TVF you will have three blue squares right on top of

each other. If you want to adjust the envelope graphically,
click on the square and drag it to the left or right, up or
down. If you adjust the parameters numerically, the squares
will sort themselves out.

You've probably noticed another envelope lurking in dark blue behind the TVF
envelope. This is the TVA envelope, which will be discussed next. The two envelopes
are always shown together. This can help prevent a situation in which you are
gleefully designing a complex filter envelope but somehow it doesn’t seem to affect the
sound at all, because you've inadvertently made all the filter action take place long
after the TVA envelope has shut off the sound. For example, if you were to extend the
decay, sustain, and/or release segments of the TVF envelope on one of the percussion
Partials, it wouldn’t do much.

Note, however, that the diagrams only approximate the real envelope values —
because the envelopes can be changed so significantly by velocity and note number,
two envelopes that appear similar in length on the screen may end up being very
different lengths when you actually play them.
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TVA

TVA stands for Time Variant Amplifier, and is the volume envelope for the Partial,
determining how the loudness of the sound will respond to MIDI velocities and notes,
and how that loudness will change over time. The parameters all behave similarly to
their counterparts on the TVF page.

The Parameters 8-770/01

Edit Partial TVA

Vel-Curve uses one of the four Opartial = 1@5:4Vox F#4

] . Edit Mode Single
velocity curves to determine how
th I ( d th f th Vel-Curve 2 Key Follow

e envelope (and therefore the o Sens 5 Time
overall volume of the Partial) will KF Point €4  -Vel Sens
L. . ~Key Follow

respond to changes in incoming
MIDI velocity. Curve 1 is a constant 1 2 3 4
value, so that changes in velocity Time = 38 60 127 79

Level 127 72 120 @

don‘t affect the volume at all, and
the Partial always sounds at the
same level. Curve 2 is linear,

meaning that velocity changes
cause proportional volume changes
throughout the velocity range.
Curve 3 curves downward, so that differences in velocity at low velocities affect the
volume less than those at high velocities, and curve 4 curves upward, so that low-
range velocity changes do more to change the volume than high-range ones.

C.Sens determines directly how the volume will respond to velocity. At -63, there
will be no change in volume with changes in velocity. At higher values, volume will
be dependent on velocity. At 0, the volume will respond to velocity as described at
Vel-Curve.

Key Follow determines whether the volume of the Partial will be consistent over
the entire keyboard range, or whether it will change with changing MIDI notes. At 0,
the level will be constant. At positive values, higher incoming MIDI notes will play the
Partial louder. At negative values, higher incoming MIDI notes will play the Partial
softer. The note at which the volume doesn’t change regardless of this setting is
determined by the KF Point parameter (which, by the way, is independent of the KF
Point in the filter envelope).
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Time has two parameters:

Key Follow expands or contracts the envelope in time according to incoming MIDI
note numbers. With a positive setting, higher notes will cause the envelope to act
faster, while lower notes will stretch the envelope out, and negative settings will
produce the opposite effect. The “origin” point, that is, the note which plays the
envelope at its normal rate, is determined by the KF Point parameter.

Vel Sens expands or contracts the volume envelope in time according to incoming
MIDI velocities. With a positive setting, higher note velocities will cause the envelope
to act faster, opening or closing in a shorter period of time, while lower note velocities
will stretch the envelope out, causing it to open or close more slowly. Negative
settings will produce the opposite effect.

S |H\HH A

Time Key Follow =

bW\

Time Key Follow = -63

The Envelope

The envelope parameters for the TVA are adjusted the same way as the parameters
for the TVF, either numerically or graphically. One major difference, however, is that
Level 4 (Release level) must always be @ — if it were some other value, the envelope
would never shut down and the note would go on forever! This parameter is colored
yellow to remind you it's unchangeable. Therefore, the last blue square can only be
moved horizontally

(Time 4), and the ﬁrst Levell
blue square cannot be L\ gevers
moved at all. Similar to Level2

Volume

the TVF page, the TVF
envelope appears in
dark blue behind the
TVA envelope. - : s |

Timel Time2 Time3 Timed

Leveld=0

{Sustain)

Note-On Note-Off
Time -
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Here’s a hint for when you're playing with TVAs and the S-770 seems to get stuck:
If you set Time 4 on a TVA to a high value and play some notes, the notes may go on
for a very long time, even if you change the Time 4 value afterwards (changes in
envelope parameters only apply to notes played after you make the change). The
screen action, including the movement of the cursor, may slow down considerably, to
the point of seeming to stop, as the S-770 gives priority to the sound. Don’t panic. Just
press the EXIT button on the S-770 front panel or the RC-100. When everything settles
down and shuts up, select where you want to go and resume your work.

Using the Templates

Programming filter and volume envelopes from scratch can be complicated, so the
S-770 software includes several factory Templates to help get you started. These
Templates give you complete TVF and TVA setups, which you can then tweak to suit
your needs. You also have the ability to create your own Templates, from Partials
whose TVF and TVA parameters you might find yourself using often.

The Templates are accessed
from the Com menu on any of the Template

Exit
Edit Partial pages. Select Template,

v <Preset> Get]
and the Template window opens. orgen ph
To choose a factory Template (the Piano — -

" " Brass / Wind —_ -

ones under the word “<Preset>"), Compress e -
. H . . Percussion Long —— L]
click on its name. The window will Porcussion Short -
close, and you will be back on the Velocity String — -
. . Velocity Perc. _— -
Edit Partial page you came from, TVF Sweep Up/Dwn  —— -
with the Template’s TVA and TVF TVE Sweep Down *

settings imposed on the current
Partial. (Although you can select a
Template from any of the pages, the
only pages it will affect are TVF and TVA.)

You create a Template for the “<User Set>" by taking the TVF and TVA envelopes
from the Current Partial and telling the S-770 to memorize them. After you open the
Template window, click on the blue arrow under the word “<Get>" which
corresponds to the user slot you would like this Template to be in. You can use any of
the 10 slots you like, but obviously if there is a Template already in that slot, it will be
replaced. The name of the Template will be the same as the Current Partial.

To use one of the Templates in the User Set, simply click on its name. If you click
on an “empty” slot, the Current Partial will become “Organ”. If you change your mind
and don’t want to use any template, click on Exit.
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You can’t edit a User Set Template, but you can replace it by the same procedure:
load and/or select the Partial whose envelopes you want to use, and enter it using the
<Get> arrow. Changing the parameters of the Current Partial after you’ve created a
Template , or deleting it from memory or even from disk, will not affect the Template.

The Templates stored in the User Set are made permanent with the “Save System”
operation, like the Jump pages. If you don’t do this before the end of your session, the
Templates will be lost (or revert to their former state) when you turn off the power.
Save System is available from the Index.

The factory Templates, and what they do, are as follows. Except for the last two, the
TVF is disabled (Filter Mode set to Off), but the TVF page is given an envelope
identical to the TVA page.

¢ Organ. Immediate Attack, maximum Sustain level, and immediate Release.

* Piano. Immediate Attack, moderately fast Decay, moderately slow Sustain to 0, but
fast Release for “damping” on Note-Off .

* Brass/Wind. A smooth envelope. Slow Attack and Decay, with Decay Level higher
than Attack Level. Moderately fast Sustain to fairly high level, followed by
moderately fast Release.

* Compress. Simulates the action of a fast limiter, and adds “punch” to a sound.
Immediate Attack and Decay at highest level, then very fast Sustain to a moderately
low level. Fast release.

* Percussion Long. Immediate Attack and Decay at highest level, then slow Sustain to
0. Release same as Sustain.

* Percussion Short. Same as above, but Sustain and Release faster.

* Velocity String. Relatively slow Attack and Release, immediate Decay and Sustain at
highest level. Near-maximum velocity sensing enabled, using Curve 2.

¢ Velocity Perc. Faster Attack and slower Release than above, Sustain level 0, Sustain
time equal to Release time. Maximum velocity sensing enabled, using Curve 2.

* TVF Sweep Up/Dwn. For those spacey “analog” sounds. TVF has moderately slow
Attack from O to full level, followed immediately by moderately slow Sustain back
down to 0. Release is slightly faster than Sustain. Filter is Low-Pass, with medium
Cutoff Frequency and Resonance. TVA has immediate Attack to full level, full Sustain
level. Release the same as TVF.

* TVF Sweep Down. For “analog” sounds, and also useful for damping a bright loop
over time. TVF has immediate Attack from O to full level, followed immediately by
moderately slow Sustain down to 0. Release is slightly faster than Sustain. Filter is the
same as above, and TVA is the same as above.
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Remember there is no “Recover” or “Undo” function available, so if you have
created a Partial you really like, save it on disk before sticking a Template on it. Once
you've done that, try the factory Templates on all sorts of sounds, and see what you
come up with. Even short Samples with no Sustain loops (discussed in the next
chapter) can have interesting things done to them with the Templates (try, for example,
TVF Sweep Up/Dwn on Ride/cup).

LFO Mode Index Mark s-770/@1

Edit Partial LFO

; (Orartial 185:4Vox Fi#4 Name
One more thing you can doto a mdit Mode Single

Partial is apply vibrato of various
kinds using a Low-Frequency

Oscillator. This is done on the Edit vave Form
Partial LFO page. Vibrato can be -Detune

. . N . Delay
applied to a Partial’s pitch, to its -Key Follow

TVF, and/or to its TVA. Koy Syme

Pitch Mod Depth
TVF Mod Depth

Parameters TVA  Mod Depth

The LFO parameters are set at
the top of the screen:

Wave Form lets you select among several waves for the LFO: Sin(e), Tri(angle),
Saw(tooth) Up, Saw(tooth) D(o)wn, Square, Random, B(e)nd Up (a non-repeating bend
which starts below the note and slides up to it), and B(e)nd D(o)wn (which starts above
the note and slides down to it).

[\ ﬂ \ J sin l\l\ Saw Dwn ﬁ Bnd Up
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Rate controls the basic speed of the LFO. It can be set from 0 (which is not Off, but
is very slow) to 127.
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Detune is a randomizer for the Rate parameter. It will change the LFO rate
somewhat with each new Note-On, so that each note as it plays has a slightly different
vibrato speed. (Allow the author a personal observation here: this is an incredibly neat
feature for doing realistic orchestral simulations.) The value of the parameter (from 0 to
127) determines the overall spread of the randomization: at low values, the vibrato
speed differences between subsequent notes will be very subtle, almost like a phasing
effect. At the highest values, the difference in vibrato speed from one note to another
will vary as much as 100%, that is, one note may have vibrato twice as fast as another.

To hear this in effect, select 4Vox F#4 and crank the Detune parameter up to 127.
Move down to TVF Mod Depth and set it to about 39 (yes, we know we're getting
ahead of ourselves here). Play a chord and hold it. You'll hear a wah-wah vibrato
effect that goes at a different speed for each note.

Delay sets a period of time after a note

starts before the LFO begins to affect it. At 0 Delay (\
. , po-—---- ’ f\j\/\
there is no delay, and the vibrato starts \ K
immediately. At the maximum value, 127, the

delay is about 22 seconds. Note-On

Key Follow determines whether the MIDI Note-On number will have an effect on
the Delay. At 0, all MIDI notes will have the same delay. As the value is increased (the
maximum is 63), higher MIDI notes will have progressively shorter delays.

Key Sync determines whether the vibrato waveform will start in the same place for
every Note-On. If it is On, then the vibrato for every note will begin at the same point
in the LFO waveform. If it is Off, the starting point of the vibrato waveform for each
note will be different.

A chord gives us a good illustration of how this works. Set Rate to 48, Detune to 0,
and Pitch Mod Depth (there we go again!) to 45. If this parameter is On, then all the
notes in the chord will move in parallel. If it is Off, the vibrato for each note in the
chord will start in a different place, and will move against each other in various phase
combinations.
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The LFO Assignments

What the LFO actually does to the sound is determined at the bottom of the screen.
The LFO can be applied, in any combination, to:
e the Partial’s pitch (Pitch Mod Depth);
e the TVF, periodically raising or lowering the filter Cutoff Frequency as the TVF
envelope progresses (TVF Mod Depth); or
* the TVA, periodically raising and lowering the volume as the TVA envelope
progresses (TVA Mod Depth).

If the LFO waveform is Bend Up or Bend Down, then the effect of the LFO on the
pitch, TVA, or TVF is not periodic, but is a single occurrence.

Original TVA

Wave Form
= Saw Up

TVA Mod Depth
= 30

Wave Form
= Square

TVA Mod Depth
= 63

-

The Depth parameters have a range of -63 to +63. Negative values apply the
waveform with its phase reversed.
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Editing Partials through the Patch page

As mentioned in Chapter 3, the Edit Partial pages behave slightly differently when
you enter them through a Patch page’s Com menu (in Subsidiary mode), instead of the
Sound menu or the Index. There are four main points to be aware of.

To illustrate, let’s load in a complex Patch. From the Disk Load page, select Patch
as the Target, and load L@7:0rch. Toys. When the file is loaded, go to a Patch page,
not a Partial page, open the Com menu and select Edit Partial. When the Edit Partial
page opens (whichever one it is), its name will appear with “stars” around it, indicating
that you are in this special mode.

*Edit Partial LFO*

1) Restricted access to Partials

First of all, the Partials you will be able to select for editing will be limited to only
those Partials that are subsidiary files of the Patch that you came from, even if there are
other Partials already in RAM. If you scroll the Current Partial line at the top of the
page, you will only be able to scroll to those Partials that are in the current Patch. If
you click on the Select box, the names of the Partials you can access will appear in the
Select window in white, while those you can’t access will be colored purple. You will
not be able to select “Blank” to be the Current Partial either.

You can load a new Sample from disk and put it into one of the Patch’s Partials,
and you can even load a new Partial from disk, and put the Samples it contains into
one of the Patch’s Partials. But you cannot access the newly loaded Partial itself,
because that Partial is not a subsidiary of the Patch.

This restriction, however, does not apply if you are working with a brand-new
Patch, to which no Partials have been assigned. In that case, all Partials are accessible.

2) Automatic Partial Switching

The second difference is that if the Patch contains a Split, the Split will remain
active while you are on the Partial page. As you play notes on your MIDI keyboard,
you will hear the different Partials, and the display will also change to show which
Partial is sounding.

This makes it easy to keep track of which Partials are assigned to which notes, and
how they sound in the proper context. However, it also means you have to be careful

not to hit a wrong MIDI key while editing, or you may end up editing the wrong
Partial.
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3) Not Omni Mode

The S-770 will no longer necessarily respond to incoming MID! data on all
channels. Instead, it will respond only to MIDI signals on the channel selected in the
Patch page that you came from. If the Select/MIDI in parameter is set to Omni On,
that will be all channels. If it is set to an individual Part, then the unit will only respond
on the MIDI channel corresponding to that Part.

In addition, if you are editing a Partial from a Performance, any range restrictions or
fades imposed on the Part by that Performance will be in effect (see Chapter 8).

4) Global Editing

Finally, when editing a Partial from within a Patch, you may choose to have the
changes that you make affect all of the Partials in the Patch simultaneously. This is
done by selecting the word “Single” on the Edit Mode line and clicking the right
mouse button once. It will change to “Global”. Now any changes that you make in
any Parameter on any of the Partial pages will change that particular Parameter for all
of the Partials in the patch at the same time. This includes Samples — if you change
the Sample in any one of the four slots in a Partial, all of the Partials in the Patch will
now have that Sample occupying that slot. This switch is inactive if the current Patch
has only one Partial assigned to it.

While this feature is not of great value in mapped Patches like this one, it can be a
convenience when dealing with multisampled Patches. Global editing of envelopes,
for example, makes it much faster to get consistent response over the entire keyboard
range for a Patch that uses several Samples.

If you want a parameter change to affect only one Partial, click the left mouse
button to change Global back to Single, and now any changes will only affect the
Current Partial.

The Partial Map
Another way to edit Partials from within a Patch is to use a special set of pages

called the Partial Map, which are accessible only through one of the Patch pages.
We'll discuss the Partial Map momentarily.
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Other Partial Functions (the Com menu)

Disk

Copy

Delete

Several other functions that affect Partials are available through the Com menu on
any of the Partial Edit pages.

The Disk function (Load, Save, Copy, Delete, Util) is the same as in other modes
and is described in Chapters 3 and 9. When you Load a Partial, it loads in all
subsidiary Samples, unless you set the Target to Partial PRM, in which case only the
Partial’s Parameters are loaded. This way an existing Partial can easily be used as a
template to organize a different set of Samples.

When you Save a Partial, any new Samples you have created get saved with it. In
addition, any old Samples that are subsidiary to the Partial will be saved as new files if
you have changed the Volume 1D since you loaded in those Samples from disk (see
Chapter 8). If you Delete a Partial from disk, all subsidiary Samples are deleted as well,
unless they are being used in another Partial and the Fast Delete Mode switch is Off.

Copy, as in the Patch mode, lets you make a duplicate of a Partial into another slot
in RAM so that you can keep the original version safe while you edit. To make a copy
of the Current Partial, choose a slot to copy into from the Copy window.

The duplicate has two letters added to its name: the first copy will have “AA”
tacked onto the end; the second will have “AB”, etc. You can freely copy copies, and
the alphabetic progression will continue regardless of whether you are copying an
original or a copy.

If the slot you are copying into is occupied by another Partial, that Partial will be
deleted. If the slot is occupied by another copy of the Partial you are copying, the
name will not change — that is, a new suffix will not be assigned. Any of these copies
can be saved to disk, modified or unmodified.

As with Patches, the Delete function on the Com menu lets you select a Partial to
remove from RAM. The Delete function only works on RAM — the files on disk are
not changed unless you go through the Disk function.
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As you pass the cursor over the names of the Partials in the Delete window
(without clicking the mouse), you can hear each one if you play the MIDI keyboard.
This can help you determine which Partial you want to lose. If you are editing Partials
through a Patch, the Partials belonging to the current Patch will be displayed in white,
while all others will be in purple. You can delete any of them, however.

Down and Down: Moving to the Sample Level

The last three commands let you move down to the Sample Edit level and work
with one or more Samples, similar to the way you can move to the Partials function
directly from a Patch page. One major difference, however, is that your access to
Samples in RAM is not restricted to those Samples that are subsidiary to the Partial
you're coming from — the Sample pages always behave the same way no matter how
you get to them. More on this in the next chapter. When you Exit the Sample level,
you will come back up to the Partial Edit level.

Edit Sample1 moves you to the first set of sample pages, and Edit Sample2 moves
you to the second, advanced set. Sampling moves you directly to the Sampling page
(the first page of the Edit Sample1 level). When you go to the Sampling page from a
Partial page, what happens is similar to what happens when you go from a Patch page:
the page is labelled Sampling from partial, and when you record a Sample, the
software automatically creates a new Partial with the same name that you've given the
Sample. This happens whether you select Sampling from the Com menu, or you select
Edit Sample1 from the Com menu and then move to the Sampling page.

When you exit any Sampling page, you will go back to the Partial page you came
from.
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The Partial Map

The Partial Map provides you with an alternative view — from another dimension,
some might say — of the parameters for the Partials in a Patch. Instead of showing you
groups of parameters on an individual Partial basis, Partial Map lets you look at only
one parameter at a time, but you can see how that parameter is set in many Partials
simultaneously.

The Partial Map can be accessed only from a Patch page, by opening the Com
menu and selecting Partial Map.

There are three Partial Map Mode  .ndex ~—Mark 5-770/01
pages, and they differ only in the Partial Map Page 2 Exi
pitch range that they show you. Opatch L@7:Ethnic Perc Name
The first page, A @~, shows the Select/MIDI in  Omni On{**)

Parameter TVF Cutoff Freq
notes from A@ (MIDI note CH2: ——  CH3: :
number 21 decimal) to C4, a total g%-gf : = 127
of three octaves plus four E_2:

semitones. The other two pages
show you a four-octave range
starting from either C#2 or C#4.

Select the patch you want to
look at just as if you were in a Partial
Patch page, and select the [1L7 : Dumbek 1
appropriate Part number and
MIDI channel to receive on.
{Notice that, unlike the Edit Partial pages, you can change the name of the Patch on
these pages, but not the name of a Partial.) On the line labelled Parameter, use the left
and right mouse buttons to scroll among all of the parameters found on the Partial
Common, TVF, TVA, and LFO page (except the parameters on the Common and SMT
pages that deal with individual Samples): they start with Output Assign from the
Common page, include all of the envelopes and other TVF and TVA settings, and end
with LFO TVA Mod Depth from the LFO page.
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not assigned to

any Spli?region_> C#_::%. 127
127
127
127
127
127
127
127
127
127

C 4: 127

separate regions

separate regions

not assigned to any Split region

When you select a parameter, the display shows the current setting of that
parameter for each note on the screen. Names of notes that are not assigned in the
current Patch are displayed in black. Names of notes that are assigned are in yellow.
However, different split regions adjacent to each other (which will be the case most of
the time), the notes in one of the two regions will be displayed in reverse video (blue
on yellow). All contiguous notes in a split region will be in the same color, either
normal or reverse — for example, if a region ends at C4 and a new region begins at
C#4 and extends to D#4, C4 will be displayed normally, and all of the notes C#4 to
D#4 will be in reverse video.

Move the mouse over the parameter value next to the note, and use the mouse
buttons (or VALUE wheel) to raise or lower the parameter. The values for all other
notes that are assigned to the same Partial will change at the same time. Also, the
name of the Partial whose values you are adjusting will appear at the bottom of the
screen under the word Partial.

If you're not sure which note names correspond to which MIDI keys, at any time
you can play one or more notes on your MIDI keyboard, and a red arrow will appear
next to each note you play.

When you are done with a Partial Map, you must go back to the Patch page you
came from by clicking Exit. (The Partial Map pages have no Com menu.) You can then
go to the other Partial Edit pages if you like. Any changes made on the Partial Map
page will of course be visible on the other Partial Edit pages as well.
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and Looping

Chapter 63
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Up to now, we’ve been working with
Samples already recorded on the S-770’s hard
disk. Of course, besides the sample-manipulation features we’ve been exploring, the
S-770 has extensive sample recording and editing facilities. In this chapter we will
discuss how to record samples and also how to loop them. Looping is usually a non-
destructive technique that preserves all of the original sample data. In the next chapter
we will discuss more sophisticated editing functions, which change the sample data.

Samples are recorded and edited using the two Edit Sample functions. The Sample1
functions fit onto five Pages. They can be reached by a wide variety of ways, and each
route has its own specific destination:

* Select Edit Sample1 from the Sound menu, and you will go to the Sample1 page you
were on the last time you were at this level. If this is the first time you are entering
this function, you will go to the Loop1 page.

* From a Patch page, open the Com menu and select Sampling, and you will go to the
Sampling page.

¢ From any of the Partial pages, open the Com menu and select Sampling, and you
will go to the Sampling page. Select Edit Sample1, and you will go to the Loop1

page.
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Note: Going to a Sample page through a Patch or Partial page places no
restrictions on the Samples that can be worked with, but when you record a Sample
after coming through a Partial or Patch page, it automatically creates a Partial and (if
you came through a Patch page) a Patch with the same name as the Sample. We'll
discuss the ramifications of this later in this chapter.

e Use a Jump page. The fourth Pages in the two Jump sets are factory programmed for

Edit Sample1 Pages. Or program one yourself.

* From the Index, under the Sound category, a
number of Topics and Subtopics will lead you
to Samplel pages. Look at the “Index of the
Index” (Appendix) of this manual for a
complete list.

When you Exit a Sample1 page, you will go
back to either the Sound menu, if you came
from there or the Index, or else the Patch or
Partial page you came from.

The Sample2 functions have their own
menu, which contains seven items. Each of
these items, in turn, has one, two, or three

Edit Sample2 Menu Exit !

Loop2

Patchwork
Digital Filter
Comp/Expand
Time Stretch

Rate Converter

Wave Draw

pages. To get to the Edit Sample2 menu, there are again several paths:

¢ Select Edit Sample2 from the Sound menu.

* From any of the Partial pages, open the Com menu and select Edit Sample2.

* Use a Jump page to go to a Sample2 page that you have programmed.

e From the Index, under the Sound category, a number of Topics and Subtopics will
lead you to Sample2 pages. See Appendix for a complete list.

When you leave a Sample2 page, you will always go to the Sample2 Menu.
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Recordlng a Samp|e Mode Index Mark S-770/01
The first page of the Sempling Com Fxit

Samplel function, Smpling, [sample - 12 Name

is used for recording Mode Stereo Input Analog

Samples. Before you record Orig Key C_4 Type Auto
Freqg(kHz) 44.1 Trigger Level

a Sample, you must select a Pime (sec) 'Y Threshold 2

slot for the Sample, name Pre-Trig .80 Monitor Off

it, and set the Parameters Normalize Off Digital ATT --

. . Remaining 2.5

on this page according to

how you want to record. Ready Please set Name

After that is done, start the '

sample recording process LEVEL [sJeeeeccccscccsccss

by clicking the Ready

switch.

To keep this simple,
let’s look at recording a
Sample all by itself, not in the context of a Partial or Patch. To take the most direct
path to the Sampling page, open the Sound menu, select Edit Sample1, and go to the
Smpling page by clicking on its name at the lower-left corner of the screen.

Setting the Parameters
Selecting the Slot and Naming

The first thing to do is decide where you want to put the Sample. Select a slot by
scrolling in the Current Sample line at the top of the screen, or using the Select icon. If
you already have sounds in RAM, one or more Sample slots will already be occupied.
If you select one of those slots to record in, the Sample already in it will be erased. If
you don’t want this to happen, select a blank slot, either by scrolling with the right
mouse button until a slot appears that has no name, only a slot number, or by opening
the Select window and clicking on Blank.

Now click on the Name box and open the ASCII Keyboard window to name your
new Sample. The S-770 will not let you record a Sample without a name. If the name
happens to be identical to a Sample already in RAM, the software will warn you of
this. If you insist on going ahead, the Current Sample slot will jump to the slot con-
taining the Sample that already has that name, and you will be forced to record over it.
This is to avoid a situation in which two Samples with the same name exist in RAM.
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Mode: Mono or Stereo

The next decision you must make is whether you want to sample a mono source or
a stereo one. Stereo Samples, obviously, take up twice as much memory as mono
ones. Stereo Samples are actually two mono Samples that are manipulated together.
They can be easily split into individual mono Samples, and in some cases recombined
— see “Working with Stereo Samples” later in this chapter.

Stereo Samples, by the way, have special suffixes on their names, but don’t
worry about that quite yet.

Original Key

Freq

This will determine the “base” note for your sample. It defaults to C_4, which is
normally Middle C (MIDI note 60 decimal). If you are sampling a sound whose actual
pitch is F#5, you would normally assign its original key to F#5 so that when you play it
back, it is in tune with other samples and other instruments.

This is especially important when you are Multisampling, that is, using several
Samples of an instrument taken at different pitches to cover a wide range of notes
without “munchkinization” (see the section on Splits in Chapter 4). By setting the Orig
Key of each Sample to the pitch of the actual sound, it will be much easier to keep
track of the Samples, and you will need to make fewer adjustments when you
assemble them in a Patch.

If you are recording a sound that you want to map later to a specific MIDI key, like
an individual drum or a sound effect, you can assign that key here. This setting can be
overridden at the Partial level (and if you turn off Key Follow on the Partial, this
Parameter is essentially irrelevant), but you can avoid some possible confusion by
setting it up correctly here. It can also be reset on some of the sample editing pages, if
you need to adjust it after it's been recorded.

This selects the sampling frequency, which when you first turn on the S-770 will be
settable to either 44.1 kHz or 22.05 kHz. The higher frequency gives the best quality.
The lower frequency will still give good quality on sounds without too much treble
content, and will allow you to store twice as much sound in RAM or on disk.
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Time

You can also sample at a rate of 48 kHz, as well as its double-length partner, 24
kHz, which is most useful when sampling directly from a DAT player or other 48-kHz
digital source. Enable the 48 kHz rate with the Master Freq parameter on Page 2 of the
System Parameters (see Chapter 9). Within a Partial or Patch, samples recorded at
different rates can be mixed freely. A Sample’s rate can also be changed after the fact
with the Rate Convert feature — see Chapter 7.

If you are sampling a signal through the digital input, the Freq must be the same as
(or exactly half of) the sampling rate of the incoming digital signal, or else you will get
a “Digital Unlock” error message, and you won't be able to sample. Check the Master
Freq parameter if you get this message. Most digital tape decks work at 48 kHz, while
CD players work at 44.1 kHz. (You will also get this message if the COAXIAL/OPTICAL
switch on the rear panel — we’ll discuss this in a moment — is set incorrectly, or if
there are problems with the input signal.)

Samples that are loaded from an S-550/S-330/W-30 disk will have a sampling rate
of 30 kHz. Even though you can’t get the S-770 to sample at 30 kHz, these Samples
can be treated like any others. We mention this so you don’t get confused when you
encounter one of these.

This reserves a specified amount of RAM for your sample. It can be set anywhere
from 0.1 second (0.2 second at the slower sampling rates), up to the maximum time
currently available in RAM. Set it so you have a comfortable margin of error — if you
know a sound is 2 seconds long, give it 2.5 seconds of RAM. You will not waste any
memory by setting this too high, because you can always truncate the sample
afterwards (see the next chapter), and whatever memory you cut is then put back into
the available RAM.

In Chapter 3, we mentioned that time-length Parameters in the S-770 are usually
displayed referenced to a 44.1 kHz sampling rate, so that accurate and consistent
comparisons can be made between sizes of files. The Time Parameter and the
Remaining parameter at the bottom of the column, however, don't follow this rule.
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On this Page only, the times are shown referenced to the current (that is, full-speed
or half-speed) sampling rate. This is to allow you to set up a specific amount of
memory for the Sample you are recording without going through a lot of mental
calculations in case you’re using a sampling rate other than 44.1 kHz. Once you leave
the Smpling page after the Sample is recorded, any Remaining Parameter you see will
be referenced to 44.1 kHz. (The Resampling function, discussed in the next chapter,
also has this Parameter referenced to the current sampling rate, but let’s not get ahead
of ourselves.)

if the Remaining parameter is 4.9, you will not be able to record a Sample. You
will also see a message in red in the middle of the screen that says “Wave Memory
full”. If this is the case, you will have to remove one or more Sampies from RAM. Use
the Delete function from the Com menu — see later in this chapter for details.

One more thing about the Remaining parameter: if the line at the top of the screen
is showing a Sample (as opposed to an empty slot), the software assumes that you want
to record over this Sample, and so adds its length to the available memory. Therefore,
the parameter will change as you change the current Sample.

Choosing Inputs

You have a choice of four different sets of inputs for your input signal, two analog
and two digital.

Analog

If you are sampling an analog signal, set the Input parameter to Analog. The front-
panel inputs are for unbalanced sources, and the rear-panel inputs are for balanced
ones. Each has its own input pad (SENS), which work independently. You can use only
one analog input to a given channel at a time — inserting a plug into one of the front-
panel jacks disconnects that channel’s rear-panel jack.

If you are sampling in mono, use only the jack (balanced or unbalanced) marked
“LIMONO)” — the “R” jacks are disabled when Mode is set to Mono.

Adjust the SENS control for the input you are using to get a good level. If it is too
low, you won’t be able to get a reading on the level meter on the screen. If it is too
high, the peak indicators on the front panel next to the SENS control (labelled “HEAD
AMP”) will light. These indicators are before the “REC LEVEL” control, and indicate
possible distortion at the preamp stage — it is okay for them to flash occasionally, but
more than that shows clipping.
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Monitor the level of the incoming signal using the graphic display at the bottom of
the page (if you're sampling in stereo, there will be a double display), and adjust the
front-panel REC LEVEL knob(s) for a good reading. The signal should make the boxes in
the display jump as far as possible to the right without activating the last box on the
right, which will show red. To aid in monitoring the input level, the display has a
“peak-hold” function in which the loudest level is displayed for about a second after
the level has dropped off. If the level is too loud or too soft for the REC LEVEL knobs to
deal with, change it either with the SENS control associated with the inputs you are
using (front or rear), or with the output level control of the device producing the signal.

Digital

The two sets of digital audio inputs are on the rear panel. They are enabled by
setting the Input parameter to Digital. These inputs are designed to accept AES/EBU
digital signals, as generated by CD and tape players with digital outputs, digital
consoles, and processors such as the Roland E-660 equalizer and R-880 reverb. You
can use either the coaxial digital audio jacks or the optical ones, and you must set the
switch directly below the jacks on the rear panel accordingly.

The digital input jacks both receive two channels — the AES/EBU standard does
not use separate inputs for the left and right channels. If you wish to record only one
channel of a digital input signal, set Mode to Mono and use the Input parameter to
specify which channel to sample: Digital L or Digital R.

The SENSitivity and REC LEVEL controls have no effect on the digital inputs, but you
can adjust the incoming digital level using the Digital ATT parameter, which allows
the signal to be cut =3 or —6 dB, or boosted +3 dB.

Triggering

You have several choices of how to get the sample recording process started. These
choices are selected by the Type, Trigger, and Threshold parameters. Remember that
the sample recording process won't actually start until you click the “Ready” switch, so
feel free to experiment with the different Parameters.
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Automatic Triggering

When Auto is selected for Type, the S-770 will start recording when it receives a
particular signal. The type of signal it’s looking for is determined by the Trigger
parameter.

If Level is selected for Trigger, then the S-770 will start recording when an audio
signal exceeding the Threshold level is received. The Threshold is adjustable in units
from O (recording will start immediately even if no signal is present) to 127 (a very high
level is necessary). As the Threshold is adjusted, an arrow appears in the “Level”
window on the screen, showing the position of the Threshold setting, relative to the
level of the incoming signal. Any input signal that shows up to the right of the arrow
will start the recording, while if the signal stays to the left of the arrow, the recording
will not start. Once recording starts, it keeps going until the time allotted in the Time
parameter is used up, even if the signal drops below the Threshold level.

Input signal resulting sample

d TN

LEVEL E...Q...O.....O...

Threshold

Time

Selecting MIDI means recording will start when a MIDI note-on (but not a
controller or program change) command is received by the S-770. The S-770 is in
MIDI Omni mode when the Sample pages are showing, so any MIDI channel will
work for a trigger.

Selecting Pedal means recording will start when a footswitch which is plugged into
the “FOOT SWITCH” jack on the front panel is pressed. The footswitch should be a
normally-closed, single-pole type, like the Roland DP-2.
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Manual Triggering

Setting Type to Manual means that the S-770 will start recording only when the
Start switch on the Sampling Execute page appears. This page will appear after you've
clicked Ready.

Setting Type to Prev(ious) means that the sampler is always “listening” to the

incoming audio signal and storing it in a circular buffer, which is constantly being
cleared and refilled. The size of the circular buffer is determined by the Time
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1-Way is a special quick sampling mode that processes the sample faster than other
modes, so that you don’t have to wait after recording to hear it. It can be triggered from
level, MIDI, or foot pedal. You can use it when you are recording a series of similar
samples, one right after another. However, you cannot set up a Pre-trigger buffer
(coming up) with this mode.



Sampling 1: Recording and Looping ¢ 145

Other Parameters

Pre-trig sets up a buffer that will hold a small amount of sound prior to the actual
recording. It is used with level-threshold triggering to make sure that the transient at
the very beginning of a sound does not get cut off when the level threshold opens. It is
calibrated in 1/100ths of a second. You can be generous with this Parameter — if you
end up with extra space at the beginning of the Sample after it is recorded, cutting it off
is easy (see Truncate in the next chapter).

Input signal Sample without Pre-trig Sample with Pre-trig

..munﬂ“ ”\Hmlllllll\lllnumn.

Threshold

"""" ..1M\|“ i

Pre-trig

Normalize automatically normalizes the sample — that is, brings its overall volume
up to the highest level possible without distortion — right after it is recorded. You can
also normalize a sample after the fact, using the Normalize page (see next chapter).

Monitor, when switched On, means that the analog input signal to the S-770
appears at the Stereo analog audio outputs and the front-panel PHONES output. Turn
this on when sampling electronic sources, and turn it off when sampling with
microphones, to prevent feedback. This switch has no effect on the digital outputs:
they always carry the signal at the digital inputs when you are on the Smpling page.
However, you can’t monitor the digital input at the analog outputs. Normally, the
individual outputs never carry any input signal, but when the S-770 is in 8outs mode
(see Chapter 9), the monitor signal does appear at the Stereo analog and PHONES
outputs.

A hint: If you are using the digital inputs to sample a CD and you would like to
monitor the sound through the PHONES jack, send an analog signal from the CD player
to the analog inputs in addition to the digital signal, and turn Monitor on. The analog
signal will come through the headphones, but will not be sampled.
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Doing the deed

Enough preparation already! When the Parameters are all set the way you want,
and you have assigned a name to the new Sample, click on Ready. There will be a
brief pause while the S-770 allocates the amount of RAM you specified for the sample
(if you reserved a lot of RAM, this pause may be a few seconds long). In addition, the
fan on the hard disk will stop spinning, to assure as much silence in the room as
possible. (You can defeat this with the Fan Control parameter — see Chapter 9.)

Now the Sampling execute

window appears. The Type, Sampling execute
Trigger, Threshold, Monitor, and
. . Type Auto
Length settings are displayed at Trigger Level
Threshold 1
the top of the screen, and you. can Moni tor of £
change them (except Length) if Length (sec) .1
you like. The “level meter” box is [start | | cance1 |

at the bottom. There will also be
some indication of what kind of
triggering you’re using in the box:
a threshold arrow, the word
"MIDI”, or the word “pedal”.

HLEVEL El.......‘..‘.‘....

To “arm” the sampler — that
is, have it start listening for its
trigger, or if the Type is Manual, have it start to record — click on Start. If you chicken
out, click on Cancel, and you will go back to the Smpling page.

Warning: don't stay in this window too long with the fan off, or you may damage
the S-770. If you're not going to record the Sample right away, click on Cancel. Come
back here when you’re ready.

As you are recording, the red vertical “thermometer” next to the Level window will
fill up, as the memory you have reserved (in the Time parameter) fills up.

When the thermometer reaches the top, there is a pause. (This pause can be fairly
long if the Sample is long; using the 1-Way mode will eliminate the pause.) Then the
Sampling Over window appears, containing six switches and a graphic picture of the
sample. The numbers above the graphic show the sampling rate, the length in seconds,
and the length in samples. You can play the Sample from your MIDI keyboard (the
S-770 will be in Omni mode) to see how it sounds, and decide what you want to do
with it. (The “(ALL)” at the bottom doesn’t mean anything.)
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If something goes wrong during the recording, or if the sound ends before memory
is filled up, you can cut off the recording any time after you click on Start by clicking
either mouse button or pressing the EXIT button. This takes you right to the Sampling
over window.

Listening to the Results

Play the MIDI key named in
the Orig Key parameter to hear

the Sample just as it was Sample stest
Remaining @.5

Sampling over

recorded. Play up and down the
keyboard to hear how it sounds
transposed. You can go up two [ wext | [ Retzy | | Ena |
octaves (three if you’re sampling
at half speed), or down any | Loop | | Trun } ] Norm I
distance. You can play notes

above the top of that range, but
the sound won't go any higher.

If you are sampling an
instrument that you want to use
over a wide keyboard range, this
is a good time to determine how far you can transpose it in either direction before it
starts to sound strange, so you can get an idea of how many more Samples you will
need to take to create a good Multisample, and at what intervals.

The switches in the Sampling Over window work as follows:

Next stores the Sample and takes you back to the Sampling page, so that you can
record another sample, after choosing a slot, and setting the name and Parameters.

Retry takes you back to the Sampling page without storing the sample, and leaves
the Parameters and name undisturbed. Click on Ready to do it again.

End stores the sample and takes you back to the Sound menu, where you can put
the Sample into a Partial.

The other three switches take you directly to the various sample-editing pages at
this level. Loop is discussed shortly; Trun and Norm are discussed in the next chapter.
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Recording Samples from a Partial or Patch

When you record a Sample from within a Partial or Patch, not only do you create a
new Sample, you also create a new Partial or Patch. This feature is designed to help
make Patch and Partial construction much faster.

From a Partial page, you can get to the Sampling page by opening the Com menu
and either selecting Sampling, or selecting Edit Sample1 and then going to the
Sampling page from the Loop1 page. When the Sampling page is open, its name
appears with *'s around it, indicating it’s operating in Subsidiary mode. Now when
you create a new Sample on this page, you also automatically create a new Partial
with the same name.

Recall that if you try to name a new Sample with a name that’s already in use, or
record over an existing Sample, the software warns you that the old Sample will be
erased. Here, the same thing happens: if a Partial with the name you are about to give
the Sample already exists, you will be warned when you click on Ready that the old
Partial will be replaced with the new. If the Sample you are erasing is used in an
existing Partial (with or without the same name), the screen will say in red “Same
Name Found in Partial”, and will warn you a second time when you click on Ready.

When you finish recording the Sample, and click End in the Sampling Over
window, instead of going to the Sound menu, you will go directly to the Edit Partial
page you came from. The new Sample will be loaded into slot 1 of the Partial (or slots
1 and 2 if the Sample is stereo). All of the parameters for the new Partial will be set to
default values.

Similarly, you can create a new Sample from within a Patch by opening the Com
menu on a Patch page and selecting Sampling. When you create the Sample, it also
creates a new Partial and a new Patch, all with the same name. If either a Partial or
Patch already exists with that name, it will be overwritten, after the appropriate
warnings.

When you finish recording the Sample, you will go back to the Edit Patch page you
came from. The new Sample will be loaded into slot 1 (or 1 and 2) of the Partial, and
the new Partial will be assigned to cover the entire keyboard range of the Patch. All of
the parameters for the new Partial and Patch will be default values. (If you get to the
sampling page from a Patch page through one of the Edit Partial pages, instead of
directly from the Patch page’s Com menu, a new Patch is not created — only a new
Partial.)
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Recording Samples from a Performance

You can also record a Sample
from a Performance Play Page.
Opening the Com menu and
selecting Resample2 opens a
special version of the Sampling
Page, called Performance
Resampling. This Page works the
same way as Sampling, but is
simpler: recording can only be
triggered by a MIDI note-on (on
any channel), and monitoring is
not available. Automatic
normalization, however, is
available.
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The Input Parameter has two new choices: Internal L and Int R. These are used for
resampling complex multi-channel sounds, and will be discussed in the section on

resampling in the next chapter.

After the Sample is recorded, the Performance Resampling over page allows you to
Retry the recording, go on to the Next Sample you want to record, or End the
procedure and go back to the Performance Play page you came from. There is also a
graphic window for adjusting loop points, which is identical to the window on the Edit
Loop1 Page (coming up). You can’t hear any loops on this page, so you're much better
off going to the Loop page to make those adjustments. You can, however, change the
beginning and end of the Sample and those adjustments are audible.

When you record a Sample on this Page, a Partial and Patch with the same name
are created as well. Back on the Peformance Play page, you can immediately put this
new Patch into a siot in the current Performance.

Other Sampling Functions

Before we go on to editing, we need to look at several other functions that affect
Samples, which are available through the Com menu on any of the Sample Edit1 or 2

pages.

The Disk functions are the same as in other modes and are described in Chapters 3

and 9.
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As with Partials and Patches, the Delete function removes the currently selected
Sample from RAM. It is useful when you need to free up RAM for recording, editing, or
loading more Samples. The Delete function only works on RAM — the files on disk are
not changed unless you go through the Disk menu. You can hear each Sample in the
Delete window by passing the cursor over it (but not clicking the mouse).

Copy, as in the other modes, lets you make a duplicate of the Current Sample and
place it elsewhere in RAM. Select the Current Sample in any Edit page, then open up
the Com menu and click Copy. In the window that opens, choose an empty slot to
place the copy. The new version has an “—N" suffix attached to its name. If the
Sample is stereo, both halves will be automatically copied into two slots (even if the
Edit Mode on the page is set to Mono), and one half will appear with “~NL” and the
other with “~NR" .

Copying a Sample uses up RAM, unlike copying a Partial or a Patch. If Internal
Memory is close to full and you try to copy a Sample that won't fit the remaining RAM,
you will get a “Can’t Execute” error message.

You can save a copied Sample to disk (complete with suffix) without changing its
name. You might usually be better off, however, giving it a more informative name to
differentiate it from its older version. You cannot, however, copy a Sample with an -N
suffix; if you want to make a copy of a copy, you must rename the first copy. You also
cannot record a Sample with a name that is aready is use with the =N suffix, even if the
original Sample that was used to create the =N copy is gone. Here’s an example: you
have a Sample called L@1:PianoC#, and you Copy it so that a new Sample
LO1:PianoC# -N is created. Then you Delete LO1:PianoC#. You cannot now record a
new Sample called L@1:PianoC# until you rename L@ 1:PianoC# -N.

Working with Stereo Samples

A stereo Sample actually consists of two mono Samples, which have the same
names, except that one ends in the suffix “~L” and the other in “~R”. Once they are set
up as a stereo Sample, they can be linked throughout the Sample-editing process. Each
editing page has an Edit Mode parameter, and as long as it is set to Stereo, then
anything you do on one side of the Sample — setting a loop, changing the name,
truncating, or smoothing — will automatically apply to the other side as well. When
you play a MIDI key to hear a stereo Sample when one side of it is showing on the
screen, you will hear the other side as well. The sound comes out of the stereo outputs,
analog and digital, with each Sample playing on the audio channel it was recorded on.
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Note that this link only is in effect on the Sample editing pages, and when you use
the “[*]” switches on the Partial pages to load the Sample into a Partial. Otherwise,
when stereo Samples are put into a Partial, or more importantly, loaded from or saved
to disk, they must be handled individually as two separate Samples.

Once you switch the Edit Mode on any Sample editing page to Mono, the links
between the two Samples are temporarily broken, and they are treated as two mono
Samples. However, you can re-establish the link any time by setting Edit Mode back to
Stereo, as long as you haven’t done any destructive editing or changed the name of
either of the Samples. (If you have, you won't be able to change the Edit Mode
parameter.)

Converting Mono Samples to Stereo

If you have edited one or both halves of a stereo sample, you can still re-combine
the two mono Samples {or for that matter, any two mono Samples that are the same
length) into a stereo Sample, using the “Set Stereo” function from the Com menu.

Open the Com menu and select Set Stereo. A window will open asking you which
two Samples you wish to combine, Source 1 and Source 2. After you select them, you
can assign a new name to the resulting stereo sample by clicking in the Name box.
The two halves will have this new name, plus the -L and -R suffixes. If you don't
assign a new name, the new stereo pair will have the same name as the Source 1
sample, plus the suffixes. Click on the Execute switch, and the two Samples will be re-
named and linked.

When combining two Samples in this way, both Samples must be in RAM, and be
of identical lengths. (But they don’t have to have the same sampling rate or original
key.) Therefore, if you have truncated one of the halves of the original stereo Sample,
you must truncate the other half by exactly the same amount before you can re-
combine them. Loop settings, however, can be maintained separately, so you could
end up with two halves of a stereo Sample that have very different loops. We'll discuss
the implications of this later in the chapter.

Converting Stereo Samples to Mono

You can also convert one side of a stereo Sample into a mono one. Open the Com
menu, and select Set Mono. In the Source parameter line, select the Sample you want
to convert. Again you will be asked for a name for the new Sample you're creating,
and the default will be the name of the Source sample, without any channel suffix. If
you have already converted one side of the Sample without changing the name, then if
you try to convert the other side without changing the name, you will get an error
message.
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Click Execute and the operation is done. The old version is gone, and the new
version has no channel suffix and no link to another Sample. Incidentally, you can
perform essentially the same task by changing the Edit Mode on the Sample to Mono,
and then saving it under a new name.

You can mix the two sides of a stereo Sample into a single mono one using the
Resampling function, described in the next chapter.

Editing Samples

Remember that when editing Samples, one Sample may be used in two or more
different Partials, Patches, or Performances, and if you alter it, you alter it for all of its
uses. If you are working on a Sample that you are using in a particular context and
don’t want to change it in its other contexts, give it a new name and save it to disk.

Playing Samples while editing

The Edit Sample pages always respond to MIDI in Omni mode, so no matter what
channel your MIDI keyboard is transmitting on, the S-770 will respond. The MIDI
controller functions (LFO response, pitchbend range, etc.) are determined by the
settings made on the Edit Patch Ctrl page of the last Patch to be loaded or edited, or if
there has been no Patch loaded or edited since boot-up, the default settings will be
used.

You can also listen to a Sample (or any other file) by pressing the SOUND PLAY
button on the front panel. This is the equivalent of striking a particular MIDI key at a
particular velocity. Holding the button is the same as holding the key. The identity of
the key and the velocity value are set on System Parameter Pagel — see Chapter 9.

Looping

Often when a sampled sound is being used, all that’s needed is for it to play
through directly from the beginning to the end — which is known as “one-shot”
playback. But there are many musical circumstances in which it is desirable to sustain
a sampled sound for a longer period of time than simple one-shot playback will allow.

For example, if you wanted to play a horn note and hold it for ten seconds, you
would need a ten-second horn Sample. You would therefore need to have available
Samples that are long enough to accommodate the longest possible duration anyone
would ever want, and this would create impossible demands on memory and storage.
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To avoid this, a section

of the Sample, where the — Simple playback
sound is relatively stable
and unchanging, can be
“looped”. Now when a key
is struck and held, the
Sample plays from the D)
beginning and through the
looped area, and then

D>

Playback with
Sustain Loop

when it reaches the end of f - T . Playback with Sustain
the loop, it starts again at 3 S %I~  andReleaseLoops
the beginning of the loop. i

The loop repeats as long as T

the key is held down. The Note-Off

sound can change while

the loop is playing, if the Partial containing the Sample has a TVA, TVF, or LFO that
makes it change, but the loop itself (known as the Sustain loop) repeats unaltered until
the key is released.

At or after that point, often a second loop, known as the Release loop, may start,
and it plays or repeats until the volume envelope (TVA) fades it out.

Loop editing in the
. . Edit S le Loopl Com Exit
S-770 is a non-destructive b4 4 T
. 1 : t
process — the entire Sample [Sample tes
being looped is always Loop Mode  Forward
maintained intact in RAM and Edit Mode Mono
nta cti KeyOn Mode Start
on disk, regardless of the loop Length Lock Off

Disp Type Loop

settings. However, since the Edit Step

loop points are saved on disk
as part of the Sample, if you
make major changes in a loop
and also want to keep your
original version, you should
copy the Sample to a new slot
before working on it.

The Sustain and Release
loops are set up on the Edit Sample Loop1 and Edit Sample Loop2 pages. Let’s look at
Loop1 first.

The top line of the page lets you select which Sample to work on, either by scrol-
ling the parameter or clicking on the Select icon. You can also rename the Sample.
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Loop Mode

Loop Mode is a very important Parameter. It determines how the Sample and its
loop(s) are going to be played, both while you are on this page and when the Sample
gets “kicked upstairs” into a Partial.

* Forward means the Sample will play from the beginning, go through the Sustain loop
and repeat while the key is held down. At the Partial level, when the key is released, it
will fade out, still repeating, according to the Partial TVA’s release time. The TVA is
not in effect, however, when you are working on this and the other Edit Sample pages,
so you won't hear this fade unless you go up to the Partial level. Here, the sound will
simply stop when you release the key.

* Fwd+R is the same, except that when the key is released, it finishes the current
iteration of the Sustain loop, and then plays the next part of the Sample after the
Sustain loop. When the Release loop is reached, it starts to play, and it repeats for as
long as the Partial TVA's release time lets it. Again, since the TVA is not in effect, you
won't be able to hear this. You will be able to hear the Release loop, however, if you
change the KeyOn Mode, which we’ll discuss in a moment.

* OneShot plays through the sample once, from the very beginning to the end of the
Sustain loop, without repeating.

* Fwd+One plays from the beginning, repeats the Sustain loop until the key is
released, finishes the loop, and then plays the rest of the sample and the Release loop
one time only (if the TVA release time allows).

* Alt plays from the beginning and repeats the Sustain loop, with each alternate
iteration of the loop being backwards -— so that the loop plays alternatively forward,
backward, forward, backward, etc. — until the key is released. This gives the effect of
a loop that’s twice as long.

* Rev One plays the sample once, backwards, from the end of the Sustain loop to the
very beginning.

* Rev sets up a new loop, which extends backwards from the beginning of the Sustain
loop point to the beginning of the sample. It then plays the sample backwards, starting
from the end of the original Sustain loop, and when it reaches the beginning of the
loop, it repeats the new loop, also backwards, until the key is released.

The Loop Modes are shown graphically on the next page.
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KeyOn Mode

KeyOn Mode determines what happens when you strike a MIDI key while you are
working on the Sample. (Remember that the S-770 is in MIDI Omni mode when
editing Samples.) It is only applicable to the Edit Sample pages, and has no effect on
what happens to the Sample when it is used in a Partial.

e Start means that the Sample will start playing from the beginning, and play through
the end of the Sustain loop. The Release loop will not sound.

* Loop means it will start playing from the beginning of the Sustain loop and play
through the loop’s end. The Release loop will not sound.

¢ R-Loop means it will start playing from the beginning of the Release loop and play
through the end of the Release loop. This is the only way to hear the Release loop

while you are on any of the Edit Sample pages.

* R-End lets you hear what remains of the sample after the end of the Release loop —
in other words, what is being left out at the end.

KeyOn Mode:
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Other Parameters

Edit Mode, as explained earlier, determines whether you will edit both sides of a
stereo Sample simultaneously (Stereo) or one channel at a time (Mono). If the Sample
is mono, this Parameter will always be Mono. We'll talk more about looping stereo
samples at the end of this section.

Length Lock we'll get to in a minute. Leave it Off for now.

Display Type is discussed below under “Using the Waveform display”. Most of the
time you will want this to be set to “Loop”.

Edit Step lets you set how much the Start, Loop, R-Loop, and End Parameters in the
right-hand column will change when you select them and click the mouse buttons or
move the VALUE wheel. It is adjustable in powers of 10, from 1 to 10000. High values
are used for coarse adjustments, and low values for fine adjustments. Note that the
RC-100’s numeric keypad is not affected by this setting, and is therefore particularly
useful for entering exact values for the various Parameters in this column.

X-Zoom and Y-Zoom X-Zoom x4
control the magnification of the Y-Zoom x64
graphic Waveform display at
the bottom of the screen. X-
Zoom controls the horizontal
magnification, and Y-Zoom the
vertical. Set to their lowest
value (x1), these controls let
you see an entire Sample. Loop / Loop
Increasing the value of X-Zoom
makes it easier to edit loop points, which we’ll discuss in detail in the section on the
Waveform display. Increasing the value of Y-Zoom can help in the editing process
when the signal level at a loop point is low. (If you set the Y value too high, the sample
will appear to “clip” at the top and bottom of the display, but actually the sound is not
affected.)

Both Parameters can be set to x1, x4, x16, x64, and Max. (If the sample is short,
X-Zoom settings of x64 and Max will give the same display.) When X-Zoom is x1 the
Y-Zoom setting has no effect.
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The Loop Point Parameters

Start

Start, at the top of the right-hand column of Parameters, sets the beginning point
for the Sample playback, both on this page and when the Sample is placed in a Partial.
While normally we deal with Samples in terms of their length in seconds, here we
have to get more precise, and deal in words. The number of words in a Sample is
equal to its length in seconds multiplied by its sampling rate. The Start parameter tells
you on which word the Sample will start playing at, which can be anywhere from @,
the very first word, to very nearly the last word in the Sample.

The Start parameter can be critical if you are transposing a Sample downwards any
great distance. If there is any delay at the beginning of the Sample, as you transpose it
down the delay will be multiplied, and can seriously affect the sound’s keyboard
response. Butting the Start point right up against the beginning of the actual sound can
minimize this. The Start point can also be in the middle of a loop, so you can play a
Sample from the middle, and then have it jump back and start looping at an earlier
point. However, the Start point cannot be located past the end of the Sustain loop.

Remember that looping is non-destructive, so that words before the Start point are
still there as part of the Sample, you're just not hearing them. If you want to
permanently eliminate words at the beginning of a Sample, use the Truncate function,
described in the next chapter.

Sustain Loop

Loop determines the starting point of the Sustain loop. It can be set to be equal to
Start, so that the loop starts immediately, and it can be set to a lower number, so the
Sample starts playing in the middle of the loop.

Fine adjusts the location of the Loop point by interpolating between the individual
words. Its effect is quite subtle, and will mostly be noticed on loops of very short
duration.

End determines the ending point of the Sustain loop. It must be higher than Loop or
Start (whichever is higher) by at least 4 words.

Tuning changes the pitch of the Sustain loop relative to the rest of the Sample. It is
useful when a Sample makes a slight rise or dip in pitch as it progresses, and you don’t
want that pitch change to be sustained, so you nudge it up or down. It is also useful
with a very short loop which may not be in tune with the rest of the Sample.
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Being able to adjust the tuning can be useful even when you’re not looping at all
(in OneShot or RevOne mode), but just want one section of the Sample to be at a
different pitch than the rest of it. The range is £50 cents, equal to 1/4-tone up or down.
(Remember on the numeric keypad of the RC-100, the way to enter a negative value is
to hit the “0” key twice, followed by the one or two digits desired.)

Release Loop

R-Loop determines the starting point of the Release loop. It must be at least 10
words after the End of the Sustain loop.

Fine subtly adjusts the R-Loop point.

End determines the ending point of the Release loop, which must be at least 4
words after R-Loop.

Tuning adjusts the pitch of the Release loop relative to the rest of the sample.
Restrictions and Relationships of the Loop Points

If you find yourself in a situation in which you cannot adjust a Parameter to the
value you want, it may be because another Parameter is preventing it from changing.
For example, if the Sustain loop End is at 27890, and the R-Loop starts at 27900, you
won't be able to set Sustain loop End to a higher value unless you first increase the
value of R-Loop higher to get it out of the way.

can be in

rany order 1 >4 210 >4

Start Loop End R-Loop R-End

e, Y. v

If you have set up a loop which is the perfect length, and you want to move itto a
different point in the sample without losing its length (or being forced to recalculate it),
you can turn on the Length Lock parameter (I promised we’d get to it!) on the left side
of the screen. When this is on, if you change the Loop or R-Loop parameter, the
corresponding End parameter will automatically change by the same value, and vice
versa.
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Timed Loops

The Loop Parameters allow you to design loops that are a specific length of time
with a great degree of accuracy. If you have, for example, a Sample recorded at 44.1
kHz, then a loop that is 44,100 words long will be exactly one second long. If you
know the tempo of a song, and you want to create a Loop that fits a precise number of
beats, here is a formula you can use to calculate the loop length:

Length of Loop (in words) = number of beats
x 60,000
x sampling rate (in kHz)
+ tempo (in beats per minute)

If you design a Loop of a particular length and want to adjust it for smoothness,
turn on the Length Lock parameter, to be sure the timing of the Loop doesn’t change.

The Graphic Window

The graphic window at the bottom of the Edit Sample Loop page allows the Sample
to be edited graphically. It contains four elements:

Sample + loops length

-3/ Legend
Loop field
Waveform displa
Sustain loop > v play
Release loop Loop / Loop ) Title

* A line of text, known as the “Legend”, shows the current Sample’s sampling rate and
total length, in seconds and words. (Samples that are loaded from S-550 disks have a
sampling rate of 30 kHz, so don't get confused if you see “30” in this line. They can be
treated just like any other Samples.)

» A dark blue field, known as the “Loop field”, which contains three horizontal light
blue lines or rectangles, and which changes as you change the Loop Mode. These lines
show the placement of the Start point and the length and placement of the Sustain and
Release loops, relative to the entire Sample in memory. Adjustments can be made to
the various Parameters right in the Loop field using the mouse — we'll get to these in a
moment.
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e A drawing of the actual Sample waveform, known as the “Waveform display”.

e Another line of text, the “Title”, which describes what the Waveform display is
showing.

The Waveform display

The Waveform display is the most important part of the graphic window when it
comes to editing Samples. It can give you a graphic overview of the entire sample and
can also provide precise visual feedback when editing and designing loops and other
Parameters.

As mentioned earlier, the X-Zoom and Y-Zoom parameters determine the
horizontal and vertical magnifications of the Waveform display. When X-Zoom is set
to x1, the entire sample appears, and the Title at the bottom of the display says “ALL".
(The Y-Zoom setting has no effect when X-Zoom is x1.)

Setting the X-Zoom value to anything
else changes the display significantly. The
display will show a vertical blue line in the
center (the “loop point”), with the
beginning of the loop to the right of the
line, and the end of the loop to the feft.

end beginning
(“End ”) (“Loop ”)

Making it Sound Good

For a loop to repeat in a useful way, without clicks, buzzes, or sudden volume
changes, the beginning and end of the loop must be matched carefully as to level,
wave shape, and slope. You can adjust the loop point with the Loop and End
parameters, and look at the Waveform display for the smoothest possible transition.
Increasing the value of Loop slides the waveform on the right-hand half of the display
to the left (since it starts later), while decreasing the value slides the waveform to the
right. Increasing the value of End slides the waveform on the left-hand half of the
display to the left, and decreasing it slides it to the right.

It's considered good practice to have the loop point occur where the instantaneous
level of the waves on both sides is zero (that is, on the horizontal line in the center of
the Waveform display), which is known as a “zero-crossing” point. Sometimes,
however, this is impractical, in which case as long as the slopes of the two waveforms
match and form a continuous wave which looks the same on both sides of the loop
point, the loop can often work.
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end beginning
(“ End 55) (“Loop ’!)

Poor loop point

Zero-crossing
loop point

Non-zero-crossing
loop point

In the Alt mode, because the waveform “turns around” on itself at the loop points,
the best loop points are not at zero-crossings but at zero-slope points, such as peaks or
troughs, where a mirror image of the waveform resembles as closely as possible the
waveform itself.

Make sure Loop Mode is set to one of the modes in which the loop repeats, and
hold down a MIDI key (or the SOUND PLAY button). Listen to the loop adjust itself as
you move the loop point. As you get closer, lower the Edit Step value. To find the
perfect loop point, it probably be necessary to go all the way to 1. Increase X-Zoom to
the next level if you need to see what’s going on more precisely. If at the higher
magnifications the waveforms seem to flatten out (because their level might be low),
raise the value of Y-Zoom to increase the vertical scale.

You can adjust the Release loop in the same way. Set the Loop Mode to Fwd+R to
enable the Release loop, and KeyOn Mode to R-Loop so that you can hear what you
are doing.

As you change the X-Zoom value and adjust the various loop Parameters, the Title
below the Waveform display will change to reflect what you are doing. For example,
as you adjust the Loop parameter, the Title will read “Loop/Loop”. As you adjust the
R-Loop parameter, the Title will read “Loop/R-loop”.
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Point Mode

There is a second mode for displaying the waveforms in a Sample. This mode is
enabled by setting the Disp Type parameter to Point. It is used when trimming the
beginning and/or end of a Sample.

The Waveform display will
no longer show the loop
beginning and end side by
side, but instead will show just
one section of the sample.
Which section it shows is
determined by the cursor ( Point / Start
position. If you put the cursor
on Start, the display will show the beginning of the sample, in whatever magnification
you’ve chosen, with the position of the vertical blue line corresponding to the Start
value — if it is @, the waveform will appear entirely to the right of the line. The Title
will change to “Point/Start”.

If you put the cursor on Loop, the display will show the part of the sample
surrounding the Sustain loop’s starting point, and the Title will change accordingly. If
you put the cursor on End, it will show the part of the sample surrounding the end of
the Sustain loop; and so on for the Release loop Parameters.

This display mode allows you to set the Start point precisely at the beginning of the
actual sound, the importance of which we mentioned earlier. It can also help you put
the Start on a zero-crossing point, to avoid clicks when the sound starts, which can be
an issue when using the Sample with a fast TVA attack. In addition, Point mode can
help you set the end of the sample right where the sound ends, so the S-770 doesn’t
use up voices playing silence.

Editing in the Loop field

While the Waveform display is useful for zeroing in on small sections of the
Sample, the Loop field at the top of the window shows what is happening with the
Sample in a larger sense.

The dark blue Loop field itself shows how much of the Sample will actually be
played when a MIDI key is struck. It extends from the Start value (or Loop, whichever
is lower) to the end of the Sustain loop, or if the Release loop is engaged (that is, if the
Loop Mode is Fwd+R or Fwd+One), it will extend to the end of the Release loop.
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Sample + loops length

Sustain loop Release loop

The first line in the field, which is light blue and three pixels high, shows the length
of the Sample including the active loops. This will be the same as the overall length
(the dark blue field itself), except in the Fwd+One mode, in which case the line cuts
off at the beginning of the Release loop.

The second line represents the Sustain loop. If the Loop Mode is set so that this
loop repeats, it will appear as a long rectangular box. If the mode is set so that this
loop only plays once (OneShot or RevOne), it will appear as a single-pixel line with
short vertical lines at the beginning and end.

The third line represents the Release loop. If the Loop Mode is set so that this loop
repeats (Fwd+R), it will appear as a long rectangular box. If it is set so that it plays only
once (Fwd+One), it will appear as a three-pixel line. In all of the other modes the
Release loop doesn’t play at all, but it still shows up, as a single-pixel line with short
vertical lines at the beginning and end.

You can edit any of the Parameters represented in the Loop field with the mouse.
To adjust the Start point, for example, move the mouse to the beginning of the first line
and click and hold the left button. The line will change to red, and the Legend will
change to read “Get=Start”. Drag it to the left or right, and while the line stretches or
shrinks, the value of the Start parameter changes as well. When you have set the line
where you want it, let go of the mouse button. The line changes back to blue, and the
Legend changes back to whatever it said before. You can do the same with the
beginning or end point of either of the loops.
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Editing a Parameter with the mouse is a low-resolution operation: the smallest
amount you can change a Parameter with the mouse is one screen pixel’s worth, and
the value of a screen pixel does not change with the Edit Step setting. The value of one
pixel happens to be the length of the Sample divided by 192. For example, if a Sample
is 184,320 words long, a movement with the mouse of one screen pixel will change
the value of the corresponding Parameter by 960. For this reason, graphic editing of a
loop will often be only the first step in the process, and further editing using the
numerical Parameters with finer values of Edit Step will be necessary.

When you grab the end of a line with the mouse, any other line that is directly
linked to that Parameter will also turn red, and will move accordingly. For example, if
you are in Forward mode, the play length (the top line) and the end of the Sustain loop
(the second line) are locked together, and if you click on the right end of one of the
lines the other will turn red as well, and both lines will move together to the left or
right. In the Fwd+R mode, in which the play length ends at the end of the Release
loop, grabbing the right end of the top line will cause the end of the Release loop (the
third line) to be highlighted as well, and it will move accordingly.

If Length Lock is turned on, moving one end of either loop with the mouse will
drag the other end of that loop along with it, so that a constant length is maintained.

As with the numerical Parameter fields, you cannot move a loop line to an illegal
place — if another object is in the way, you must move it out of the way first.
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Advanced Loop Editing

A different and more elaborate approach to loop editing is found on the Edit

Sample Loop2 pages. To get to these, go to the Sound menu, select Edit Sample2, and
then from the menu that opens select Loop2.

Loop2 has three pages, putting all the parameters on one, and using the other two
for expanded graphics. Most of the items on the Loop2 Param page should look
familiar. One important
addition is that the various Mode Index Mark S-770/01
loop-editing parameters now
have “P numbers”, which

Edit Sample Loop2 Param

JSample Lol:pf G#4
serve as shorthand names for
h h , Loop Forward Pl:Start
those parameters when you’re Edit Mono P2 :Loop
in the graphics pages. The KeyOn Start Fine
ot f , LoopLock Ooff P3: End 16385
Start point, for example, is Tuning 12
referred to as P1 on the Edit Step 1 P4:R-Loop 19344
. . Fine 7]
graphtcs pages, while the A.Loop P2#9P3 P5: End 23489
Sustain Loop and End points A.Loop P24P3 Tuning 25
A.R-LoopP4 #p5
are known as P2 and P3 A.R-LoopP4 45 Loop-Smoothing
respectively, and the Release _ : Length 450
. Smoothing R-Loop-Smoothing
Loop and End points are P4 : Length 120
and P5. (We'll deal with the Recover
Smoothing parameters a little Remaining

later.)

You can set all of your
parameters on this page, just as on Loop1. An additional set of functions on this page
are the “Auto Loop” operations, which are in the blue box at the lower left. Auto Loop
automatically finds a point in the loop of your choice, which can make it much easier
to find good loop points. Clicking on A.Loop P2=P3 increases the Loop parameter
(P2) until the Sustain loop’s start point is at a good loop point. Clicking on A.Loop
P2<P3 decreases the End parameter (P3) until the loop’s end point is at a good loop
point. A.R-LoopP4=P5 and A.R-LoopP4=P5 do the same thing for the Release loop.
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Scrubbing for Loop Points

The graphics pages in the Sample Loop2 function provide more information and a
higher degree of precision than the Loop1 page. Graph-1 displays a larger version of
the Loop field at the top, in
which the various loop Mode 1Index Mark S-778/01
points can be adjusted with
the mouse, just as on
Loop1. A movement of one
pixel is equal to 1/270th of
the length of the entire
Sample. Directly below that
field is a second field for
adjusting Smoothing ranges
(which we will get to soon, |
promise). Whenever the
cursor is located inside an
active area, such as the
Loop field, on this or the
Graph-2 page, the rectangle
defining that area turns

purple.

Edit Sample Loop2 Graphl

[l sample 1.21:pf G#4

P1 P2 P3 P4 P5 P6 P7

Below that is a full-width picture of the sample. It appears either as a detailed
volume envelope (the Normal mode), or as a quick-drawing set of line segments (the
Fast mode). Toggle between these modes by clicking on the N or F at the bottom of the
screen. (Note that none of the graphics on this or any other Edit Sample2 page are
displayed on the front-panel LCD screen — they are only visible on the external
monitor.)

Directly above the waveform display is a black rectangle known as the “scrub
area”. Put the cursor in this area, press the mouse button(s) and move the mouse. This
lets you “scrub”

Lhe samgl)le, or Edit Sample Loop2 Graphl Com Exit

ear it play
backwards or 0 Sample Lol:pf G#4 ¥ 3% < Scrub speed
forwards,

depending on Dotk = Scrub area

how you move Hm h—

the mouse.

Scrub pointer
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Here’s how it works: if you place the mouse in the exact center of this area and
press the left mouse button, there will be no sound, but the scrub area will turn red
and the text “@%” accompanied by a left or right arrow will appear at the upper-right
corner of the screen.

You probably won't hit the exact center the first time you try this, so let’s assume
you've placed the cursor slightly to the right of center. The sample will start to play
slowly, just like a tape recorder starting up. A red vertical line will move across the
graphic to the right, showing exactly where in the Sample it is currently playing, and
the red fill in the scrub area follows as well. The text, which tells you how fast the
sample is playing relative to its normal speed, changes to “14%" or something like it,
with a right arrow.

The sample will continue to play at the slow speed as long as you hold the mouse
in that position. Move the mouse further to the right, and it speeds up, while the text
tells you how much it speeds up. The maximum speed you can scrub, with the mouse
all the way against the right edge of the screen, is 200%.

Continue to hold the mouse button down, and bring the mouse back past the
center of the screen, and then move it further to the left. The sample slows down and
stops, and when you pass the center, it starts up again, only this time it is playing
backwards. The vertical line changes direction as well, and the speed number in the
upper-right now has a left arrow next to it. The maximum speed you can scrub
backwards is, again, 200%.

Scrubbing is used to find points for setting up loops in the Sample quickly and
audibly. (It is also used for other editing functions, which will be discussed in the next
chapter.) When the red vertical line is at a point where you want to set the beginning
or end of the sample playback or one of the loops, let go of the mouse button, move
the cursor to the bottom of the screen and click on the appropriate “P” number. If you
click on P2, for example, wherever the red line is will become the beginning of the
Sustain loop. The Loop field at the top of the screen will change when you click on a P
number, to reflect the new settings of the Loop parameters.

The scrub function is fairly fast — a little change in the position of the mouse
makes for a big change in speed. If it is too fast for you, you can slow it down by
holding both mouse buttons as you scrub. This reduces the action of the mouse
position by one-half, so that the maximum scrub speed forwards or backwards is
limited to 100% — the Sample’s normal speed.
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Scrub speed with left mouse button down:
4200% 4100%450% 0% 50% B 100% » 200%

Scrub speed with both mouse buttons down:
4100% 450% 425% 0% 25% B 50% » 100%

r ! R |
You don’t need to use the scrub function to set up Loop points on this page. If it is
obvious from the waveform display where a loop point should be, you can merely

click at that spot in the display. The red vertical line appears, and you can then assign
itto a P number.

Numbers assigned to loop points on this page can be changed on the Param page,
and any changes made on the Param page will be reflected on this page when you
return to it. Final adjustments will usually be made on the Param page, because of its
higher Parameter resolution.

Loop matching

The Graph-2 page is an expanded version of the Waveform display on the Loop1
page. It shows the beginning and end of the loops in great detail, and is extremely
useful for matching waveforms, either at zero-crossings or at zero-slope points (for
Samples playing in Alt mode).

The expanded LOOp Edit Sample Loop2 Graph2
Field is again at the top of 0 1

the page, and loops can be
adjusted with the mouse in
the Field. The numbers
below it are for selecting
which field to work on.
Clicking on either P2 or P3
puts the Sustain loop in the
large display. Clicking on
P4 or P5 displays the
Release loop. When you
click on a number, it turns
(and stays) red, so you can
refer to it if you forget which
loop you're looking at.

1L@1:pf G#4

Loop P1 22 P3 P4 P5
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The main body of the screen shows the end (at the left, in white) and the beginning
(at the right, in red) of the selected loop. At the bottom of the screen, clicking on X or Y
changes the horizontal or vertical magnification, respectively. Clicking the left button
zooms out {lower magnification) and clicking the right button zooms in (higher
magnification). The X parameter has nine levels of magnification, while the Y
parameter has four.

To change a loop point, click in the areas at the far left or right of the screen in
which two blue triangles appear. The area at the left controls the end point, while the
area at the right controls the begining. Clicking the left mouse button moves the loop
point earlier in the Sample, so the waveform will appear to be moving to the right.
Clicking the right button moves the loop point later, so the waveform appears to move
to the left. As with a numerical Parameter, if you hold the button down, the waveform
keeps moving until you let go.

Put cursor in here to Put cursor in here to
change End point change Start or R-Loop
point

Click Left mouse
button to make
display move this
way

b Wt AE}F)N\\r'\ )
= T R (]

Start or F
R-Loop

Click Right mouse
- button to make -
display move this

4_ way

The amount of movement for each mouse click is one screen pixel, and how many
samples that translates into will depend on the screen resolution: obviously, the higher
the resolution, the smaller the movement of the loop point (fewer samples) for each
pixel.
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This screen allows you to view the waveforms either as line segments or as discrete
dots. Line segments are easier to see, but dots can sometimes provide more accuracy.
The letter at the bottom of the screen next to the X and Y tells you what mode you are
in. If it shows L, you're looking at lines, and if it shows D, it’s dots. Click on the letter
to toggle it to the other mode.

As in all other Edit Sample pages, you can listen to the Sample by playing a note on
a MIDI keyboard. If you would like to hear the Sample as you adjust it and keep your
hands free, you can move the cursor to the area at the top of the graphic window and
click the left mouse button. The Sample will sound as if you were playing a middle C
(MIDI note 60 decimal) on a keyboard and holding it. You can adjust your loops while
the note plays, so you can hear instantly what you are doing. To turn off the note, click
again in the same area with the left mouse button, or change pages.

Looping in Stereo

An interesting feature of the loop-editing function is that you can set up different
loops for the two halves of a stereo Sample. This can be very useful for producing
chorusing effects, or when working with long “phrase” Samples, for doing Steve Reich-
style composition.

Normally, when you are working with Edit Mode set to Stereo, any loop editing
you do on one half of the Sample will affect the other half in exactly the same way.
However, if you set Edit Mode to Mono on one half, you can set a loop for that half
which will not affect the other half. Any of the Parameters on the page, including Loop
Mode and Length Lock, can be modified.

Once you've done one Mono change, you can then, if you like, go to the other half
of the Sample, and set Edit Mode to Mono and do the same thing. When the loops are
set, you can reset the Edit Mode to Stereo, and the two halves of the Sample are once
again treated as a stereo Sample — when you play one, both will sound.

Beware, however, that as soon as you leave one Sample (to select the other half, or
any other Sample), the Edit Mode will automatically be reset to Stereo, no matter how
you left it, and when you come back to that Sample, you will find it set to Stereo. You
must be careful: if either of the halves of a stereo Sample is in stereo Edit Mode, then
should you change any loop Parameter, it will cancel all of the differences between
the two halves, and make all of the Parameters of the other half conform to the
Parameters of the current half.
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Looping tricks

Making good Sample loops is as much of an art as anything in music production,
and there have been many thousands of words written about the subject in many
books and magazines. If you would like to improve your looping skills, search them
out, and practice, practice, practice!

In the meantime, here are a few ideas that might help.

Long loops are better than short loops, because short loops often impart a
“periodicity” to the sound. But long loops can be trickier, because waveforms do
change over time. The Smoothing function (discussed next) can help.

If you plan to loop a Sample, it should be recorded as dry as possible, without
reverb, chorusing, etc. A dry sound is a simple sound, and a simple sound is much
easier to find good loop points in.

Finding a truly stable group of waveforms in a sample to make a loop out of might
not always be possible. If that’s the case, loop a short section (just a few cycles) of a
complex part of the Sample, and use the Partial’s TVF to filter out the higher harmonics
over time, making the sound “settle down” as it progresses.
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Mode Index Mark S-770/061

Edit Sample Smoothing

Smoothing 0 Sample L@l:pf C#1
Edit Mode Mono Loop-Smoothing
Sometimes finding the KeyOn Mode Start Length 12288
. . R-Loop-Smoothing
ible loop point
be'st pOss b, PP Orig Key F#1 Length 2881
using the visual Waveform Edit Step 1
display still does not
produce a usable loop. Remaining

Execute Recover 2.5

This could be because the
waveforms at the
beginning and end of the
loop are so different that
the sudden change causes
a glitch, which then occurs
regularly as the loop
repeats. Sueeth

To overcome this problem the S-770 includes a “Smoothing” function, which irons
out waveform differences at loop points. It does this by taking a number of words at
the very beginning and very end of the loop and mathematically interpolating them so
they are as identical as possible at the loop point. It also interpolates the words at the
beginning of the loop point with the words before the loop point, to make sure there is
no glitching when the loop starts.

Smoothing is available in both Edit Sample1 and Edit Sample2 functions. We'll
deal with Edit Sample1 first. From any of the Sample1 pages, use the mouse or F4
button to get to the Edit Sample Smoothing page.

Select the Current Sample at the top of the page. The Edit Mode and KeyOn Mode
parameters are the same as on the Loop page. The Orig Key parameter can be used to
change the placement of the sample’s original pitch on the keyboard. This is useful if
you want to change the keyboard range of the sample.

The Edit Step parameter determines the resolution of any parameter changes you
make. The Remaining parameter shows how much RAM is available. Since you are
over-writing the same Sample, this parameter is not very important, except if you need
to undo the Smoothing operation, which is discussed below.
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Setting the Smoothing Length(s)

The degree of smoothing is determined by the Loop-Smoothing Length and
R-Loop-Smoothing Length parameters on the right side of the screen. These
Parameters show the number of words at the beginning and end of the loop that will
be interpolated. A small number means the actual waveforms in the loop will be
altered relatively little, and the sound in the loop will maintain most of its original
character. However, if the number is too small, you may still hear a “bump” in the
sound as the loop repeats. A large number means the loop will be more
“homogenized”, and have more of a steady sound as it repeats.

If Loop-Smoothing Length is set to 1, the Smoothing operation will not execute —
you can’t smooth out just one word. However, if you want to Smooth the Sustain loop
and not the Release loop, set R-Loop-Smoothing Length to 1.

For obvious reasons, there must be a loop set up on the Loop page for Smoothing
to take place — if there isn’t, you will not be able to adjust any of the Parameters on
this page. You can move freely between this page and the Loop page, and if you
change a loop’s length on the Loop page, that change will show up immediately on
this page. Note that a Sample can only be Smoothed if its Loop Mode is Forward or
Forward+R. If the mode is set to something else, then performing the Smoothing
operation will automatically change the mode to one of those two.

Also for obvious reasons, you cannot set a Smoothing Length longer than the loop
itself. In addition, if the Sustain loop starts early in the sample, you cannot set a
Smoothing Length that would cause the Smoothing operation to start before the
beginning of the Sample. So a loop that starts at 7560 cannot have a Smoothing Length
greater that 7560.

Similarly, you cannot set a R-Loop-Smoothing Length which would cause the
Release loop-smoothing
operation to cross into the
Sustain loop. If, for example, k\ '—_——E—':%J
the Release loop begins 128 A \ A
words after the Sustain IOOp Loop - Start 2 Loop Smoothing R-Loop - End = R-Loop Smoothing

ends, the maximum value
for R-Loop-Smoothing Length will be 128. If the Release loop starts immediately (10
words) after the Sustain loop, you cannot smooth it at all.
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Setting the Lengths Graphically

You can also adjust the Sustain Loop Smoothing Release Loop Smoothing
Smoothing Lengths graphically. The
Loop field at the top of the graphic
window (which is black on this
page) shows which loops are
currently active. With the mouse
you can grab either end of either
loop, hold down the left button, and drag to the left. A rectangle will appear at both
ends of the loop, showing the smoothing length (the loops themselves are not
changed), and the appropriate Parameter will change accordingly.

Sustain Loop Release Loop

As on the Loop page, the resolution available when editing graphically is much
lower than when editing numerically (each pixel is equal to the Sample length/192),
but on this page precise setting of the Parameters is not as crucial, so often this
resolution will be sufficient.

Executing the Smooth

Move the cursor to the Execute switch. The legend in the graphic window says
“New”, tells you the length of the new Sample (which should be the same as the
current Sample), and whether it is stereo or mono. Click, and the Smooth is
accomplished. Play a MIDI key and hold it down long enough for the loop to repeat a
few times to hear how effective the Smoothing has been.

Recovering From a Bad Smooth

The Smoothing operation is destructive, which means that, unlike the looping
operation, it changes the Sample in RAM by actually altering the values of individual
words within the Sample.

Fortunately, for those of us who occasionally make mistakes, it is easy to “undo” a
smooth that turns out badly. Merely click on “Recover”, and the current sample is
returned to its previous, un-smoothed state. If you want to smooth it again, either with
the same parameter settings or different ones, click on Execute again. You can do this
as many times as you like. The Recover function will, however, only undo the last
execution, so if you smooth a Sample twice, you can only Recover from the second
operation.
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If the Remaining parameter is less than the length of the Sample, you will not be
able to Recover from a Smooth, because the S-770 has nowhere to store the
recoverable Sample. If this is the case, a warning
box will open after you click Execute, telling you
that you won’t be able to Recover, and asking if
you want to go ahead anyway. If you need to be
able to Recover and don’t have enough room
Remaining, go to the Com menu and Delete one or Continue
more spare Samples from RAM.

Yes/No ?

Can’t Create File

For Recover

?

Smoothing on the Loop2 Pages

On the Edit Sample Loop2 pages, you have the same options for Smoothing —
they’re just laid out a little differently. On the Param page, the Smoothing Length
parameters are at the lower right, number P6 for the Sustain loop and P7 for the
Release loop. On the
Graph-1 and Graph-2 4 loop field
pages, you can set up a . s
smoothing range in the field smoothing field
that appears right under the
Loop field at the top of each screen.

Or, on the Graph-1 page, you can use the Graphic Waveform display: scrub or
point to where you want the Sustain loop smoothing to begin, and when you have the
vertical red line where you want it, click on P6 at the bottom of the screen. Set the
smoothing for the Release loop the same way, but instead click on P7. You are bound
by the same restrictions as if you were on the Smoothing page: the software will not let
you set up an illegal smoothing range.

Wherever you set up the Smoothing ranges, you must go back to the Param page to
execute the actual operation, by clicking on Smoothing. As on the Smoothing page,
you can cancel the operation by clicking on Recover.
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In the last chapter, we dealt with
recording Samples and editing them in
primarily non-destructive ways. In this chapter we will look at the more radical ways
you can work with S-770 Samples.

Normalizing is done from its page in the Edit Sample1 function. Truncating can be
accessed either on its page in the Edit Sample1 function, or from the Patchwork page
on the Edit Sample2 submenu, where the operation is quite a bit more versatile. The
other features are only accessible from the Edit Sample2 submenu.

Normalizing

Normalizing increases the signal level of a Sample. It is useful when a Sample has a
limited dynamic range, perhaps because it
was recorded poorly, or the loudest parts of
the sample were Truncated out, leaving only
softer parts. As with all audio recording Before
systems, it’s a good idea to have the Samples
in RAM and on disk at the highest possible
level, to maximize the signal-to-noise ratio. ‘

Also, having all the Samples at roughly the Atter

same levels makes it easier to mix them in a

Partial. Normalizing is available when you

record a Sample initially (see the previous chapter), as well as with some other
operations (described later in this chapter), but it is also available as a separate feature
for working on Samples after they are already in RAM.
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Normalizing ensures that a
Sample is at maximum level by

. . Edit Sample Normalize Com Exit
first searching through the ——
Sample and determining its Osample Lol:pf C#l
loudest point, then raising the Edit Mode Mono  Orig Key c_7

level of that word to the
maximum level possible, and
multiplying the level of every
other word in the sample by the
same factor. This increases the
overall level of the Sample
without changing it in any other
way.

Remaining
|Execute I {Recover I 2.5

To get to the Normalize
page, go to the Edit Sample1
function, and then press F5 or
click on Norm. The page is very simple to use. Besides choosing the Sample, the only
Parameters to adjust are Orig Key, Edit Mode, and Name, all of which function the
same as on the other Sample Edit pages.

As with Smoothing, which is also a destructive operation, you can Recover if you
change your mind after Normalizing. If there is not enough memory Remaining to
duplicate the current Sample, however, you will not be able to Recover.

Truncating

We saw in the last chapter that you can prevent sounds at the beginning or end of a
Sample from playing by adjusting the Start and End points in the Loop pages. This
makes it easy to eliminate extraneous sounds like microphones being switched on,
producers knocking over equipment, etc. Because Looping is non-destructive,
however, those heads and tails are still part of the Sample, and are taking up room in
RAM and on disk.

To use memory most efficiently, particularly on long Samples that you are only
using a part of, it can be very helpful to be able to permanently trash those unneeded
words. While the S-770 has plenty of RAM to work with and a big hard disk, neither
one of these is unlimited in capacity, and efficient use of them is important. In
addition, shorter Samples are easier and faster to deal with. Samples can be
permanently shortened with the Truncate feature.
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There are two ways to Truncate a Sample: the quick way, and the fancy way. The
quick way is on the Edit Sample Truncate Page in the Edit Sample1 function. We’'ll
look at that first.

The Truncate Page

At the top Of the page, you Mode Index Mark S-770/91
select the Sample you want to Edit Sample Truncate Com Exit
truncate. You can rename it, with Osample LOL:pf CH1 Name
the usual restrictions against using From o Edit Mode Mono
a name already in use. To 47520 XeyOn Mode  FromTo

Fade Len 23760 Orig Key F#l
Edit Step 1 Orig Length 2.8
Orig Key lets you retune the X-Zoom x64  ®New Length 2.4
Y-Zoom x16
base note of the Sample as you Rema ining

truncate. Edit Step sets the Execute | |Recover 2.5
resolution for adjusting the
numerical Parameters. X-Zoom
and Y-Zoom set the horizontal
and vertical magnification of the Point 7 <tos
Waveform display. Orig Length
shows the length of the Sample in
its current state, while New
Length shows how long it will be after you Truncate. The Remaining Parameter shows
how much space is left in RAM; if this Parameter is lower than New Length, you won't
be able to Recover the operation.

If the Sample is stereo, you can truncate both sides simultaneously if Edit Mode is
set to Stereo. However, if it is set to Mono, because the Truncate operation is
destructive, it will permanently break the link between the two halves of the Sample.
The halves can be rejoined only if you then truncate the other half of the Sample (also
in Mono mode) so it is exactly the same length, and then re-link the two halves using
the Set Stereo command.

Setting the Truncate Points

The Parameters that you want to deal with are From, which sets the truncation
point at the beginning of the Sample, and To, which sets the truncation point at the
end. If you don’t want to truncate the beginning, set From to @; if you don’t want to
truncate the end, set To to the highest number you can.
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The minimum number of words in a Sample is 4608, which is just about 0.1
second, or 0.2 second at the lower sampling rate. If you set To so that it is less than
4608 words after From, it will be ignored, and the Sample will end up 4608 words
long, starting at From.

To help you set the From and To parameters and let you audition the operation
before committing to it, two additional KeyOn Modes are available on this page:
FromTo, which plays the Sample from the From to the To words, and To, which plays
starting at the To word, so you can hear what it is you're losing at the end.

Fading the End

You can impose a smooth linear fade on the end of the Sample while you are
truncating it. The length of that fade, in words, is determined by the Fade Len
parameter. The fade will start at the word whose value is equal to the To parameter
minus the Fade Len parameter. For example, if To is 1000 and Fade Len is 250, the
fade will start at word number 750.

A fade cannot start any earlier than halfway through the truncated Sample, so the
maximum value for the Fade Len parameter is the overall truncated length (the To
value minus the From value), divided by 2. So for example, if From is 200 and To is
1200, the maximum allowable value for Fade Len will be 500. If you change the From
or To point to shorten the Sample such that the truncated length would end up being
less than twice the Fade Len, the Fade Len will automatically shorten.

The Graphic Window

Adjustment of From Fade Len To
the Truncate points
and Fade Length
can also be done
with the mouse in Sustain Loop Release Loop
the graphic window.

The top line in the black field at the top of the window shows the From and To

points: move the left end of the line to adjust From and the right end to adjust To. The
second line, which becomes a rectangle when you stretch it, is the Fade Len. Move the
left side of the rectangle to lengthen or shorten the fade. The right side of the rectangle
cannot be moved — it is locked to the right end of the line above it. Below the Fade
Length line is a line showing the overall Sample length, and below that two lines
showing the locations of the Sustain and Release loops, for reference.
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The Legend immediately above the waveform display describes the position of the
From and To points relative to the other points in the Sample. If one of the points falls
exactly on another, it will be displayed with an “=" sign — for example, if the From
point is the same as the Sample Start point, the Legend will say “F=S". If there is no
exact correspondence, the Legend will show which points the From and To points fall
between — for example, “S<F<L” means the From point is between the Start and the
beginning of the Sustain Loop; “RL<T<RE” means the To point is between the
beginning (R-Loop) and End of the Release loop; and so on.

The Waveform display itself is always in Point mode, and shows (except when
X-Zoom is set to x1) the From or To point, depending on which one was selected most
recently, at the current magnification. The Title will show which point is being
displayed. If X-Zoom is at x1, it will say “All”, and during graphic editing the Title will
say “Get =" and the Parameter being adjusted.

Recovering

Like Smoothing and Normalizing, Truncating is a destructive edit, and so a Recover
switch is available to undo a Truncate operation. The Recover switches on all of the
different Edit Sample pages (on both levels 1 and 2) are linked. This means that if you
do an operation on the Truncate page and then go to the Smoothing page and only
then realize you made a mistake, no worries: click the Recover switch on the
Smoothing page, and the Sample will return to its previous state. Obviously you
cannot Recover a Truncate once you’ve done a Smooth, or done any operation on a
different Sample. Nor can you Recover any operation after you've gone to any Disk
page. But you can Recover a Sample if you've left the Edit Sample level, to go to a
Patch or Performance, for example, and come back to it.
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Truncating and Reversing in the Edit Sample2 function

Doing a Truncate
in the Edit Sample2
function (the fancy

Mode Index Mark S-7708/01

. Edit Sample Patchwork Param Com Exit
way) gives you a lot AT
) ODest Sample L@1l:pf Gi#4d
more options. You can
move the Sample KeyOnMode Start EJdit Step 1
. Remaining @.5
in memor
around in e. ory, . [OSource Samplel (Source Sample2
you can fade it both in LoLl:pf G#4 Lo1:C2
and Out’ and you can Pl:From 1248 P3:From
it F Ll:-Fade 1344 L3:-Fade
even reverse it. From P2:To 8456 DP4:To
the Edit Sample2 L2:-Fade 1920 L4:-Fade

submenu, select Level 127 gexlrel
elay
Patchwork.

Truncate Insert
Cut & Splice Mixing
Area Erase Combine

On the Truncate
page, you truncated
Samples “in place” — Recover
the Sample stayed in
the same slot it came
from. This page is
different: you can elect to move the Sample as you truncate it. Source Sample1, at the
left side of the screen, is the Sample you are truncating. The slot you are going to put it
in is the Dest Sample at the top of the screen. The two slots can be the same: just
choose the same Sample for both.

Do be careful: if there is already a Sample, either the same one or a different one,
in the Dest Sample slot, it will be erased, and you will not be given any warning. If
you choose an empty slot, you must name it before you can execute the operation.

Edit Step is the same as on other pages, as is the Remaining parameter. KeyOn
Mode has some small differences, which are not relevant yet, so we’ll deal with them
shortly.

The P1:From and P2:To parameters at the left side of the screen are the beginning
and end points of the truncation. Instead of one fade parameter, this page gives you
two: L1:Fade lets you set a length to fade the beginning of the sample in, while
L2:Fade lets you set a length to fade the end of the Sample out (as on the Truncate
page). Neither of these can be set to a value more than half of the Sample length. (The
Level Parameter doesn’t do anything as far as truncating is concerned.)
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When truncating in the Edit
Sample1 function, the To
parameter must be higher than
the From parameter. Here this is
not the case. You can set From
higher than To, in which case not
only will the Sample be
truncated, but what remains will
play backwards. L1 becomes the
fade-in time of the new version of
the Sample, and L2 becomes the
fade-out time.

You can preview what the
Truncated Sample will sound like, after you set the P1 and P2 Parameters. Put the
cursor on any of the parameters under Source Sample1 (including the name of the
Sample itself), and play a MID1 key (the Sample’s original key is best). You will hear
the portion of the Sample between P1 and P2. If P2 is larger than P1, you will hear it
backwards. You will not, however, hear any of the fading effects of L1 or L2.

To do the truncate, click on Truncate in the blue box at the bottom of the screen.
To undo it, click on Recover. If you want to Truncate it a second time, and if you have
moved the truncated Sample to a different slot, you must change Source Sample1 slot
to the new slot.

If you have moved the Sample to an empty slot, the Recover switch will have no
effect. That's because you haven’t overwritten any existing data, you’ve simply created
new data, so there’s nothing to recover. However, if you then Truncate again to the
same slot, which now has data in it, Recover will work normally.
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Graphic Editing

The Graph-1 page will Edit Sample Patchwork Graphl Com Exlt

show you the Sample in detail.
{1 Sourcel Lol:pf G#4

(The Graph-2 page looks the
same, but it is showing you the
Source2 Sample, which is not
relevant right now, so stay off
it.) The Waveform display in
the middle can show the
Sample in Fast (line segment) or
Normal (volume envelope)
mode — toggle it at the lower
right corner of the screen.

Pl P2 L1 L2
The black field at the top of "
the screen shows the segment
of the Sample defined by the
From and To points as a solid blue bar. You can move either end of it by grabbing it
with the mouse, holding the left button, and dragging it. The blue rectangle
immediately below the bar is the fade-in (L1). You can stretch its right edge with the
mouse. If the blue bar is not flush against the left edge of the screen (i.e., if P1 is not
@), as you stretch the fade-in rectangle to the right, it also grows to the left. This is
helpful when combining two Samples, which we'll get to in a bit.

Note that you can stretch the rectangle all the way to the right edge of the screen, if
you like. However, if its length is greater than half of the blue bar’s, you won't be able
to Truncate.

The other blue rectangle is the fade-out (L2). Adjust its left edge with the mouse.
This too, can be stretched further than halfway through the Sample, but don't do it. It
also grows a mirror image of itself when you stretch it.

Again, none of the graphics on this or any other Edit Sample2 page are dis-played
on the front-panel LCD screen — they are only visible on the external monitor.
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Scrubbing

As on the Loop2 Graph-1 page, you can scrub the Sample on this page to find
truncation points. Put the mouse into the small rectangle immediately above the
Waveform display and hold the left button. The rectangle turns purple. Move the
mouse left or right to hear to Sample backwards or forwards, respectively. A red
vertical line follows the playback. The further you move the mouse, the faster the
Sample plays. The speed and direction of the playback are displayed in the upper right
corner. To limit the scrub speed to 100%, hold down the right mouse button as well as
the left.

When you find a good truncation point, and the red line comes to rest, click on the
appropriate Parameter at the bottom of the screen. The Field display changes to show
the new setting. You can set the From (P1), To (P2), fade-in length (L1), or fade-out
length (L2) this way.

If it is obvious from the Waveform display where a Parameter should be, you can
simply click in the display and the red vertical line appears. Then click on the
appropriate Parameter, and it’s set.

You cannot execute a truncate from the Graph-1 page — go back to the Param
page and click on Truncate. You can then come back here and see what you've done.
(if the Sourcel and Dest samples were different, be sure that the truncated Sample is
now in the Source1 slot.)

‘/existing loop

Truncating Looped and Stereo Samples
L 1

Truncating can drastically change
the characteristics of a loop, so it is
advisable to do it in a Sample without
loops, or else be prepared to redo
your loops afterwards. If you truncate
a Sample so that the new end of the
Sample (the To parameter) falls inside
a Release loop, the Release loop will
be shortened so that it ends when the
truncated Sample ends. This will
throw all the careful loop-point
editing you've done on the Release
loop out the window. If the To
parameter falls within a Sustain loop, the Sustain loop editing will be rendered
essentially worthless, while any Release loop will be totally eliminated.
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If you Truncate and Reverse a Sample with loops, the loops stay at their original
locations, so what was previously the beginning of the sound will now be a looped
tail.

If you set up a Fade so that the fade point falls within a loop, the loop points will be
maintained, but because the level at the end of the loop will now be lower than the
level at the beginning, there will be an audible glitch every time the loop repeats, and
you will probably not want to use it.

Truncating a stereo Sample requires special care. Although there is no stereo/mono
switch on this page, the software knows when Source Sample1 is part of a stereo pair.
If the Dest Sample is also part of a stereo pair (it can be the same pair or a different
one), then the Truncate operation will work on both halves of the pair. If Dest Sample
is mono (which will also be the case if it is Blank), then only the half of the stereo
Sample showing as Source Sample1 will be truncated. The other half will be
unaffected, and the link between the two halves will be broken.

Source Sample1 is If Dest Sample is stereo

I:alf of a stereo pair | .
I U

If Dest Sample is mono

© Y

If you want to Truncate a stereo Sample into a new Sample, you must first create a
“dummy” stereo Sample on the Sampling page. Although it needs to contain no actual
audio, and you can make it as short as you like, you must name and record this
dummy Sample in the normal way.

If you were brave (or perverse) enough to set up a stereo Sample with different-
length loops as outlined in the previous chapter, you should know that such an
arrangement will not survive a Truncate operation. When you Truncate, the loops re-
align themselves, and the loops on the half of the Sample that is Source Sample1 will
be applied to the other half of the Sample.
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The Patchwork Operations

Besides Truncate, there are five other operations on the Edit Sample2 Patchwork
pages that let you do fancy things with Samples. All are destructive, and are
Recoverable unless the Dest Sample is in a previously unused slot, or unless there is
insufficient RAM Remaining.

Cut & Splice and Area Erase deal with only one Sample, and so work done on the
Graph-1 page only is relevant. Insert, Mixing, and Combine are ways of putting two
Samples together. In these operations the Graph-1 page can be used to work on
Source Sample1, and Graph-2 to work on Source Sample2.

As with Truncate, you must be careful performing these operations on stereo
Samples. If Source Sample1 is part of a stereo pair but Dest Sample is mono or Blank,
only the half of the Source Sample currently displayed will be affected by the
operation, and the link between the two halves will be broken. (Source Sample2,
however, does not need to be stereo.)

Cut & Splice
Cut & Splice is the opposite of Truncate. The
area of the Sample between P1 and P2 is L1=0
eliminated, and the two remaining ends are
joined together. If L1 is @, the two ends are Before ’-"_
“butt-spliced.” ? ?
Pl P2

If LT is greater than @, the two ends are
faded together over a length of time equal to L1. After P___
This time is “borrowed” from the portions of the
Sample just before P1 and P2, so the overall length of the new Sample is the same
regardless of the L1 setting. (see diagram next page)
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The maximum setting for Ll >g Before
L1 is P1 — you can’t fade

up from a point before the f/ \\:

beginning of the Sample.
Other than that, you can

make the fade as long as Level N
you like. . Time >
Pl P2
Cut & Splice will not —
reverse a Sample: if P1 is -
greater than P2, the After

operation will not execute.

Note that when you are
adjusting the Parameters,
you are listening to the part

of the Source Sample that

will be cut out, not the part P1,P2
that will remain. —
Ll
Area Erase

Before

This works like Cut & Splice,
except without the Splice action. The

area between P1 and P2 is removed, Level
but the section after P2 stays where it r TiME b
is, and there is a gap of silence left. "—_L’i'*P]- im—*

Both L1 and L2 are active: L1 is the

length of the fade-down before P1,

while L2 is the length of the fade-up  After
after P2. The maximum values of the

fades are the lengths of the segments
themselves.

|

Insert o1 L2

This splices a piece of one Sample into the middle of another Sample. Source
Sample1 plays from the beginning, up to the P1:From point. Then Source Sample2
interrupts it, and starts playing from its P3:From point. When Sample2 reaches its
P4:To point, it stops, and Samplel resumes playing at its P2:To point, and plays to the
end. The result is placed in the Dest Sample. The length of the resulting Sample is
[Samplel’s length] — [P2 — P1] + [P4 — P3].
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Sample1 Sample2

i, b, T 1.

i T N
Dest
Samplel Level —P»
Sample2 Level » — l Hl
P
L1 L

If you want Source Sample2 to start from its beginning, set P3 to @. The part of
Samplel that lies between P1 and P2 will be eliminated, so if you want all of Sample1
to remain, set P1 and P2 to the same value. (You cannot set P1 higher than P2.) If you
set P3 higher than P4, Sample2 will play backwards.

To hear what the portions of the Samples you are using sound like, put the cursor
on a parameter under the Sample of your choice, and play a MIDI key (again, the
Sample’s original key is best). If you are under Source Sample1, you will hear the
portion of the Sample between P1 and P2, that is, the portion being eliminated. If you
are under Source Sample2, you will hear the portion of that Sample between P3 and
P4, which is the portion being inserted. To hear what's in the Dest Sample slot (if there
is anything), move the cursor up to its name, or down into the blue operations box,

and play a key.

Alternatively, you can use the special settings provided on this page for the KeyOn
Mode. Setting it to FromTo1 will let you hear the portion between P1 and P2, and
FromTo2, will let you hear from P3 to P4. When KeyOn Mode is set to either of these
modes, the position of the cursor is ignored.



190 » Sampling 2: Editing and Resampling

You can balance the relative levels of the two Samples using the Level parameters.
127 is unity gain (no change). The Delay parameter doesn’t do anything.

L1:—Fade sets the length of the crossfade going into the insert. The fade starts L1
words before P1 and P3, so the length of the resulting Sample doesn’t change with
different settings of L1. The maximum value for L1 is either P1 or P3, whichever is
lower — that’s because you can’t start a fade before the beginning of a Sample.

L2:—Fade sets the length of the crossfade going out of the insert. The fade starts L2
words before P2 and P4. The maximum value for L2 is the difference between P3 and
P4 — you can’t have a fade longer than the Sample you are inserting.

Since you are working with two Samples, you can use both graphics pages to set
your various editing points. Graph-1 shows you Source Sample1, and lets you set P1,
P2, L1, and L2. Graph-2 shows you Source Sample2, and lets you set P3 and P4 (L3
and L4 have no effect in this operation.) You can scrub each Sample on its own page.
Notice that the direction of the fades (L1 — L4) depends on which operation follows
their setting. This is why when you set them graphically they grow in two directions.

Stereo and Mono Samples

As with Truncate, care must be taken when using this operation (and the following
two) with stereo Samples. If either Source Sample is part of a stereo pair, and you want
to use both parts, the Dest Sample must be stereo as well. If you want to create a new
Dest Sample (as opposed to using a slot currently occupied by a stereo Sample), you
must create a “dummy” stereo Sample on the Sampling page.

If a Source Sample is mono and the Dest Sample is stereo, the mono sample will be
inserted into both halves of the stereo Dest Sample.This is true even if both Source
Samples are mono, in which case you will end up with a stereo Sample whose two
halves are identical (interesting, but not very useful).

Dealing with Different Sample Rates

Special care has to be taken if you are working with Samples recorded at different
sampling rates in this and the following two operations. A message box will appear
after you click on Insert if the two Samples are at different rates, and you can opt to go
ahead or cancel. If you proceed, the Dest Sample will be created with the same
sampling rate as Source Sample1. The part of Source Sample2 you are using will be
converted to the Sample1 rate as it is processed into the Dest Sample. This process,
however, changes the pitch of the material from Sample2. (It doesn't alter the original
Sample2 itself, however.)
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For example, if Sample1 was recorded at 44.1 kHz, and Sample2 at 48 kHz, then
when Sample2 is Inserted into SampleT, the portion of the resulting Sample that came
from Sample2 will be about 10% flat.

If you want to avoid this situation (and that’s probably a wise idea), use the Rate
Convert feature, described later in this chapter, to make sure both Samples are at the
same rate prior to merging them.

The same feature, by the way, can be used with two Samples that are at the same
rate, but are not in tune with each other. Check it out.

Mixing

This operation lays the two Samples on top of each other, mixing them together in
the same period of time. The sections of the Samples that are mixed are determined by
the respective From and To points. Putting one or both of the Sources backwards in the
mix is allowed: set P1:From higher than P2:To to reverse Source Samplel when it is
put into the Dest Sample, and/or set P3:From higher than P4:To, to do the same for
Sample2.

All four —Fade Parameters are active. The fade-in of Sample1 starts on P1 and lasts
for L1 words. The fade-out starts L2 words before P2, and ends on P2. L3 and L4 do
the same for Sample2. If s Sample is set up to play backwards, its fades will be
reversed, e.g., L1 will determine the fade-in of Sample1, etc.

Samplet Sample2 -
Pl P2 P3 P4
H — — H
L1 L2 L3 L4

Samplel Level
Sample2 Level

Delay > O

Dest
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The relative levels of the two Samples are determined by their respective Level
parameters. Normally, both Samples start to play immediately at their respective From
points, but Sample2 can be delayed, using the Delay Parameter. This can be set to any
value up to the total length of Source Samplel.

Since you are arithmetically combining two Samples, it is possible to create a
situation in which the instantaneous combined level of the samples goes above the
maximum allowable digital level. If this happens, a message window will appear that
says “LEVEL OVERFLOW". Click OK to get rid of it, but before you panic, listen to
your new Sample. Chances are good you won't hear any problems. However, if you
do notice some digital clipping (and it will sound awful), click on Recover. Then lower
the Level settings for both Samples, and try, try again.

Combine
This operation splices the two Samples together. It takes Sample1 from the

beginning to the P2:To point (P1 is ignored), and joins it with Sample2 from its
P3:From point to its end (P4 is ignored). There is no gap.

Samplet ' Sample2

', 2

—

L2

Samplel Level
Sample2 Level —P»

Dest
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The Samples can be butt-spliced or crossfaded. The crossfade time is determined
by L2. Sample1 will start to fade out L2 words before P2, and Sample2 will start to fade
in L2 words before P3. The maximum value of L2 is P3 — again, you can’t start to fade
a Sample in before its beginning. The relative levels of the two Samples are determined
by their respective Level parameters.

Digital Filter

The Digital Filter allows a Sample to be permanently altered in terms of its
frequency content. It is useful for eliminating hums or whistles, for making a Sample
brighter so it cuts through a mix better, or making it less bright so that it blends better.
Unlike the Partial function’s TVF, the Digital Filter is not dynamic, so that it cannot be
changed over time or by MIDI action, and it is destructive, permanently altering the
Sample. If you want to keep a copy of the unaltered Sample, use the Copy function
from the Com menu before filtering.

Digital Filter has only one Page, which you get to from the Edit Sample2 submenu.
The Filter Mode can be set to LPF (Low-Pass) or HPF (High-Pass). The CutOff
Frequency is in arbitrary units from 0.1 to 10.0. The high value is equal to half the
sampling rate of the current Sample. Resonance is similar to the same Parameter on the
Edit Partial TVF page, and adjusts the filter’s Q for an analog-style effect

In High-Pass mode, the CutOff Freq can also be set to “D.C". This is for removing
any DC offset that might have crept into the Sample, if it was recorded by a device
other than the S-770 and transferred in.

Level is normally set to 127. However, if high values of Resonance are used, the
resulting waveform may have one or
more points where the maximum
allowable level is exceeded. As with

k S-77@/01
Edit Sample D. Filter

the Mixing operation, you will get a Osample Lol:pf GH4
window warning you of this, and if it

H H H Filter Mode LPF
creates audible distortion, lower the Cutoft Frew B
Level parameter and try again. Resonance 4

Level 127

Remaining
2.5

[Execute ‘ lRecover ]
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Two additional settings for Filter Mode are +Emphasis and -Emphasis, which are
used to add or remove (respectively) high-frequency pre-emphasis from a Sample. The
S-770 normally uses emphasis with its Samples to ensure the best fidelity, but many
other Samplers don’t. If a Sample is transferred to the S-770 from another sampler via
MIDI Sample Dump (see Chapter 10), it may not have emphasis, but you can use this
function to add it. Conversely, if you are sending an S-770 Sample to another sampler,
you can use this to remove the emphasis beforehand.

Emphasis might also be added after a Rate Convert operation {(coming up soon) to
restore some high end that might be lost. When Filter Mode is in either of these
positions, the Resonance and Cutoff Freq Parameters are ignored.

Since the action of the filter is destructive, and the new Sample is written to the
same slot as the original version, a Recover switch is provided. If, however, there is not
enough memory Remaining to hold a copy of the current Sample, you will not be able
to use Recover.

Mod Inds Mark S-779/01
Compressor/Expander 2 O
Edit Sample Comp/Expand cOmxtW :

The Compressor/Expander Osample Lol:pf G#e

allows the dynamic contour of a Threshold 65%
Ratio 40%

Sample to be permanently altered. Lovel 100%
The feature acts like a standard Attack L

B L. Release 60
audio compressor/limiter/expander, Normalize Off
with highly adjustable parameters. Remaining
It can be used to flatten out a Execute | |Recover 2.5

signal’s dynamic peaks, to raise the
overall level of a Sample without
generating distortion, to expand the
dynamic range of a Sample, or to
eliminate low-level noise from a
Sample.

The operation is done on one page: Edit Sample Comp/Expand. Select it from the
Edit Sample2 submenu. The top line is for choosing the Sample to work on. The
operation works on a Sample in place, so if you want to keep a copy of the unaltered
Sample, use the Copy function from the Com menu before executing.

Threshold sets the point, relative to the overall dynamic range of the S-770, that the
compression/expansion will begin to take place. Any signal below that point will be
passed linearly, that is, without any dynamic change. A setting of 0% means all of the
signal will be affected. A setting of 100% means the signal will not be affected at all.
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Ratio determines the dynamic change to the signal that is above the Threshold
point. A setting of 100% means no change at all. Settings below 100% mean the signal
is compressed, so that large dynamic changes are made smaller, and a setting of 0%
means the signal is hard-limited, so no volume change can occur. Settings above
100% expand the signal, so that dynamic changes are exaggerated. The maximum
setting is 1000%, at which the Sample is fully expanded, with low-level signals
essentially silenced and high-level signals made higher.

At high expansion settings, it is possible that the Sample level will end up
instantaneously higher than the permissible maximum, in which case a “Level
Overflow” window will appear. Don’t panic if this happens: chances are pretty good
you won't hear any distortion after the expansion is done. If you do, Recover, set Ratio
lower, and try again.

The Threshold and Ratio settings can also be adjusted in the graphic at the lower-
right corner of the screen. The little blue square in the middle of the box sets the
Threshold: move it down and to the left to lower it, up and to the right to raise it. The
blue square on the right of the window sets the Ratio: move it up and to the left for
expansion, and down and to the right for compression and limiting.

Note that the left-hand part of the graphic shows the Sample differently than other
pages: here we are looking at the Sample’s dynamic level plotted against time, which
of course is what is of most concern to us on this page.

Level sets the level of the processed Sample relative to the original Sample. In
many cases, leaving this at 100% should be satisfactory, but if heavy compression is
used, a higher setting might help to maintain the signal-to-noise ratio of the Sample.
Setting Level to 0% creates a silent Sample. You probably don’t want to do this.

Attack and Release set the attack and release times for the compression or
expansion. The range is 0 to 127, with smaller numbers faster.

Ratio>100% A
2 Attack Release Level
~a <127 127
\0 v
Ratio<109%

Action of Comp/Expand on signals above Threshold level
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Normalize ensures that the resultant Sample is at its highest possible dynamic
range after executing. Setting this parameter to After will normalize the Sample after
compression/limiting. Setting it to Only means that the Sample will be normalized
without compression/limiting — just as on the Normalize page.

Again, the action of this operation is destructive. The new Sample is written to the
same slot as the original version, so a Recover switch is provided. If there is not
enough memory Remaining to hold a copy of the current Sample, you will not be able
to use Recover, and the Secretary will disavow all knowledge of your existence.

Time Stretch

The S-770 can alter the
length of a Sample

without changing its pitch, Osample Lol:pf GH#2T
or vice versa. A Sample

Edit Sample Time Stretch P

Pl:From (%] Length 93984
can be sped up or slowed P2:To 93084  —Time 3.102s
wn b factor of
do Y upto a, . ° Ratio 5% Coarse -12
four. This operation is Fade 29 Fine 2
useful in a variety of Length 46542
Mode Manual -Time 1.551s

contexts. It can be used to Total Length

fit dialog, sound effects, or E.Step 1 50226
a musical phrase into Reyon  Start —Time 1.674s
specific periods of time,
especially in film or video
production. It can change
the rhythm or length of a
musical phrase to conform
with a sequenced or
recorded rhythm track. And it can be used to great creative effect, to transform familiar
sounds into unfamiliar ones, or to create totally new sounds.

!Searchl rExecute I lRecover

Remaining ©.5

Time Stretching is handled on the Time Stretch P(arameter) Page, selected from the
Edit Sample2 submenu. (It is also one of the factory Jump pages: Set 2, Page2.) The top
line is for choosing the Sample to work on. The operation works on a Sample in place,
so if you want to keep a copy of the unaltered Sample, use the Copy function from the
Com menu before executing.

Let’s skip the first few Parameters for now — they are used if you don't want to
Stretch the whole Sample. Do, however, look at the blue “—Time” Parameter. This
tells you the length, to the nearest millisecond, of the current Sample.



Ratio

Fade
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o} |
. - [
Ratio sets the stretching ~ Qriginal % 8 -
) Sample D o
factor, which can be from Py)

25% to 400%. Ratios less

than 100% speed up the

Sample and make it Ratio
shorter, while ratios greater  =150% :
than 100% slow it down

and make it longer.

o

. H N
As you adjust Ratio, oo, —A N, e —
you'll see the numbers in S

the blue box on the right

half of the screen change. They are showing you what will happen to the pitch,

the length in words, and the duration in seconds of the Sample at the selected Ratio. If
the ratio, for example is 150%, then the length and duration will be 1.5 times that of
the original.

Click on Execute to do the change. As usual, you can Recover the original Sample
if you don’t like what you’ve done, provided there is sufficient memory Remaining.

If there are any Sustain or Release loops in the Sample, they will be stretched or
shrunk accordingly, so they should sound the same in the new Sample as they did in
the original. Changing the KeyOn parameter lets you listen to the different parts of the
Sample so you can check this.

When a Sample (meaning a sound) is Time-Stretched, the software takes “chunks"
of the original Sample and interpolates, crossfades, and creates many new samples
(meaning individual words) to put into those chunks. The size of the chunks is
determined by the software (invisibly to the user), and the Fade parameter determines
how much the chunks will be overlapped when the new sample words are calculated.
Generally speaking, the larger the fade, the smoother the resulting sound. However,
the operation also takes longer with longer fades. Simple sounds, like sine waves, will
stretch fine with low settings of the Fade parameter, while complex, reverberant
sounds will need higher settings if they are not to come out sounding weird.

When Mode is set to Manual, you can adjust Fade as you like. E.Step, as usual,
changes the resolution of the adjustment.
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Life, however, is not quite that simple — it’s not enough just to set a high value for
Fade, it also has to be just the right value for the particular sound. For you to find that
value could require hours of trial and error. Fortunately, the S-770 can help. When you
click on Search, the S-770 calculates a new set of chunk sizes that might be
appropriate for the current Sample, and resets the Fade parameter to accomodate the
new chunks. When it’s done, you can click Execute and listen to the result. If you
don't like it, click Recover, then Search again, and try the next set. (If you find a Fade
value that “sort of” works, you might want to save the stretched Sample under a new
name, just in case nothing better comes along.)

For the ultimate in assistance, change Mode to Auto. Now you can’t adjust Fade at
all, and Search is disabled. When you click Execute, the S-770 looks through all
possible chunk sizes, and decides which one it likes best. It then executes the Time
Stretch using that number. While this process consistently yields the best results, the
software algorithm it uses is extremely complex, and so there’s a trade-off: it can take a
while. With complex sounds, the operation might take as long as 100 times the length
of the Sample.

Pitch Change with Constant Length

This operation works just as well if you want to do the opposite to a Sample: alter
its pitch without changing its length. This can be useful for creating unusual vocal or
sound effects (Darth Vader comes to mind), or fattening a Sample by doubling it at a
different pitch. While the same operation is used, the information you need to know is
different.

The pitch numbers in the blue box will tell you how far the pitch of the original
Sample will deviate for a given Ratio. If you then want to play the new Sample so that
it fits into the same time as the original, you will have to change its pitch by the
numbers displayed: in half-steps (Coarse) and 1/100ths of a half-step (Fine). Use Ratios
above 100% for creating higher-pitched versions of the Sample, and Ratios below
100% for lower-pitched versions.

Here’s an example: you have sampled a piece of dialogue matched to picture. The
actor’s voice is wimpy and you want to lower it by a major third. Select the Ratio
parameter, and hold down the left mouse button to lower it. Watch the pitch
parameters change. Set the Ratio so that the Coarse parameter says -4 (four half-steps
is @ major third) and the Fine parameter is as close to zero as possible. We'll save you
some suspense: the Ratio will be 79%, and Fine will be -8, which is pretty good. Now
Execute.



Sampling 2: Editing and Resampling » 199
Original note

Original % dialog: What’s a nice sample like you doing in a place like this?
Sample

ANV
e
Ratio
= 79%’!_ dialog: What’s a nice sample like you doing in a place like this?
Sample is (D
squeezed PY)

Play this note to
restore original
timing at new pitch

i
ﬁ dialog: What’s a nice sample like you doing in a place like this?

e

If you now play back the new Sample from the MIDI keyboard a major third lower
than the original key, the pitch will be indeed lowered a major third, but the length
(and rhythm) will be very nearly unchanged.

To get a closer match, load the Sample into a Partial, where it can be more finely
tuned: set the C.T in the Partial to -4 and the F.T to -8, and play it back on the original
key. The new Sample will match the timing of the old perfectly.

The same technique can be used to “harmonize” a Sample: create three different
versions of a vocal or instrumental Sample at three different pitches, and you've got an
ensemble.

Stretching Part of a Sample

If you only need to stretch or shrink a part of a Sample, you can set the limits of the
operation using P1:From and P2:To. Only the portion of the Sample between those
two points will be affected. You can set them either from the Param page or from the
graphic (Sample Time Stretch G) page, using the usual scrubbing and pointing
techniques. Setting KeyOn to FromTo lets you hear the region you've set up. As usual
you can move more quickly through the numbers by setting E.Step to a higher value.

If you happen to know exactly how many words (or seconds) the stretch region
should be, you can use the Length parameter to set it up. When you change it the
P2:To point changes along with it — P1:From won’t move.
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Rate Converting

The situation often
arises in which it is
necessary to give a
Sample a different
sampling rate. For
example, as we discussed
earlier in this chapter, if
you Mix, Combine, or
Insert two Samples that
are recorded at different
rates, one or both of them
will change pitch. If you
change them so the rates
are the same, there is no

s-770/01

Edit Sample Rate Convert

[l sample

Sampling Rate
Original Key
Wave Length
Pitch

[New]
Sampling Rate
Pitch Shift
—Coarse
—Fine

Wave Length

L@l:pf GH#2T
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c 4
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22 .05kHz

2.

Correct

Execute

Recover

Remaining ©@.5

pitch change.

Another situation that might call for sample-rate conversion is if you have a lot of
long, high-sampling-rate Samples in RAM which don’t really need to be at that high
rate, and therefore are taking up more space than necessary. By down-converting these
Samples, you can free up more memory, hopefully without sacrificing sound quality.

Or, you may have a Sample that needs to be transferred to another device —
another sampler, a computer, a digital processor or tape deck — which only accepts
samples at certain rates, and your Sample is at the wrong rate. Converting it internally
assures a perfect transfer, without the dangers of D-to-A and A-to-D conversion that
would otherwise be necessary.

There are six sample rates available: 48, 44.1, 30, 24, 22.05, and also 15, which
should only be used for truly low-fi sounds.

The operation is straightforward, and is done on the Edit Sample Rate Convert
Page, of which there is only one, selected from the Edit Sample2 submenu. Select the
Sample to convert at the top of the page. Its Original Key and Wave Length (that is, the
number of seconds of RAM it occupies relative to 44.1 kHz) are displayed. Go down
under the word [New], and set Sampling Rate to the rate you want. The Wave Length
(again, relative to 44.1 kHz) for the new version is shown.

Click Execute and it's done. Click Recover (assuming there’s enough RAM
available), and the Sample goes back to its original rate.
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Retuning

Range

If you like, you can change the Original Key of the Sample for conversion, thereby
shifting the Sample up or down. You can do this while you're converting to a different
Sampling Rate, but you may also find it helpful to change the Original Key while
converting to the same Sampling Rate, just to bring the Sample into tune with other
Samples. This can be especially useful when working on the Patchwork page. If you
want to Insert, Mix, or Combine two Samples that are not in tune with each other,
here’s where you can fix them.

Resetting the Original Key can be done on many of the Sample Edit pages as we
have seen, but this one has a twist: when you are working on a Sample, the Correct
switch can analyze its absolute pitch, and guide you in assigning it a key. Clicking on
the switch doesn’t change the Sample, it just analyzes it. After a short wait, the Pitch
parameter will display the true musical pitch of the Sample, and any tuning offset in
1/100ths of a semitone.

For example, if you have sampled a musical sound at a pitch of 440 Hz (A above
middle C), regardless of where you assigned the Sample’s Orig Key, when you click on
Correct, it will tell you the Sample should be at A_4. If you set the Orig Key to A 4,
you'll have a Sample that’s in tune with the rest of the world. (Of course, you don’t
have to re-assign the note.) Note that this feature only makes sense with musical
sounds — if you try to Correct an unpitched sound, you may get an Error message, or
you may get a real note, but it will not be much help.

Extension
»

Another interesting feature of this Oridinal A I/-_
page is that it can extend the range of a Sar?\ple % 4
Sample. Normally Samples can be range \\QA)’ _‘_/
transposed up a maximum of two
octaves (three if they are recorded at a / %E
slower rate). With the Pitch Shift option o\ PAR
on this page, however, Samples can PitCh_Sshift % /
have their range extended. Setting both - %”———
Sampling Rates the same, and then
setting Pitch Shift to 3 will raise the /é
pitch of the Sample a minor third, and ) 4/
at the same time raise its upper Original Key % £
transposition limit by a minor third. = Ditd \;)v ‘_/
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If you want to extend the upper limit of the Sample without shifting its position on
the keyboard, set the Original Key parameter to the same interval as Pitch Shift: if you
want to extend the range a minor third, set Pitch Shift to 3, and the Original Key
(assuming it is C_4) to D#4. Now the Sample will play back at the same pitch, but
you’ll have an extra three half steps available at the top.

This operation is not without a trade-off. Pitch shifting a Sample upwards actually
shortens it (the Wave Length parameter shows you this), and that means that the
quality of the Sample isn’t quite as good. If you go a long distance with Pitch Shift, you
may be able to hear audible deterioration of the Sample at the original pitch.

Pitch Shift can be set as high as 48 (four octaves) for truly radical changes. The Fine
parameter adjusts it in 1/100ths of a half-step.

Wave Draw

The S-770 gives you the ability to physically alter individual words within a
Sample. This is useful when a Sample has a pop, glitch, or some other kind of anomaly
in the middle, where it can’t be easily trimmed. If such a beast can be somehow
smoothed out, a dirty Sample can be turned into a clean one.

That's the purpose of the Wave Draw Page, chosen from the Edit Sample2
submenu. Select the Sample to work on at the top of the Page. Immediately below its
name is a graphic of the entire Sample. There are several active areas on this Page, and
as you move the cursor around among them, each one turns purple as you enter it.

Mode Index Mark s-770/21

Edit Sample Wave Draw Com Exit

[ sample 1Lol:pf G#4
»

Al

Remaining 9.5

Sample Scrub Area

Window Scrub Area
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As on the other graphics pages, you can put the cursor in the horizontal rectangle
above the Sample graphic and scrub it. When you find the glitch, click the mouse on
the corresponding spot on the Sample graphic.

The area you have clicked on will turn blue, and a 270-word segment of the
Sample right where you clicked will appear in the window below. As on the Loop2
Graph2 Page in the previous chapter, you can scroll this window by putting the cursor
in one of the areas containing the small triangles at the extreme left and right of the
window. On this page, however, both areas do the same thing: click the left mouse
button in either area to view the 135 words of the Sample immediately preceding the
current segment, or click the right mouse button to move to the next segment of the
Sample.

Click on the letter Y in the lower-right corner to change the vertical (Y-axis)
resolution of the window. There are four levels available: click the right mouse button
to zoom in and the left to zoom out.

You can also scrub this window: put the cursor in the middle of the horizontal
rectangle at the top of the large window, and press and hold the left mouse button.
Instead of scrubbing the entire Sample, you are only scrubbing the 270 words in the
window. Therefore, you will hear a continuous waveform whose pitch varies with the
scrubbing speed. As usual, the position of the mouse will determine the speed and
direction of the scrub, and a speed and direction indicator will appear at the top right
corner of the screen when you scrub. The limit is 200% in either direction, and you
can cut the speed in half by pressing the right mouse button.

When the mouse is in any area of the screen except the large window, the graphic
in the large window consists of line segments. When the mouse enters that window,
however, it changes to dots, for highest accuracy. You can now redraw any dot in the
window, by placing the cursor and pressing the left mouse button. You can draw one
dot, or you can drag the mouse and draw a line or curve. The dots you draw while you
hold the mouse button are red, and as soon as you let go of the button, they turn
white. Move the mouse out of the window to restore the line-segment view, which will
make it easier to see what effect you are having.

The best way to get rid of glitches is simply to draw a smooth line or curve through
them, connecting the waveform before the glitch as fluidly as possible with the
waveform after it. Use the large-window scrub function to check your work: if the
glitch remains, the sound will be harsh and raspy. If the glitch has been effectively
removed, the sound will be much smoother.

Wave Draw can also be a lot of fun for experimenting with what different-looking
waveforms sound like. However, you have to have a real Sample selected before you
can start playing with the words — you can’t draw into a Blank Sample.
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Resampling

Samples can be combined, with various modifications applied, entirely in the
digital domain within the S-770, using the Resampling function. Resampling is not one
of the Sample Edit pages; it has its own set of pages, and is accessed directly from the
Sound menu. It can also be accessed from the Index (select Resampling twice) or
through a Jump page. Performance Resampling, the other item on the Resampling
subtopic of the Index, is a special case that is discussed at the end of this chapter.

The resampling function takes two mono Samples — the Source Samples — and
mixes them into one mono Sample. One or both of the Samples can be delayed or
tuned relative to each other. Filter and volume (TVF and TVA) envelopes can be
applied to one or both Samples. If a stereo Sample is selected as a Source Sample, only
the half of the pair named will be included.

Resampling has many uses. Two identical Samples, slightly detuned, can be
combined to create a “chorus” effect that only uses up one voice. Or they can be
grossly detuned for harmonizing effects. Volume and Filter envelopes that sweep
across the two source Samples, either together or in opposition to each other, can
create very dynamic sounds. Because Resampling is done entirely on the digital level,
with no conversion to analog, there is no generational degradation of the sound, and
Resampled sounds can themselves be Resampled without problems.

Resampling Complex Events

Resampling involves “playing” the source samples from the MIDI keyboard (the
SOUND PLAY button is inactive). If a Sample contains Sustain and/or Release loops, they
will play as long as the key is held down and the TVAs allow, just as if you were
playing a Partial. The newly-created Sample will not have any loops of its own, but
will treat those repetitions as part of the one-shot Sample itself. Sustain Pedal
(Controller #64), Pitchbend, and other MIDI controllers are responded to as well, in
accordance with the settings made the last time you were on the Edit Patch Ctrl page
(or if you haven’t been to that page since power-up, the default settings). As on the Edit
Sample pages, the S-770 is in Omni mode on the Resampling pages.

In addition, multiple MIDI notes (up to the S-770’s polyphony limit) can be played
during the Resampling. Each incoming MIDI note triggers the Source Samples at the
pitch corresponding to the note’s pitch, and at a volume proportional to the note’s
velocity. All of the sounds thus generated become part of the new Sample. Therefore, a
Resample can easily be made up of multiple copies of the Source Samples at different
pitches, loudnesses, and/or times, which can be in the form of a chord, a “stutter”, an
arpeggio, or an entire musical phrase.
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Timing, Tuning, and Naming

The first Resampling page is Resampling Common Com Exit

Resampling Common. Here is
pling (Jsample [ s1 H{TvFi}{Tval]

where the Source Samples are -

-

chosen. Samples 1 and 2 can be ‘ '
Algorithm [(s2 H{TvF2 H{TvA2 |

selected from any Samples
currently in RAM. If you only want
to use one Sample (to make a chord Source Sample Dly C.T F.T
or pattern out of it), set one of the o o e 2 2
Source Samples to Off.

Each Sample can be tuned,
using C.T (in semitones, 4 octaves)
and F.T (in cents, £1/4-tone). Small
values of F.T give a flanging or
chorusing effect. The triggering of either Sample can also be delayed relative to the
other, using the Dly parameter. The range available is from a couple of milliseconds to
several minutes.

The name of the resulting Sample appears at the top of the screen. You can
overwrite an existing slot, or use a blank slot and give it a new name.

The Resampling Algorithms

The other item on the Common page is “Algorithm”. As on a digital synthesizer,
the Algorithm determines how the various source and processing modules that make
up the Resampling function will be arranged, and whether the Source Samples will be
added or multiplied.

Adding Samples does just what it sounds like: the two sounds are combined into
one. This can be a very useful feature for layering sounds, in that fewer S-770 voices
are then needed to produce the same complexity of timbre.

Multiplying Samples produces non-harmonic partials similar to a ring modulator.
The result is a metallic sound, which, in moderation, can be useful for bell-like timbres
or, in excess, for totally weird, sci-fi sounds. Keep in mind when two sounds are added
together and one is at zero level, the other will come through, but when two sounds
are multiplied together and one is at zero level, there will be no sound produced.
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Source 1 Source 2
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Besides the Source Samples, the algorithms give you two TVFs and two TVAs to
work with.

* In Algorithm 1, each Sample has its own TVF and TVA, and the outputs of the TVAs
are added.

* In Algorithm 2, the Samples are added first, then put through the two TVFs in series,
and then through a TVA.

* In Algorithm 3 the Samples are multiplied, but before that happens, one of them
goes through a TVA. The combined signal then feeds the two TVFs in series and the
remaining TVA.

* Algorithm 4 is similar to Algorithm 3, except that the signal from Sample 2 (the one
without a TVA), besides being multiplied with Sample 1, is also added to the product
signal before it all goes to the TVFs. Unlike Algorithm 3, this algorithm can be used
with just one Sample (Sample 2), giving it two TVFs to play with.

e Algorithm 5 takes the output of Sample 1 and puts it through a TVF and TVA, and
then multiplies it with Sample 2, which has also been put through a TVF. The
product then goes through the remaining TVA.

e Algorithm 6 is similar to Algorithm 5, except that the Sample 2 signal, after it passes
through its TVF, is added to the product signal before it goes to the final TVA.
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The two TVFs are set up on the Resampling TVF page. These are simplified versions
of the TVFs found on the Partial Edit page. (Remember, we're dealing directly with
Samples here, so any envelopes set up at the Partial level will have no effect.)

For each of the two Source Samples you can set Filter Mode (Low-pass, Band-pass,
or High-pass), Cut Off frequency, and Resonance, and design an envelope graphically
or numerically. The filter has no “Off” position, so if you want to have no filter action,
use the default settings: Mode = LPF; Cut Off = 127; Reso. = @.

The G-Edit parameter (“Graphic
edit”) determines which Sample’s
envelope will be frontmost in the
graphic window at the bottom of the
screen. If G-Edit is set to Sample 1,
then Sample 1’s TVF envelope will be
white and green, and can be altered
with the mouse, while Sample 2's
TVF envelope will be dark blue, and
can’t be changed with the mouse (but
it can be changed with the numeric
Parameters). if G-Edit says Sample 2,
then Sample 2 will be brighter and
will be adjustable with the mouse.

The two TVAs are set up on the
Resampling TVA page. The Depth
parameter for each Sample sets an
overall loudness level for the
envelope, so that you can balance
the two. The envelope itself can be
designed graphically or
numerically. If you want no
envelope action at all, set all of the
Time parameters to 0 and the three
Level parameters to 127 (Level 4
must always be 0). The G-Edit
parameter again determines which
Sample’s envelope will be
frontmost and adjustable with the
mouse.

Resampling TVF

Com Exit

1 2

Mode LPF LPF
Cut Off 127 127
Reso. ] 7]

G-Edit Sample 1

1 2 3

1 Time @ 50 64
Level 127 127 ]
2 Time 98 60 102
Level 1290 52 ]

S-770/91

Resampling TVA

1 2

Depth 127 127

G-Edit Sample 1

1 2 3

1 Time
Level 4@ 127 44

2 Time 1 1o 1o
Level 127 127 127

2 19 72 115

4

2
]
]
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Final Preparations

Do It

The last set of Parameters to deal with before doing a Resampling are on the
Resampling Execute page. Here are a number of items that will be familiar from the
Sampling page: sampling rate Frequency, Name, Time (don't be skimpy, but remember
you can't set this higher than the Remaining time), and the Original Key the Sample
will be based on when you play it back. As on the Sampling page, Time and
Remaining are based on the

current sampling frequency, not Mode 1Index ~Mark 5-770/01
(necessarily) 44.1 kHz. Resampling Execute
. . O sample | Name !
Turning on the Emphasis

parameter boosts the high ;f;;‘ﬂthm
frequencies in the new Sample, Freq(kHz)
which can come in handy in Time (sec)

. . . . Orig Key
many situations, especially if Emphasis

you are using TVFs in Low-Pass Remaining

mode. If there’s not enough high Read
end in a Sample, it’s hard to add
it later without introducing noise
and general grunginess, but if
there’s too much high end, it’s
easy to get rid of it at the Partial
level with a Low-pass TVF.

LEVEL E...l...‘.........

There aren’t really any adjustments you can make to the level when Resampling —
the REC LEVEL, SENS, Sensitivity, and VOLUME controls have no effect here. Play one or
more notes on the MIDI keyboard (if you are recording a phrase, here’s your chance to
practice) and watch the Level box in the window respond. As you play the keyboard
harder (more velocity), or add more notes, the level goes up. It is possible, although
difficult, to make the level too high if you are playing a lot of notes. If this happens,
you will hear the sound clip in the monitor. Try to play a little softer.

When you’re happy with the way things sound, click the Ready switch to start
resampling. A box saying “Wait Trigger” appears. As soon as you play the first MIDI
note, the S-770 starts recording (pedal or controller movements, although they may
affect the sound, will not trigger the recording). The “thermometer” to the left of the
Level box will fill up as the Time gets used.
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When the Resampling is finished, a “Now Working” box appears briefly, and then
the Resampling Over window comes up. It shows the new Sample in a Waveform
display window, and you can play the keyboard and hear what it sounds like. Three
switches on the screen let you reject what you've just done and try again (Retry); keep
what you’ve done and do another (Next); or keep what you’ve got and go do
something else, like edit it (End).

If you keep the new Sample, it now resides in RAM under the name you've
assigned it, and it can be used, edited, stored, and resampled just like any other
Sample.

Tricks and Warnings
Resampling provides a nice way to link two Samples together sequentially: set up

the first Sample with a Dly of O, and the second Sample with a Dly equivalent to the
length of the first Sample. Since the Dly parameter is not calibrated in real-time units,

this may require a little
experimentation. + — no sound
Whil h
ile we're on the e | Dly 2
s1
subject of delays, the : .
roe-- k- -{ TV.
timings of the TVA and ;

TVF envelopes are tied R

to the Dly parameters Algorithm 2

on the Common page. If the Delay for Sample 1 is set to five seconds, then TVA 1 will
not start until five seconds after the MIDI key has been pressed. This is all well and
good when the envelopes are operating directly on their respective Samples. However,
in Algorithms 2, 3, and 4 the envelopes are not directly attached to their respective
Samples. Therefore, you may possibly find yourself in a situation where a Sample has a
short delay time, but the TVA controlling it has a very long delay time, and you end up
hearing nothing, because the Sample is over before the envelope begins. Be careful.

Resampling can also be used to stretch the top end of a Sample’s range. For
example, set C.T on the Common page to 2, and play a Sample on its original key. It
will now be transposed up a whole step, and the pitch range will be extended at the
top by a whole step. You can re-position the new Sample to the correct pitch in one of
the Edit Sample1 pages, or within a Partial. This method isn’t quite as clean as
stretching the range on the Rate Convert page, because it doesn't preserve loops, and
it takes into account your key velocity, but it will work in many circumstances,
especially when you want to extend the range of a Sample and combine it with
another at the same time.
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Performance Resampling

We looked at Performance Resampling in the previous chapter, in terms of
sampling from within a Performance. Now we’ll talk about Resampling from a
Performance.

The Performance Resampling page is accessed from a Performance Play Page by
opening the Com menu and selecting Resample2, or from the Index.

As we've seen, if the Input parameter is set to Analog or Digital, this acts just like
the Sampling page, recording signals coming in through the inputs, although there are
fewer choices (triggering must be from a MIDI note, and monitoring is not available),
but you do have the option to automatically Normalize the new Sample.

However, if you set Input to Int(ernal), the page will resample sounds from within
the S-770. The main stereo outputs of the S-770 are effectively wired back into the
inputs, without the signals ever leaving the box. If the Mode is Stereo, both outputs are
routed back. If it is Mono, you can record either the left output (Int L) or the right (Int
R). The physical output and input level controls do not affect the signal, but the Mix
and Lev parameters on the Play Page do, as do all level and panning controls at
subsidiary levels. Signals coming out of the individual outputs are ignored.

In ordinary Resampling, you are making a recording of simple playback of one or
two Samples, with some rudimentary performance aspects applied. In Performance
Resampling, you are making a recording of the S-770 in full operation, using multiple
MIDI channels, and as many keys and controllers as you want to throw at it.

Although it is not visible, the entire Play Page you came from is completely active
when you are on the Performance Resampling page. (If you came from the Index, the
operating system actually brought you through a Play Page.) You can play the S-770
multimbrally using multiple MIDI channels just as if you were on the Play Page itself,
either from a single-channel MIDI source like a keyboard, or from a sequencer. It will
respond to notes, controllers, program changes, pitchbend, or any other valid data.

Click Ready, and after a few seconds (and appropriate warnings if you are
overwriting existing data) the screen tells you it's waiting for a trigger. As soon as it
receives the first MIDI note on any channel (it doesn’t have to be a channel that's
active in the Current Performance), it will start recording. Now any sound that the
S-770 produces will be captured as part of the new Sample.
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When the time limit is reached (the thermometer fills up red), the resampling stops.
(You can also cut off the resampling early by clicking the mouse or pressing EXIT.) Then
you are taken to the Resampling over page, where you can play and accept or reject
the result.

When you accept the new Sample by clicking on End, a new Partial and a new
Patch, both with the same name as the Sample, are created. You are taken back to the
Play Page, where you can load the new Patch right into a slot in the Current
Performance.

Creating and editing Performances is the subject of the next chapter.
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Chapter
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A Performance contains all the information for
making the S-770 a fully multitimbral, multi-channel,
multi-output sound generator, capable of playing a
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single musical selection or an entire album’s or film’s worth of material. While a Patch
is a single “instrument”, responding on one MIDI channel to produce one kind of
sound at a time, a Performance is a group of Patches all responding to MIDI at the
same time, on the same or different channels. While several Performances can be

loaded into RAM at a time, only one can be active.

A Performance is made up of from 1 to 32 “Parts”, each of which contains a Patch
and a MIDI channel assignment for playing that Patch on, as well as a few other
Parameters. Patches assigned to a Part can be changed in real time over MIDJ, using

Program Change commands
that are received on the Part’s
MIDI channel.

Mode

Index Mark

S-779/91

Play Pagel

OPerformance

Creating a Performance
While there are a number | oz 2 ———— -
of Performances already on the
S-770’s internal hard disk, to
best illustrate their potential,
let’s create a new one. Open
the Performance menu (either

Doz
fo3
o4
o5
goe
Qo7
Qos

Ch Patch Name

from the Mode menu, or by

pressing the PERFORMANCE

button), and then select Play.

(Or, use Pagel of the first Jump
set.)
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Now open the Com menu, and select Disk. Go to the Load page, and set Target to
Patch. Select L&1:Piano L, and click the left mouse button to load it into RAM. If the
screen asks if you want to clear all Internal Memory, select Yes.

When it’s done, load the following Patches, in any order, making sure you do not
clear Internal Memory with each load:

LG 1:Harp Short

LD4:Upright Bass

LO7:LA Fat Kit

Now Exit the Disk Load page, and you will be back on Performance Play Page1. (If
you're on a different Performance page, click on Page1 at the bottom of the screen or
press the F1 button.)

This Page shows the first eight Parts that make up the Performance. Each Part has a
MIDI channel, an overall Level, Mix level and Pan setting for the stereo outputs, and
an assignment for the individual outputs.

Entering the Patches

Put a Patch into Part number 1 by selecting the first Patch field on the Page (it
currently says “---Off---"). Click the right mouse button, and the names of the Patches
you just loaded into RAM will appear, one at a time. Set Part 1 to L&1:Piano L. Move
the mouse down to the
Patch field for Part
number 2, and click

. Play Pagel Com Exit
until LA 1:Harp Short Y amenm
appears. Go to Part (OPerformance - : Name
number 3, and set it to Ch Patch Name Lev

. : »01 1 L@l:Piano L 127
LO4:Upright Bass, and 002 2 L@l:Harp Short 127
set Part number 4 to 003 3 L@4:Upright Bass 127

LO7:LA Fat Kit. 004 4 L®7:LA Fat Kit 127

Display MIDI 1 [I@l:Piano L
(part 1)
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Setting the MIDI Channels

The column just to the left of of the Patch name shows the MIDI channel (Ch) for
that Part. The first 16 Parts default to the 16 MIDI channels, but you can change any of
them you like, including setting more than one Part to a particular channel, thereby
layering the Patches. You can also set the channel to “--”, in which case the Part will
not respond to MIDI. Use this when you want to keep a Patch in a Performance for use
at a later time.

Setting the Outputs

The other Parameters except Lev are the same as on the Patch edit pages, and
reflect the settings you made there for each Patch. Notice that L@1:Piano L has a Pan
setting of L32. That's because this is part of a stereo Sample, and it was saved as part of
the Patch with this Pan setting (even though it’s only “half” of a sound, it sounds pretty
good by itself). Set the Pan parameter for Part 2 (Harp Short) to R32, to put the piano
and harp on opposite sides of the stereo spectrum.

Remember that the Pan control serves as a “bias”, not an absolute position setting,
when using Samples panned in stereo. The piano and harp patches have note-number-
based Pans at the Partial level (Key+), so these settings will not place them hard left
and hard right, but will arrange them so that the piano plays left-to-center and the harp
plays center-to-right. Make sure the bass and drums have their Pans set at @.

The only Part here that has an Out assignment here is LA7:LA Fat Kit. That's
because this Patch has various drums assigned to the different individual outputs at the
Partial level, and these assignments are preserved at both the Patch and Performance
level by setting this Parameter to “P”.

The Lev parameter is affected by incoming MIDI Controller #7 (Volume) data, so
when you send Controller #7 on a particular MIDI channel, you will see the Lev
parameter change on any Part set to that channel. if you have two different Parts set to
the same MIDI channel, they can have two different initial Lev settings, but as soon as
you send Controller #7 on that channel, the two Lev settings will respond to the MIDI
data and become identical. Remember the Lev parameter is an overall level for the
Patch, while the Mix parameter only determines how much signal goes to the stereo
outputs.

The S-770 is now a four-part multitimbral sound generator. Set your MIDI
controller keyboard to MIDI channel 1, then 2, then 3, then 4, and hear the different
sounds. As you send data on a particular MIDI channel to the S-770, an arrow appears
to the left of all Part numbers with Patches in them that are assigned to that channel.
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The keyboard display at the bottom of the screen shows which notes you are
playing in red. It defaults to “OmniOn”, so that it shows incoming MIDI notes on all
channels, but you can change it to respond to a particular channel if you like, or just to
a specific Part. When displaying a Part, it will also show the name of the Patch
assigned to that Part, as well as all Splits in the Patch. When displaying a MIDI
channel, it will show the name of the Patch and the Part number assigned to that
channel (if there is more than one, it will show the lowest Part), plus the Splits.

The keyboard graphic will not respond, however, to a note on a channel which has
no Part assigned to it, or if you play a note which is unassigned within the Patch on
that channel — for example, if you are playing the drum Patch on channel 4 and you
play G_6, which is not assigned as part of a Split in that Patch, not only won't you hear
anything, you won’t see anything either.

One other interesting thing about the keyboard display is that if a Patch contains an
Octave Shift, then when you play a note on the channel of that Patch, it will appear on
the graphic transposed up or down by the Octave Shift value. (Before you ask, Coarse
Tuning a Patch doesn’t have the same effect.)

If you use a sequencer to record a piece that uses the four instruments, when you
play it back, you'll see the arrows appear as each channel is played. If you have more
than the standard 2 Megabytes of memory in your S-770, you can load in additional
Patches into other Parts, until RAM is full (“Internal Free” is zero).

More Parts, More Performances

Page2, Page3, and Page4 are continuations of the Parts list. A Performance can
have up to 32 different Parts, each with its own Patch. Parts 17-32 (on Pages 3 and 4)
default to no MIDI channel, so if you want to hear any of these Parts, it must first be
assigned a MIDI channel. Although in our example, we have loaded the Parts in strict
numerical order, there is no requirement that you do so, so feel free to load any of the
32 Parts in any order you like.

If you want to create different Performances using the same set of Patches already
in RAM (for example, you want to try a different set of channel assignments or Pan
positions), you can select a new blank Performance (scroll to an empty slot, or click on
the Select icon and then on “Blank”). If you want to save a Performance, make sure
you Name it first.

The fifth page in this function, Part Map, we’ll come back to a little later.
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Performance Editing

On the Play pages, you can put Patches into Parts and set basic Parameters.

Another set of Pages, Edit Performance, is for setting up keyboard limits and crossfades
for the various Patches in the Performance. Go back to the Performance menu (click

on Exit) and select Edit Performance. (Or use Pagel of the second Jump set.)

The first page to appear is
called Performance Common.
(If you see something else,
select Common at the bottom
of the screen or press F1.) This
page is mostly for reference. It
gives you information about
the current status of the S-770:
how much RAM is used by the
Current Performance, how
much RAM is available (after
all the data in RAM is
accounted for), the current
settings of Master Freq, Master
Tune, and Analog Outs Mode
parameters (see next chapter),
and how many files at what
levels are in RAM at the
moment. Also, you can select
and name the Current
Performance.

The next page, Edit
Performance Page1, is where
the action is. (Note that you
can press F2 to get to it —
don’t be confused: in this
Function F2 opens Paget, F3
opens Page2, etc.)

Mode Index Mark

Performance Common

Volume L@7 :Percussion

0 Performance L@7:TR-808 kit

Used 22.1
Remaining 2.4

BExisting Files
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Master Freq
48kHz
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Sample 28 dcent
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As on the Play Page, there are eight Parts visible, and you can assign each one a
Patch and a MIDI channel. (The space available for the Patch Name is slightly shorter
than on the Play page, so some names may get truncated.) Any changes you make on
this Page will be reflected on the Play page, and vice versa. Parts 9 through 32 appear
on Pages 2, 3, and 4.

Also as on the Play Page, an arrow will appear to the left of a Part number when
MIDI data is received on its channel, and notes on active MIDI channels are displayed
on the graphic keyboard. The display is in Omni mode.

Keyboard Splits and Fades

A Part does not necessarily have to play over the entire MIDI range — even if the
Patch it contains is set up to do so. The Parameters on this Page are for assigning
different Parts to different areas of the MIDI keyboard. As on the Patch Split page,
different sounds can be set to respond to specific MIDI note ranges, but the setup here
is a little different, and so is the way the splits are used.

Performance-level splits are most often used with different Parts and Patches
assigned to a single MIDI channel. However, there may be times when you might want
to use a split simply to limit a sound’s range without putting another Patch on the same
channel. The S-770 places no restrictions on how these splits are set up.

L.P stands for “Lower Point”, which is the lowest MIDI note a Part will respond to.
U.P, not surprisingly, is “Upper Point”, or the highest note. They are both adjustable
over the S-770’s normal note range, A_@ to C_8.

Unlike Patch Splits, on this Page you can set the various keyboard regions to blend
into each other. LW is “Lower Width”, which describes a “fade width” region. The
value of the Parameter is the size of the region, in semitones above the Lower Point.
Notes within the Lower Width region will sound progressively softer as you go down
the scale, and when you go past the Lower Point, they do not sound at all. For
example, if L.P is set to C_3 and L.W to 12, then notes above C4 (12 semitones above
C3) will play normally, notes from C4 to C3 will play progressively softer, and notes
below C3 will not play.

Similarly, UW is “Upper Width”, and describes a fade width in semitones below
the Upper Point. If U.P is A_6 and U.W is 7, notes below D6 (which is 7 semitones
below A6) will play normally; notes from D6 to A6 will get softer as you play higher;
and notes above A6 will make no sound.
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You cannot specify a fade width that is larger than the entire active keyboard
region of a Part, so for example, if the Upper Point of a Part is G#6 and the Lower
Point is G#4, the maximum you will be able to set either LW or UW will be 23.
Similarly, the sum of the fade widths cannot be larger than the Part’s active region, so
using the same example, if LW were set to 14, the maximum you could set U.W to
would be 9.

You can set the Point and Width parameters by selecting them with the mouse or
cursor keys, and entering the value with the mouse buttons, § buttons, VALUE wheel, or
numeric keypad, with which you can enter the MIDI note number (A_@ = 21;
C_8=108).

Setting Splits Graphically

You can also set these Parameters graphically. In the window at the bottom of the
Page, directly above the keyboard graphic, are eight horizontal lines, each of which
corresponds to a Part on the upper half of the Page. If a Part has a Patch assigned to i,
the line will be three pixels high. If the Part is “Off”, it will be one pixel high.

As you pass the mouse over each line, it turns yellow. Grab the right or left end of
one of the lines with the mouse, and press and hold the left button. The line will turn
red. Drag inwards to where you want to set a Lower (left end) or Upper (right end)
Point, and let go of the button.

To set a fade width, when you grab the end of the line, first press and hold the right
mouse button, then the left button, and keeping both buttons down, drag to the left or
right as far as you want (you will have to stop if you bump up against the other end of
the range, or the other fade region). When a fade width region is set, you can shrink or
expand it the same way by grabbing the end of the fade region with both mouse
buttons and moving it.
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The text at the bottom of the keyboard graphic tells you what note the mouse
cursor is currently positioned at, and what Parameter you are adjusting: e.g., Part 2 Lo,

Part 3 Up, Part 1 L.W, Part 6 U.W, and so forth.

Using the Splits

Ch Patch L.P U.P L.W U.W

This feature can be used to set 1 1 1®l:Piano L. A @G C8 @ 86

up “positional crossfades”, in 2 1 Lol:Harp Shor A @ C 8 86 0
which you spread Patches across | s, =

the keyboard without the “brick-
wall” splitting that is done within a
Patch. To make it work, set
complementary Points and Widths
in two different Parts that are
assigned to the same MIDI channel. For example, set up the Performance as described
earlier, but set the MIDI Channel for both Parts 1 (piano) and 2 (harp) to 1. Set the U.W
for Part 1 to 86 (the maximum) and the L.W for Part 2 to 86. Now you have a new
instrument that is a piano at the bottom, a harp at the top, and a combination of the
two in the middle.

You can also use this feature to make a stereo pair out of two of the numbered
outputs (we mentioned this in Chapter 5): set one Part to a high LW and send it (on
the Play page) to Output 1, and set the other Part to a high U.W and send it to Output
2.

A note on using Program Changes

We'll have a full discussion of MIDI Program Changes later in this chapter, but at
this point it’s worth noting that when the S-770 is in Performance mode, it receives
and acts on Program Change commands on a channel-by-channel basis. Therefore, if
two Parts are set to the same MIDI channel, and a Program Change command is
received on that channel, both Parts will change Patches to reflect that Program
Change. (The correspondence between Program Changes and $-770 Patches, you will
recall, is handled on the Edit Patch Common Page. It’s also dealt with on the Patch
MIDI Map page, coming up.)

This is all reasonable, unless you have set up two Parts with a positional crossfade
between two different patches on the same MIDI channel. If you then send a Program
Change command on that channel, the two Parts will change to the same Patch, with
the same Pan and Output settings, which will render the crossfade (although it will not
change) meaningless. So be careful.
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Saving a performance

Performances are saved the same way as Patches, Partials, and Samples: from the
Com menu select Disk, and then go to the Save page and select Performance as the
Target. All Performances currently in RAM will appear in the window, along with their
size (in sample-seconds, referenced to 44.1 kHz).

If you have been working on a new Performance and have neglected to give it a
name, you will not be able to save it with just the temporary reference number
assigned it by the software (if you try, you'll get a “File Not Found” error message).
Don’t be lazy: name it.

When you save a Performance, all of its subsidiary files are saved with it. However,
if you are saving to the same hard or optical disk that the Samples which make up the
Performance were loaded in from, and you have not recorded any new Samples,
altered any existing ones, or changed any Sample’s name or Volume ID, then the new
Performance will take up no additional room on the disk. Any new, altered, or re-
named Samples, however, will be saved as new files, and will take up space on the

disk.

Note that only the Patches that are currently in Parts are saved when a Performance
is saved. If you change the contents of a Part using a MIDI Program Change command,
say from piano to guitar, and you then save that Performance, the piano Patch will not
be saved, unless it happens to also be in another Part in the same Performance. It's
important, therefore, if you plan to use a lot of Program Changes to switch Patches, to
make sure that every Patch you plan to use has a Part to call its own. Use all the extra
Parts on Pages 2, 3, and 4 if you need room. If you don’t want those Parts to sound
when you first load the Performance, simply set their MIDI channel to “--".

Just before you save a Performance, by the way, is a good time to do a Sort. Open
any Select window (click on a Select Icon), and click on Sort. Every file in RAM at
every level will be arranged alphabetically. When you save the Performance, any files
that are not already on the disk will be saved in alphabetical order as well, which
makes them much easier to find later on.
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Editing Patches Through a Performance

Just as you can edit Samples through a Partial and Partials through a Patch, you can
edit Patches through a Performance. From any Performance Page, open the Com
menu, and select Edit Patch. You will go to a Patch-level page, and the name of the
Page will be framed by *'s, indicating you are editing in Subsidiary mode.

In most ways, this page behaves just as if you went to it from the Sound menu. You
are not restricted to using Patches that are part of the current Performance — you can
access any Patch currently in RAM. You can edit and even save the Patches as you
listen, and you can move down to the Partial and Sample edit levels as well.

All keyboard ranges and fades that you have created in the current Performance
will be in effect as you play each Part.

Sequence
Part Numbers il E\Play Page

1 01 L@l:Piano

The S-770 will respond in Sequence ﬁ.»z 02 L@2:Voice
; ; track 2

Omni mode if the Select/MIDI 3 03 Lo3:Bass

in parameter is set to Omni /

On(**). When you change that S?g‘éinge ﬁc‘#—

Parameter to a Part number,

however, the Patch will

change too, in accordance
with the assignments in the

Performance. That makes the \ *Edit Patch Common*
Select/MIDI in parameter act — Patch LB2:Voice
like a “Solo” switch on a Select/MIDI in Oomni On(**)

mixing console: when you are

playing a multichannel

sequence, it allows you to

choose which part you are

hearing, with the correct

Patch. It goes one better than

simply soloing the MIDI ﬁ
channel: it will also isolate

Parts that share the same MIDI

channel.

*Edit Patch Common*

-—3 Patch L@2:Voice

Select/MIDI in Part 2( 2)



222 e Performances & Volumes
For example, if Piano L and Piano R are two Patches in a Performance both set to
MIDI channel 1, you cannot listen to them individually at the Performance level
without changing one of their MIDI channels. On this page, however, you can, by
changing the Select/MIDI in parameter.

In you change the Patch, on the other hand, the Part number will not follow. This
lets you quickly audition different sounds in a given Part. However, any change you
make in the Patch parameter will not be reflected in the Performance when you Exit
the Patch page. If you want to make the change permanent, you will have to enter it
again on the Performance page.

The Part Map

There’s another way to edit Patches from within a Performance. Go back to the
Performance Menu, and click Play. Look at the fifth Page, P.Map.

This is the Part Map.
Like the Partial Map at
the Patch level, the Part Part Map Com Exit
Map provides a way to OPerformance L@7:TR-808 kit
edit Patch parameters
from another dimension.
The Parameter line lets
you select which
Parameter of the various
Patches in the current
Performance you want
to look at, and it
displays the settings for
that Parameter in the
Patches assigned to all
32 Parts simultaneously.
For example, if you set it
to Panning, it will show
you the Pan position for
all of the 32 Patches in the Performance. There are 37 Parameters available, which
cover the Patch Common and Patch Ctrl pages (you can’t edit the Splits from here).

Mode Index Mark S-770/@1

Parameter Output Assign

[s JBES BN NS B S VA G ol

When the cursor is on an individual Part number, the name of the Patch assigned
to that Part appears at the bottom of the screen. At the same time, the Parameter next
to the Part number highlights, and you can change it using the mouse buttons or VALUE
wheel. You cannot change a Parameter for a Part with no assigned Patch.
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This page is useful for comparing Patches in a global context, for balancing levels,
and for spotting anomalies or conflicts between Patches. If, for example, you
inadvertently set two different Patches to the same MIDI Program Number, it will
show up clearly here. So will a Bender setting radically different from all of the others,
or an Output Assignment that is sending a signal some place you don’t want it.

Any changes you make on this page will be reflected when you go to a Patch page
and look at the corresponding parameter.

Other Performance Functions

Initializing a Performance

If you want to start working on a Performance from scratch, you can either select
an empty Performance {with 64 to choose from in RAM at any time, it's usually not
hard to find one); you can choose Blank from the Select window; or you can use the
Initialize function on the current Performance.

This is chosen from the Com menu on any of the Edit Performance pages (but not
the Play pages). Select Initialize and a window will open asking “Are You Sure?”. If
you're sure, click on Execute; if not, click Exit. When you initialize a Performance, all
of the Parts are turned Off, and all other Parameters return to their default settings.

Copy and Delete

The Copy and Delete functions on Delete Exit
the Performance Com menu work the Target Pform -/
thei ( . th ®» 1]L@5:Voxs Stereo 4
same way as their counterparts on the 2| L@5: Voxs Mono
Patch and Partial Pages. Copy lets you 3| L@5:Voxs Sweep
create a copy of the currently selected 411@5:Voxs Swp oct
. 5] 1L@5:Voxs Octavs
Performance in another Performance 6| L@5:Voxs Organic
slot, so that you can edit it without 71 L@5:Voxs Perk
. . . 8| L@5:Voxs Prk oct
disturbing the original. The new 9| Lo5: Spacy Voxs
Performance gets an “AA” suffix, and 181 - 10
subsequent copies of the same E: - i;
Performance get “AB”, “AC”", etc. _
131 : 13
141~ 14
Delete removes a Performance and 51— 15
. . . 16— 16
its subsidiary files from RAM (but not
from disk), to give you more room to

move around in. You can hear each
Performance in the window if you pass the cursor over its name without clicking.
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This window has an extra feature at the Performance level, which clears RAM out
completely. Click on the Volume switch at the bottom of the window, and the S-770
will revert to an unloaded state. You get a warning box before the operation actually
executes. You can always clear RAM by loading something into it and selecting the
Internal Memory-clearing feature, but with this function you can have a completely
empty memory in one operation. (We used this feature back in Chapter 1a.)

MIDI Program Changes
The Patch MIDI Map

The S-770 is capable of dealing with MIDI Program Changes in a number of ways.
As we've seen, each Patch is assigned a Program Change number. You can view the
numbers for all of the Patches in a Performance using the Part Map (P.Map), or you
can go further than that and view the numbers for all of the Patches in RAM. This is the
Patch MIDI Map: from the Perform menu, select MIDI, and then Page 3, PtchMap.

This is another good way to check for Program Change conflicts. You can change
the Program Change (“Prog#”) assignment for any Patch on the list by moving the
cursor to the Patch’s name, and then pressing the left or right mouse button or turning
the VALUE wheel to lower or raise the Program Change number. You can set Prog#
anywhere from 1 to 128. Any changes made here to a Patch’s Program Change
assignment will show up on the Edit Patch Common page when you go back to it and
will be saved when you save

the Patch.
The Patch MIDI Map is a Patch MIDI Map
dynamic construct — which No.  Name
is a fancy way of saying that 1 Latin set
it isn’t saved anywhere as a 2 Shakersstuff
. e . 3 Ethnic Perc
single “thing”, but rather is 4 Piano L
constructed by the operating 5 Piano R
6 Orch. Toys
system on the fly, from the 7 Timpani X
Patches that are currently in g ‘T,l"‘i’am i‘a‘f’g
10l11ns Le
RAM. You can’t save a Patch Slow Vlns R
MIDI Map by itself — it is VS";‘{’; Bgss 1
i1Ke Bass
“saved” when the Patches

Spike Bass 2
are saved. M.M. Bass 1
M.M. Bass 2
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Patch Conflicts and Sustained Notes

If you happen to give two Patches the same Prog#, then when that Program Change
is received the Patch with the lower number on the Patch MIDI Map will be the one
called.

If a note is being sustained and the channel it’s on receives a Program Change, the
note will continue as if nothing had happened, until the key (or if the Sustain Pedal is
being held, the pedal) is released. The next note to be played on the channel —
whether the previous note has actually stopped or not — will sound the new Patch.

When playing a Performance, all slots in the Patch MIDI Map are active at all
times. This means that if the S-770 receives a Program Change that is mapped to an
empty slot on the Map (that is, a slot with a Prog# but no Patch), it will call up an
empty Patch for the Part assigned to that MIDI channel, and that channel will now
make no sound. (Empty slots in the Patch MIDI Map are assigned a Prog# that is the
same as the slot number.) If, however, the S-770 receives a Program Change that is not
mapped to any slot, the Patch will not change. This situation could arise if, for
example, Patch No. 1 was set to Prog# 13, and no other Patch had been set to Prog#
1.

The Performance MIDI Map and Control Channel

MIDI Program Changes can also be used to change Performances, so you can
instantaneously change the entire character of the S-770. This is set up on the
Performance MIDI Map page, but before we look at that, we need to discuss the
Control Channel parameter.

While Patches can be changed from MIDI on any channel that is active in the
current Performance, to change a Performance over MIDI, the command must be sent
on the S-770’s Control Channel. Setting this up requires going to a totally different
section of the S-770’s software. Open the Mode Menu and select System, or press the
SYSTEM button. From this Menu select MIDI. Then go to Paget, Config, which is short
for “Configure”.

Set the Control Channel to the channel you want to use to change Performances.
(This channel also may be the channel that the S-770 accepts System Exclusive data
on, but we'll deal with that in Chapter 9.) It is very strongly recommended that this be
set to a MIDI channel that you will not be using within any Performance to change
Patches. In fact, many users will not want to bother with changing Performances over
MIDI at all, and they can set the Control Channel to Off.
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Assigning a Program MIDI Config
Change number to a
Performance is handled on
the Performance MIDI Map,
which is Page 4 of the Unit Number
Performance MIDI function Control Channel
(PfrmMap). Unlike Patches,
which can be assigned
Program Change numbers on
several pages, this is the only
place you can assign Program
Changes to Performances.
The procedure is the same as
on the Patch Map: put the
cursor on the Performance
you want to set the Program
Change number for, and raise
or lower the Prog#. You can
only use Program Numbers
between 1 and 64. No.  Name Prog#
:TR-808 kit
:Sterec Piano
:Low Strings
:Mellow Pad

:Mono violins
:2voice Pad

System Exclusive

Control Mode Perform Only

Mode Index Mark S-770/01

Performance MIDI Map Com Exit

If you do set the Control
Channel to a channel being
used in the current
Performance, either because
you have run out of channels
or you just like to ignore good
advice, you will not be able to
change Patches over MIDI on
that channel. And if you
should send a Program
Change to that channel which
is not assigned to a
Performance, you will call up an empty Performance — the S-770 will be totally
silent. Bad bummer.

VoAU A WP
Vo~ s W

The Peformance MIDI Map is also a dynamic construct. Each Performance’s
Program Change assignment is stored when you save the Performance itself. If you
have two Performances assigned the same Program Change number, the lower-
numbered one on the list will take priority.
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Calling up Volumes

You can also use MIDI Program Changes to load in new Volumes (we’ll talk about
Volumes more a little later in this chapter). The Control Mode Parameter on the MIDI
Config page lets you set this up. If it is set to “Perform Only”, then incoming Program
Changes on the Control Channel will select Performances, and any numbers above 64
will be ignored. If it is set it to “Perform/Volume”, then Program Changes 65 and up
will cause Volumes to be loaded in from whatever the Current Drive was last set to
(Floppy Disk is, however, not available).

Volumes are assigned Program Change numbers in yet another place: the Disk
Utility page. Open the Com menu and select Disk, or go through the System mode
Menu, and select Disk. Now go to the Util page. Make sure the Current Drive is set to
the correct drive, and click on HD/MO Volume PG#.

The Volume PG# page opens, and you are shown a list of all Volumes on the
current drive, along with their Program Change assignments, if any. The S-770 comes
from the factory with L& 1:Stereo Piano assigned to 65, and all other volumes
unassigned. Highlight the Volume you want to assign a number to, and use the mouse
to set the number. Exit the page and go back to Play.

Now when you send that Program Change, the $-770 will stop what it’s doing and
load in the new Volume from disk. If you have two Volumes assigned the same
Program Change
number, the Volume Mode Index Mark S-770/01
which is firstly found by
the system software will

Disk Utility - Volume PG#

L. Target Volume 1ID: All
take priority. If you send Current Drive ID@:Internal HD

an unassigned Program 10files -
Change number above
65, the unit will stop
playing briefly and
attempt to load
something in, and when
it realizes it can’t, it will
go back to the Play page
without major damage.

:L@l:Stereo Piano 65 ‘
:L@1l:Pianc & Harp -———— '/‘
:L@2:Strings L

:L@3 :Acoustic GTR 66
:1.04 :Basses

:L@5:Voices

:L@6:Mallets

:L@7 :Drum Kits

:LO7 : TR-808 kit

:L.@7 : Percussion HN I

Internal Free
Current Drive Free

Wk Wb B
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We recommend that, unless you have a crying, specific need to be able to load
Volumes in on the fly (perhaps you might need to do it between selections on a live
gig), leave Control Mode set to Perform Only. There are two reasons for this:

1) loading a Volume from a disk, unlike switching Performances in RAM, takes
time, and the S—770 cannot be played while the loading is going on. If you make a
mistake, and send a Volume-load command (e.g., Program Change 65) when what you
really wanted was a Performance-switch (e.g., 64), you will have to wait until the
S-770 stops loading before you can play a note.

2) While you may load a Volume in the conventional way from a Disk Page
(coming later in this chapter) without clearing Internal Memory, when you load a
Volume from a MIDI Program Change command, Internal Memory is automatically
cleared, with no warning. If you have any files in RAM that have not been saved to
disk, they will be lost.

MIDI Filters

Within a Performance, selected MIDI messages can be enabled or disabled on
individual channels (not Parts). This is handled on the first two pages of the
Performance MIDI Function: Fil 1 and Fil 2.

Disabling the reception of unwanted MIDI data at this level can help to avoid
possible processing delays within the S-770 when it is sent large amounts of data. For
example, some MIDI keyboards generate Channel Pressure (aftertouch) at all times,
and if the S-770 has to
interpret that data constantly, Mode TIndex Mark s-770/01
even if there are no Patches in
use that respond to it, its
overall response to MIDI may 0 Performance 1L@7:Latin set
be affected. Turning off Ch. 2 4 5 6 7 All
Channel Pressure on one or
more channels can prevent
this from becoming a
problem. This Page also
determines whether a channel
will respond to polyphonic
aftertouch (Key Pressure),
whose use is becoming
increasingly common in high-
end MIDI studios.

MIDI Filter Pagel
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MIDI channels 1-8 are set on the Fil 1 page, and channels 9-16 are set on the Fil 2
page. To enable or disable MIDI reception of a specific type on a specific channel,
move the cursor (with the mouse or cursor keys) to a position directly underneath the
channel number you have in mind and in a line with the Parameter you want to deal
with. An “O” means the data type is enabled for that channel, while a “—” means it is
disabled. Click the right mouse button to enable, and the left button to disable.

You can also enable or disable a data type on all MIDI channels simultaneously:
put the cursor on the asterisk under the word All, across from the Parameter you want
to adjust. Click the mouse button, and the Parameter will be set for all 16 MIDI
channels (not just the eight on the current Page) at once.

The Parameters are as follows:

Prog determines whether Patches on the channel will change with incoming
Program Change messages. If you are layering multiple Patches on a channel in a
Performance, you may want to disable this Parameter so that you don’t accidentally
make all the Patches on that channel the same. If you are using the Control Channel as
a Part Channel (despite what we told you), disabling it from responding to Program
Changes can help prevent confusion. This parameter does not disable the Control
Channel as far as Performances and/or Volumes are concerned — that channel is
always active unless you set it Off on the MIDI Config page.

Bend is Pitchbend, whether it will be recognized or ignored.

Mod is Modulation wheel, or Controller #1, whether it will be recognized or
ignored.

Hold is Sustain Pedal, or Controller #64, whether it will be recognized or ignored.

A.T is aftertouch. This has three settings: Set to “C”, the channel will respond to
Channel Pressure (mono aftertouch), in which all notes are affected equally. Set to “P”,
the channel will respond to Key Pressure (polyphonic aftertouch), in which each note
can be controlled individually. You should only use this setting if you have a MIDI
controller or sequencer that generates Key Pressure — not many of them do. Or you
can shut it off (“~”), and the channel will respond to neither.
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Vol is MIDI Volume, or Controller #7. When this is shut off, the Lev parameter on
the Performance Play page will not change when you send MIDI Volume to that
particular channel.

P.L stands for “Phase Lock”. When the S-770 is playing multitimbrally, its response
to incoming MIDI data under some circumstances is not instantaneous. When it
receives, for example, five simultaneous note-ons on a same channel, it will play the
notes in sequence, starting with the one assigned to the lowest Part number, then the
next highest Part number, and so on. The time interval involved is minuscule, but if
there are two fast-attacking
sounds in two different
Parts which are supposed

. Channel 1
to start simultaneously, Input ——— GChannel 1
some “blurring” or phasing — Shanne! 1
may be audible.

h Part 3 Part 4
i art 3 /Ch1
‘ To prevent this, /Ch1
simultaneous notes on a N oD
same channel that have this ( re:ﬁrrg?(laresel:'lz-tlted)
Parameter enabled will g y g9 V
sound exactly at the same Part 2
. . Part 1/ch4
time. So if, for example, /Chi
you had two Pianos on
Parts assigned to channel
1, you would turn P.L on
for that channel, and they result with — 82:222: 1
WOUId Sound recisel Phase Lock on: —__— Channel 1
p )4 1 2 3 4 ~ " Channel 1

together. P.L O - - -

There’s a slight trade-off for this feature, which is that notes on Phase-Locked
channels might be slightly delayed to achieve the lock. Therefore, you might find that
sequenced tracks using this feature might have to be advanced slightly. It also means
that in general, if you don’t need this feature, you should leave it off.
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Vel determines the velocity response curve of the channel, to compensate for the
way different keyboards generate MIDI velocity data, or just to give the instrument a
different “feel”. Set to “~”, the response is linear: what goes in, comes out. The seven
available curves are illustrated below. Note that they are quite different, and
completely independent, from the velocity curves in the Partial TVA and TVF.

127 T 127 -+

velocity velocity
response — response

12l7
MIDI Input velocity MIDI Input velocity

127

The MIDI Filter settings are applied only to the current Performance, and are saved
with the Performance. When you change Performances, the filters will change.

MIDI Monitor

The MIDI Monitor (the last item on the Perform Menu), is a special function that
allows you to view MIDI data coming into the S-770 in real time, and also to see how

many of the S-770’s 24 voices are being used at any one time. It will be described in
detail in Chapter 9.
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Volumes

We've been referring to Volumes in this and previous chapters, so now it’s time to
look at them in detail.

A Volume is a set of files, grouped together for convenience of storage and
manipulation. It can be as small as a single Sample, or as large as several dozen
Performances, each with its own Patches, Partials, and Samples. In actual practice,
Volumes are usually quite large, so that a single Load or Save operation can handle a
complete $-770 setup, containing perhaps hundreds of individual files, in one shot.

The entire contents of RAM comprise a single Volume. Even though you can load a
Volume and then additional Volumes without clearing the first Volume from memory,
the result is still considered to be a single Volume. We'll see how this works in a bit.

Loading Volumes

Like any other file, you load a Volume from disk on the Disk Load page, setting
Target to Volume. The Page provides you with the total length of the Volume, so you
can determine whether it will fit into RAM. As usual, you are given a choice as to
whether you wish to clear Internal memory and just have this Volume in RAM, or to
add it to whatever’s already in there.

After a Volume is loaded, any other file, from Sample to Volume, can be loaded
subsequently, and as long as you don’t clear Internal memory, the newly-loaded file
will be combined with the current contents of RAM into the current Volume. If you are
combining Volumes in this way, it's a good idea to watch extra carefully for Program
Change conflicts among the various Patches and Performances you are loading in.

Naming Volumes

The name of the current Volume is shown on the Performance Common page from
the Performance Edit function. Note that if you have loaded in more than one Volume,
the name of the current Volume will be that of the most recent Volume loaded. You
can change the name of the Volume using the Name box.
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Volume ID

As we have seen earlier, the Volume ID is the first three characters of the Volume
name, and it is also used for subsidiary files in the Volume. The Volume ID helps to
keep things organized: it's easy to tell that a file belongs to a particular Volume if it has
the appropriate I1D. Similar files with similar names that are used in different Volumes
can be distinguished by their IDs.

The Volume ID also helps with disk operations. When loading, copying, or deleting
a file, you can set the ID parameter in the upper right corner of the disk page to filter
out all files that don’t have the selected ID. Those files are still on the disk, but they are
temporarily hidden, which makes the list shorter and easier to deal with. For example,
all of your string sounds might be in Volumes with the ID “STR”. Setting ID to STR
means that only string sounds will be displayed in the list, and you won’t have to scroll
through your collection of 250 gated snare Samples to see them.

tn addition, when deleting a Volume from a disk, if all of the subsidiary files have
the same Volume ID, the operation will go considerably faster than if they don’t.

To give all of the files in RAM the same Volume ID, you don’t have to individually
re-name each file. The S-770 provides two ways of doing it automatically. One is to go
to any Edit Performance page, open the Com menu, and choose Set Volume ID. This
opens a window called, you guessed it, Set Volume ID.

The name of the current Volume is shown at the top. The second line lets you
select the current Volume ID, or a
different one. Clicking on the ID in
that line opens another window, Set Volume ID
Volume ID Select, where you can
select one of the displayed IDs, go

1@1:Piano & Harp

back to the current ID, or click on Set Volume ID L@1 for:
“Make New” to open an ASCII

Keyboard window where you can Xvolume Datch
design your own. Mdrerformance [partial

Deample

Click on the appropriate box
for that level

All Select Execute
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Once you've decided on an ID,
you have to decide which levels of
files within the Volume you want to
have this new ID. Click in the box
next to the name of each level to
want to take on the ID, so that an “X”
is showing. Generally speaking, you
will want to select either all levels
(click on All Select to do this quickly)
or all levels except Sample. When
this is done, click Execute and all of
the files of the types you've selected
will have their IDs reset.

New IDs and Samples

Volume ID Select

Exit

1¥1 BS BTS

1L@5 FX SFX

L@2

STR

PRC

DRM

HIT

VOX

ETH

BRS

WND

MLT

SYN

HRP

Make New

The reason you might want to not change the Volume IDs of the Samples in RAM
has to do with storage space. Say you've created a humongous Volume to use in an

upcoming session, and it
includes Samples from a number
of different Volumes, which have
different IDs. Now you want to
save it, so that you can call it up
in one operation when the
session starts, but you don’t want
to lose the original Volumes the
Samples came from. If you set all
of the files to a new 1D, the
Samples will get saved on disk
with their new ID, and are
therefore considered to be new
Samples. As new Samples, they
need space of their own on the
disk, and they end up taking
twice as much disk space as they
would have if you had not
changed their ID.

Sample

Mixed Volume IDs

Volume !G’I‘l:Guitar Ens ! |RK1:Rock Band I

~

| FZZ:SuperfuzStrat

Memory required: 2.5 sec

Volume lGTl:Guitar Ens l

Consistent Volume IDs

‘RKl:Rock Band ‘

Sample IGTl:Superfqutrat | | RK1:SuperfuzStrat l

Memory required: 5.0 sec

If you don’t assign a new ID, the Samples remain the same, and require no more

room than they did previously.
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Therefore, if space is an issue, it is sometimes better to forego the convenience of
consistent IDs throughout a Volume, and leave the IDs of the Samples alone. The files
at other levels can be duplicated without taking up any extra disk space, so there’s no
reason not to include them when you set the new ID.

The second way to assign 1Ds to an entire Volume is when you save it to disk.
We'll deal with that shortly.

Volumes with Common IDs

As we've just seen, it is possible to have a Volume containing files with different
IDs. The reverse is also true: two or more Volumes can have the same ID. This makes
the most sense if the Volumes draw from a common pool of Samples, because it
avoids duplication of those Samples. For examples of this, look at the Volumes
LD 1:Stereo Piano and LG 1:Piano & Harp, or the three drum and percussion Volumes
(L@7:) on the S-770's internal hard disk as it comes from the factory.

Volume lLel :Stereo Piano lLQl Piano & Harp ]
Performance lL@l Stereo Piano lL(al :8550 Piano l lLQJl:Harp l
Patch | L@1l:PianoL | l L@1:8550 Piano | lel:Harp Short I

Partial  [wifwn] o o

121y 181:C7 [

Sample |2l lmma e

Cleaning Files from Volumes

Like any other file, a Volume is not permanently stored until it is saved to disk.
Unlike other files, however, which only save themselves and their direct subsidiaries
when they go to disk, when you save a Volume, everything in RAM gets saved,
whether or not it is actually used anywhere. Samples that never made it into Partials,
or Partials not assigned to any Patch, get saved along with everything else. Therefore
it's important before saving a Volume to find any extraneous files that will take up disk
space, and Delete them from RAM.
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Be sure, however, not to delete any files that you'll need, even if they are on disk
already. If a file is not part of the Volume in RAM when you save it, then the next time
you load the Volume, the file will not be loaded.

Saving Volumes

Volumes are saved to disk, not surprisingly, on the Disk Save page. Select Target to
be Volume, and select the Current Drive desired. (Yes, you can save Volumes on
floppies, but be prepared to have a lot of the little suckers on hand, as well as some
good reading material.) The screen tells you the length of the current Volume and the
amount of space available on the current Drive. Before you save a Volume is a good
time to Sort the files in RAM, so that you can find them more easily on the disk
afterwards.

When you save a Volume, every file in RAM gets saved with it. While you are
saving, you also have the option of setting the Volume IDs of all the files. If the ID
parameter in the upper-right corner of the screen reads “THRU”, then all of the files are
saved with the IDs they currently have in RAM.

If you click on this parameter, however, the Volume ID Select window opens, and
you can select or create (“Make New”) a different Volume 1D, which will be applied to
every file as it is saved to disk. So that’s the other quick way to give all the files in a
Volume the same ID.

Program Changes

As we discussed earlier in this chapter, you can call up Volumes from disk using
MIDI Program Changes. We know how much you hate turning pages, especially
backwards, so here are the main points you need to know:

The Control Channel Parameter on the MIDI Config page must not be set to “Off”
and the Control Mode Parameter must be set to “Perform/Volume”. Volumes are
assigned Program Change numbers using the HD/MO Volume PG# function on the
Disk Utility page. Only Program Change numbers 65 and up can be assigned to a
Volume. When that Program Change is received on the Control Channel, the 5-770
will stop what it’s doing and load in the new Volume from disk. Unlike when loading
a Volume the normal way, Internal Memory is always cleared when the new Volume
is loaded, whether you like it or not.
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Initial Volume

The S-770 comes from the factory with all of the sounds on the hard disk organized
into Volumes. When you first boot the S-770, it loads the Volume L&1:Stereo Piano
automatically. As we've seen, this Volume contains 1 Performance, 2 Patches, 20
Partials, and 20 Samples.

You can program the S-770 to load a different Volume into RAM when it first boots
up. First you must assign the Volume you want to load a Program Change number,
from 65 to 128, on the Disk Utility page (we did this earlier). Now go to the System
mode Menu and select System PRM. On Page 1 (PRM1) of this Function, set the Initial
Volume parameter to the Program Change number you just assigned. Now the next
time the S-770 boots (assuming it's booting from the same disk) that Volume will
automatically load.

Deleting Volumes

Delete

. . Target Pform
Deleting a Volume from RAM is the same ® 1|Lo5:Voxs Stereo

as emptying RAM. You can do this by turning 21 L@5:Voxs Mono

. . . 3| L@5:Voxs Sweep
off the S-770 and turning it back on again 4|L@5:Voxs Swp oct
(not recommended), by loading in a new file 5|1L@5:Voxs Octavs

6| L@5:Voxs Organic

at any level and telling the S-770 to clear 71L85:Voxs Perk
Internal b ine the Com 81 L@5:Voxs Prk oct
nternal memory, or by opening the 9115 :Spacy Voxs

menu from any Performance page (Edit or iol- 1o
Play), selecting Delete, and then clicking on
the Volume switch at the bottom of the
window that opens.

Deleting Volumes from a disk is another
matter. Deleting a Volume deletes all of its
subsidiary files, regardless of their Volume IDs. If the Fast Delete Mode switch is On,
then it deletes files regardless of whether they’re used by other Volumes. If that switch
is Off, however, the system will check to see if any files are needed elsewhere, and if
so, it leaves them alone. However, this makes the operation much slower.

As mentioned earlier, Volumes delete faster if all of their files share a common ID.
This becomes even more important on a Magneto-Optical disk drive like the Roland
MO-7, because the delete time on such a huge medium can be quite long if different
IDs are used in a Volume. However, there is so much room available on each disk that
file redundancy is much less of a problem. Therefore, it makes sense with these
devices to use a unique ID for each Volume, and the same ID for all the files within a
Volume.
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Chapter 93
System Functions

The System Functions, most of which are accessed from the System menu, contain
controls and parameters of the S—-770 that are not directly sound-related. The tasks they
cover include setting up input and output devices, working with storage media, and
configuring the basic operating parameters of the
software. Many of these functions have been
touched on in earlier chapters. Some of the disk
functions have been covered in Chapter 3, and the System PRM
SCSI functions will be covered in Chapter 10.

System Menu Exit

Disk Tools
The System menu is opened by opening the scsT
Mode menu and then selecting System, or by
pressing the SYSTEM button on the front panel. MIDI
System Pages can also be accessed through a option

number of topics and subtopics in the Index, or
through a Jump page. (The Disk Load and Save
pages are factory-programmed Jump Page 5 in Set 1 and Set 2, respectively.)

System Parameters

The System PRM Function from the System Menu has two Pages. Page 1's
Parameters go into effect as soon as you set them. Page 2’s have a special “Execute”
switch that must be clicked before they take effect.

System PRM Page 1

Master Tune allows the entire S-770 to be tuned up or down to match other
instruments in an ensemble or on a recording. The range is £50 cents, or a quarter-
tone in each direction.
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Initial Volume determines System PRM Page 1
which Volume of sounds, if any,
will be automatically loaded into
the S-770 from the startup System
disk when you first turn the power

Master Tune

Initial Volume

on. (It has nothing to do with the Sound Play PRM
. - Note
output level!) We saw in the last - Velocity

chapter than Volumes can be
assigned MIDI Program Change
numbers from 65 through 128. If
you assign a Volume a Program
Change number, and enter that
number here, that Volume will
load when you boot up the S-770.
The unit is delivered from the
factory with L&1:Stereo Piano
assigned to Program Change 65, and Initial Volume set to 65.

Fan Control

If you don’t want a Volume to load, set this Parameter Off. You can also set it to a
number which is not assigned to any Volume, and nothing will be loaded, but it will
take a little longer to boot.

The Sound Play PRMs determine what happens when you press the SOUND PLAY
button on the front panel or on the RC-100. When you are in any of the Sound
functions except for Resampling, pressing SOUND PLAY “sends” a MIDI note to the
current sound being edited, and continues to send it until the button is released. The
button is there for convenience when a MIDI keyboard is not connected, or perhaps is
on the other side of the room. The pitch and velocity of that note are determined with
these Parameters. The pitch range is the entire S-770 range, A_@ to C_8, with C_4 (the
factory setting) equal to Middle C. The velocity range is 1 to 127 (velocity O,
remember, is the equivalent of a MIDI note-off).

Fan Control does not turn off the S-770 fan. That would damage the unit rather
efficiently. Instead, it determines whether the fan will shut off automatically when you
are recording a Sample, so that the ambient noise level in the studio can be kept to a
minimum. With this Parameter On, whenever the Sampling execute window appears
(which happens after you have set a Name and clicked on Ready on the Smpling
page), the fan will turn itself off. It will come back on as soon as the Sample is
recorded (that is, when the Sampling over window appears). If the Parameter is Off,
then the fan does not turn off.
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Use this feature when you are recording Samples through a microphone in the
same room as the 5-770. (It comes from the factory set to Off.) Leave it off if you are
sampling from “live” sources in a different room, or electronic sources. Serious damage
can result to the S-770 if the fan is off for a long period of time, so try not to linger
excessively in the Sampling execute window if this Parameter is On.

System PRM Page 2

Mode Index Mark s-77@/@1

System PRM Page 2

The Parameters on this Page do
not take effect until you click on the
Execute switch below them. If you
set a Parameter and leave the Page
without clicking on Execute, then
when you return to the Page, the Analog Outs Mode Stereo+6outs

Parameter will be at its old setting.

Master Freq

Controller

LCD Display on

Master Freq

This sets the sampling rate for all
sounds coming into the S-770,
through both the analog and digital
inputs. It has two settings: 48 kHz and 44.1 kHz. The S-770 sounds equally good at
either frequency, and the difference in the amount of sound memory that is available
at one frequency or the other — in RAM or on disk — is about 10%. The major reason
for this Parameter is so that the unit can send and receive digital signals to and from
AES/EBU-format sources that work at either rate.

Most digital open-reel and DAT (cassette) decks, for example, operate at 48 kHz.
CD players operate at 44.1 kHz. With this Parameter, signals from any digital source
can be sampled directly into the S-770 or recorded directly from the S-770 in the
digital domain, without any D-to-A or A-to-D conversion.

If you are sampling from the digital input and the Master Freq setting does not
match the sampling rate of the incoming digital signal, you will get a “Digital Unlock”
message when you try to record the Sample on the Smpling page. Reset this parameter
here and try again. (The Digital Unlock message will also appear if the COAXIAL/
OPTICAL switch on the rear panel is set wrong, or if there are other problems with the
signal.)
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Samples recorded at different rates can be mixed in a Partial, Patch, or Performance
without degradation or changing of pitch. The S-770 will take care of them completely
transparently as far as you’re concerned, (except on the Patchwork page, as described
in Chapter 7).

When you are sampling from analog sources, this Parameter will determine your
choices of sampling rate, as set on the Smpling (the “Freq(kHz)” parameter): if it is set
to 48, you will be able to sample at 48 or 24 kHz; if it is set to 44.1, you will be able
to sample at 44.1 or 22.05 kHz. It also applies to the same Parameter on the
Resampling pages.

Controller

This tells the S-770 which devices, if any, are connected to the EXT CTRL jack on
the front panel. The factory-set position is Mouse, which means the mouse will be
recognized. The other positions are RC-100, which recognizes the RC~100 Remote
Controller which you have (along with the mouse, which plugs into the RC-100), and
Off, which only lets you control the S-770 from the front panel. This last might be a
nice option if you find yourself in a situation where there are too many hands grabbing
for the mouse all the time.

The setting of this Parameter {among others) is shown in the System Initialize
window that appears as soon as you turn on the power to the S-770 — look at
“EXT CTRL” in the lower-left corner. You can also alter it when you first turn on the
power. If you press the F3
button on the front panel
(not on the RC~100), and
hold it while you push in
the POWER switch, the _

SYS-772 HardDisk Sys Ver 2.0
Parameter will Copyright Roland
automatically set itself to
RC-100, enabling the
Remote Controller and
the mouse. Press F2
while powering up, and
the Parameter sets itself
to Mouse. Press F1 and it
sets itself to Off.
However you set the Parameter, it will appear with its new setting the next time you
power-up.

Roland S-77@ Digital Sampler

System Loading from SCSI

EXT CTRL{RC-10@} LCD[(On ] SCSI ID[7]




242 o System

LCD display

This controls whether or not the front-panel LCD screen is on. If you turn it off, you
will experience a modest improvement in the response of the mouse on the external
video monitor.

Analog Outs Mode

The analog outputs on the back of the S-770 are configurable in two ways. The six
individual outputs are always available. However, the main STEREO outputs can either
be fed the Stereo mix (as set up by the Stereo Mix Level parameters on the various
sound-editing pages), or they can be treated as two additional independent outputs,
numbered 7 and 8. This parameter determines the configuration: it is set to either
Stereo+6outs or 8outs.

Since the headphone jack on the front panel is hard-wired to the stereo output jack,
it is affected by this setting as well. The digital outputs, on the other hand, always get
the Stereo mix, and are not affected by this setting.

The Output Assign parameter in a Performance, Patch, or Partial is affected by this
setting as well. You can only set an Output Assign parameter to 7 or 8 if you are in
8outs mode. If you set an Output Assign to 7 or 8 and then change the Analog Outs
mode, the Output Assign will reset itself to Off.

Disk Tools

Most of the Disk Pages we have already examined in Chapter 3. Opening Disk
Tools from the System Menu is just another way of getting to them. You can also get to
them through the Index (“Disk”). We'll provide brief summaries of them here. There
are, however, a few topics that have not yet been covered, and these are discussed
here in detail.

Selecting the Current Drive
On all of the disk pages, clicking on the parameter Current Drive opens the Drive

Select window (even though there’s no Select icon next to it). This is the only way to
change the Current Drive — you cannot scroll the parameter.
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To change the Current Drive, you
must click on one of the blue numbers
at the left side of the window. These |

I Drive Select

Current Drive :

are SCSI 1D numbers, and each drive ID@:InternalHD
on the SCSI chain connected to the Device List
S-770 will have a unique ID. If you " ID? = ID@:InternaliD
lick b hat h ID1 = IDl:— No Drive
click on a number that has no ID2 = ID2:- No Drive
corresponding drive, you will get an ID3 = ID3:- No Drive
error message. You can also click on ID4 = ID4:- No Drive
ge- ID5 = ID5:- No Drive
Floppy Disk to select the floppy disk ID6 = ID6:— No Drive

ID7 ID7: S-770 Self

drive for saving, loading, or other
operations. Floppy Disk Scan

If something on the SCSI chain has
changed since the last time you
opened this window — for example, a
new CD-ROM has been inserted in the player, or a different SyQuest cartridge has
been inserted, or the disk in a magneto-optical drive has been turned over — that
change will not automatically be recognized by the S-770. Clicking on the Scan switch
causes the S-770 to “poll” all of the connected SCSI devices to find out their current
status and name.

(Warning: although you can insert and remove cartridges and disks with no fear, do
not connect or disconnect any cable to a SCSI device when there is power on it, or on
any other device connected to it. Serious damage may result.)

You can change the name of any SCSI disk (except a CD-ROM) by clicking on its
name on the right side of the window. This will bring up an ASCIl Keyboard window.
Do not change the ID number at the beginning of the name — the system won't like
that.

S-770/21

R

The Volume ID parameter at the upper- _— e
right lets you limit the number of files that Volume ID: All
will show on the Disk page when you are Internal HD
loading, copying, or deleting files. When
you click on it, it opens the Volume 1D
Select window.

...................... 1gfiles -
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Load

Volume ID Select Exit

Here you can select a Volume Lol BS BTS
ID from the display. When you
have done so, the Disk page
returns, and the only files visible L@2 HIT SYN Lo4
will be those whose names begin
with that particular Volume ID
(which is now displayed in red). PRC ETH Lo7
Note that the invisible files are still
there, and will still be considered
in the total number of files KEY WND L@9
displayed just above the list, as
well as the Free parameters. All
this parameter does is make the all Make New
lists more manageable.

L@5 FX SFX L@3

STR VOX HRP L@6

DRM BRS 128

GTR MLT L1@

If the Volume ID you want is
not on the list, or you want to create a new Volume ID, click on Make New, and an
ASCIH Keyboard window opens where you can write the new Volume ID. Any
characters you put on the right side of the colon will be ignored.

If you want to go back to looking at all of the files, click on All.

This Parameter works slightly differently on the Disk Save page, as we saw in the
previous chapter. Its default setting is “Thru”, not All. When it is set to Thru, all files in
RAM will be visible on the page, regardless of their Volume IDs, and their names will
not change when they are saved to disk. However, if this parameter is set to a
particular Volume 1D, then when any files are saved, their Volume IDs will become
the selected Volume 1D.

The Load page lets you select a file, at any level, from a disk, and move it into RAM
for editing and playing. Use the Current Drive parameter to select which disk to load
from. Then select the Target (the file level) and the specific file, using the mouse or
cursor keys. Scroll the screen using the Up/Down switches — the top switch scrolls the
screen by one entry, and the bottom switch by 10. The screen shows the size of every
file (in seconds, referenced to 44.1 kHz sampling rate), which will help you determine
whether you need to clear Internal Memory before you load it (compare it with the
“Internal Free” parameter at the botom of the screen). If you attempt to load in a file
which is too big for the available RAM, you will get an error message.
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You can also load in files from a Roland $-550, $-330, or W-30, either on floppy
disk(s) or CD-ROM. This is a special function, Convert Load, which is described at the
end of this section. (If you try to load a file in one of these formats on this page you
will get a communication error.)

In addition, you can load just the Parameters of a Partial, Patch, or Performance,
without its attendant Samples (set Target to one of the “PRM” levels), so you can easily
use those as templates for Samples already in memory, or for other Samples on disk
not associated with the higher-level files.

Save

The Save page lets you select any file currently in RAM and write it to the disk of
your choice. Select the drive, target level, and file using the mouse or cursor keys, and
scroll the screen using the Up/Down switches. If you attempt to save a file to a disk
which does not have enough room (assuming the file contains new and/or altered
Samples which are not already on the disk), you will get an error message. Use the file
sizes on the screen to help you determine this. You can only save one file (of any type)
to a floppy disk.If the file is too big to fit on a single floppy, you will be told how many
floppies you will require, and then as each one is filled, you will be prompted to insert
the next one.

As mentioned earlier, setting the ID parameter on this page will cause any files
saved to have their Volume 1D changed to that ID.

Copy

The Copy page lets you move a file from one SCSI disk to another without going
through the process of loading it into RAM and saving it. It does not work with floppy
disks. Select the Current and Destination drives at the top of the Page. The Target
parameter has one additional level on this Page, All, which when selected copies the
entire contents of the Current drive. If you haven't selected All, choose the file you
want to copy, scrolling the screen with the Up/Down switches. If you attempt to copy
a file to a disk which does not have enough room, you will get an error message.
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Delete

Delete lets you erase a file from a disk to free up more space. (It is different from
the Delete function on the Com menu, which only removes the file from RAM.) Select
the current drive, target, and file, scrolling the page if necessary. It does not work with
floppy disks.

If you select a file to delete at any Target level above Sample, the software will also
erase every file that is subsidiary to that file (e.g., all the Samples that make up a
Partial, all the Samples and Partials that make up a Patch, etc.) unless:

1) a subsidiary file is being used by a different higher-level file (e.g., the same Partial is
being used in another Patch than the one you are deleting)

— and —
2) the Fast Delete Mode switch is Off.
Yes No ? Norm
If the Fast Delete Mode switch is On, the [ Lol:Stereo Piano |
subsidiary file will be erased whether or not it Delete, as Follows
is in use elsewhere. Volume : 1
Performance: 1
Patch: 2
The status of the Fast Delete mode is Partial: 17
shown at the top of the list window: “Norm” iampslzez Sures 17
L . re ?
means the switch is off, and “Fast” means it is ou sure
on. The switch itself is set on the SCSI Config YES NO
page — coming up soon.

Before a Delete operation is completed,
the Software displays a “Delete As Follows: Are You Sure?” box to let you know how
many files are actually being erased, and at what levels, and to give you a final chance
to change your mind.

Be forewarned that Deleting an entire Volume can be a fairly long operation,
especially if the different files that make up the Volume do not all have the same
Volume ID.
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Disk Utility

Util
Current Drive ID@:InternalHD
The Disk Utility (Util) page
contains eight operations for HD/HO Format HD/MO File Sort
managing files on disks.
FD Format HD/MO File Rename
HD/MO Format HD/MO Park Heads  HD/MO Volume PG#
HD/MO Restart Save System

Selecting this item erases
everything from the hard or
magneto-optical disk selected in the
Current Drive parameter. If the disk
has any S-770 data on it (either
sound files or system software), a
“CAUTION!" window will appear telling you so, [ Yes 5o 2 _
and asking you to confirm your decision.
Formatting a disk is an operation that can take a

CAUTION!

Current Drive is

little while, but if there are multiple volumes on a formatted.
hard disk that you plan to erase completely, Are You sure?
formatting can still take much less time than

Deleting them individually and it does it with just

one command, so you don’t have to monitor the
operation. If you want to start a session with a
clean hard disk, this can be the best way to do it — just make sure all your sounds are
backed up somewhere else.

If you do choose to start a session by formatting the hard disk, you must realize that
the operation not only erases the sound data on the disk, but it also erases the system
software. The system software must then be re-installed before you turn the power off.
This is a simple and quick procedure (described later in this chapter), but it is
ESSENTIAL — failure to do it will mean the S-770 will be unable to boot from the
internal hard disk the next time you turn it on. Therefore, if you're not sure what
you're doing, don’t format the hard disk, but use Delete instead.

Warning! Do not turn off the power to the S-770 when you are formatting a
hard disk. You will damage the hard disk, quite possibly permanently. If you start to

format the hard disk by accident, you cannot stop it. Let the operation finish, then do
the “Save System” procedure described later in this chapter.
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FD Format

This formats the floppy disk in the drive. When you save a file to an unformatted
floppy, the S-770 automatically formats the disk first, so this operation is not essential.
It is helpful, however, if you know you are going to be doing a lot of floppy-saving
during a session, because you can save some time by pre-formatting a supply of
floppies before you start.

HD/MO Park Heads and HD/MO Restart

As mentioned in Chapter 2, it's important to park the heads of the internal hard disk
before moving the S-770, or subjecting it to any shocks. In a hard disk system, the disk
spins at a high rate of speed, and the head that reads and writes the data floats above it
on a microscopic cushion of air. If the head makes physical contact with the disk, a
“head crash” results, which at the very least will cause data to be lost, and in the worst
case will destroy the disk. Parking the heads puts them in a special area where they
cannot possibly damage the disk.

When you select HD Park Heads, the heads of all hard and magneto-optical disks
connected to the S-770 — regardless of the Current Drive setting — will be parked. In
addition, the internal hard disk will stop spinning. (The rear-panel fan, however, will
keep going, so attempting to lower the ambient noise level with this operation won't
accomplish all that much.) The S-770 can operate perfectly well with the hard disk
stopped, but you won't be able to load or save any sounds, except to floppies.

Restart all of the disks by selecting HD/MO Restart. Wait until the word
“Complete” appears (it only takes a couple of seconds) before trying to do anything
else.

HD/MO File Sort

In earlier chapters, we’ve used the Sort button at the bottom of the Select window
to alphabetize files in RAM prior to saving them to disk. That operation takes only a
couple of seconds, but it can help save lots of time later when you're searching for
files. Just click on this Parameter and it's done.
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You can also Sort files after they're saved on a hard or magneto-optical disk. If
you've done a lot of editing and saving files to disk, you may find files belonging to a
particular volume spread out discontiguously all over the disk. Since the Volume ID is
part of the name and the sorting process is alphabetical, it will bring them back
together. The process takes a couple of minutes for a hard disk; somewhat longer for a
full magneto-optical disk.

This operation should also be done on any removable hard disks or magneto-
optical disks that contain Volumes created by the S-770 using Version 1.0 software,
and that you would like to be able to access with MIDI Program Changes. It modifies
the data slightly so that Volumes can accept Program Change assignments. (You can
load Volumes without sorting them first, but you won’t be able to give them Program
Changes.)

HD/MO File Rename

This allows you to rename any file at any level on a hard or magneto-optical disk.
Clicking on this parameter opens up a page similar to a Disk Load page. Select the
current drive, target level, and file. An ASCII Keyboard window opens, and you can
use it to rename the file, or click Exit and cancel the operation. For obvious reasons,
you can’t give a file a name that is already in use by another file.

HD/MO Volume PG#

This function lets you set MIDI Program Change numbers for any or all of the
Volumes on the disk. We discussed its use in Chapter 8. Program Change numbers can
be used to allow a Volume to be loaded from a MIDI command, provided the Control
Mode parameter on the MIDI Config page is set to Perform/Volume. If a Volume is
going to be designated as the Initial Volume when the S-770 is booted up, it must have
a Program Change number. That number is assigned to the Initial Volume parameter
on System Parameters Page1.

Clicking on this opens a page similar to a Disk Load page. The Target is fixed on
Volume, but the Current Drive can be changed. Move the cursor to the Volume you
wish to assign a number, and click the left and right mouse buttons until the number
you want appears. Only Program Changes 65 through 128 are assignable to Volumes.
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Save System

Save System

This function records the Current Drive : ID@:InternalHD
operating system software and
several system parameters onto the
current drive. It has a number of
uses:

SYS-772 System Disk Ver. 2.9
Copyright Roland

* Restoring the operating system to
the Internal hard disk after a Format
operation, as mentioned earlier. (Make sure you do this procedure before you turn the
power off to the S-770. If you turn the power off without saving the operating system,
then the next time you boot up, you will have to use a floppy disk.)

* Installing a new or upgraded version of the operating system onto the hard disk,
which will be discussed in Chapter 11.

* Storing a copy of the operating system onto a floppy disk for safekeeping or transfer
to another S-770. Note that saving the system on a floppy will erase any sound files on
it.

* Putting the operating system onto a different drive, in order to allow it to be the
system’s startup device. More on this in the next chapter.

The following parameters are stored with the operating system when you click on
SaveSys, and will therefore be recalled the next time you booth the S-770:

¢ the two sets of Jump pages

e the 10 User Set templates from the Partials function

* the contents of the Volume ID Select window (including all the custom IDs you
created with Make New)

* the Type and Trigger parameters on the Smpling page, as well as whether

sampling is done at full- or half-speed.

In addition, whichever Pages were last opened at the Performance, Patch, Partial
and Sample levels are memorized when you execute SaveSys. Here’s an example of
what this means:

’

Let’s say that the last time you were in the Edit Sample function before you
executed this SaveSys, you happened to be on the Truncate page. Also, the last time
you were in the Edit Partial function, you were on the TVF page.
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Okay, execute the SaveSys. Now turn off the S-770 and turn it back on again.
When you select Edit Sample from the Sound menu, it will automatically open to the
Truncate page, and when you select Edit Partial from the Sound menu, it will open to
the TVF page. If you didn’t access a particular Function during the current session with
the S-770, these “Page defaults” will remain unchanged from the previous session.

This is mostly a matter of convenience, and you should try to set the Function
pages up so that the ones you will be using first in a typical session are the ones that
open first.

Using Disks from Other Samplers (Option/Convert Load)

If you have any disks —
either floppy or SCSI (such as
CD-ROM) — containing sounds
created with a Roland S-550 or Target Tone to Partial
S-330 Digital Sampler or W-30 Current Drive [ Floppy Disk ]
Music Workstation, you can
load them into the S-770's
Internal Memory. Their data
formats, however, are quite
different from the 5-770’s, and
so a special operation is needed
to load them. This operation is
called Convert Load. If you try
to load such files from the Disk Internal Free
Load page, you will get a
communications error. (For
purposes of this discussion, let’s
assume the files have come from
an $-550.)

Convert Load Exit

Sloneeeeeeee®

(5
1]
o
Q

From the System Menu, select Option. This Function has only one Page:
Convert Load.

The Target parameter determines which files on the disk will be loaded. All means
everything on the disk (which you probably don’t want to use with a CD-ROM). Patch
to Patch means S-550 “Patches” will become S-770 Patches. Tone to Partial means
S-550 “Tones” will become S-770 Partials.
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Current Drive should be set to the drive where the S-550 files are currently
located, either Floppy Disk, or if you are using an external SCSI device, its ID number.
If you are loading from a SCSI device, you must also specify the Area number where
the files you want to load are located. When you select an Area, its name appears right
below the number. Click on the name, and a Select window opens showing the names
of all Areas on the disk. (This doesn’t apply when convert-loading from a floppy.)

If you select a drive or insert a floppy that is not in the S-550 format, you will get a
message telling you so. When you insert a valid floppy disk, the system takes a few
seconds to verify and catalogue the disk, and asks you, in polite yellow letters, to
“Please Wait".

The names of all files at the Target level you have chosen will then appear in the
window. If there are more file names than the window can display, you can scroll the
list with the Up/Down arrow box. The numbering may look a little strange, because
these samplers use an octal system: the first item is “11”, the ninth is “21”, etc. If the
Target level is All, then “Convert All Execute” will be the only text showing.

Select the file you want to load and click. As with any other disk Load operation,
you will first be asked if you want to clear the Internal Memory (if there is anything
currently in it). If the Overwrite switch is Off, and any of the files have been previously
loaded, the Same Name Found! box will appear, and you can tell it to skip any files
already in RAM.

You will then see the words “Now Working”, and the name of each file and
subsidiary file in the window as it loads. At the same time, the Internal Free parameter
will decrease as the sounds go into RAM. If there is not enough space in RAM for a
particular file, an error message “Wave Memory Full” will appear, but the operation
will continue. When the operation is finished, the screen goes back to its previous
state. Click on Exit to get back to the System menu.

You can now work with these sounds just like any other sound created in the
5-770, editing them, playing them, and saving them to disk. (If you have loaded in a
Patch, all of the subsidiary Samples and Partials have been loaded as well.) The names
will be slightly modified versions of the names as they appeare on the Convert Load
screen. The slot numbers on the screen (P11, P21, T11, T21, etc.) will become the
files” Volume IDs. In addition, Patch names will end with a “/”. If an S-550 Patch is
made up of two Tones, then it will be converted into two S-770 patches. The name of
the first S-770 Patch will end with “/”, and the name of the second Patch will end with
“\”. (You can recombine them in a Performance.)
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Since the analog sections of the S-550, S-330, and W-30 are somewhat different
from the S-770’s, you may find that the files do not sound exactly the same, but will
require a bit of tweaking to get them just right. On the Edit Sample Loop page, the
sampling rate for these Samples is displayed as 30 kHz. Although the S-770 cannot
record a Sample at 30 kHz, it has no trouble playing back one recorded at that rate.

Note that these sounds have been loaded into RAM, and are not stored on disk
until you execute a Save.

Convert Load is a very specific operation — it only loads. You cannot Save S-770
sounds in S-550/5-330/W-30 format, nor can you load sounds from an $-50 disk.
However, if you have S-50 disks, you can use an S-550, S-330, or W-30 to convert
those sounds to its format, and then Convert Load them into the S-770.

SCSI

Working with SCSI devices in a network will be discussed in detail in the next
chapter, but there are two Parameters on the SCSI Config page (the only Page in the
Function) that actually have little to do with SCSI, and should be explained here.

Although the SCSI settings (inside the box) do not go into effect until you re-boot
the S-770, the Parameters we're talking about here go into effect immediately.

The Fast Delete Mode
switch has been discussed
earlier. To reiterate, when this
switch is Off, and you delete a
high-level file (Partial, Patch,
Performance, or Volume) from a
disk, the software checks all of
the file’s subsidiary files, to see

SCSI Config

ID=¢ 1 2 3 4 5 6 7
IN — -- == -= -—= — ME

S-77% self SCSI ID 7 [7]

Internal HD SCSI ID o [@]

if they are being used by any
other high-level files. If a file is
found to be in use by another, it
will not be deleted. If the switch
is On, the checking is not done,
and all subsidiary files are
erased, regardless of whether
they are needed in other files.

! CAUTION !
These parameters’ values
are available
only with next boot_up.

Fast Delete Mode Off
Overwrite Sw Off
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The advantage of having the switch Off is protection: in case you forget, for
example, that a Sample you’re using in a “French Horn” Patch in an “Orchestral”
Volume is also being used in an “Elephant Stampede” Patch in a Volume called
“Jungle Sounds”. The advantage to turning the switch On is that the Delete operation
becomes significantly faster.

The Overwrite Switch determines whether or
not the software will warn you when you are
about to replace or overwrite an existing file in Yes/ No/ Cancel ?
RAM or on a disk with a new version. If it is On,
overwriting will occur automatically, and you

Same Name Found !

Volume: 1
will get no warning. If it is Off, you will be Performance: 3
. Patch: 4
warngd and given a cﬁance to back out before Partial: 30
anything gets overwritten. Sample: 3
Overwrite?
Here are a couple of examples. You're saving ves || do |[cancel

a Performance that you’ve loaded some new
Patches into, and you want to save the whole
thing, but not the Patches that were already there
when you started working. The Overwrite switch is Off. When you save the
Performance from the Disk Save page, after a few seconds you get a warning box that
tells you how many files, and at which levels, you will write over. If you click Yes, the
files will be replaced. If you click No, all other files in the Performance will be saved,
and when the screen displays a file that already exists, it will say “-Skip-" as it skips it.

Or, you have a Sample in RAM you’ve been editing, and you’ve screwed it up so
badly you want to re-load it and start over. If Overwrite is On, you can re-load it
without a second thought. If it is Off, the software will warn you that the Sample is
about to be replaced, and give you the choice of going ahead or not.
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MIDI

Most of the MIDI functions of the S-770, as we have seen, are set on the
Performance, Patch, and Partial editing pages. A few others are accessible through the
System menu, by selecting MIDI. MIDI Sample Dumps are discussed in detail in the
next chapter.

Mode Index Mark S-770/01
Config MIDI Config
The Config page, which was System Exclusive on
discussed briefly in the previous Unit Number 1

chapter, contains four parameters. Control Chamnel Off
System Exclusive determines whether
the S-770 will respond to System
Exclusive messages from a MIDI
device, such as a computer editor or
another S-770. The $-770 responds to
two types of System Exclusive
messages: Roland System Exclusive
and Universal System Exclusive.

Control Mode Perform Only

Roland System Exclusive messages can be used to control almost every Parameter
in the 5-770, and a complete chart appears in the Appendix of this manual. The
Universal System Exclusive messages that the S—770 responds to are MIDI Sample
Dump Standard commands. See Chapter 10 and the Appendix for more details.

The Unit Number and the Control Channel work together to allow an individual
S-770 to have a specific “address” when it receives System Exclusive messages, so that
different S-770s in a system can be controlled individually from a common source,
such as a computer. The Unit Number appears on the monitor screen in the far upper-
right corner, after “S-77@/". If you have more than one S-770 connected to the same
video monitor with a switch, you can keep track of which unit you're looking at with
this number.

The Control Channel also determines (as we discussed in the previous chapter)
whether the 5-770 will call up Performances from RAM and/or load Volumes from
disk when it receives Program Change commands. If Control Channel is Off, incoming
Program Change commands will select S-770 Patches in RAM from within a
Performance, but will not select Performances or Volumes. In addition, Universal
System Exclusive messages will be ignored and MIDI Sample Dumps will not be
possible with Control Channel (but possible with Unit Number).
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If Control Channel is set to a number from 1-16, Program Change commands on
that channel number will call up Performances and/or Volumes, depending on the
setting of the Control Mode parameter (below), and MIDI Sample Dumps can take
place on that channel except when Unit Number is set 17 to 32. (Some editing
programs and samplers refer to the channel number as the “Device ID”, for purposes of
exchanging Sample Dump information.)

Roland System Exclusive messages are responded to regardless of the Control
Channel setting. If it is Off, then the “Device ID” for the unit will be the Unit Number.
If Control Channel is set to 1-16, and Unit Number is also set to 1-16, then the Unit
Number will be ignored, and the Device 1D will be the same as the Control Channel.
If, on the other hand, the Unit Number is set to 17-32, the Device ID will be the Unit
Number.

This chart shows how the Parameters on this Page interact.

Parameter MiDI commands
settings responded to
Universal
System

Exclusive Roland

System control Unit Program (MIDI Sample System
Exclusive Channel Number Changes Dump) Exclusive
Patches Device 1D = Device ID =
Off 1-32 only Unit Number Unit Number

On Device 1D Device ID
vice = evice =

1-16 Performances | ¢onmol channel | control Ghannel
1-16 1 N and/or Device ID = Device ID =
7-3 Volumes Unit Number Unit Number
Patches
Off 1-32 only Ignored Ignored
Off
Performances
1-16 1-32 and/or Ignored Ignored
Volumes

The Control Mode parameter, as we saw in Chapter 8, determines how the 5-770
responds to Program Change commands above 64 when the Control Channel is
enabled. When it is set to Perform Only, Program Changes above 64 are ignored.
When it is set to Perform/Volume, a Program Change of 65 or above will cause a
Volume to be loaded from the current disk, provided the particular Program Change
has been assigned to a Volume on the HD/MO Volume PG# page. If no Volume has
been assigned, the S-770 will pause briefly, and then return to its previous mode of
operation. For various reasons (read Chapter 8 again if you don’t remember them), it is
suggested that this Parameter be set to Off unless you have a crying need to be able to
load in Volumes on the fly.
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This page is where you initiate a MIDI Sample Dump, if it needs to be done from
the S-770. It will be explained in detail in the next chapter.

Briefly, the Unit Number and

Control Channel parameters are Mode Index

Mark S-770/21

the same as on the Config page.

MIDI Sample Dump

The Source parameter chooses a
Sample from RAM to transmit out
the MIDI OUT jack on the rear
panel in MIDI Sample Dump

Standard format. The Execute Osource L@1:C2

switch initiates the transmission.
This function is not necessary in
most cases when using a
computer sample editor, but it
can be used to send a Sample
from one S-770 to another over

Unit Number

Control Channel

MIDI.

MIDI Monitor

MIDI

The MIDI Monitor is not part of System Mode
— instead, it appears on the Performance Menu.
It's more appropriately discussed here, however.
As on the other Performance pages, the S-770 is
fully operational on all channels while this
Function is active.

The first Page of the function, MIDL, is a “real-
time” monitor of incoming MIDI data. The lower

Perform Menu Exit

Play
Edit Performance

MIDI

portion of the screen shows the “raw” MIDI data, in hexadecimal. When the screen
fills up with data, it starts writing again from the top. Status (command) bytes are in

red, while data bytes are in white.

The line immediately above the raw data shows the last received event, with an
English interpretation of the Status byte, and then the one or two Data bytes that
follow. Note that the settings on the MIDI Filter pages do not affect the data being

displayed.
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The MIDI Ch parameter
determines which MID!
channel’s data the display will
show. It can be set to any

Mode Index Mark

S-770/01

MIDI Monitor

Com Exit

MIDI Ch
Trigger

Note Off

1

Real Time MSG Off

channel 1 through 16, plus
“All”, in which case it responds
to all incoming data. You can
change this Parameter at any
time, even while data is being
displayed.

Status Note Off Data 3C 20

90 3E 3C 9C 3E 00 90 46 38 90 46 00 90 3C 44 90 47 33 90
47 00 S0 3C 48 90 3C 00

The Trigger parameter tells
the S-770 to wait for a specific
type of MIDI event on the
selected channel before it starts
to display the incoming data.
The choices available, in order, are Note Off, Note On, Key Pressure (Poly After), any
numbered Controller (Ctrl), Program Change, Channel Pressure (Ch After), Pitchbend
(Bender), and System Exclusive.

This does not filter data out of the display, it merely disables the display until the
Trigger event type is received. Setting the
Parameter to Ctrl, for example, means that notes

. . IMman. Exi
played on a keyboard will not be displayed, but ‘ Co d - XJ't -

as soon as the Sustain pedal (Controller #64) is
pressed, all the data will start being displayed. Wait Trigger

Clear Display

After the Trigger parameter is set, it then has
to be enabled. This is done from the Com menu.
Open Com, and select “Wait Trigger”. The menu will close, and the display will tell
you it is waiting for the trigger. You can change the MIDI Ch or Trigger parameter
while it is waiting.

The other item on the Com menu is “Clear Display”. This, as you might well guess
clears the screen of the accumulated MIDI data.

’

Real Time MSG determines whether Timing Clock (F8 hex), Active Sensing (FE),
Start (FA), Stop (FC), Continue (FB), and Reset (FF) messages will be displayed. Setting
this Parameter to Off means they will not be displayed.
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Module
Mode Index Mark S-770/01

Module Monitor

The Module display is a way to
let you see what is going on inside
the S—770 while it is being played. ch.
The S-770 has 24 available voices.
When MIDI notes are received on
active channels, blue squares
appear on the line labelled "Voice”,
and also on the lines corresponding
to the notes’ channel numbers. The
Voice line shows the total voices
received, while the other lines show
the distribution by MIDI channel.

Voice

WO dwhr

If the incoming note triggers two
voices (in, for example, a Partial that contains two Samples), two squares will appear.
If an entire multi-channel sequence is being received, many squares will appear.
When the number of voices received approaches the S-770’s limit of 24, the last few
squares on the right will be in red.

As long as the key triggering the voice is held down (or a Sustain pedal holding it is
on), the square for that voice will remain visible. When the key or pedal is released,
and when the voice’s amplitude envelope (TVA) lets it go, the square disappears.
Notes that come in on MIDI channels not active in the current Performance will not
show up on the display.

The S-770 uses dynamic voice allocation to ensure that it makes the most out of
the available voices, but it is certainly possible to run out of voices if you use a lot of
multi-Sample Partials in a complex multitimbral Performance. Looking at this display
while a sequence is running can help you diagnose such a situation and decide the
best way to overcome it. Perhaps one of the Partials doesn’t really need all four
Samples to sound at once, or perhaps the TVA on a sound is longer than it has to be.
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Chapter 10
Dafta Transfer
and Storage

The S-770 allows data to be transferred in digital form using three different
protocols: SCSI; digital audio using the AES/EBU format; and MIDI Sample Dump.

SCSI

SCSI (pronounced “scuzzy”) stands for Small Computer System Interface, and is a
popular high-speed protocol for transferring large amounts of data among digital
devices. One SCSI network or “chain” can contain up to eight devices.

The S-770 itself is a SCSI device, and its internal hard disk drive is considered
to be another SCSI device. Therefore, only a total of six SCSI devices can be hooked up
to an S-770.

The S-770 uses SCSI for “off-line” storage of files. Files at any level can be saved to
or loaded from any device in a SCSI chain. The particular device is selected with the
“Current Drive” parameter on any of the Disk pages. SCSI devices that the S-770 can
be hooked up to include CD-ROM players, Magneto-Optical read/write drives such as
the Roland MO-7, fixed hard disks, and removable hard disks using SyQuest
mechanisms. Special “driver” software must be designed for the S-770 to work with a
particutar model of SCSI device. A table of devices known to work with the S-770 is
packaged with the sampler. If you are interested in using a device not on this list,
consult your dealer or Roland to see if it is compatible.

Connecting a single device

The SCSI port on the rear panel of the S-770 allows connection to other SCSI
devices. If you are attaching a single device to the 5-770, simply connect its SCSI port
with the S-770’s port. The S-770’s SCSI port uses a 25-pin connector, and most SCSI
drives use a 50-pin connector, so you will need an appropriate cable. A cable
designed to connect a SCSI device to an Apple Macintosh will work just fine.
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Whenever you connect or disconnect any SCSI devices, make sure the power on
the entire chain is off. SCSI cables contain some fairly high voltages, and crossed or
sparking terminals can cause serious damage to the connected devices.

When the cables are secure, turn on the power to the external device, and then to
the S-770. The S--770, as part of its initialization procedure, scans everything on the
SCSI chain (during the “SCSI Device Scanning” routine) and identifies it. The next time
you go to a Disk page, as you scroll through the various values for the Current Drive
parameter, the name of the external SCSI device should appear.

S-770 MO-7, CD-ROM, or
(terminated) other terminated device

SCSI

R R R SR (Power must be on when
e ® SSNCEHEEHHTT RSl i iod

&
S

/_ﬁ
N U

Turning on and off devices

Although it is necessary to have the external SCSI device powered on when you
turn on the S-770, it is not necessary to keep it on. For example, at one point in a
session you may have all the sounds you need in RAM, and you no longer need to
access an external drive like the MO-7 (and would prefer not to deal with the noise it
makes). After you boot up, you can turn off the MO-7, and when you want to load
something in from it later, you can turn it on again.

Note that when it is off, however, you won't be able to access anything on the SCSI
chain, including the internal hard disk, for reasons we’ll get into in a moment. In
addition, after you have turned it back on, the network won’t recognize it until you
perform a “Scan”.
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Here’s how to do a Scan: from any disk
page, click on the Current Drive parameter to | prive Select
open the Drive Select window. At the lower-

Current Drive :

right corner of this menu is the “Scan” box. ID@: InternalHD
Click in the box and the operating system will Device List
. . % IDP = ID@:InternalHD
scan the entire SCSI chain, and make note of ID1 - IDl:i— No Drive
any changes in the network since the last ID2 = ID2:- No Drive
. o . ID3 = ID3:- No Drive
time it did this. These changes, as we ID4 = ID4:- No Drive
. . . ID5 = ID5:- No Drive
explained in the previous chapter, not only IDE - ID6:— No Drive

include new devices on the network, but also ID7 = ID7: §-770 Self

any changes within the devices themselves, Floppy Disk
such as a new Magneto-Optical or CD-ROM
disk in the drive.

Reminder: While CD-ROM disks for the S-770 (or S-750) will be accessible from
the normal Disk pages, CD-ROM disks for the 5-550 (and family) are not. You can
only load sounds from them using the Convert Load page from the Options function
on the System menu, as discussed in the previous chapter.

Terminators

A SCSI chain must be “terminated” at each end. This means a special resistive
circuit must be placed on one of the SCSI connectors at each end, to prevent signals
from reflecting back through the cable and causing errors. The S-770 is terminated
internally. The Roland MO-7 has a switchable internal terminator, which is in the “on”
position when the unit leaves the factory. Therefore, hooking an MO-7 to an 5-770
requires no special preparation. However, when you are using more than one external
SCSI device on a chain, precautions must be taken to ensure proper termination. We'll
discuss these shortly.

ID numbers

Every device in a SCSI chain must have a unique 1D number, from 0 to 7. The
initial ID number for the S-770 is 7, and the number for the internal hard disk is 0. Any
device you connect to the SCSI port must have a number different from these, or the
S~770 will not boot.
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You can change the 1D Scs1 Sonfig
.numbers for thé S-770 and its Deo 1 2 3 4 5 6 7
internal hard drive from the SCSI IN— == = == -—= — ME
Config page, which is accessed
by selecting SCSI from the System 87770 self SCSI ID 7om
menu. Across the top of the Page Internal HD SCSI ID )
are the eight available ID | CAUTION !
numbers, and the identity of any These parameters values

. are available
devices currently on the network only with next boot_up.
that have those I1Ds. “IN” stands

. . Fast Delete Mod Off

for the S-770 internal disk, and overwrite sw o OFf

“ME” means the S-770 itself.
Other abbreviations you might
see are “CD” (CD-ROM), “MO”
(Magneto-Optical), “HD” (hard
disk), and “SQ” (SyQuest).

In the box in the middle of the screen, put the cursor on the name of the device
you want to change (either S-770 self or Internal HD). Click the left or right mouse
button to decrement or increment the number. Note that the ID number change (in
brackets) does not take effect until you turn off the S~770 and turn it back on again.

Changing the SCSI 1D of an external device is a whole ‘nother story — it has to be
done at the device itself. Some devices make it relatively simple, using external DIP,
push-button, or rotary switches; some devices make it more difficult, using internal
jumpers or switches; and some devices do not let you change their IDs, period.
Consult the manual for each device to find out how to change its ID number. Keep in
mind that every device must have a unique 1D, or the network will not operate.

Priority

SCSI ID numbers are not assigned randomly: the order of the numbers in a SCSI
chain has significance. When the S-770 boots up, it needs to find its System software
right away, or else it can’t run. The first place it looks is the floppy disk drive (which is
why you shouldn’t have a floppy in the drive at boot-up except under special
circumstances). The second place it looks is a device on the SCSI network whose
number is 0. If there is no such device, or if it doesn’t find the System software there, it
looks to the device whose number is 1, and so on up the line until it finds a valid
device that contains the System.
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For greatest efficiency, therefore, the internal hard disk should have the System on
it, and should have its SCSI ID set to 0 — which is the way it comes from the factory.

If you like, you can have the $-770 boot from an external drive. To do this, first
save the System software onto the external drive with the “SaveSys” function described
in Chapter 8, selecting the desired drive as the Current Drive. Then reset the SCSI 1D
of the S-770’s Internal drive to a number other than 0, and turn off the power to both
drive and S-770. Before you turn the power back on, reset the external drive’s SCSI ID
to O (or a number less than what you just set the Internal drive to). When you turn
everything back on, the external drive will be the startup drive.

While this is not a bad idea for making a backup in case the internal drive fails (or
you accidentally format it and turn off the S-770 without replacing the System), there
are actually no normal situations which would benefit from this — there should always
be a backup System available on a floppy disk (which, you will remember, the S-770
looks at first when it boots up), and any software upgrades will also be provided from
Roland on floppy disks (see the next chapter).

Connecting multiple devices

When you have more than one SCSI device connected to the $S-770, special
precautions must be taken. First of all, it is essential that all devices have unique ID
numbers. If there are any duplicate IDs on the network, it will not run correctly, and
quite possibly not at all.

Secondly, the chain must be properly terminated at both ends. SCSI devices
normally have two connectors, which allows them to be connected in a chain-like
manner (hence the name “chain”) with the “output” of one device going to the “input”
of the next, and the “output” of that device going to the “input” of the next, etc.
(Actually, the connectors are identical, and it doesn’t matter which is the input and
which is the output on a particular device.) The last device at each end of the chain
will have only one cable connected to it, and these last devices must be terminated.
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The S-770 will normally be at one end of the chain (it has only one SCSI
connector), and it is always terminated, so that solves half the problem. But whichever
device is at the other end must be terminated, and none of the devices in between
should be terminated. Like setting its ID number, terminating a SCS! device can be
relatively simple or very difficult. Consult your manuals for instructions. Often,
terminating a device simply involves buying a special terminator plug and attaching it
to one of the device’s SCSI connectors. If you have one device on the chain that is
significantly easier to terminate than all of the others, you should consider putting that
one at the end.

Note that the ID numbers in a chain have nothing to do with the devices’ physical
or electrical locations, so there’s no need to arrange the devices in any special order,
as long as they are terminated properly.

SCSI devices in a chain can be turned on and off freely at any time, with one
exception: any device that contains a terminator generally must have its power on at
all times whenever you want to use any device on the network. If the power to that
device is off when you boot up, the S-770 may not boot, and if you turn it off any time
afterwards, the network will stop responding (although sounds in RAM will work fine).

SCSI termination is, unfortunately, something of a “black art” — you can’t make
any hard and fast rules about it, because inevitably you will find yourself in a situation
where they don’t apply, and you have to do something “illegal” to make everything
work. So if you have done everything correctly and your network still is not running
right, try disconnecting a terminator, or putting a terminator in between two devices,
or replacing an internal terminator with an external one. Just make sure the power is
off to every device in the network before disconnecting any of them.
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Connecting non-storage SCSI devices

It is quite possible that you may want to use the S-770 on a SCSI network with
devices that have nothing to do with the S-770. An example of this would be a system
in which a Magneto-Optical, CD-ROM, and/or removable hard disk drive are being
shared by the S-770 and a personal computer with a SCSI port. (Disks and cartridges
formatted for the S-770 will most likely not work with the computer, so you will need
separate disks for each type of usage.) While the S-770 and the computer will not be
able to talk directly to each other, you still don’t want to have to re-wire the network
each time you want to switch from using your computer to using the S-770.

In this case, you need to be aware of some more SCSI terminology: Initiators and
Terminals. Put somewhat simplistically, an “Initiator” is a device that controls the other
devices on the SCSI network, while a “Terminal” (don’t confuse this with a
“terminator”, or even Arnold Schwarzenegger for that matter) is a device that is
controlled by an Initiator. The S-770 is an Initiator, as are most computers. Storage
devices are Terminals. You can have two Initiators on a SCSI chain at the same time,
but they cannot both talk to the same Terminal at the same time, nor can they talk to
each other. Also, obviously, they must have different SCSI ID numbers.

Therefore, you might be able to hook your S-770 up to your Mac or PC through
various drives, but don’t be surprised if when you do an S-770 “Scan”, the computer
doesn’t show up on the device list. Be very careful about ID numbers and terminators,
and don’t try to save Samples and spreadsheets to the same disk.
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Digital 1/0

DIGITAL INFOUT

OuUT [] ouT IN
As discussed earlier, the 5770 ® ®
features digital inputs and outputs that Ol 10
conform to the AES/EBU “Consumer” — COAXIAL— = OPTICAL—

format, also known as CP-340 Type Il.

This is the same format used by the Roland R-880 Digital Reverb and E-660 Digital
Equalizer, as well as a continually growing number of DAT decks, CD players, mixers,
and signal processors. Two types of connectors are available for digital signals, coaxial
(terminating in an RCA plug) and optical. You can use either type, selecting it with the
switch on the S-770’s rear panel. You cannot mix types — if you use the coaxial
inputs, you cannot use the optical outputs at the same time. The AES/EBU format is for
stereo audio, so each connector carries two channels.

Inputs and Outputs

The digital inputs are used during the Sampling process (Chapter 6). You may
record an incoming digital signal one channel at a time, or both channels
simultaneously. There is no continuous level control over the incoming signal,
however the Digital ATT parameter lets you boost the signal 3 dB or attenuate it 3 or 6
dB. You must set the S-770’s clock (sampling) rate to match that of the incoming signal
(or be exactly half of it), or you won't be able to record anything. The S-770's
sampling rate is set with the Master Freq parameter on System Parameters Page 2.

The digital outputs are wired in parallel with the main stereo analog outputs of the
S-770. The Master Freq parameter controls their clock rate. Any sounds assigned to
the “Stereo” outputs will appear at the digital outputs, while any sounds assigned only
to the individual numbered outputs will not appear. The front-panel VOLUME control
does not affect the digital outputs, nor does the setting of the Analog Outs Mode
parameter.

Compatibility

The S-770's digital inputs will accept signals that conform to the S/P DIF (Sony/
Philips Digital Interface Format) standard. This is a kind of “superset” of AES/EBU
Consumer, which contains some additional, non-audio information. When S/P DIF
signals are recorded by the S-770, that extra information is not recorded. The inputs
will also accept signals in the AES/EBU “Professional” format, also known as CP-340
Type I
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Similarly, the S-770’s digital outputs will drive an S/P DIF input, although the non-
audio information will not be present. In addition, you may be able to drive an AES/
EBU Professional-format input with the S-770’s output — the difference between the
two formats is primarily one of signal level, and if the input of the device you are
driving is relatively tolerant of low levels, you should be successful.

MIDI Sample Dump

The S-770 supports the MIDI Sample Dump Standard, and can transfer sample data
over MIDI to another device which also supports the standard. This can be another
sampler, another S-770, or a computer equipped with sample-editing software.
Samples are transferred to and from Internal Memory, not disk.

Only a single Sample can be transferred at a time. Stereo Samples must be
transferred as two separate mono Samples. The Sample Dump Standard contains
information about sample rate, length, and number of bits per individual sample.
When setting up a program or sampler to send data to the S-770, be sure the Master
Freq parameter matches the sampling rate of the original source. When receiving data
from the 5-770, make sure its sampling rate is the same as the S-770 Sample being
sent. The S—770 is a 16-bit machine, and all transfers should be done in that format.

The Sample Dump Standard also contains information about loop start and stop
points, although not the “loop mode”. Originally, the Standard only supported a single
loop in each sample, but a recent extension to it allows for multiple loops. Some
programs and samplers don’t yet recognize this extension, however, and if an S-770
sample with a Release loop is sent to one of these, the Release loop data will be
ignored.

The Sample Dump Standard uses MIDI channel information, so make sure that the
receiving device and the transmitting device are set to the same channel (or “Device
ID"). When you are transferring a Sample from one S-770 to another, make sure both
the Unit Numbers and the Control Channels for the two units are the same.

Closed-loop Transfers

MIDI Sample Dumps work best in a “closed-loop” setup, that is, one in which
MIDI cables run in both directions, from the MIDI Out of the S—-770 to the MIDI In of
the computer or other sampler, and from the MIDI Out of the other device to the MIDI
In of the S-770. When wired this way, the Standard can automate the transfer process
to a great degree, using commands for dump requests, acknowledgements, cancelling,
and other operational aspects.
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For example, to download a sample into a typical sample editor, all you have to do
is tell the editor the number of the sample you want to work on (which the 5-770
interprets as its “slot” number in RAM), and then tell it to get it. The software requests
the S-770 to send its sample data, and the rest of the operation is automatic.

Sample Dumps can be requested while the S-770 is on almost any Page. The
exceptions are the Disk pages (regardless of whether they are accessed through the
Com or System menus), and the Smpling page. If you request a Sample number for
which there is no Sample in RAM, you will get an error message.

Similarly, Samples can be sent to the S-770 on most pages. When a Sample is sent,
it has a number attached to it, which the S-770 will interpret as a RAM slot number. If
there is another Sample already in that slot, it will be erased and replaced with the
new one. Make sure when sending a Sample to the S-770 that there is enough free
RAM (check the Remaining parameter) to accept it all.

Open-loop Transfers

Under some circumstances, the Sample Dump procedure isn't quite so well
automated. This is true when an “open-loop” configuration is being used (only one
MIDI cable is connected, from the MIDI Out of the dump-er to the MIDI In of the
dump-ee), or when the device receiving the dump does not have a “Request” function
(such as when transferring from one S-770 to another). In these cases, the receiving
device must be told that a Sample is coming its way.

To send a Sample from Mode Index Mark S-770/91
the S-770, you must initiate

the Sample Dump by going
to the Dump page (choose
MIDI from the System Unit Number
menu). Select the Sample Control Channel
you wish to send with the
Source parameter, and then
click on Execute. The
software will pause briefly
to wait for an
acknowledgement from the
receiving device, and will
then proceed with the
dump regardless of whether
it gets one.

MIDI Sample Dump

OSource L@l:C2
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Chapter 11:
Upgrades
and Service

System Software

Because the operating system of the S-770 is entirely software based, it can be
easily changed and upgraded. Roland will periodically release new versions of the
system software to fix problems or add new features. These upgrades will be
distributed on floppy disks, and you can then transfer the new software to your unit’s
internal hard disk. Installing new system software on the hard disk does not affect the
sound files on the disk in any way.

When you receive a new system-software disk, insert it into the floppy-disk drive
before turning on the power to the S-770. This is the exception to the rule, stated
previously, that you never boot with a floppy in the drive.

When you turn on the unit, it will load the system software from the floppy disk.
This procedure is slower than booting from the hard disk — it takes about a minute —
so be patient. When the booting is done and the Performance Play screen appears,
select Index from the top of the screen. When the Index opens, select Save System
(under System, at the lower right).

Click on the words “Current Drive”, and
the Drive Select window opens. Move the

Drive Select

cursor to the line directly underneath the Current Drive :
i . . . ID@:InternalHD
words “Device List”, and click on the
. . . Device List
“IDG" at the left side of that line. This w IDZ = ID@:InternalHD
selects the internal hard drive as the current ID1l = IDl:— No Drive
. ) ID2 = ID2:- No Drive
drive. A red arrow will appear next to ID3 = ID3:- No Drive
. ID4 = ID4:- No Drive
Yvhere you chc.ked, anfi th? name of the ID5 = ID5.- Mo Drive
internal hard dive (which is ID6 = ID6:— No Drive
ID7 = ID7: §-770 Self
“ID@:InternalHD” unless you’ve done
something to change it) will appear as the Floppy Disk

Current Drive in yellow at the top of the
window.
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Save System

Current Drive : ID@:InternalHD

SYS-772 System Disk Ver. 2.0
Copyright Roland

SaveSys

Now click on SaveSys. After a few seconds the word “Complete” appears, and then
you are placed on the Disk Utility page (see Chapter 9 for details about this). You may
now go wherever you like, or turn off the 5-770.

The operating system on the floppy disk has now been installed on the hard disk.
The next time you boot up, do so in the normal manner (without the floppy), and the
new operating system will be loaded automatically. You can put the floppy away in a

safe place, quite possibly forever — you will only need it if some disaster befalls your
hard disk.

As explained in Chapter 9, when SaveSys is executed, many of the current
operating parameters are saved, including Jump pages, envelope templates, startup
pages, and some Parameter settings. You might want to set all these up before you save
the system from the floppy to the hard disk, so that everything is where you expect it
next time you boot up — otherwise the settings you saved previously on the hard disk
will be lost, and replaced by those on the floppy.

Remember you can save the operating system on any disk, floppy or SCSI, either
for safety purposes or because you want to make the other disk the startup disk.

if you accidentally format the hard disk, this erases the system software along with
the files. However, you can perform the SaveSys operation on it without inserting a
floppy as long as you don’t turn the power off. On the other hand, if you turn the
power off without saving the system, you will have to boot from a floppy the next time
you power up.
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Adding Memory

The S-770 comes equipped with two megabytes of RAM. Up to 14 additional
megabytes can be added, in increments of 2 megabytes, for a total of 16 megabytes.
RAM upgrades use standard 1-megabyte Single In-line Memory Modules (SIMMs),
available from Roland as Part Number OMS-1M (OMS-770). These are identical to
those used in Macintosh® SE and Il computers, which are available from many sources.
However, be sure to use only SIMMs that are rated with a speed of 100 nanoseconds
(ns) or faster (i.e., a lower number), and purchase them only from a reputable dealer.

First, however, you need to have the RAS-770 (E) memory expansion board
installed in your S-770. This must be done by an authorized service center. Some S-
770’s are shipped with this board installed, but if yours does not have it, see your
dealer.

Installation of the SIMMs on the board, however, is relatively simple. However, if
you are not experienced with disassembling and reassembling electronic gear, it is
strongly suggested you ask your dealer or a qualified technician to do the job. Make
sure all connections, especially the AC cord, are removed from the S-770 before
opening the case.
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With a Phillips screwdriver, remove the 14 screws that hold the metal case cover to
the chassis: one on top, five on each side panel, and three on the back (in the lower
corners and at the middle of the top, and no others). Gently slide the case cover back
until you can remove it completely.

The SIMMs must be
installed in groups of two, H H
and if you are not filling all
14 slots at once, you must H-{ H'"H
start with the slots in the
back (the first one is H‘* H

iabelled “RAM1/1C33”) and

move forward. }'H H’4

As you face the front of
the S—770, hold the SIMM
circuit board so the chips
are facing you, and the
metal edge connector is
pointing down. Lean the
SIMM board back about
45 degrees, and gently insert the edge connector into the socket. When it is in as far as
it will go, lean the board back further, so that the black plastic tabs at either side of the
board are pushed outwards. Keep leaning it back, until the tabs snap back inwards,
locking the board into place. The two tabs behind the SIMM will poke through the
holes at each end of the board.

RAM1
IC33

e N

Front

When you have installed all of the SIMMs you have, put the case cover back on,
replace the screws, and reconnect Mode
the unit. The next time you boot up,
the second startup screen will say
“Wave Memory Check” followed by Wave Memory Check 181.8 sec
the number of megabytes of RAM (16 Mbytes]
now in the unit. If the number SCSI Device check o
doesn’t agree with what you've
installed (plus the 2 megabytes in there to start with), disconnect the S-770 and do the
installation again, making extra sure the SIMMs are properly seated.

Index Mark

If you should want to remove a SIMM for any reason, use your fingers to push the
black plastic tabs out to the side, and lean the board forward until it’s in front of the
tabs. Then pull the board straight up and out of the socket, letting the tabs snap back.
Don’t leave any empty slots in back of any filled ones.
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Cleaning and Maintenance

As far as maintenance is concerned, the S-770 should require a minimum of
attention. Keep dust away from the unit, especially the ventilation holes and the floppy
disk drive. Use a paint brush or a soft cloth, either dry or very slightly dampened with
water. If serious dirt or grime accumulates, use a mild detergent, and afterwards make
sure to wipe it clean with a dry cloth. Never use benzene, alcohol, turpentine, or any
chemical solvents.

The mouse may accumulate dirt that will interfere with its operation. The
symptoms will be that the cursor responds erratically, or not at all, in one direction or
another when you move the mouse. You can prevent this from happening by making
sure the surface under the mouse is as clean as possible, but if it does happen, you can
clean the mouse as follows:

Turn the mouse over, and with your two thumbs grab the inner plastic ring on the
ridged areas. The ring has a little arrow on it, pointing to the letter “C” (as in “Closed”).
Rotate the ring counter-clockwise, until the arrow is at “O” (“Open”). Turn the mouse
back over and, keeping your hand underneath it to catch them, let the ring and the
rubber ball fall out. Put them aside, where the cat can’t get to them.

With a dry cloth, wipe out the cavity. Look at the plastic rollers inside. If there are
accumulations of dirt on or next to them, remove it with a cotton swap (be careful not
to leave cotton fibers behind),
and if it is really stubborn, use a
wooden toothpick (watch out for
splinters). Now wipe the rubber
ball with the cloth, and flipping
the mouse on its back once
again, drop the ball back in. Put
the ring back on with the arrow
pointing to “O”, and when it is
in place, turn it clockwise until
the arrow points to “C”.

Press here with thumbs and
" turn counterclockwise to remove

Note: do not attempt to
disassemble the mouse in any
way other than this.
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Returning for Service

Except for the mouse and the memory SIMMs, the S-770 has no user-serviceable
parts. Attempts by unauthorized personnel to repair or modify the S-770 will void the
warranty and are generally considered not smart. If you have trouble with the unit, you
must bring or send it to an authorized Roland repair facility. Consult your dealer before
sending it anywhere.

When preparing to ship the unit, first be sure to park the internal hard disk drive.
This is done from the Disk Util page. From any page, open the Com menu, select Disk,
and then from the bottom of the page that opens, select Util, or else press the F5
button. Move the cursor to “HD/MO Park Heads” (stay away from “HD/MO Format”!)
and click the left mouse button. When the word “Complete” appears, shut off the
power. Wait about 30 seconds before moving the unit.

Use the original
packing material
that came with the
S-770 to ship the
unit. The diagram at
right will remind
you how the pieces
all fit together. If the
original packing
material is not
available, use a
reinforced, sealable,
foam-lined case.
Remember, there’s
a hard disk in there.
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Troubleshooting: Why Won't It...

It doesn’t recognize the mouse — I move it around, but the cursor doesn’t move.
’

Assuming your connections are okay, this may happen because the S-770 was left
with a “Controller” setting that is different from what you need. If you are using the
mouse without the RC—100 Remote Controller, turn off the S-770, and hold down the
F2 button on the front panel as you turn the power back on. If you are using the
RC-100 (with or without the mouse), hold down the F3 button as you re-boot. If you
don’t want to use an external controller, but just the front-panel buttons, hold down F1
as you re-boot.

I have an audio line plugged into the rear inputs, but the signal is not showing up
on the “Level” display.

Make sure you have “Analog” selected as your Input parameter, and make sure the
rear-panel SENS control is not set for a higher-level signal than you are providing. Also
make sure there is nothing plugged into the front-panel inputs, as this will disconnect
the rear-panel ones.

Everything seems to be behaving normally, but I'm getting no signal at the analog
audio outputs.

If the Analog Out mode on System Parameter Page 2 is set to “8outs”, then the
main stereo outputs and the headphone outputs are acting as individual outputs,
numbers 7 and 8, and they don’t carry the stereo mix. Either set that Parameter to
“6out+stereo”, or reconfigure the sounds at the Performance, Patch, or Partial level to
come out of outputs 7 and 8 (or the other numbered outputs, if you like).

I am sampling a Mono analog source, but nothing seems to be coming in.

When the Mode parameter is set to Mono, only the left inputs (front and rear) are
recognized. Make sure your input cable is connected to the LIMONO) input, and not
the R input. The digital inputs are stereo; individual channels are selected using the
Input parameter.
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I’m trying to use the digital audio inputs to make a Sample, but the red “Digital
Unlock” box is showing.

You have a sampling-rate conflict between what the S-770 is seeing and what it
wants to see. Check the sampling rate of the source of the digital signal, and then go to
System Parameter Page 2, and check the Master Freq parameter. They should both
read either 44.1 kHz or 48 kHz. If they don’t match, change one or the other so they
do.

Another reason that this box might be displayed is if you are using the Coaxial
digital input, but the rear-panel switch is set to OPTICAL, or vice-versa. Make sure the
switch setting matches the input you are using.

I have deleted a Patch to make more room on my disk, but the “Free” parameter
hasn’t changed.

All of the Samples in the Patch you’ve deleted are being used by other Patches on
the same disk. Also, the Fast Delete Mode switch is off. Therefore, no Samples are
being erased and no Sample memory (which is what the Free parameter measures) is
being freed up. Samples are only erased if they are used by only one file at the given
level, or if the Fast Delete Mode is on.

The same thing is true when deleting files in RAM to make more room, except
there is no Fast Delete Mode switch. If a subsidiary file in RAM is shared by two or
more high-level files, deleting only one of the high-level files will not delete the
subsidiary file, and therefore the Remaining parameter will not change.

I call up a Patch to play from disk, but there’s no sound.

This is the reverse of the previous question. If there are Samples or other subsidiary
files shared by two or more higher-level files on a disk, and you delete one of those
high-level files with the Fast Delete Mode on, the Samples will be erased as well. Then
when you try to load one of the other higher-level files in, the deleted Samples cannot
be found, and will not be loaded. Therefore, only use Fast Delete Mode if you're sure
you can afford to erase all of the subsidiary files.
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I’'m working on adjusting the Release loop of a Sample, but I can’t hear what
I’'m doing. Or, I've constructed a Release loop, but when | play the Partial it’s in, |
don’t hear it.

You can only hear the Release loop from the Loop page (or any of the Edit Sample
pages) if the KeyOn Mode parameter is set to “R-Loop”. Any other setting, and the
Release loop will not sound.

When you get up to the Partial level, remember the Release loop will only start to
play after the key is released (hence the name). Therefore, for it to be audible, and not
cut off by the TVA envelope as soon as the key is released, the envelope must have a
relatively long release time (Time 4).

I've created a new Sample and loaded it into a Partial, but now when I move up
to Patch level and load the Partial in, I don’t hear anything.

Just selecting a Partial to go into the Partial parameter on the Edit Patch Split page
does not automatically enter it — it has to be deliberately assigned to a Split first. An
easy way to do this is after selecting the Partial, simply click on Set. This will assign the
Partial to the entire keyboard range (assuming you have not changed the Upper and
Lower parameters) in the Patch.

However, there’s an easier way to do this and that is to record the Sample in
Subsidiary mode coming from the Patch level. This automatically creates a new Partial
and a new Patch, and assigns the Partial to the Patch automatically.

I have formatted my hard disk. Now what do | do?

First thing is, don’t shut off the power. If this was an accident, don’t try to abort the
formatting by turning the power off — you will damage the hard disk. Wait for the
formatting to stop, then go to the Index and choose Save System. When the Save
System window opens, click on SaveSys. At least now, the next time you boot up, the
hard disk will work, although it will have no files on it.

If you have done this deliberately, in order to erase all the files from the disk prior
to loading it with new ones, you should first do the same thing: choose Save System
from the Index and execute the operation, to replace the current system on the hard
disk. Now you can use the Disk Copy page to bring in files from other SCSI disks, or
Disk Load to bring in files from floppies, and Disk Save to store files in RAM to the
disk.
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I turn on the S-770 and it asks for a system disk.

Three possibilities:

1) You booted it with a disk in the floppy drive that is not a system disk. Never boot
with a disk in the floppy drive unless you plan to upgrade the system software (as
discussed earlier in this chapter). Once the S-770 thinks it should be reading the
system software from the floppy-disk drive, it will not read the internal hard disk, or
anything else. Turn off the unit, remove the disk from the drive, and start again.

2) You formatted the internal hard disk and turned off the S~770 without doing a
Save System. Turn off the S-770. Find your original system-software floppy disk and
insert it into the drive, and turn the unit back on. Now follow the procedure at the
beginning of this chapter for upgrading the system software (use Drive Select to make
the Internal HD the Current Drive, and save the system to it.)

3) You have a SCSI device hooked up to the S-770 which contains a terminator,
and the device is not turned on. The entire SCSI network must be operational for the
$-770 to recognize anything on the network, including its internal hard disk (which is
itself a SCSI device). If an external SCSI device with a terminator is connected to the
chain, then that device must be turned on before the S-770, or else the terminator will
not be operational, and the S-770 will not recognize it, or anything else on the chain.
So turn off the S-770, turn on the external SCSI device, and turn the S—770 back on.
(Devices without terminators do not need to be powered up before the 5-770.)
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Specifications General
Analog 1/O Maximum Polyphony: 24 Voices

Input Levels
Balanced: L +4 dBm

M -10dBm

H -50dBm
Unbalanced: +4 dBm ~ 50 dBm

(variable)

Input Impedance
Balanced: 10 kQ
Unbalanced: 10 kQ

Output Levels
Stereo Out: +7 dBm (1 voice)
+19 dBm (16 voices)
Individual Out: +1 dBm (1 voice)
+13dBm (16 voices)

Output Impedance
Unbalanced 1.6 kQ

Digital 1/O

Interface type: AES/EBU Consumer
(CP-340 Type II) standard

Optical or Coaxial

CD and DAT compatible, 16-bit

Sampling Frequency:
48kHz, 44.1kHz, 24kHz, 22.05kHz

Convertors
Analog-to-Digital: 16-bit linear
Digital-to-Analog: 20-bit linear

Frequency Response: 20 Hz — 20 kHz
(+0 / -3dB)

Residual noise level (IHF-A type)
Stereo Out: >—80dB (all volumes: Max)
Individual Out >-85dB (all volumes: Max)

Dynamic Range: >87 dB (1 voice at rated
output)

Total Harmonic Distortion: <0.01% (A/D/A)

Sound Memory: 2Mbyte (expandable to 16
Mbyte)

Disk Drive: 40 Mbyte Hard Drive
3.5" Floppy Disc Drive (2HD/2DD)



Display:
LCD: 64 X 240 dot
RGB CRT Out: 200 X 320 dot

Internal Memory:
Volume 1
Performance 64
Patch 128
Partial 255
Sample 512

Internal Hard Disk:
Volume 128
Performance 512
Patch 1024
Partial 4096
Sample 8192

Front Panel:
Volume Knob
Recording Level Knob (stereo)
LCD
Jump Switch
Function Switch (F1-F5)
Exit Switch
Value Dial
Cursor Switches
S1, S2 Switches
Hard Disk Indicator
Disk Drive Indicator
MIDI Message Indicator
Performance Mode Switch
Sound Mode Switch
System Mode Switch
Index Window Switch
Mark Window Switch
Command Window Switch
Sound Play Switch
Graphic Switch
Auxilary Control Connector
LCD Contrast Knob
Headphone Jack
Foot Switch Jack
Input Jack
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Input Level Adjustment Knob
Peak Indicator
Power Switch

Rear Panel:

AC Inlet

Hard Disk Cooling Fan

Digital /O (Coaxial/Optical)
Coaxial/ Optical Select Switch
SCSI Connector

Display Out (monochrome/RGB)
MIDI Jacks (IN / OUT / THRU)
Individual Out Jacks (1 - 6)
Stereo Out Jacks ( L/R)

Input Gain Selector

Input Connector ( XLR type)

Power Consumption: 40 W

Dimensions:

16 15/16"W x5 3/16"H x 16 9/16"D
{430 x 132 x 420mm)

Weight: 26 Ib. 6 oz. (12kg)

included Items:

Owner’s Manual

SCSI Compatible Devices
Mouse (MU-1)

Rack Mounting Angles (one set)
Rubber feet x 4

MIDI Cable x 1

3.5 inch (2DD) System Disk x 1
Overlay Sheet (for RC-100)

Options:

Foot Switch - DP-2/6, BOSS FS-5U
Memory Board - RAS-770 (E)
Memory Expander - OMS-IM
(OMS-770)
CRT Cable - RGB-251, RGB-25N
Magnetic Optical Disk Drive - MO-7
CD-ROM sidks - L-CD series
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Video Display Wiring

The DIGITAL RGB connector (output impedance 100 ohms) is for 200-line TTL RGB
displays with the following specifications. Use only a display with compatible specifications.

Pin No. Signal Specification
1 +5V +5V power supply output
2 GND ground
3 open
4 HSYNC | horizontal sync signal output | TTL level
5 VSYNC | vertical sync signal negative polarity
6 R video output (red)
. TTL level
7 G video output (green) positive polarity
8 B video output (blue)
@Horizontal sync timing @ Vertical sync timing
Video signal Video signal
Horizonat! sync signal ' 445us ' Vertical sync signal 13.3ms
45ps ”I_|" I_l 0.3ms _IF J
—

' 63.4ys (15.756 kHz) 16.6ms
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These are the pinout diagrams for the Roland RGB interface cables:
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Roland Exclusive Messages

n[Data Format for Exclusive Messagesl

Roland’s MIDI implementation uses the following data format for all
exclusive messages (type IV):

Byte Description

FOH Exclusive status

41H Manufacturer ID (Roland)
DEV Device 1D

MDL Modei 1D

CMD Command ID

[BODY] Main data

F7H End of exclusive

=MIDI status: FOH, F7TH
An exclusive message must be flanked by a pair of status codes, starting
with a ManufacturerID immediately after FOH (MIDI version1.0).

= ManufacturerID : 41H
The Manufacturer-1D identifies the manufacturer of a MIDI instrument

that triggers an exclusive message. Value 41H represents Roland’s
Manufacturer-ID.

#DevicelD : DEV
The Device-ID contains a unique value that identifies the individual device
in the multiple implementation of MIDI instruments. It is usually set to
OOH - OFH, a value smalier by one than that of a basic channel, but
value 00H - 1FH may be used for a device with multiple basic channels.

z ModeliD : MDL
The ModelID contains a value that uniquely identifies one model {rom
another. Different models, however, may share an identical ModelID if
they handle similar data.

The Model-ID format may contain 00H in one or more places to provide
an extended data field. The following are examples of valid Model-IDs,
each representing a unique model :

OiH

02H

03H

OOH, OIH
OOH, 02ZH
OOH, OOH, O1H

=CommandID: CMD
The Command-ID indicates the function of an exclusive message. The
Command-ID format may contain O0H in one or more places to provide
an extended data field. The following are exampies of vaiid Command-
IDs, each representing a unique function :

O1H

02H

03H

O0H, O01H
O0H, 02H
OOH, OOH, O1H

=Main data: BODY
This field contains a message lo be exchanged across an interface.
The exact data size and contents will vary with the Model-ID and
Command-1D.

'Address,mapped Data Transfer

Address mapping is a technique for transferring messages conforming
to the data format given in Section 1. It assigns a series of memory-
resident records-waveform and tone data, switch status, and parameters,
for example-to specific iocations in a machine-dependent address space,
thereby allowing access to data residing at the address a message
specifics.

Address-mapped data transfer is therefore independent of models and
data categories. This technique allows use of two different transfer
procedures : oneway transfer and handshake transfer.

# Oneway transfer procedure (See Section 3 for details)
This procedure is suited for the transfer of a small amount of data.
It sends out an exclusive message completely independent of a receiving
device status.

Connection Diagram

Device (A) Device (B)
1
MIDI OuT i MIDI 1N
MIDI IN <'§"-' MIDI OUT

Connection at point 2 is essential for “Request data” procedures. (See
Section 3.)

# Handshake-transfer procedure
(This device does not cover this procedure)
This procedure initiates a predetermined transfer sequence (handshaking)
across the interface before data transfer takes place. Handshaking ensures
that reliability and transfer speed are high enough to handle a large
amount of data.

Connection Diagram

Device (A) Device (B)
i
MIDI OUT = MO IN
MIDIN [l MIDI OUT

Connection at points 1 and 2 is essential.

Notes on the above two procedures
* There are separate Command-IDs for different transfer procedures.
* Devices A and B cannot exchange data unless they use the same
transfer procedure, share identical Device-ID and Model ID, and are
ready for communication.

‘ One-way Transfer Procedure

This procedure sends out data all the way until it stops and is used
when the messages are so short that answerbacks need not be checked.
For long messages, however, the receiving device must acquire each
message in time with the transfer sequence, which inserts intervals of
at least 20 milliseconds in between.

Types of Messages

Message Command 1D

Request data 1 {RQ1 (11H)

Data set 1 DT1 (12H)

=z Request data =1 : RQ1 (11H)
This message is sent out when there is a need to acquire data from
a device at the other end of the interface. It contains data for the address
and size that specify designation and length, respectively, of data required.

On receiving an RQ1 message, the remote device checks its memory for
the data address and size that satisfy the request.

If it finds them and is ready for communication, the device will transmit
a “Data set 1 (DTI1)” message, which contains the requested data.
Otherwise, the device will send out nothing.

Byte Description

FOH Exclusive status

41H Manufacturer ID (Roland)

DEV Device ID

MDL Model ID

11H Command D

aaH Address MSB
LSB

ssH Size MSB
LSB

sum Check sum

F7H End of exclusive




* The size of the requested data does not indicate the number of bytes
that will make up a DT1 message, but represents the address fields
where the requested data resides.

* Some models are subject to limitations in data format used for a
single transaction. Requested data, for example, may have a limit
in length or must be divided into predetermined address fields before
it is exchanged across the interface.

* The same number of bytes comprises address and size data, which,
however, vary with the Model-ID.

% The error checking process uses a checksum that provides a bit
pattern where the least significant 7 bits are zero when values for
an address, size, and that checksum are summed.

zData set 1: DT1 (12H)

This message corresponds to the actual data transfer process.
Because every byte in the data is assigned a unique address, a DT1
message can convey the starting address of one or more data as well
as a series of data formatted in an address- dependent order.

The MIDI standards inhibit non-real time messages from interrupting an
exclusive one. This fact is inconvenient for the devices that support a
“soft-through” mechanism. To maintain compatibility with such devices,
Rofand has limited the DTl to 256 bytes so that an excessively long
message is sent out in separate segments.

Byte Description

FOH Exclusive

414 Manufacturer ID (Roland)

DEV Device ID

MDL Model 1D

12H Command D

aaH Address MSB
Ls8

ddH Data

sum Check sum

FTH End of exclusive

* A DT1! message is capable of providing only the vailid data among
those specified by an RQ1 message.

* Some models are subject to limitations in data format used for a
single transaction. Requested data, for example, may have a limit
in length or must be divided into predetermined address fields before
it is exchanged across the interface.

* The number of bytes comprising address data varies from one Model-
ID to another.

* The error checking process uses a checksum that provides a bit
pattern where the least significant 7 bits are zero when values for
an address, size, and that checksum are summed.

# Example of Message Transactions

@ Device A sending data to Device B
Transfer of a DT1 message is all that takes place.

[Data set 1] ——ere————————
* More than 20m sec time internal.

[Data set 1] e

[Data set 1] —————— -
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Roland Exclusive Messages

@ Device B requesting data from Device A
Device B sends an RQ1 message to Device A. Checking the
message, Device A sends a DT1 message back to Device B.

{Data set 1] -w——wee——o——JRequest data]
{Data set 1] —————r————
* More than 20m sec time internal.

{Data set 1] —m0 -

{Data set 1] ———————ou
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DIGITAL SAMPLER

Date : Apr. 10 1991

Model SYS-772 Ver. 20 MIDI' Implementation Version : 101
[1. RECOGNIZED RECEIVE DATA| O Hold 1
m Channel Voice Message Status Second Third
BnH 408 wi
@ Note Off
n = MIDI Channel 08 - FH (0 - 15) 0=chtl 15 = ch. 16
Status Second Third wv = Control Value (00K - TFH (0 - 12T) 0 - 63 = OFF
8nt KkH wi 84 - 127 = ON
9nH KkH 0CH
+ Received when MID! hold function is ON.
n = MiDI Channel 0H - FH (0 - 15) 0=chtl 15 = ¢h. 18
kk = Note Number 150 - 6CH (21 - 108)
w = Velocity < ignored OPRN MSB, LSB
Status Second Third
® Note On Bnl{ 650 ool
BnH 64H 1K
Status Second Third
9nH kkH i n = MiDI Channel (0K - FH (0 - 15) =ch.l 156 = ch. 16
mm = Upper byte of the parameter No. specified by the RPK.
n = MiDl Channel :0H - FH (0 - 15) 0 =chl 15 = ch. 16 i1 = Lower byte of the parameter No. specified by the RPN.

kk = Note Number
w = Velocity

(15H - 6CH (21 - 108)
SO1H - 7FH (1 - 127)

@ Polyphonic Key Pressure

Status Second Third
AnH KkkH wi
n = MIDI Channel (0 - FE (0 - 15) 0=chl 15 = ch. 18

kk = Note Number
v = Value

164 - 8CH (21 - 108)
1008 - TFH (0 - 127)

* Received when MiDI aftertouch function is ON in POLY mode.

® Channel Pressure

Status Second
DnH vvit

n = MIDI Channel
vv = Value

:0H - FE (0 - 19) G =chl 15 = ch. 16
(008 - TFK (0 - 127)

* Received when MIDI aftertouch function is ON in CH mode.

® Control Change

O Modulation

status Second Third
BrH [ wi
n = MiDIl Channel (0 ~ FH (0 - 15) 0=chl 15 = ch. 16

vv = Modulation Depth (00K - TFH (0 - 127)

¥ Received when MIDI modulation function is ON.

O Breath
Status Second Third
BnH 024 wi

n = MID! Channel
vv = Breath

(08 - FH (0 - 15) 0=chl 15 = ch. 18
:00H - 7FH (0 - 127)

* Received when MIDI controller select is at breath.

O Main Volume

Status Second Third
BnH 07H vi

n = MIDI Channetl
vv = Main Volume

:0H - FH (0 - 15) 0 =chl 15 = ch. 16
008 - TFH (0 - 127)

¥ Can control the volume of part corresponding to MIDI channel of received message.
* Received when MID] main volume function is ON.

O Data Entry

Status Second Third
BnH 068 mmH
BnHl 264 114

n = MIDI Channel :0H - FH (0 - 15) 0=chl
mm = Upper byte of the parameter data specified by the RPN.
11 = Lower byte of the parameter data specified by the RPN.

15 = ¢h. 16

#4% PRN 4%

Control change is provided with RPN (Registered Parameter Number) which is a
message registered to the MIDI standard for use with MIDI world. By using RPN,
parameters in a MIDI unit can be changed. [n practice, specify the paameter to
controlled, using PRN MSB and LSB and then set the parameter value using data
entry.

SYS-772 Ver.2.0 will recognize such RPNs as Pitch Bend Sensitivity and Master Fine
Tune.
1) Pitch Bend Sensitivity

Can be used to set the pitch bend sensitivity of each patch set in the 32 parts of
performance. khen transmitting, set the MIDi channei to that of each pat.

RPN Data entry
MSB LSB MSB LSB
00K OOH maH 11H
mn = 0 - 48

Can be used to bend up to 4 octaves in one and semitone steps.
The value is common to Bender Range up and down.

11 = 00K - 7FH : Value ignored
Note: mm made valid only when 11 is received.

Example: Set the bender range of the part, whose MIDI channel No. is 1, to 2.

MIDI DATA [HEX] Description

B0 64 00 :PRN LSB = 00

B 85 00 :PRN MSB = 00

B0 06 02 :MSB of data entry
B0 26 00 :LSB of data entry

2) Master Fine Tune

Set the master tune of SYS-772 Ver.2.0. When transmitting this message, set the
MIDI channel to the controi channel number.

RPN Data Entry
MSB LSB MSB LSB
00H 01H ami 11H

mm = Upper master fine tune vlue
11 = Lower master fine tune value

:00H - TFH (0 - 127)
:00H - 7FH (0 - 127)



Tune can be raised or lowered up to +/- 50 cents with respect to the standard pitch
(middle A = 440 Hz) in step of 100/8192 cents. The actual pitch shift is in step of
1 cent. Value less than 20K 00H results in -50 cents and more than 60H 00H +50
cents.

MSB LSB

20K O0H -50 cents
40K 00H 0 cent
60H 00K +50 cents

Example: Set the master tune of SYS-772 Ver.2.0 whose control channel No. is 15, to
A = 440 Hz.

MIDI DATA [HEX] Description

BF 64 01 :PRN LSB = 01

BF 65 00 :PRN MSB = 00

BF 06 40 :MSB of Data Entry
BF 26 00 :LSB of Data Entry

**% Other Control Changes *+%

One of contro! numbers (-85 can be received as a controller by using MID!
controller select.

Status Second Third

Bl mml wh

n = MIDI Channel (O - FH (0 - 18) 0 =chl 15 = ch. 16
mm = Control Number :00H - 5FK (0 - 95)

vv = Control Data :00H - TFR (0 - 127)

@ Program Change

Status Second

CnH ppl

n = MIDI Channel :0H - FH (0 - 15) 0 =chl 15 = ch. 16

pp = Program Number (GOH - TFH (0 - 127)
x Wil perform patch change, performance change or volume load according to the
MIDI channel number that the SYS-772 Ver.2.0 has received.

* Patch Change

Can be received when MIDI program change switch is on. Will act as Patch change
when received on the channel number of a part. Program number of the patch can be
set to a number.

* Performance Change, Volume Load

Will act as performance change or volume load when received on the control channel
number with function depends on the control mode being selected. The program
number of performance and volume can be set to a number. Performance change and
volume load have priority when the channel number and control channel number of a
part conflict.

¥hen control mode is “Perform Only™:
pp = 00K - 3FH (0 - 63) Performance Change
pp = 40H - TFH (64 - 127) Performance Change (same as pp - 64)

fhen control mode is "Perform/Volume™:
pp = 00H - 3FH (0 - 63) Performance Change
pp = 40H - TFH (64 - 127) Volume Load

Volume load is ignored if current drive is not a hard disk drive or MO disk drive
to which the SYS-772 Ver.2.0 can load and if the current drive does not contain a
loadable velume file.

@ Pitch Bend Change

Status Second Third
£nH 11H mmH

00 - FH (0 - 19) 0=ch.1 135=ch.16
:00H, O0H - 40H, 00K - 7FH, 7Fi
(-8192 - 0 - +8191)

n = MIDI Channel
om, 11 = Value
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m Channel Mode Message
® All Note Off

Status Second Third
BnH 7BH 00H
n = MIDI Channel :0H - FB (0 - 15) 0=chl 15 = ch. 16

% Turns off all MIDI keys on the corresponding MIDI channe! except that the damper
on has been received. [n such a case MIDI-on keys are held on until the damper
off is received.

o OMMO OFF

Status Second Third

BnH TCH 00H

n = MiDI Channel (O0H - FH (0 - 15) 0=chl 15 = ch. 16
% W1l act the same as all note off.

o OMNI ON

Status Second Third

BnH 0 00H

n = MIDI Channel :0H - FH (0 - 18) 0 =chl 15 = ch. 16
¥ Will act the same as all note off.

& MONO

Status Second Third

BnH TER maH

n = MiDI Channel t0H - FH (0 - 15) 0 =chl 15 = ch. 16
mm = Mono Channe! Range :ignored

* ¥ill act the same as all note off,

e POLY

Status Second Third

BnH TFH 00H

n = MiDIl Channel (00 - FH (0 - 15) 0 =chl 15 = ch. 16

¥ ¥ill act the same as all note off.

m System Exclusive Message

Status
FOH :System Exclusive
FTH :E0X ( End Of Exclusive )

* For details refer to "Roland Exclusive Message” and Section 3.
m System Real Time Message
@ Active Sensing

Status
FEH

* When $YS-772 Ver. 2.0 receives Active sensing, it measures time intervals between
incoming messages. If the subsequent message has not come within 300 ms after the
previous one, SYS-772 Ver.2.0 judges that there is some trouble on MiDipath
(broken wiring, etc.) and turns off all MIDI-on notes and then returns to normal
operation mode (will not check MIDI message interval).
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[2. TRANSMITTED DATA]

m System Exclusive Message

Status
FOH :System - Exclusive
FTH :E0X ( End Of Exclusive )

¥ For details refer to "Roland Exclusive Message” and Section 3.

r3_ Exclusive Communications
m Exclusive Messages Handled by SYS-772 Ver.2.0

The SYS-772 Ver. 2.0 transfers the following messages as exciusive messages.

® System Exclusive Message (in special format designed by
Roland) Sound Parameter Information and others

® Universal System Exclusive Message (in MIDI standard
format) Sample Dump Standard (Sampling data body)

m System Exclusive Message

o General

With the SYS$-772 Ver. 2.0 the system exclusive message can be used to transimit
sound parameter and some other information. Exclusive message can be used in two
ways: one way communications and handshake communications, each in different format
from the other.

o Terminology

C Model ID

The model ID of the SYS-772 Ver.2.0.0 is 34H.

C Ceontrol Channel

This is the channel used to control entire SYS-772 Ver.2.0. The channel can be set
to 1-16.

O Unit Number

Parameters 1ike MiDI Channel are not available in Exclusive message. Therefore,
separate parameters are provided for controlling various parameters.

Parameter Value
Control Channel 1-16 or OFF
Unit Sumber 17-32 or 1-32

% When unit number is 1-16, its value is synchronized with that ofcontrol channel.
¥hen the unit number is 17-32, the value can be set independently.

C Device ID

Device ID is set to a value smaller than the unit number by one.

With Roland exclusive message, the device |D is used which contains a unique value
that identifies the individual device in the multiple implementation of MIDI
instruments. It is usually set to O00H-1FH, a value smaller by one than that of a
basic channel (MIDI note information receiving channel). ¥ith multiple basic
channel unit like the SYS-772 Ver. 2.0, a value is set to OO1H-1FH.

® One-way Communications

O Requet Data RQ1 11H

When the SYS-772 Ver.2.0 receives this message , it first checks whether the
specified address matches the parameter base address and the specified address
sizeis all even numbers beginning with 2. When these checkes are satisfactory, it
sends the corresponding parameter by using the Data Set 1 (DT1) message. The SYS-
772 Ver. 2.0 does not send this message.

Byte

Description

FOH Exclusive « Status

414 Manufacturer !D (Roland)

DEV Device iD

340 Model 1D

11# Command 1D (RQ1)

aalt Address MSB #3-1

aall Address

aall Address

aalf Address LSB

ssH Size MSB

ssH Size

ssi Size

ssH Size LSB

sum Checksum

F7H EOX (End Of Exclusive)
O Data Set DT1 12H

O The SYS-772 Ver. 2.0 accepts this message when the following conditions are met.
Matches the MID| unit number of the MID! function; and the address specified
corresponds to the parameter base address. The SYS-772 Ver.2.0 stores the received
data into location starting with this address.

< The SYS-772 Ver. 2.0 transmits this message in the following case.

Having received the request data (RQl) and to send the data specified by the RQl.

For details of parameters to be transferred, refer to the parameter address map.

Byte Description
FOH Exclusive Status
41K Manufacturer 1D (Roland)
DEV Device 1D
344 Model [D
124 Command 1D (DT1)
aalt Address MSB ¥3-1
aall Address
aall Address
aatt Address LSB
dah Data
sum Checksum
P74 EOX ({End Of Exclusive)

® Handshake Communications
C Want to Send Data WSD 40H

When SYS-772 Ver.2.0 receives this message, it transmits acknowledge (ACK) and
waits a Data Set (DAT) message.

Byte Description
FOH Exclusive Status
410 Manufacturer 1D (Roland)
DEV Device ID
341 Model {D
124 Command 1D (DT1)
aall Address MSB *3-1
aaH Address
aall Address
aall Address LSB
ssH Size MSB
ssi Size
ssH Size
ssH Size LSB
sum Checksum

FTH EOX (End Of Exclusive)



O Request Data RQD 41H

When the SYS-772 Ver. 2.0 receives this message , it first checks whether the
specified address matches the parameter base address and the specified address
sizeis all even numbers beginning with 2. When these checkes are satisfactory, it
sends the corresponding parameter by using the Data Set (DAT) message.

The SYS-772 Ver. 2.0 does not send this message.

Byte Description

FOH Exciusive Status

41H Manufacturer 1D (Roiand)

DEV Device D

344 Model 1D

41H Command 1D (RQD)

aall Address MSB *3-1

aall Address

aalf Address

aal Address LSB

ssh Size MSB

ssH Size

ssh Size

ssh Size LSB

sum Checksum

FTH EOX (End Of Exclusive)
O Data Set DAT 42H

When SYS-772 Ver. 2.0 receives this message and the address specified corresponds
tothe parameter base address, it stores the received data into location starting
with this address.

When SYS-772 Ver. 2.0 receives this message, it sends data located within the
specified start addresse and subsequent length of address size, along with the
parameter base address.

Byte Description
FOH Exclusive - Status
41H Manufacturer 1D (Roland)
DEV Device 1D
34K Model 1D
420 Command iD (DAT)
aall Address MSB *3-1
aalt Address
aati Address
aall Address LSB
ddl Data
sum Checksum
FTH EOX (End Of Exclusive)

O Acnowledge ACK 43H

When the SYS-772 Ver.2.0 receives this message in response to Data Set (DAT), it
sends the next data following the data sent in the previous Data Set message, also
using Data Set. When the SYS-772 Ver.2.0 receives this message in response to End
0f Data (EOD), it terminates handshake communication. The SYS-772 Ver.2.0 sends
this message upon receiving Want to send data (WSD), Endo of data or Data set
(DAT).

Byte Description
FOK Exclusive - Status
41K Manufacturer 1D (Roland)
DEV Device 1D
344 Model 1D
434 Command 1D (ACK)
FTH EOX (End Of Exclusive)
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O End Of Data EOD 45H

When the SYS-772 Ver.2.0 receives this message, it terminates handshake
communication by sending an acknowledge.

The SYS-772 Ver. 2.0 sends this message when the data is end during bulk dumping.

Byte Description
FOH Exclusive - Status
41K Manufacturer {D (Roland)
DEV Device 1D
348 Model 1D
45H Command 1D (EOD)
FTH EOX (End Of Exclusive)

O Communication Error ERR 4EH

The SYS-772 Ver. 2.0 sends this message upon detecting receiving error (checksum
fails).

Upon receiving this message, the SYS-772 Ver. 2.0 sends rejection and then
terminates handshake communication.

Byte Description
FOH Exclusive Status
414 Manufacturer [D (Roland)
DEV Device iD
344 Model 1D
4EH Command 1D (ERR)
FTH EOX (End Of Exclusive)

O Rejection RJC 4FH

The SYS-772 Ver. 2.0 sends this message upon receiving a communication error.
Upon receiving this message, the SYS-772 Ver.2.0 terminates current communications.

Byte Description
FOH Exclusive - Status
418 Manufacturer 1D (Roland)
DEV Device ID
340 Model 1D
4F8 Command 1D (RJC)
F74 EOX (End Of Exclusive)

® Parameter Address Map

Address is in Hex. and in unit of 7 bits.

| Address ! MSB ! | ; LB |
| Binary i Oaaa aaaa | Obbb bbbb | Occc ccce | Oddd dddd |
| 7 bit Hex | AA i BB | cC } DD |

—---io t - t

Actual address is the start address of a block plus offset address.

#3-1 Address and Size must specify a location in which data exist.

@ Parameter Base Address
O Temporary Area

Size should not cover more than one parameter area.

| Start i i |
i address iSize | Description

X |
00 01 00 60 i 512 x | Performance Parameter
00 04 00 00 { 512 x 128 | Patch Parameter
X |
X |
i

I
|
10000 00 00 i 64 Volume Parameter |
|
,

00 08 00 00 ¢ 256 Partial Parameter *
00 0C 00 00 : 95 Sample Parameter i
00 OE 7F 7F | End address i

* Do not execute Data Set command to the 256th Partial with exclusive
communications.
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O Table 1: Volume Parameter.
o o e o m e m e m oo +
| Offset | |
| address | Description |
$r T e bt +
| 00 00K | 0000 aaaa | Volume Name 1 !
| 00 0T1H | 0000 bbbb | aaaa bbbb 32 - 121
i | | (ASCIT) !
| | | !
i 00 1EH | 0000 aaaa | Volume Name 16 ]
j 00 1FH | 0000 bbbb | aaaa bbbb 32 - 1271 |
i | | (ASCI1) |
L == +
OTable 2: Performance Parameter.
+ + - +
| Offset | |
! address | Description |
Ao m oo oo + -t
i 00 00H | 0000 aaaa | Performance Name 1 |
00 O1H | 0000 bbbb | aaaa bbbb 32 - 1271 O}
i i i (ASCI1) {
[ } | |
i 00 1EH | 0000 aaaa | Performance Name 186 i
i 00 1FH | 0000 bbbb | aaaa bbbb 32 - 121 |
| i i (ASCI) |
i 00 20H | 0000 azaa | Part 1 Patch Select |
! 00 21H | 0000 bbbb | aaaa bbbb 0 - 127,0ff (FF) |
! : { | |
| 00 5EH i 0000 azaa | Part 32 Patch Select |
i 00 S5FH ¢ 0000 bbbb | aaaa bbbb 0 ~ 127, 0ff (FF) |
i 00 60H [ 0000 aaaa | Part 2 MID! Ch |
i ! | aaaa G- 15 |
i 00 61H | 0000 aaaa | Part 1 MIDI Ch |
i | aaaa 0-15 |
i | |
i 00 7EH | 0000 aaaa | Part 32 MIDI Ch |
i | | aaaa 0-15 |
i 00 7FH | 0000 asaa | Part 31 MIDI Ch |
| | | aaaa 0-15 |
+
i 01 00K | 0000 caaa | Part 1 Level |
i 01 OIH | 0000 bbbb | caaa bbbb 0- 127 |
' | ! {C=0: MID] Ch Off, C=1: MIDI Ch On) |
. ; |
i 01 3EH | 0000 caaa | Part 32 Level |
i 01 3FH | 0000 bbbb |
| |

i caaa bbbb
i (C=0: MIDI Ch Off,

i 01 40K | 0000 asaa | Part 1 Zone Range Lower |
P 01 41H | 0000 bbbb | aaaa bbbb 0~ 127 |
! | i f
! 01 7EH | 0000 aaaa | Part 32 Zone Range Lower |
0000 bbbb | aaaa bbbb 0- 1271 |
- prm -t
i 02 00H | 0000 asaa | Part 1 Zone Range Upper |
| 02 O1H { 0000 bbbb | aaaa bbbb 0-127 |
i : ! ! |
02 3EH 0000 aaaa i Part 32 Zone Range Upper |
02 3FH i 0000 bbbb | aaaa bbbb 0 - 127 |
,,,,,,,,,,,, P
02 40H i 0000 asaa : Part 1 Zone Fade Width Lower |
02 41H | 0000 bbbb | aaaa bbbb 0 - 127 |
! 02 7EH | 0000 aaaa | Part 32 Zone Fade Width Lower i
! 02 7FH ¢ 0000 bbbb | aaaa bbbb 0-127 !}
e A it &
03 00K 0000 aaaa | Part 1 Zone Fade Width Upper |
03 OIH 0000 bbbb i aaaa bbbb 0-127 |
i |
03 3EH 0000 aaaa | Part 32 Zone Fade Width Upper i
| 03 3FH i 0000 bbbb | aaaa bbbb 0- 1271 |
B et T e +
i 03 40H : 0000 hgfe | Program Change Switch |
03 41H | 0000 dcba a Ch1 1
03 42H 1 0000 ponm i 0:0ff 1:0n i
03 434 | 0000 1kji ' p Ch 16 i
03 441 | 0000 hgfe | Pitch Bender & Bend Range Switch
03 45H 0000 dcba a Ch 1

1 03 46H | 0000 ponm | : 0:0ff 1:0n |
| 03 47H | 0000 1kii | »p Ch 16 |
- t +
| 03 48H | 0000 hgfe | Modulation Switch i
| 03 49K | 0000 dcba | a Ch 1 i
| 03 4AH [ 0000 ponm | : 0:0ff 1:0n |
| 03 4BH | 0000 lkji | p Ch 16 |
! 03 4CH | 0000 hgfe | Hold Pedal Switch i
! 03 4DH | 0000 dcba | a Ch 1 !
| 03 4EH | 0000 ponm | 0:0ff 1:00 |
| 03 4FK | 0000 1kji 1| p Ch 16 |
| 03 50H | 0000 hgfe | Phase Lock Switch i
| 03 81H | 0000 dcba | a Ch 1 |
| 03 52H | 0000 ponm | : 0:0ff  1:0n |
i 03 53H | 0000 kji | p Ch 18 |
Frmm s fom- - +
i 03 541 | 0000 hgfe | MIDI Volume Switch i
i 03 55K | 0000 dcha | a Ch 1 |
| 03 56K | 0000 ponm | : 0:0ff 1:0n |
| 03 57H { 0000 lkji | »p Ch 18 |
| 03 58H | 0000 hgfe | After Touch Switch i
: 03 59H | 0000 dcha | a Ch 1 |
i 03 5AK | 0000 ponm § : 0:0ff 1:0n |
| 03 5BH | 0000 lkii | p Ch 16 |
- t t
| 03 5CH | 0000 hgfe | After Touch Mode |
| 03 SDH | 0000 dcba | a ch 1 |
| 03 SEH | 0000 ponm | : 0:Ch  1:Poly |
| 03 5FH | 0000 lkji | p Ch 18 (OExH)  (DAXH) |
03 60K | 0000 aaaa | Vel Curve Type Ch 1 |
i 03 618 | 0000 bbbb | aaaa bbbb 0-4 |
i : i | i
i 63 7EH | 0000 aaaa | Vel Curve Type Ch 16 i
| 03 7FH | 0000 bbbb | aaaa bbbb 0-4 |
+ —eet t +
| Total size i 06 04 OOH |
OTable 3: Patch Parameter.
| 0ffset | |
| address | Description }
[ t |
| 00 00H | 0000 aaaa | Patch Name 1 |
H 00 O1H | 0000 bbbb | aaaa bbbb 32 - 127 |
i | | (ASCI ) |
: | i |
i 00 1EH | 0000 asaa | Patch Name 16 i
! 00 1FH | 0000 bbbb | aaaa bbbb 32 - 127
| i | (ASCI T} |
| 00 20K | 0000 aaaa | Program Change # !
! 00 21K | 0000 bbbb | aaaa bbbb 0 - 127 |
| 00 22H | 0000 asaa | Stereo MIX Level |
i 00 23H | 0000 bbbb | aaaa bbbb 0-121 |
L + t
| 00 244 | 0000 saaa | Total Panning {
! 00 25H | 0000 bbbb | aaaa bbbb -32 - -1 :L32-1L11i
! | i 0 : Center |
! i | 1-32:Rl-R32|
,,,,, - e
00 26H | 0000 aaaa | Patch Level |
00 27H © 0000 bbbb | aaaa bbbb 0-127 |
00 28H | 0000 aaaa | Output Assign !
00 294 i 0000 bbbb | aaaa bbbb -1 : 0ff i
i | i 0- 5 1-6 |
i i 6 : Partial |
JOR . F o e +
00 2AH | 0000 asaa | Priority |
00 2BH { 0000 bbbb ! aaaa bbbb 0 : Off |
! i 1:0n |
i 00 2CH | 0000 aaaa | Cutoff |
i 00 2DH i 0000 bbbb | aaaa bbbb -63 - 63 |
,,,,,,,,,,,,,,,,,,,,,,,,,, frmemee
00 ZEH | 0000 @aaa | Velocity Sense i
00 2FH | 0000 bbbt | aaaa bbbb -63 - +63 |
B et frmm e e s +
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i 00 308 | 0000 aaza | Octave Shift | 03 5BH | 0000 bbbb | aaaa bhbb -63 - 463 |
| 00 31H | 0000 bbbb | aaaa bbbb -2 - 42 } 03 5CH | 0000 asaa | Modulation LFO TVF Depth |
| aaaa bbbb -63 - +63 |

|
|

+-= oo + i 03 5DH | 0000 bbbb
| 00 32§ | 0000 asaa | Coarse Tune |
|

i +
i 00 33K { 0000 bbbb | aaaa bbbb -48 - +48 i 03 5EK | 0000 aaaa | Dummy |
e T oes e oseommooooo + i 03 5FHf i 0000 bbbb | aaaa bbbb i
| 00 34H | 0000 aaaa | Fine Tune | Ao teon + -
00 35H | 0000 bbbb | aaaa tbbb -50 - +50 | i 03 60H | 0000 asaa | Controller Select |
- et bt b b t | 03 61H | 0000 bbbb | aaaa bbbb 0- 95 |
! 00 36H | 0000 aaaa | SMT Ctri Select | i 03 621 | 0000 asaa | Controller Pitch Ctrl |
t 00 37H | 0000 bbbb | aaaa bbbb -1 : Off | t 03 63K | 0000 bbbb | aaaa bbbb -48 - +48 |
i | | 0 : Bend | i 03 64K | 0000 aaaa | Controller TVA Ctrl |
{ | | 1:AT | 1 03 65K | 0000 bbbb | aaaa bbbb -63 - +63 |
| | 2 Mod { | 03 86K | 0000 aaaa | Controller TVF Ctrl |
| | 3 Ctrl H | 03 67H | 0000 bbbb | aaaa bbbb -63 - +63 |
T t —+- - | 03 684 | 0000 aaaa | Controlier LFO Rate Ctrl |
00 384 | 0000 aaaa | SMT Ctrl Sense 1 | 03 69H | 0000 bbbb | aaaa bbbb -63 - +63 |
00 394 | 0000 bbbb | aaaa bbbb -63 - 463 | | 03 BAH { 0000 aaaa | Controller LFO Pitch Depth |
== - + + | 03 6BH | 0000 bbbb | aaaa bbbb -63 - +63 |
| 00 3AH | 0000 asaa | Out Assign (Bouts Mode) | | 03 6CH | 0000 aaaa | Controller LFO TVA Depth i
i 00 3BH | 0000 bbbb | aaaa bhbb -1 off I | 03 6DH | 0000 bbbb | aaaa bbbb 63 - 463 |
i i i 0- 7: 1-8 | | 03 6EH | 0000 aaaa | Controller LFO TVF Depth i
\ ! 8 : Partial | 03 6FH | 0000 bobb | saaa bbbb 63 - 463 |
b e e e + Fromme + - t
i 0000 aaaa | Anaiog Feel ! : 03 70H § 0000 aaga | Dummy H
i 0000 bbbb | aaaa bbbb 0-127 | i 03 714 { 0000 bbbb | aaaa bbbb ;
ffffffffffffffffffffffffff il [ i |
00 3EH | 0000 aasa | Dummy ! | 03 7EH | 0000 asaa | Dummy i
00 3FH ! 0000 bbbb | aaaa bbbb i | 03 7FH | 0000 bbbd | aaaa bbbb |
************ RSk - Lt + t
00 40H | 0000 aaaa | Partial Select Key # 21 i i Total size | 00 04 0CH |
00 418 | 0000 bbbb | aaaa bbbb 0-254 o T T T T e e o e s s +
| : i | i
! 01 BEH | 0000 aaaa | Partial Select Key # 108 i
01 6FH | 0000 bbbb | aaaa bbbb 0-254 | OTable 4: Partial Parameter
R i St et el +
01 70H | 0000 aaaa | Dummy | +-
| 01 71H | 0000 bbbb | aaaa bbbb | i Offset ! i
| | | | address | Description H
01 7EH | 0000 aaaa ! Dummy | R e et !
01 7FH | 0000 bbbb | aaaa bbbb i | 00 00H | 0000 aaaa | Partial Name 1 ;
************ e —mmeomeommssssseseesoncooooooooood i 00 01H | 0000 bbbb | aaaa bbbb 32 - 127 |
02 00H | 0000 aaaa | Assign Type  Key # 21 | i ! i (ASCI D) i
62 O1H | 0000 bbbb ! aaaa bbbb i ! : ! i i
: | | | | 00 1EH | 0000 aaaa ! Partial Name 16 |
03 2EH | 0000 aaaa | Assign Type Key # 108 | | 00 1FH | 0000 bbbb | aaaa bbbb 32 - 121 |
03 2FH | 0000 bbbb | aaaa bbbb 0 : Poly | | | i 'oMsciD i
| i 1 : Mono | frmom t it
i | 2-17T :Ext1l- | i 00 200 | 0000 cccc | Sample 1 Sample Select i
i i i Ext 16 | | 00 214 | 0000 dddd | aaaa bbbb cccc dddd 0 - 511,01 (-1) |
+ - + | 00 220 | 0000 agaa ! i
03 30H | 0000 aaaa | Dummy | | 00 234 | 0000 bbbb ! l
03 31H | 0000 bbbb | aaaa bbbb | i 00 244 | 0000 asaa ! Sample 1 Pitch KF |
H ! | | | 00 25H | 0000 bbbb | aaaa bbbb -16 - +16 |
03 3EH | 0000 aaaa | Dummy | ! 00 26H | 0000 aaaa | Sample | Level i
03 3FH | 0000 bbbb | aaaa bbbb | i 00 27H | 0000 bbbb | aaaa bbbb 0 - 127
- il + i 00 28H | 0000 aaaa | Sample 1 Panning i
03 40H | 0000 aaaa | Bender Pitch Ctrl Up | | 00 29H | 0000 bbbb | aaaa bbbb -32--1:1L32-1L1"!
03 41H | 0000 bbbb | aaaa bbbb 0 - +48 | ! | 0 : Center
03 42H | 0000 aaaa | Bender Pitch Ctrl Down | ! i 1-32:Rl-R32:
03 430 i 0000 bbbb | aaaa bbbb 0 - +48 | i I 33 : Random
03 44H | 0000 aaaa | Bender TVA Ctril | i ; i 34 ¢ Keyr i
03 45H | 0000 bbbb | aaaa bbbb -63 - +63 | i 35 : Key-
03 46H | 0000 aaaa | Bender TVF Ctrl i 00 2AH i 0000 aaaa | Sample ! Coarse Tune
03 47H 1 0000 bbbb | aaaa bbbb -63 - 83 | t 00 2BH | 0000 bbbb | aaaa bbbb -48 - +48 |
************ e e S b ittt : 06 2CH i 0000 aaaa | Sample 1 Fine Tune ;
03 481 | 0000 aaaa | After Touch Pitch Ctrl | 00 2DH : 0000 bbbb i aaaa bbbd -50 - +50
03 498 | 0000 bbbb | aaaa bbbb -48 -~ +48 | i 00 2EK i 0000 aaaa ! Sample 1 SMT Vel Lower i
03 4AH i 0000 aaaa | After Touch TVA Ctri i 00 2FH | 0000 bbbb i aaaa bbbb 0- 127 |
03 4BH i 0000 bbbb | aaaa bbbb -63 - +63 i i 00 30# | 0000 aaaa | Sample 1 SMT Lower Fade Width ‘
03 4CH i 0000 aaaa | After Touch TVF Cirl ; ! 00 31H | 0000 bbbb | aaaa bbbb 0 - 127
03 4DH ., 0000 bbbb | aaaa bbbb -63 - +83 i 00 32H ; 0000 asaa ! Sample 1 SMT Vel Upper
03 4EH 0000 aaaa After Touch LFO Rate Ctrl ! | 00 33H 0000 bbbb | aaaa bbbb 0 - 127
03 4FH 0000 bbbb aaaa bbbb -63 - +63 i i 00 34 ! 0000 aaaa | Sample 1 SMT Upper Fade Width
03 50H 0000 aaaa After Touch LFO Pitch Depth | i 00 35H | 0000 bbbb | aaaa bbbb 0 - 127
03 514 0000 bbbb ' aaaa bbbb -3 - 463 : LA F TS oooosooooooosooooooos
03 528 0000 aaaa : After Touch LFO TVA Depth i 00 36K ! 0000 aaaa | Dummy
03 53K 0000 bbbb aaaa bbbb -63 - 63 | 00 37H : 0000 bbbb | aaaa bbbb
03 54H i 0000 aaaa | After Touch LFO TVF Depth | e +
03 55H i 0000 bbbb | aaaa bbbb -63 - 463 | 00 384 | 0000 aaaa | Output Assign (8outs Mode)
e + ! 00 39K { 0000 bbbb | aaaa bbbb -1 : Off
03 56H | 0000 aaaa | Modulation LFO Rate Ctrl | ; | i 0-7:1-8
03 57H | 0000 bbbb | aaaa bbbb -63 - +63 | Rt Fo T mmm oo oooooooooooooooooood
03 58H | 0000 aaaa i Modulation LFO Pitch Depth | i 00 3AK | 0000 aaaa | Stereo MIX Level
03 59H ! 0000 bbbb | aaaa bbbb -63 - +63 | | 00 3BH | 0000 bobb | aaaa bbbb 0 - 127
03 5AH * 0000 aaaa * Modulation LFO TVA Depth ! R el Ho e +
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! 00 3CH i 0000 aaaa | Partial Level {
i 00 3DH | 0000 bbbb | aaaa bbbb 0- 127 |
B + +
| 00 3EH | 0000 aaaa | Output Assign |
| 00 3FH | 0000 bbbb | agaa bbbb -1 : Off i
| | | 0-5:1-6 |
i 00 40 | 0000 cccc | Sample 2 Sample Select |
| 00 41K | 0000 dddd | aaaa bbbb cccc dddd 0 - 511,0ff(-1)|
| 00 424 | 0000 aaaa | |
| 00 43H | 0000 bbbb | |
| 00 44K | 0000 aaaa | Sample 2 Pitch KF |
| 00 45H | 0000 bbbb | aaaa bbbb -16 - +16 |
| 00 46H | 0000 aaaa | Sample 2 Level i
i 00 47H | 0000 bbbb | aaaa bbbb 0 - 127 |
! 00 48K | 0000 aaaa | Sample 2 Panning |
i 00 49H i 0000 bbbb | aaaa bbbb -32--1:1L32 -1l
; | 0 : Center |

i ] i 1-32:RL-R32|
| ! 33 : Random |

| i | 34 Keyt |
| 35 @ Key- |

00 4AH | 0000 aaaa | Sample 2 Coarse Tune !

00 4BH | 0000 bbbb | aaaa bbbb -48 - +48 |

! 00 4CH | 0000 aaaa | Sample 2 Fine Tune |
00 4DH | 0000 bbbb | aaaa bbbb =50 - +60 |

i 00 4EH | 0000 aaaa | Sample 2 SMT Vel Lower |
i 00 4FH | 0000 bbbb | aaaa bbbb 0- 127 |
00 50H | 0000 aaaa | Sample 2 SMT Lower Fade Width |

H 00 S1H | 0000 bbbb | aaaa bbbb 0 - 127 |
00 52 | 0000 aaaa | Sample 2 SMT Vel Upper |

00 53H | 0000 bbbb | azaa bbbb ¢ - 127 |

i 00 54H | 0000 aaaa | Sample 2 SMT Upper Fade Width i
00 55H ! 0000 bbbb | aaaa bbbb 0 - 127 |
R +mmm 4
00 56} 0000 aaaa | Dummy |

H 00 57H | 0000 bbbb | aaaa bbbb |
00 58H i 0000 aaaa | Panning |

00 594 i 0000 bbbb | aaaa bbbb -32 - -1 :132-1L1 1

i i 0 : Center |

| i 1-32:Rt-R321
e +

00 5AH | 0000 aaaa | Coarse Tune |

00 5BH i 0000 bbbb | aaaa bbbb -48 - +48 |
oo oo o e e e +
00 5CH | 0000 aasa | Fine Tune !

00 SDH | 0000 bbbb | aaaa bhbb =50 - 50 |
———————————— e e e e
00 5EH | 0000 aaaa | SMT Velocity Ctrl |

00 5FH# | 0000 bbbb | aaaa bbbb 0 : Off |

| 1:0n |
o Fom s Bt e L +
! 00 BOH | 0000 cccc i Sample 3 Sample Select |
| 00 61H | 0000 dddd | aaaa bbbb ccce dddd 0 - 511,0ff (-1){
i 00 82H i 0000 aaaa | |
00 631 | 0000 bbbb | |

00 641 | 0000 aaaa | Sample 3 Pitch KF I

00 65H | 0000 bbbb | aaaa bbbb -16 - +16 |

00 66§ | 0000 aaaa | Sample 3 Level |

00 67H | 0000 bbbb | aaaa bbbb 0 - 127 |

00 684 | 0000 aaaa | Sample 3 Panning |

00 63K | 0000 bbbb | aaaa bbbb -32 - -1 L3z - L1

i | 0 : Center |
1-32:Ri-R32|

; ! 33 : Random |
! ; 34 : Keyt |
! 35 : Key- |

00 6AH i 0000 aaaa | Sample 3 Coarse Tune |

00 6BH | 0000 bbbb aaaa bbbb -48 - +48 |

00 6CH ! 0000 aaaa ! Sample 3 Fine Tune |

00 6DH | 0000 bbbb | aaaa bbbb =50 - +50 |

00 6EH | 0000 aaaa ! Sample 3 SMT Vel Lower i

00 6FH | 0000 bbbb | aaaa bbbb 0-127 |

00 70H | 0000 asaa | Sampie 3 SMT Lower Fade Width l

00 71H | 0000 bbbb | aaaa bbbb 0-127 |

! 00 726 | 0000 aaaa | Sample 3 SMT Vel Upper i
00 73K 0000 bbbb aaaa bbbb 0 - 127

00 74H 0000 aaaa i Sample 3 SMT Upper Fade Width !

00 75H 0000 bbbb aaaa bbbb 0 - 127
,,,,,,,,,,,,,,,,,,,,,,,,,, ey
00 76H 0000 aaaa | Dummy i

00 77H 0000 bbbb | aaaa bbbb !

| i

00 7EH ! 0000 aaaa | Dummy |

00 7FH i 0000 bbbb aaaa bbbb |

i 01 OOH | 0000 cccc | Sample 4 Sample Select |
| 01 01K | 0000 dddd | aaaa bbbb ccec dddd 0 - 511,08f (-1) |
| 01 02H | 0000 aaaa | {
| 01 03H | 0000 bbbb | |
| 01 04H | 0000 aaaa | Sample 4 Pitch XF |
| 01 05H | 0000 bbbb | aaaa bbbb -16 - +16 |
| 01 0BH | 0000 asaa | Sample 4 Level ]
i 01 07H | 0000 bbbb | aaaa bbbb 0-127 |
i 01 08H [ 0000 aaaa | Sample 4 Panning |
{ 01 09K | 0000 bbbb | aaaa bbbb -32--1:L32-1L11
1 1 | 0 : Center |
! | | 1-32:RL-R32 I
| | | 33 : Random |
| ! i 34 @ Keyt i
i i | 35 ¢ Key- ]
i 01 OAH j 0000 aaaa | Sample 4 Coarse Tune i
| 01 OBH i 0000 bbbb | aaaa bbbb -48 - +48 |
i 01 OCH { 0000 asaa | Sample 4 Fine Tune |
i 01 ODH | 0000 bbbb | aaaa bbbb -50 - +50 |
| 01 OEH | 0000 aaaa | Sample 4 SMT Vel Lower |
1 01 OFH | 0000 bbbb i aaaa bbbb 0 - 127
| 01 10H | 0000 azaa | Sampie 4 SMT Lower Fade Width |
| 01 11H | 0000 bbbb | aaaa bbbb 0 - 127 |
| 01 12H | 0000 agaa | Sampie 4 SMT Vel Upper |
i 01 134 | 0000 bbbb | aaaa bbbb 0 - 127 |
| 01 14K | 0000 aasa | Sample 4 SMT Upper Fade Width |
| 01 15H | 0000 bbbb | aaaa bbbb 0-127 |
e + $
| 01 16H | 0000 aaaa | TVF Filter Mode |
| 01 17TH | 0000 bbbb | aaaa bbbb -1 @ off |
| | | 0 ; LPF |
i | | 1 : BPF |
{ | | 2 : HPF i
fromrmm e Heme + +
| 01 184 | 0000 aaaa | TVF Cutoff |
| 01 19K { 0000 bbbb | aaaa bbbb 0- 127 |
| 01 1AH | 0000 aaaa | TVF Resonance !
| 01 1BH | 0000 bbbb | aaaa bbob 6 - 127 |
pmmm e + - ¢
| 01 ICH | 0000 aaaa | TVF Vel Curve Type 1
| 01 1DH | 0000 bbbb | aaaa bbbb 0- 3 |
| 01 1EH | 0000 aaaa | TVF Vel Curve Sens |
01 IFK | 0000 bbbb | aaaa bbbb -63 - +63 |
| 01 20H | 0000 aaaa | TVF Time Vel Sense |
i 01 21H i 0000 bbbb | aaaa bbbb -63 - +63 |
domm e = + --- +
| 01 22H | 0000 aaaa | TVF Cutoff Vel Sense i
| 01 23H | 0000 bbbb | aaaa bbbb -63 - +63 |
- + -- : +
| 01 24H | 0000 aaaa | TVF Level 0.4 |
| 01 25H | 0000 bbbb | aaaa bbbb 0 - 127 |
B et —4-
| 01 26H | 0000 aaaa | TVF Level 1 |
| 01 27H | 0000 bbbb | aaaa bbbb 0-127 |
| 01 28H | 0000 aaaa | TVF Level 2 |
| 01 29 [ 0000 bbbb | aaaa bbbb 0 - 127 |
oo + +
| 01 2AK | 0000 aaaa | TVF Level 3 |
| 01 2BH i 0000 bbbb | aaaa bbbb 0 - 127 |
Ao $ommmm e - +
| 01 2CH | 06000 aaaa | TVF Time 1 i
| 01 2DH | (000 bbbb | aaaa bbbb 0-127 |
L e e fomme --=
I 01 2EH | 0000 aaaa | TVF Time 2 I
| 01 2FH | 0000 bbbb | aaaa bbbb 0- 127 |
pre s 4 +
i 01 30H | 0000 aaaa | TVF Time 3 |
| 01 31H | 0000 bbbb | aaaa bbbb 0 - 127 i
o + +
i 01 32H | 0000 aaaa | TVF Time 4 |
| 01 33H | 0000 bbbb | aaaa bbbb 0-127 |
i 01 348 | 0000 aaaa | ENV TVF Depth !
01 354 { 0000 bbbb | aaaa bbbb -B3 - 463 |
R pommm + -— -- +
01 36H | 0000 aaaa | ENV Pitch Depth |
01 37H | 0000 bbbb | aaaa bbbb -63 - +63 |
Ao I ERREEEEE R A e e e o +
0} 38H | 0000 aaaa | TVF KF Point |
! 01 39H | 0000 bbbb | aaaa bbbb 21 - 108 |}
4o D e +
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01 3AH { 0000 aaaa | ENV Time KF | t 01 6EH { 0000 agaa | LFO TVF Mod Depth !

01 3BH | 0000 bbbb ! aaaa bbbb -63 - +63 | : 01 6FH i 0000 bbbb ! aaaa bbbb -63 - 63 |
777777777 o mmm g R -

01 3CH | 0000 aaaa | Dummy | H 01 70§ i 0000 aaaa i LFO TVA Mod Depth |

01 3DbH | 0000 bbbb | aaaa bbbb -63 - +63 | i 01 71H | 0000 bbbb | aaaa bbbb -63 - +63 |
,,,,,, + - S -

01 3EH | 0000 aaaa | Dummy | 01 72H ¢ 0000 aaaz | Dummy i

01 3FH | 0000 bbbb | aaaa bbbb ! 01 73H i 0000 bbbb | aaaa bbbb |

+ + - + i : H i I

01 40H | 0000 aaaa | TVA Vel Curve Type | ! 01 7EH | 0000 aaaa ! Dummy |

01 41H | 0000 bbbb | aaaa bbbb 0- 3 | i 01 7FH ¢ 0000 bbbb | aaaa bbbb i

et + oo t

01 424 | 0000 aaaa | TVA Vel Curve Ratio i | Total size i 00 02 00H i

01 43K | 0000 bbbb aaaa bbbb -63 - +63 |

|
|
0000 asaa | TVA Time Vel Sense !
|
|
|

01 448 |
01 45K | 0000 bbbb aaaa bbbb -63 - 463 | OTable 5: Sample Parameter
-t

01 46H | 0000 aaaa Dummy i o o e e o +
01 47H | 0000 bbbb aaaa bbbb 0 - 127 i Offset

t | address : Description i
01 48H i 0000 aaaa | TVA Level 1 i fmmmmmmne e P oo oooomoeolen i
01 48H ¢ 0000 bbbb | aaaa bbbb 0 - 127 | 00 00H i 0000 aaaa | Sample Name 1 i

tmmmm oo + i 00 OIH i 0000 bbbb ! aaaa bbbb 32 - 121

01 4AH ¢ 0000 aaaa | TVA Level 2 i | i i (ASCID)
01 4BH | 0000 bbbb | aaaa bbbb 0- 127 & | : i ! i

+ | 00 1EH | 0000 aaaa | Sample Name 16 !
01 4CH 0000 aaaa | TVA Level 3 | | 00 IFH | 0000 bbbb | aaaa bbbb 3z - 127
01 4DH | 0000 bbbb | aaaa bbbb 0 - 127 | i | | (ASCI1) I

+ t + + - -
01 4EH | 0000 aaaa | TVA Time 1 | | 00 20K | 0000 gggg | Start Point
01 4FH | 0000 bbbt | aaaa bbbb 0 - 1271 | | 00 21# | 0000 hhhh
)

--------- -- - i ! 00 22H | 0000 eeee
01 50K | 0000 aaaa | TVA Tipe 2 i 00 23H | 0000 fff

eeee f{ff.gggg hhhh

I
|
aaaa bbbb ccce dddd |
|
i

00 25H | 0000 dddd | 700000000 - FFFFFFFFH i

00 26H i 0000 agaa : i

01 51H { 0000 bbbb | aaaa bbbb 0-127 | f 00 24H | 0000 cccc
|
01 52H { 0000 aaaa | TVA Time 3 i |
|

01 53H | 0000 bbbb | aaaa bbbb 0 - 127 | 00 27H { 0000 bbbb | i
b t + B

01 54H | 0000 aaaa | TVA Time 4 | | 00 28K | 0000 gggg | Sustine Loop Start Point

01 55H | 0000 bbbb | aaaa bbbb ¢ - 121 | | 00 298 | 0000 hhhh |

et #ommmmmmmemmes et + | 00 2AH | 0000 eeee | aaaa bbbb cccc dddd

01 58H | 0000 aaaa | Dummy | | 00 2BE | 0000 ffff | eeee ffff.gggg hhhh

01 574 | 0000 bbbt | aaaa bbbb 1 | 00 2CH [ 0000 cccc |
t + | 00 20K | 0000 dddd | 706000001 - FFFFFFFFH

01 58K | 0000 aaaa | TVA KF Point ! { 00 2EH | 0000 aaaa |
| | i |

0000 bbbb aaaa bbbb 21 - 108 ! 00 2FH | 0000 bbbb

TVA ENV Time KF | 00 30H | 0000 ggeg
aaaa bbbb 63 - +63 | 00 31H | 0006 hhhh

01 SAH { 0000 aaaa
01 5BH { 0000 bbbb

Sustine Loop End Point

00 33H | 0000 ffff eeee ffff.gggg hhhh

|
|

01 5CH | 0000 aaaa | Dummy |
i 00 34H | 0000 cccc

01 5DH | 0000 bobbb aaaa bbbb |

| |

| |
T + ! 00 32H | 0000 eeee | aaaa bbbb ccce dddd

i |

i i

| 00 35H | 0000 dddd | T0000000H - FFFFFFFFH

|

|

01 SEH | 0000 aaaa | TVA Level KF | 00 36H | 0000 aaaa |
01 5FH | 0000 bbbb | aaaa bbbb -63 - +63 | 00 37H { 0000 bbbb i

AAAAAA + b
01 60H | 0000 aaaa | LFO Wave Form i 00 38H : 0000 gggg : Release Loop Start Point

| i
| 00 39H | 06000 hhhh ¢ i
| 00 3AH { 0000 eeee | aaaa bbbb cccc dddd i
! 00 3BH | 0000 ffff ! eeee f{ff.gggg hhhh |
} 00 3CH | 0000 cccc
I
|
|

I

01 61K | 0000 bbbb | aaaa bbbb
i |
|

00 3DH | 0000 dddd

| 700000004 ~ FFFFFFFFH
00 3EH | 0000 aaaa |
|

e O e W R O
w
p=l
G

: Bend+ 00 3FH | 0000 bbbb
i ¢ Bend- +--- ¥ t -
- t - -o-t | 00 40H | 0000 gggg | Release Loop End Point |

01 62K [ 0000 aaaa | LFO Rate | ] 00 41H | 0000 hhhh ! i
i

01 63H | 0000 bbbb ! aaaa bbbb 0 - 121 | 60 42H | 0000 eeee | aaaa bbbb ccce dddd |
t Fr T e + H 00 43K | 0000 ffff eeee ffff.gggg hhhh |
01 844 | 0000 aaaa | LFO Key Sync i 00 44H | 0000 cccc
01 85H | 0000 bbbb | aaaa bbbb 0 : Off | i 00 45H | 0000 dddd | 70000000H ~ FFFFFFFFH
| | 1:0n i i 00 46H | 0000 aaaa |
+ | 00 47H | 0000 bbbb |
01 66H { 0000 aaaa | LFO Delay i - + e -
01 67H | 6000 bbbb | aaaa bbbb 0 - 127 | | 00 48H | 0000 aaaa | Loop Mode
****** -t | 00 49H { 0000 bbbb | aaaa bbbb 0 : Forward |
01 88H | 0000 aaaa | LFO Delay KF | i i | 1 : FwdtR !
01 89H | 0000 bbbb | aaaa bbbb 0- 63 | ; i i 2 : OpeShot |
-+ et + } | | 3 : FwdtOne |
01 6AH | 0000 aaaa | LFO Detune i i i i 4 1 Alt
01 6BH | 0000 bbbb | aaaa bbbb 0-127 | i ‘ 5 : Rev One
S oo + i i 6 : Rev i
01 BCH

01 6DH 0000 bbbt | aaaa bbbb -63 - +63 | i 00 4A] 0000 aaaa | dummy

i

0000 aaaa | LFO Pitch Mod Depth i Fommmmmee BT es oo oo oooooooooooeoee +
|
|

+44<
H
'
\
h
h
i
1
|
|
'
|
|
I
1
I
'
i
i
|
I
|
I
|
|
I
|
I
|
1
i
'
v
t
I
|
'
t
'
'
I
+
=
S
~
o
= B

0000 bbbb | aaaa bbbb
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o ettt Fmmmmmm— +
| 00 4CH | 0000 aaaa | Sustine Locp Tune |
i 00 4DH | 0000 bbbb | aaaa bbbb -50 - +50 i
+ -t —--mt +

j 00 4EH | 0000 aaaa | Release Loop Tune |

f 00 4FH | 0000 bbbb | aaaa bbbb ~50 - +50 |

00 50H | 0000 aaaa | Segment Top |

00 51H | 0000 bbbb | aaaa bbbb cccc dddd 0 - 2044 |

i 00 52H | 0000 cccc | |

| 00 53H | 0000 dddd | |
J— -

| 00 54K { 0000 aaaa | Segment Length i
| 00 55H { 0000 bbbb | aaaa bbbb cccc dddd 0 - 2045 |
i 00 564 1 0000 cccc | |
B 00 57H | 0000 dddd | |

00 58H | 0000 saaa | Sampling Frequency

|
| | | aaaa 0 : 48k |
i ‘ [ 1 24k I
i ! 25 441k |
i 3:22.05k |
I [ 4530k [
i [ [ 5 ;15K |
,,,,,,,,,,, Y
00 59H | 0000 aaaa | dummy i
i | aaaa |
B S +
00 5AH | 0000 aaaa | Original Key !
00 5BH | 0000 bbbb | aaaa bbbb 21 - 108 !
- + + +
i 00 5CH | 0000 aaaa | Dummy 1
00 5DH | 0000 bbbb | aaaa bbbb |
00 5EH | 0000 aaaa | Dummy |
00 5FH | 0000 bbbb | aaaa bbbb |
| Total size | 00 00 BOH |
fomm s - -~ +
ffffffffffffffffffffffffff Adress Map
address Block Sub Biock Reference
00-00-00-00+ Siiiiicl ittt t
. Volume | | |
Parameter | | Table 1|
~~~~~~~~ +
! | i Performance #1 ! | Table 2|
| Performance | - + g
i | ! Performance #2 !
| Parameter | Ammmom oo +
i | !
| | B T bbbt +
00-04-00-00+=== st +
i ! | Table 3!
i Patch [ e Hemm oo +
! | Patch % 2
| Parameter | = #mmemmmmmmmooomood
!
! Patch #128 !
00-08-00~00+============2za+----—f=====s=ssszssssmgo oo oo ooeooo +
Table 4!
Partiatl i smmmmot t
i Partial # 2 |
Parameter | pom oo +
| i i
P +
00-0C-00-00+==5225=5mm2mmmtmmcmmmpzsmsasomsaszzsfmannnn oo N
Table 5|
Sample H dmmmemmm oo oo il +
Sample 2 |
Parameter | = vomomoeeooooooooo +

Sample %512

b R it

00-0E-TF-7F+==+

m Universal System Exclusive Message

@ Sample Dump Standard

With sampie dump standard, the following messages are used to transfer data.
ODump Request

This command requires the sample specified by the number is to be sent. When the
SYS-772 Ver. 2.0 receives this command, it first performs checksum of the sample
number to see it is within the valid range. If legal, it sends the required data to

the command sender. If illegal, the SYS-772 Ver.2.0 ignores this command.

The SYS-772 Ver.2.0 will not send this message.

Byte Description
FOH Exclusive Status
TEH Sample Dump Command
cch Channel Number
034 Command 1D (Dump Req)
S5 88 Request Sample (LSB first)
F7H EOX
* Channe! Number is the device ID of the System Exclusive Message.

C Dump Header

The SYS-772 Ver.2.0 the Dump header when it receives the request dump or it wants
to start dump. [t terminates dumping upon receiving a cancel. The SYS$-772 Ver.2.0
starts data transfer upon receiving an ACK and will stop sending upon receiving a
Wait until it receives the next message. If the SYS-772 Ver.2.0 has not received
any message from the receiving party within 2 seconds after it sent the dump
header, it judges the current communication is open loop (one-way communictions)
and starts data transmission again.

When the SYS-772 Ver.2.0 receives this message, it checks whether the memory has
more space to accommodate the data and whether the start and end points of sustain
loop are correct. If everything 1s 0K to accept the data, it sends ACK and waits
for data packet. If not OK, sends 2 cancel message.

Byte Description
FO4 Exclusive * Status
TEH Sample Dump Command
ccl Channe! Number
01l Command ID (Dump Head)
$S SS Request Sample (LSB first)
10H Sample Format (16 bits)
ff ff ff Sample Period (1/sampling rate nS)
g8 88 g8 Data(word) Length
hh hh hh Sustain Loop Start Point (word number)
itii fi Sustain Loop End Point {word number)
Jil Loop Type

00K = Forwards only (unidirectional)
018 = Backwards/Forwards (bi-directicnal)
TP = Off

FTH EOX

* Channel Number is the Device 1D of the System Exclusive Message.



O Data Packet

Data is sent in a form of 7 bits, at 3 bytes/word (40 words/packet), left
justified, upper byte first with a "0" placed at lower 5th bit of the 3rd byte of
a word.

Upon receiving the data packet, the SYS-772 Ver.2.0 checks the checksum: when
checksum agrees, it sends ACK and waits for the next packet; if not, sends NAK and
requests retransmission of the previous packet.

¥hen the SYS-772 Ver.2.0 receives Cancel message after sending the data packet, it
immediately stops dumping; when receives ACK, it sends the next data packet; when
receives Wait, it will not send until it receives the next message.

Byte Description .
FoH Exclusive - Status
TEH Sample Dump Command
cch Channel Number
02H Command [D (Data Packet)
ppH Packet Number
: 1
]
} 120 Byte -Data
}
: }
114 Checksum
Fd EOX

% Channel Number is the Device ID of the System Exclusive Message.

OACK

This handshake flag is sent out when no error was detected on reception of the last
packet and the next data is requested to be sent. The Packet Number is the last
packet received correctly.

Byte Description
FOH Exclusive - Status
TEH Sample Dump Command
ccl Channel Number
TFH Command 1D (ACK)
ppH Packet Number
FH EOX
¥ Channel XNumber is the device ID of the System Exclusive Message.

ONAK

This handshake flag is sent out when error was detected on reception of the last
packet and the same data is requested to be sent again. The Packet Number is the
last packet failed to be received.

Byte Description
FOH Exclusive - Status
TEH Sample Dump Command
ccll Channel Number
TEH Command 1D (NAK)
ppt Packet Number
FTH EOX
# Channel Number is the device D of the System Exclusive Message.

O Cancel

This is a handshake flag indicating that the current dump is cancelled. The Packet
Number is the packet number canceiled. The cause of this transmission may be
overflow at the receiving memory.

Byte Description
FOH Exclusive - Status
TEH Sample Dump Command
celf Channe!l Number
7DH Command [D (Cancel)
ppH Packet Aumber
FTH EOX

* Channel Yumber is the device ID of the System Exclusive Message.
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O Wait

This is a handshake flag inhibiting packet {ransmission until another message
requring transmission is issued. The Packet Number represents the packet tnat was
not received. This flag is sent out when the receiving device requires a time to
become ready for the next reception. An ACK is used to resume transfer; and Cancel
is used to cancel the current transmission.

The SYS-772 Ver.2.0 will not send this message.

Byte Description
FOH Exclusive - Status
TER Sample Dump Command
ccH Channe! Number
CH Command 1D (Wait)
ppH Packet Number
F7H EOX

*

Channel Number is the device [D of the System Exclusive Message.
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DIGITAL SAMPLER

Date : Apr. 10 1991

Model SYS-772 Ver.2.0 MIDI Implementation Chart Version : 1.01
. Transmitted Recognized Remarks
Function s«
Basic Default X 1-16, OFF %4 % 2
Channel Changed X 1—-16, OFF %4
Default X 3
Mode Messages X X
Altered %k %k %k %k %k %k k %k % X
Note ) X 21 - 108 *3
Number True Voice % ok % ok k kK * 21-108
. Note ON X * 1 B
Velocity Note OFF % « v=1-127
After Key's X * 1
Touch Ch's X %1
Pitch Bend X * 1
11X * 1 Modulation
71 x * 1 Volume
64 | x * 1 Hold 1
0-95| X * 1 x5
100, 101 | X X RPN LSB, MSB
6, 38| X X Data Entry LSB, MSB
COntrOl * 1 RPN = O
Change Pitch Bend Sensitibity
* 1 RPN =1
Master Tune
Prog X 0-127 %1 *3
Change True # %k k% %k %k % Kk k% 0-127
System Exclusive O * 1
Song Pos X X
System
Song Sel X X
Common
Tune X X
System Clock X X
Real Time Commands X X
Local ON,OFF X X %k 2
Aux All Notes OFF X O (23-127)
Messages  Active Sense X O
Reset X X
Notes x1 Selectable between O and X; result can be saved onto disk.

%2 Memorized internally.

%3 Program change number for each volume, performance, or patch can be set.
¥4 One or more basic channels can be set.

x5 Can be set and stored onto disk.

Mode 1: OMNI ON, POLY
Mode 3: OMNI OFF, POLY

Mode 2: OMNI ON, MONO O : Yes
Mode 4 : OMNI OFF, MONO X : No
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Contents of the Intermnal FHard Disk

@ | |:The size (sec) of the sampling data (44.1kHz).

@ The standard memory configuration for the S - 770 consists of 2 megabytes. This allows for 22.5 seconds worth of sampling (44 1kHz)
For this reason, you may need to add on additional memory before you will be able to lead sound data such as that above

@ Before beginning sampling or other tasks....
Whenever you encounter a situation where, due to a lack of remaining space on the internal hard disk, you are unable to save the sound data
contained in the unit’s internal memory, you should first back up onto floppy disks

Volume Performance [ Patch

LO1 : P L .
LO1 : Stereo Piano {22.0) LO1 : Stereo Piano {22.0] L81 - P:::z R [‘[g g
LO1 : Harp 13.5] 101 : Harp Short [3.5}
1: Pi 15. 101 : S550 Pi 15. 9
LO1 : Piano & Harp [37.2} LO1 - 550 Plano fs 2 L01 : Piano Llano [[8 5%
LO1 : Stereo Piano (22.01 o1 Piano R [13' 5]
LO2 : 2voice Pad (12,01 tggf igs‘g :‘3 im S g%
. 02 : Arco Celios 1137
102 : Big Cefios 121.31 L02 : RadicalRosin {7.6]
. L02 : Slow Vins R (9. 6]
L02: Hi Strings (8.1l L0Z : Violins Left 8.5

: Vi .
L02: Low Strings 06,11 '[gg - x;':;mfslz:s Es g
L02 : Mellow Pad 1136 tgg : ;gs'lr; ::‘:j ! %g g%
L02 : Marc Vins mo {4.0]
i ) LO2 : Mono Violins (8.5
L02 : Strings (51, 61 +02:: Mono Viefins {67l 102 : Pizz Vins mo [4.2]
L02 : VinsAtk_mono [4.0]
£02 : RadicalRosin {7.6]
LO2 : String Orchl [2.2] .02 : Slow Violins [9.6]
LO2 : VinsAtk_mono [4.0]
102 - String Orch2 pe tg; : Z:;;IX?S'::S Eg :%
LO2 : String Pad [12.5} tgg : "RA:Sr:s ;/;zlmzs Ei g%
] LO2 : Mono Violins (8.5]
L02: Vins mono f18.1) LO2 : Slow Violins (9.6]
. . L02 : Mono Violins (8.5]
L02: X Violins M (2.5 L02 : VinsAtk mono 4.0]
.03 : 6Str Guitar {(15.9] L03 : 6Str Guitar (15.9]
L03: 65t detune (5.9 L3 B3 Guter E:g :%
L03 : 128tr Guitar 17.8] L03 : 12Str Guitar [17.8]
. LO3 : 12Str Guitar [17.8]
L03 : Acoustic GTR (38.5) LOS : 125tr detune a8 L03 . 125t detune 7.8
LO3 : 185tr Guitar (33.71 tgg 162531’1 %l::;aarr E:? :%
L03 : Guiano [6.3] L 03 : Guiano (6.3}
. L03 : GuitpassA (6.1]
L03 : Guitpass (6.1 LO3 : GuitpassB (4.8]
LO4 : Bass G.Slap {1.6]
L04 : Bass Guitar (1.3} LO4 : Bass G.Thmp [0. 8]
104 : Bass Guitar {4.9]
L04 : Pick Bass 1 {11.4)
.04 : Pick Bass 2 [2.0]
LO4 : Pick > Pop Bs [9.6]
1.04 : Real Basses (17. 4] L04 : Slam Pop Bs 1.2}
104 : Somebody Bs [0.21
L04 : Stinger Bass {0.3]
LO4 : Upright Bass [0.3]
1L04: M.M Bass 1 (3.3]
L04 : M.M Bass 2 (6.0]
L04: MM Bass 3 {6.0]
L04: MM B: 4 5.9
104 : Basses [71.6] T04 MM B:zz 5 %3 3§
104 : Synth Bass 1 [21.4] To4 MVM square {3' 0
L04 : Rob Bass {0.23
LO4 : Spike Bass 1 (6. 0]
L04 : Spike Bass 2 {6.01
104 : Wow | Bass {3.01
L04 : MM Bass 5 (1. 4]
LO4 : Synth Bass 2 (19.0] L04 : Omnibus Bass (14.6]
L04 : Tight Syn B [8.4]
04 : MIDI Ba: 8.4
104 : Synth Bass 3 0713 o4 MiD! Bazz 5 {1[4 1%
L04 : Fuzzy Bas 2.5]
L04 : Wave Basses (7.9] L04 : Mondo Cho [3.6)
L04 : Oct wave Bs (1.8]




298 » Appendix

Volume Performance Patch
L05 : Vox Space L [5. 6]
LO5 : Spacy Voxs [22.2] 05 - Vox Space R 2]
L05 : Voxs Mono [22.2) L05 : Voxs mono (22.2)
LO5 : Voxs Left [11.21
L05 : Voxs Octavs (22.2] £05 : Voxs Right (10. 8]
L05 : Voxsmono Oct {22.2]
L0O5 : Voxs L. Organ {11.31
L0S : Voxs Oraanic 22.2] LO5 : Voxs R Organ 10.93
LO5 : Voxs Perk L 11.3]
L0+ Vorses 2221 .05 : Voxs Perk [22.21 05 - Voxs Pork R .9
: ’ LO5 : Voxs Perk 22.2)
LO5 : Voxs Prk oct f22.23 LO5 : Voxs Perk L [11.3]
LO5 : Voxs Perk R (10.9]
L05 : Voxs Left .21
LO5 : Voxs Stereo {20.1] L05 - Voxs Right 110, 9]
LOS : Voxs Sweep L (11.3]
L0S : Voxs Swesp (2223 (05 : Voxs Sweep R 0.9
LO5 : Voxs Sweep L (1.3]
LO5 : Voxs Swp oct (22.23 LO5 : Voxs Sweep R 10.9]
L05: Voxs Sweep m {22.2)
L0O6 : Agogomelan [5. 83
L0O6:D Log Drum [0.5)
L06 : Mallets [19.6] 106 : Mallets [19.6] tgg ; g::::?f" g g
L06 : Gamelan 2 {4.86]
LO6 : Marimbaphone (4.3]
LO7 : Boomnin Kit [10. 4]
. L07 : China_mono 2.9
+07 : Boomin Kit bs.2] LO7 : Cup mono {2.6]
L07 : Mono Crash 2.3
£07 : Cup mono [2.63
LO7 : Gated Kit {14.8] LO7 : Gated Kit (9.93
LO7 : Mono Crash [2.3]
LO7 : LA Fat Kit [9.8]
LO7: LA Fat Kit 1 (13.9] LO7 : Mono Crash [2.3]
L07 : Ride mono (1.8
LO7: LA kit [9.8
LO7: LA Fat Kit 2 13.9] LO7 : Mono Crash [2.3
L07 : Ride mono [1.8]
LO7 : Cup mono [2.6]
.07 : Natural Kit1 (15.9] LO7 : Mono Crash (2.3
LO7 : Natural Kit1 {1101
. LO7 : Natural Kit2 (1.0
LO7 - Natural K2 .4 L0O7 : Ride.”Cupmono (4.4]
LO7 : China_mono (2.9
L07 : Drum Kits (46. 61 LO7 : Cup mono {2.6)
LO7: Pop Kit 1 .4 LO7 : Mono_Crash 2.33
LO7 : Pop kit 1 {8.63
L07 : China _mono (2.9
LO7 : Cup mono [2.6]
LO7 : Pop Kit 2 f18.2] L07 - Mong Crash 23
LO7 : Pop kit 2 (10.4]
LO7 : China_mono 2.9]
LO7 : Cup_mono [2.6]
LO7 : Pop Kit 3 (19.3] LO7 : Mono Crash 2.3
LO7 : Pop kit 3 1.53
LO7 : Mono Crash (2.3}
LO7: Pop Kit 4 032 L07 Pop ki 4 fo.9)
LO7 : China_mono 2.8}
LO7 : Rock & R Kit 1 {22.11 LO7 : Mono Crash (2.3}
LO7 : Rock Kit 1 {14.3)
LO7 : China_mono [2.9]
LO7 : Cup mono 2.6]
LOT - Rock &R Kit 2 118.5] LO7 : Mono Crash [2.3])
LO7 : Rock Kit 2 10.71
LO7: TR - 808 kit (13.4] LO7: TR - 808 kit (13.4] LO7: TR-808! (13.4]
LO7 : Ethnic Perc [17.23 LO7 : Ethnic Perc [17.2]
LO7 : Latin set [19.0] LO7 : Latin set [18.0]
LO7 : Qrch.Perc 1 [22.1] L.O7 : Orch. Kit 1 [22.1]
LO7 : Gong [3.8]
107 : Orch.Perc 2 [20.61 LO7 : Orch. Kit 2 (9.0]
L 07 : Timpani Med [7.8]
LO7 : Gong (3.8]
LO7 : Percussion [108. 9] LO7 : Orch.Perc 3 [20.41 LO7 : Timpani_Soft (6.6]
L07 : Tubular Belf [10.0]
LO7 : Orch. Toys [19.6] 107 : Orch. Toys (19. 6]
.07 : Shakers etc. [14.0] LO7 : Shaker & stuff {14.0)
LO7 : Timpani Hard {7.1]
L07 : Timpani Med [7.8]
LO7 : Timpani All [21.5] 107 - Timpani Soft 6. 6]
LO7 : Timpani X (21.5]




Meny Structure

Mode Fun

—Play

ction Page

Appendix 299

Com

— Pagel
~ Page2

—Edit

Performance —

Filter Pagel

L Filter Page2
MIDI EPatch MIDI Map —
Performance MIDI Map -

=—Monitor

Page3
- Paged
- Part Map -

— Common

Di sk Swrvrn eveees cevess ».‘:
Copy H
Delete ;
Resample2 H
4 Bdit Patch

— Pagel
Performance =-— Page2
~ Page3
.- Page4

S s TP S W,

Disk oo
Copy
Delete
Initialize :
Set Volume ID
JEdit Patch i

s s e

MIDI Monitor
Module Monitor

Wait Trigger 1
Clear Display H

; Disk renes aonnn snene
k4 Common Copy
—Edit Patch _E Split——-_! Delete )
Partial Initialize H
Ren. Partials i
Partial Map
g os 0 o s 0t S22 onm .~ Edit Partial
: g oo ) SamPling i
;; Common : Disk e i ~:
k4 F SMT H Copy :
—Edit Partial TVF ; Dele;e H
TVA N Template N
Sound LFO . Edit Samplel
: Edit Sample2 :
e nas s an o .| Sampling i
. bl
Sampling -3 I Disk e e e .
Loopl Z# ] ; Copy "
l—Edit Samplel Truncate —— : | Delete
Smoothing — £ Set Stereo
Normalize — ; Set Mono ;
H Parameter Disk S,
c ~Loop2 ——-EGraphicl j Copy
Graphic2 Delete
s Parameter Set Stereo
é Patchwork —EGraphicl ﬂ— Set Mono
3 Graphic2
agg I-Digital Filter
—Edit Sample2 —Comp/Expand
i Stretch Parameter ;
me rere {Graphic J H
 Rate Converter
- Wave Draw
~ Common Disk voes soseee wwvees
. . TVF Delete
L. Regsampling —_— Tva
L. Execute —
- PRM Pagel
System PRM e PRM Page2 :
; encies ones esse - g chovs neven onein cosas ssnses S roe vsnir woses - P
4 Save
—Disk Tools Copy
Delete
Utilit
System ¥
p~~ SCST Config J] Drive Select
config
b e ——————
MIDI Sample Dump
b Option Convert Load
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Index of the Index Screen

Filter in ..
Patch Common 81
Amp in Patch Controller 96
Play Pagel 214 Partial 126
Play Pagez 554 Partial LFO 127
Play Page3 514 Sample D.Filter 193
Play Paged 214
Patch Common 77 LFO in
gatgri: (llogtroller 1§§ Sound Patch Controller 97
artlia Ommon Partial LFO 127
Partial TVA 123 AInp /
Partial LFO 127 output in
. :
- Fllter Play Pagel 214
Key Range in B Play Page2 214
Performance Pagel 217 Play Page3 214
Performance Page2 217 f— Key Range Play Paged 214
Performance Page3l 2§7 Patch Common 78
g:iiglzg?ii Paged 22;; LFO Partial Common 109
. Part in ..
Loop in ..
Sample Loopl 152 Loop Flay Tage’ 23
166 ay Page! 1
Sample Loop2 o Play Page3 213
> - utput Play Paged 213
play Pagel 214 " pazt Map 222
: L Performance Pagel 216
Play Page2 214 Pannlng : Performance Pagez 216
h
gi:§ g:g:i 5;2 Performance Page3 216
: P rma. P 4 )
Pateh Common 79 Part erfo nce Page 216
Partial Common 109
Partial SMT 110 : Patch in
Partial Part Map 222
i / Patch Common 77
artial in ..
Partial Map 134 Patch — —
Partial Common 104 ii;;o;m 11;: bes
age iz
Perfomance Performance Common 216
Pitch in .. Performance MIDI 228
Patch Common ]
Patch Controller PltCh (Tune) Sample in
Partial Common Loopi. : 152
Partial TVF ] s
Ly 66
partial LFO Resa.mpl ing I Txgczzate 178
2ampampii ggg; 166 // Smoothing 173
- N¢ lize 177
Sample Rate Convert 200 Sample ngﬁwork 187
System PRM 1 238 . D.Filter 193
Sampl ing 138 Comp/Expand 194
Resampling in .. Time Stretch 196
Performance Resampling 210 1 s Rate Convert 200
Resampling 204 Sp lt 83 Wave Draw 202
: Velocity in ..
VelOClty Performance MIDI 232
Patch Common 81
Partial Common 110
Partial SMT Ry
Partial TVF 116
Partial TVA 123
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MIDI After in ..
Performance MIDI 228
After Touc:h. — Patch Controller 926
Bender in ..
- Bender Performance MIDI 228
MiDI Ch in .. ] Patch Controller 94
Play Pagel 214 _ .
ey B Saa Exclusive 255
Play Pagel 214
Play Paged 214
Performance Pagel 217 MIDI Ch Meduiation in ..
Pergormance Page2 ?7/ . Performance MIDI 228
Performance Page3 1 — Patch Controller 96
Performance Page4d 217 MOdulatlon
Program Change ————_ [: cromse in .
Part Map 222
Performance MIDI Map 225
Patch MIDI Map 224
Patch Common 78
Volume PG# 2217
System
Convert Load 251
:
Current Drive :x Disk in ..
Load Zg
] Save
Disk Copy 68
Delete 66
L Utility 247
CD 242

Mouse 241
Sampling Rate .o
Save System 250
SCSI Config 253
Sound Play 239
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Index

* Bold name refers to an item on the screen display.

* Bold number refers to a primary reference, if a topic
has more than one.

* SMALL CAPS refers to a labelled control or connector
on the front panel, rear panel, or RC-100

ACIN s 35
Adding Samples......ccooevevveveneiieiie e 205-206
ADSR oo see TVA and TVF
AES/EBU Digital Audio Standard.......... 39, 240, 267
Aftertouch ...ooovvveveiiiii, 94, 96, 228-229, 258
Algorithm ... 205, 209
A Lt 68
AR et 154, 162
ALOOP oo 166
ANalog ... 141
Analog Feel (Patch) .........c.ccooceinnnii 25, 82
Analog INputs ... 38, 141
ANAlOG OUIPULS ... 37
Analog Outs Mode ...................... 24, 37, 242, 267
Analog sampling......ccoceciiniiinniini, 141
Area (Convert Load)......cooocveevivieiiieeiiiieiineee 252
Area Erase ... 188
Arrows, Channel indicator .....ooeevveeeveeee, 215
AITOWS, daNCING «oviivirieieiiiirecieeieee e 62
ASCli Keyboard ...........coocovvvveiiivnniennn. 15,73, 138
ASSIBN TYPE ..o 90-93
AT e see Aftertouch
Attack (Compressor/Expander) ......c..ccoceoevenenne. 195
AUAIO ettt 2
Auto (Time Stretch) couvveee e, 198
Auto (Trigger) ....ooooeieiiiiiicirceeccecas 143
AULO-T00P cevienieiieiiiiiie ettt eaees 26
Backup ...coovveeiviiiie e, 146, 149
Band Pass Filter ......ooooiveeiieiieiiiie see BPF
Bend .........oooiiiiii e 229
Bend-Down ...........oooooiiiiiiiiiie 96
Bend-Up ..o 10, 96
Blank ..., 52
BOOLING UP ..., 3
BPF (Digital Filter) ...c.ccoooieiiviiiiiiinncee 193
BPF (Partial TVF) cvoviiiviiiiieireceecie e 116
CD player ..o, 39, 145, 240, 267
CD-ROM i, 39, 43, 260
CD-ROM players ....c.ccoveeecoieiieiinecnccnncen 61, 71
Chain (SCSB v 264
Channel Pressure ......occeeereceiivceeeceennn, see Aftertouch
ChUNK e 197
Circular Buffer ..o 144
Cleaning .....cocevveviirivinneiienceccc e 274
Clear Display .........occooviiiiiiiiiicee 258

Clear Internal Memory ...............c..c..... 62, 104, 228

Closed Loop Sample DUmps .......ccoeveeeneeinienns 268
Coarse TUNING ........cccoeviiinniiiire e 81,110
COAXIAL ...coiiiiiriiiiiiiieieineeeeeeec e 39, 149, 267
Commenu ....ooceveeverenneennn, see Command menu
Combine .......ccooiiiiiiii e 192
Combining Controllers.........coccveeoeercnenecnnens 98
COMMAND (DULtON) ..o 34
Command (Com) Mmenu ....c.ccocovvvrreerninnnen 5, 46, 60
Common (Partial).....cccccoeveriiiiniiiiiieee e, 11, 104
Common (Patch) .......ccocovvevveeeeenn. 9,77,219, 224
Common (Performance) .........ccccoovvevennnnen. 216, 232
Common (Resampling) ........ccoocvivioriiicnivinnene 205
Compressor/Expander .........ccooooveeveeveicvienerennns 194
COMPULET .t 266
Connecting non-storage SCSI devices ................ 266
Consistent Volume 1D ....ooivieeeiviiee e 234
CONTRAST ..o ere e 21
Control Channel ..............c...cooooo . 225, 255, 268
Control Destinations .........cccceeeeeieeveeeireveerieeerseens 96
ControtMode.............cooenn........ 227, 236, 255-256
Controller (S-770) ......cccoovviiinriene e 241
Controller Matrix .............cccoooveeiiiiciiiecieeree, 96
Controllers .....ccoeeveeeiiciiieennnn, see MIDI Controllers
Convert All Execute................cocovevvecienereniinnnnn, 252
Convertload ...........coooveveriiieriiecrn, 251-253
Converting mono samples to stereo ........ccee..... 151
Converting sterec samples to mono ........c...c..... 151
Copy (Disk) .ecoveereeriiirciieiieecee e 66, 245
Copy (Partial) ..o 132
Copy (Patch) co..ceeeiriiiiiicce e 100
Copy (Performance) .......ccceecevvnviienreceenieneenne 223
Copy (Sample) ..cooveeiiiicince e 150
CP-340 Type I and Type !l .coovivvirerreciee e 267
C.8ens (TVA) oot 123
C.8ens (TVF) ceiiiiiiiiie et 119
Gl e 106, 205
CHrl s 93
Ctrl Sel oo 96
CHrl Sens ... s 94
CTune ..., see Coarse Tuning
Current Drive..........ccoooeiiiiiiiin 61, 242-243
Current Drive Free ............coccooiiiiiiiiiiiiiiienieeene 65
CUrsor BUONS .....ooiviicie e e 33
Cut & Splice .....ocoooiiviiie 187
Cutoff Freq (Digital Filter) .......cococcveniiennnrnn. 193
Cutoff Freq (TVF) oo 116
Cuttoff Offset (Patch) .....c.ocooovvivivieereiiiiice 81
DAT e 240



Data ... 257
D.C (Digital Filter) ..o 193
Dec(rement) ...c.cc.oveiiiicireen et 43
Delay (Partial LFO) .....ccoooiriiniiiiniiiiriiiee, 128
Delete (Disk) c.eeeeeeeeeeeeeeeeeeeeeeeeeeeeeenn, 66, 67, 246
Delete (Partial) ......cooovevveineniirrireer e 132
Delete (Patch) .....c.coooiviiviiiee 101
Delete (Performance) ......cc.occvecenrcninevereannen. 223
Delete (Sample) ..c..coooveeeviveeiieiiniccieceierne 150
Delete (Volume) ..o 237
Depth ... 207
Destin Drive ..o 68
Destructive editing ........c.cccceevveviivienennencnenencne 55
Detune (Partial LFO) ...c.coviiiiiieceicienrecene 128
DIGITAL IN/OUT ...ooviiiiiiiiiiiiiiiiiiee e 35
Digital ATT....ocoocoeiiiiiiiicie e 142, 267
Digital Audio Jacks .......cccvieevieivccininceierceinnenn, 35
Digital CONNECIOrs ......c.ccveiieiriiiieiiieirceeene 39
Digital Filter ... 193
Digital HO .o 267
Digital L, Digital R..........c.oooniiiiniiiiiiicne 142
DIGITAL RGB (Jack) .......cccooveercinvnieiniciicenenn 2,35
Digital sampling ......cooeevvvceenieneri e 142
Digital Unlock ..........ccccooveiirvniiinieene. 240, 277
Disk (Function) ..c.cccceniceiveninii e 100
DisK PABES cvvveviririni it 6
DiSK SPACE .eeveirreeereirictrcee ettt 65
Disk Tools .........ccooveiiiniiiicicee e 242
DisK tYPES ..vouiviiiiiiiciei it 69
Disk Utility ....c..oooomviiniiiiieeee 247
DHSKS ettt ettt ettt 60
DisP TYPe ...t 163
DIY oo 205, 209
Double arrow boxes .......cccovevvviiiiiiiiiiiiiin, 28, 52
Drive Select.........ccccoovviiniieninciiiiiie e 61
Driver SOftWare ......cccoocoeevnseiinrecceiee e, 260
Drum mapping ... e 85
DSP e 26
Dump ..o 257
Dynamic voice allocation .......c.coevevereeenncinn. 259
E-660 Digital Equalizer .......ccccccovevvniiiniicnenne 267
Edit Mode..........ccocoeovviviniiiiie 150, 152
Edit Step ..o 157
Emphasis (resampling) .......cccoovveeeinenerenenciene. 208
Emphasis (Digital Filter) .........ccocvveviinennnns 194
End (Loop point) .cc.coerrervencneiiinicince e 158
End (SWItCh) cooveeeiceie e 147
Enter. ..o 47
Envelope (TVA) ..ot 124
Envelope (TVF) ...ccoocociiiniienieciece 118,121
Envelope templates.....c.cccovererinecnenennn 25,125,250
EXC ooiiiiiiiii e 90-93
EXQt .o 48
EXIT o 32
EXTCTRL ...ttt e 2,31
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F (display mode) ......ccccovirvercincincnieciee 167
F= e 181
F-DULLONS ..ottt e e 32
Fade (Time Stretch) ....ccoceveeenieniiinnirinennriseens 197
Fade H.......ooooiiiiiiie e 114
Fade L.......ocooooviiiiiiicces e 113
Fade Len ..o 180
Fan Control ..........c..occoeeiiniiiiicceee 239
Fast Delete Mode ....................... 67, 246, 253, 277
FD Format ............ccooiiiiiiiiic e 248
Fil o see MIDI Filter
File length ....c.cccoveiveeeiei e 60
FHle HSt coeeereeeeceeecccene e 52
Filter envelope.......ccvevenincceneniencrenennn, see TVF
Filter Mode (Digital Filter) ......c.ccoevrrinicncnnns 193
Filter Mode (Partial TVF) .......c.cccoevrieiiirieinne 116
FINE Lot 158
Fine Tuning (Partial).....c.coccorieiininininienenens 110
Fine Tuning (Patch) ... 82
Floppy disk drive .........cccooviiiiiiiiiircccrccnenne 33
Floppy disks ....c.coovimvivinirerieiceinceeere s 69-71
Footswitch...........cooviiviniiinecee, 32
FOrMatting ... 69
Forward (LOOP) ....c..oieeeccieniinciicnece e 154
Free ..o e 277
Freq ..o e 139
From, From TO ........ccocevviiiriiieci e e, 179
Front Panel ..., 30
T e 106, 205
FTune .......cocoviviiiecccineeeee see Fine Tuning
Function through another function ..............ccc..... 52
FUNCLIONS ..o 46
Fwd+One (LOOpD) ....o.eovevveriicienicniiieieceesiens 154
FWAHR (LOOP) et 154
G-Edit ... 207
Getm e 181
Global ........ccocvviiiiiii e 131
GRAPHIC ...t 34
Graphic Window .......ccoccveeeenineneintcinieieeenns 161
Hard disk.coooveveiieincencceninccier e 33
HD/MO File Sort.........ccocoovvvvreiiiriieinieeen, 23,248
HD/MO Format ......ccccocoviniiiieries e, 247
HD/MO Park Heads .................ccccooovvienennn. 248
HD/MO Rename .........coooeviieniiniiiinceieinnens 249
HD/MO Restart...........c...cooviveveviivnieciee e 248
HD/MO Volume Pg#...........cccoconinivnniennne 249
HEAD AMP ...t 32
High Pass Filter ..., see HPF
HOold ... 229
HPF (Digital Filter) ......coooviiiiiiiicccn 193
HPF (TVF) oot 116
ID Numbers (SCSD ..oovveciiinnieeiccceeeene 262
Inclrement) ..o e 43



304 « Appendix

INDIVIDUAL OUtPULS .oevieeicie s 35, 37
INFO o 89
Initial Volume ... 239
Initialize (Patch) ... 101
fnitializing Performances ..., 223
INHALOT oo 262
INPUT (JACKS) coovieeiieieierirenie e 32
Input {(parameter) ..o 141-142
INPULS oo 35-37
INSert ... 188
Internal Free...............coovvvviiiieeieeeieis 63, 215, 244
JUMP e 32
JUMP PAGES v 24, 50-51, 271
Key Follow ..o 107-109
Key Follow (Partial LFO) ... 128
Key Follow (Partial TVA} ..o 123-124
Key Follow (Partial TVF) ..o, 117,120
Key Follow (Volume) ..., 122-124
Key Pressure ..o see Polyphonic Aftertouch
Key Range ..., 85
Key SYNC ...oooiiiii e 128
Keyboard Fades ... 217
Keyboard Graphic .....ccoevmivcnciiiiiiiiiins 86-87
KeyOnMode ..o 156
KF o see Key Follow
KF Point (Partial TVA) ..o, 123
KF Point (Partial TVF) ...ccooceiiniiiiviiiie 120
KYH/KY ottt 111
b 150
LIMONO) and R ..o, 32
LCD e 31
LCD Display (parameter) .........ccccceevvvviiiiiiinanns 242
Legend (LOOP) ..vvviiviiiiciiciiiieiiicc e 160
Length Lock ... 159
Lev (Output level) ..o, 214
Level. ..o 15
Level (BOX) .ovoieiiieiiiccii e 146
Level (Comp/Expand)........ccooovvimiiniriininien 195
Level (Digital Filter) ..o 193
Level (envelope) ......ccccovvveerciiiiciiiiii, 121, 124
Level (trigger) ..o 143
LFO oo 12,127
LFO assignments.......oooeeviiinieiiiiiniineie e, 129
LFO Pitch Depth ..., 97
LFORate Ctrl ... 97
LOA ..ot 244
LoAdING woveeeirieeieeiieec e 5, 60-62
Loading Volumes .......ccccceiieeiiiriiiiiieee 232
LOOP €dIING v 166
Loop Field oo, 160
LoOP Zraphic .cocovvviiiiiciiiiii e 160
Loop MAtChing ..o 169

Loopmode ... 154
Loop point parameters ......ccccevveeeiiriiirinnienes 158
LoOp tUNING ..ooviiiiiiiiiii e 158
Loop-Smoothing Length ... 174
LoOPINg ...covviiiiiiciiicii 13,17, 152
LoOpINg in STETEO ...oovvvrviriiiii i 171

LOOPING tiPS .nveeenieeecii e 161,172
Low Pass Filter ......coccoeiiiiiiiineiciniiiene, see LPF
L e 217
LPF (Digital Filter) ..oovoveoinecieiiiiie e 193
LPF (TVE) o 116
LW L 217
L—PEAK—R ... 32
Macintosh ..c.ceeeneicc e 266
Magneto-Optical (MO) drive ................. 61,71, 261

Magnification ....c.ccocevcoeneiceiencre e 157,170
Manual (trigger) .....ocoocoeiiiviineicc 144
MARK ...ooiiiiiiiiiiiiiiiiiiiiiiiie 34, 50-51

Master Freq.......ccccoiveiiimninieninicciiiine 240, 267
Master Tune ... 238
Max ... 30
Memory Capacity .....cccccvievviiiiviiiiie 55
Memory, adding ......ccccoviieiiniice e 272
MENUS oo 46
MID! (FUnction) ....cccooneeincenicieeeeecceenne 255
MIDI (acks) ..ooceevviiiiiiieiicerecece 3,35,36
MIDI (THIgger ...c.coiiiieriiiieiini e 143
MIDI Channels ..o 214
MIDI Config ......c.coeouviiiiiiiiciiecciccn 255
MIDI Controllers......ccccvvvveeoivccivvnennienecene. 93-98
MIDI Filter ..o 228
MIDEIN . ..., 3, 35,36
MIDI MESSAGE ..o 34
MIDIEMONIOr ..o, 231, 257
MIDI Note NUmber .......c.cccoceecevimevicicaiiiceennns 86
MIDI OUT ... 35, 36
MIDI Program Change............. see Program Change
MIDI Response .......ccoocviviiiiiiiniciiiiiiis s 116
MIDI Sample Dump Standard ..........cccoc... 257,268
MIDITHRU ... 35,37
MIDI Velocity ..o, 94, 231
MIDIVOIUME (oo, 214
Mixed Volume IDS..c..cooveninienininiinceicc e 234
Mixing samples.......cccoiiiiii . 191
Mod ..o 229
Mode (sample) ..o, 139
Mode Change .......ccooviiiiicicii e 45
Mode MENU ..cceveiiiiccicciinc 45
Modulation wheel ... 94
Module ... 259
MONItOr ... 145
Mono ... 90-93
Mono sampling.......ccccviiiiiiiiiii e 139

MONOCHROME (jack) .....c.cooceeveieininiiiccnnen 2,35



MONOChFOME .....ooveiiiciicci s 40
MOUSE .o 2,40, 241, 274
Mouse, MiICKEY ....c.ovvvevrveeeriirieiiiiici e, 57
Multiplying Samples ........cocoevnininnninnn 205-206
Multisampling ......cccovininiiiiii e, 83-84
Multitimbral .......cocooieivinnii 212
Munchkinization ..o 83
N (display mode) ......cocovevecviiiininiiiiciiniiin, 167
AN s 150
Naming disks ......coveceoriiiiiiiiiiii s 75
Naming filles «.coocvevviriei 72,75
NamMing saMpPles .c.cccooevivviimiine i 138
Naming volumes ... 232
Negative values ... 47
New Length .....c.ccoovoviiiininiiiiiin 179
Next ..o 147
AN s 150
Non-destructive editing ........ccocvvviveiniiiieeienn. 153
NON-WeStern musiC ......ccveeveverinvveiineinncininrenns 108
Normalize (Comp/Expand) ......c.ccoccvvevveinniienne 196
Normalize ..........cccooviiiiiiiniiii s 145
Normalizing ..., 177
NOW WOrKiNg ........cccoecccieiniinirniiicceins 62
ANR 150
Numeric keypad ......ccccoeevriiiiiiniiiiiieis 42
Oct Shift ... 81
OMni Mode ..o, 99, 215
ONE-WaAY .....ocovvvriiiiiiniiin i snnnes 144
OneShot ... 154
Open Loop Sample Dumps.......ccocniiiiiinnnnnn 269
OPTICAL oottt ee e 39
OPtiON ...ttt 251
Origlength ... 179
Original key ... 139
Output Assign (Partial) .........ccooviinninnnnn. 109
Output Assign (Patch) ..o 78
OULPULS .ottt s 37
Overwrite switch ... 254
P e 78
PaCKING .. cv et e 275
PaGES ot e 46
Pan ..., 214
Panning (Partial) ..o, 109
Panning (Patch) .......cocooecvrniiiiien s 79
Parameters ......ccoevvvmeiiiinniiiiien e 47
Park heads .....cc.ccooervencenne. see HD/MO Park Heads
Part ..o 99
Part Map ..., 222
Part numbers ....c..cooveciiiniiii e 221
Partial Level ..........ococeviiiiiiniiiie, 109
Partial Map........cccoocevveiiiniciicccir 134
Partials .........coooevvieiiiiieeee e, 11, 56, 103-135
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Patch Level .........coooieniicii 78
Patch Map .........cccoeeviiiiiniiiiiicis 102, 224
Patch Priority .........coocoiiiiiiiniiiee 80
Patch Split ........c.oooovreiii 217
Patch to Patch (Convert Load) .................. 251-253
Patches .......cccooeeeinicrieeeeecc 8,57,76-102
Patchwork .........cccccoooovviiiiiiee e, 182, 187
P et 266
PEAK ..ot 32
Pedal (triggering) .....ccovcvverrinvemiecieicciiens 143
PERFORM (DUTLON) ...ovvieiiiiiinc e 33
Perform Only ..o 227
Perform/Volume ..............ccooiiinniniiinnns 227
Performance editing.........ccccoviiviiieniiinnnnniinnns 216
Performance Map ..........cccoccvviniiiicnen 225
Performance Mode ........cccovevniencnenieneieccernenne 45
Performance Resampling ........ccccenee. 27,149, 210
PerfOrmances ...oooovvveeeeeeeeeiemeeeeeeeeeeeeean, 58, 212-223
Phase LOCK.....ccoirienenricecnciiiie e see P.L
PHONES (JACK) c.coverrirreicine et 2,32
Phrase Sampling .....cccceeeeevevvereeecriiecineeiininne, 14
Pitch change with constant length .............. 198-199
Pitch Ctrl ..o 96
Pitch Depth .........cocoooiiviiiiiiiiiis 120
Pitch Mod Depth ..., 128
Pitchbend ..., 96
P.L (Phase LOCK) ..ccccocvrivrmiriiiiiiiiiiiciniiiies 230
Play ..o 212
Playing Partials from MIDI ..., 104
Please Rename ............ccccoocevviiiniiiinnninnninicines 75
Point (MOE) ......cocovieieniiirceeet e 163
POY ....cooootveeee e e 90-93
Polyphonic Aftertouch ... 94, 96, 229
Positional crossfades ................. see Keyboard Fades
POWER (SWItCh) ...ooiviiiiiiiiiiiin i 1,34
POWET et 36
Pre-emphasis ......coveeorivicciiininiir e 194
Pre-trig ......coovvvmimimiiiie 144
Prev{ious) ....coccerviereeeiemicniiiircs s e 144
Priority (SCS1) cvovvvviiiiiiievieiine e 263
Priority (VOiCes) ... 80
Prog (MIDI Filter) .....covviniiiiie 229
Program change............c...... 27,219, 224, 229, 236
Program Number ... 78
PUNCUALION ...ocoiiiiiiiiii e, 74
R 150
R-880 Digital Reverb ..o 267
RaACKMOUNTING .oovveiieiieie e 30
Range extension .........ceirieiviicoieniecnisenninninnnn 201
RAS-770 weeiiiiiieiiiiee ittt 272
Rate ..ot 127
Ratio (Comp/EXpand) ........cccovvvvmrirveninieciniinnnns 195
Ratio (Time Stretch) .o..oooviiveiiiiiniiiiiiiicns 197
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Ready ......coooiviiiiiiii e, 142, 144
Real Time MSG ..o, 258
RECLEVEL ..ot ee e 31
ReCOrding .....cceiiviiiriiite e 138
ReCOVEr ....covveeviieeeiiieciiea 26,175, 181
Release (Comp/Expand) .......ccoeueeerercieecennninnn, 195
Release LOOP ..ccccvreevreriniiiecine e e 159
Remaining ..., 140
Remote COMrol .......c.ccovvevireoicinieieccieer e, 41
RENd .o 156
Renaming Partials ........ccccoeveveenirrienneiienne 93, 101
Resampling ..., 204
Resampling algorithms.........ccoceoveivioinerenenenn. 205
Resampling tips ......ocoovvviiinicnceceecrieceenenes 209
Resampling TVA ..., 207
Resampling TVF ..o, 207
RESET oo 43
RESOIULION ..eereiiiiiieiiciiic e 157, 161
Resonance (Digital Filter) .........cocoovviiveriennnn. 193
Resonance (TVF) ..o, 118
Restricted aCCeSS....ovviveierereeereriiieiieieecseeees 130
Retry ..o e 147
REUNMING oot 201
ReV (LOOP) ...viiciiiiiieecreinrer e 154
Rev One (LoOp) ....coovereiniciniiciesceeee 154
Reversing...........ccocoeveevinenevininee e 182
RGB (JACK) .ot 40
RiNg modulator........ccceveecrenieinenieriieienn 205
R-LOOP .oiiviiiiiiiicccicn e See Release Loop
R-Loop (KeyOn Mode) .........cccoeveniivininenninnnn, 156
R-Loop (LoOp point) ......cccovviriercrenireriieieecre e 159
R-Loop smoothing Length.................................. 134
RL<T<RE ..o 181
RO e 111
5-50/5-550/5-330 e crereeieeieeieieeeereee e 251-253
5-770 0rganization .....c...coceevveeeeeenieceeciennenns 53-54
S-DUTONS Lttt 32
Sample Dumps ....see MIDI Sample Dump Standard
Sample editing...ccoceeeeeirieneneeeeecie e 19, 152
Sample Mix Table (SMT) .........ccccoveecinnncnnn. 110
Sample rate CONVErsion ........ccceeeereerenncen. 200-201
Sample shifting ..o 94
SAMPIES vttt 13,55
SampPling ..oooviee i 136-177
Sampling Execute ..., 146
Sampling Over ..o 148
Sampling rate ... 39
Sampling time ......cccoveviiei e 64
SAVE L. 245
Save System (Save SYS) .........coovvinenin. 22, 250, 271
SAVING o 65
Saving Performances ......c.covevirieicnrecierennn, 220
Saving VOIUMES ..ottt 236
SCAleS oo 107-109
SCAN oo 261

Schwarzenegger, Amold ..........ccoeereeviiicniriinns 266
Scrubbing c.eevecceviee e, 167-169, 185
SCSI .o 35,43, 253, 260
SCSIChaINS .ot 264
SCSEConfig ... 253
SCSI cONNECLIONS ...cvvevvieieiiiirieeereie e 260
SCSI Device Scanning ........occevcenicnencneeneneneannnn, 261

SCSIAISKS oottt 71

SCSHID ittt 262
SCSIPFIOTItY vt s 263
SCSI Terminators ....uuuveeeoveveuiieeveeciieeecneen. 262, 265
Search ......coooviiiiii e 198
SElECT ICON ettt e 24, 51

Select WINdOw .....ccccveeinniininn e, 51

Select/MIDILin ........oooooeiiiiiiiiec e, 99, 221

SENS Lo, 32
SEQUENCET it 215
SEIVICE .t 275
Set o e 87
Set Moo ..., 151

SetStereo ........coocveieveiiice e, 152
Set Volume ID .........coocoiiiiiiiiiiciiee e, 233
Setting MIDI channels.........cccooeviviniriniiinnann, 214
SEHING OUIPULS vttt 214
SFal i 181

Shared files ...coeeeieiiieeieccee e 56-59
Signal-to-noise ratio .......coceeeeveieereinvrieneie e 30
SIMMS L 272
Single ..o 131

SIOUS ot 138
Slots, NUMBEr Of c...vviiieiie e, 55
Slow display ......ccooiiiiiniiiecciceee 125
Smoothing .........cccoooiviiiiin 173
SMpINg oo, 148, 250
SMT i, see Sample Mix Table
SMT Ctrl Sel ..o 94-95
SMT CtrlSens......coocoovivviiiiiece 94-95
SMT Velocity Ctrl ..o 110
SOMt oo 28,52
SOUND (DUHON) ....oveiiireeiiieiie e, 33,45
Sound (Menu) ....coeevrieiieini e 8
Sound (MOGE) ....cccoreeie i 45
Sound effects ....oovvveieiiniiii e 85
Sound Mode ......cocoeriiiiniiii e 45
Sound Play ..........c.cocomiiii e 239
SOUND PLAY (BUTION) ....oooiieiiiiiiiciiercecie e 34
Source (DUMP) coooiiiiiieerceee 257
Source (Resampling) .......ccoovvveiveeeiiieinnn, 204-205
SIP DIF ettt 267
SPHE ..o, 83, 86
Splits (Performance) ......c.coveviiiicciiiiece, 217
Start ., 144
Start (KeyOn Mode).........cooovveviivieeiieicicin, 156
Start (Loop point) ... 155
Startup Disk oo 239

Status ... 257



STEREO OUT (Jacks) ..c.evueeveiivveceecinenic e, 2,35
STEREO OUIPULS ...ocvviniiiiiiiiiiiin it e, 37
Stereo Mix Level (Partial) .......ccccooviniiiniinnne 109
Stereo Mix Level (Patch) ........cccoceeiennineninene 79
Stereo SAmMPIes c..eecverierieeiceericeereeec e 150
Stereo sampling ..c.ccoceeerevcoiineecieinneeee e 139
Stereo SyNthesis .....ocoeeicicrieciicnvciicncnncene, 111
Stuttering effect ... 90
Subsidiary files ....ccooveeviiiniviceenccce e 56, 57
SUFFIXES ettt 74
SUSEAIN LOOP wvvvvviiiiiiiiiiiii 156
Sustain pedal ..o 229
SWICHES .ttt 48
SyQuest drives .......ccoeiniiniiinnnen 61,71, 260, 263
SYSTEM (DUtON) c.eeeevrieiieviieee i 33,45
System (MeNU) c.oeevvvreerniiiiereereeeeeee e 238
System (MOde) .....ccevveuierimiecerineircerierer e 45
System EXclusive .....ooveviiniiiiiiine, 258
System installation ... 21
System PRM .........co.coovvrreeirrnereensesseesireenraoenes 238
System software ........cccoccivviciininiicn 270
Target....oooovvviiniince 61
Templates ........ccccooevvnivinincncnnenne 25,125, 250
Terminal ...cucoieeece et 266
Terminator .o.veeive e 262, 265
Threshold {Comp/Expand) ........ccccocviniininnne 194
Threshold (triggering) ... 143
Time (envelope) ..o 120
Time (Sampling) c..covvveiviiiiiiiinn 140
Time Stretch ..., 196
Time Vel Sens.......cccccoiviiiiiveniiinineceee, 120
Timed LOOPS .....coviviiiiiiiiciiniiiiiiec e 160
THE et 160
TO i, 179
Tone to Partial ..., 251
Transpose lmit ..o 106
Trigger (MIDD ..o, 258
Trigger (MONitor) .....cccccovveiiieninvcccncnncnccnen. 258
Trigger (Sampling) ..o, 142
Troubleshooting ......ccocoveeeuvereecrinnicciercrecrccnanen 276
Truncate ..o 178
Truncating looped samples ........c.cccvvevenneencene. 185
Truncating stereo samples.........cocoveevvvvivuennnenn. 185
TURING .o 106
Tuning (LOOP) weoeeveerreirececrecrecneeeescrreeee 158
TVA (Time Variant Amplifier) ......c.ccconieen. 12,123
TVACH e 97
TVADepth .o 97
TVAMod Depth ..., 129
TVF (Time Variant Filter) .....oooevviiiiviiien, 11, 116
TVFCtrl oo 926
TVFDepth....coooviiiiiiiiieeciceeeene 97,118
TVFMod Depth.........cooooovviiiieinicceee 129
Type (Split) coveeneniiniiiii 90-93

Type (trIZEEr) .oevviiceee et 143
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Underiing CUrSOT....ooov v 73
UNO o see Recover
Unit Number..........ooooeiiiviiiiieeeice, 28, 255
U P e e ea e e 217
UPEBrades ...ccvevererueeieeneceiieneeienee st 270
Ul 247
UW et e s e e var e eaees 217
VALUE oottt tee e svaan s 32
VECR ettt et et e s e s s erabssseeen s 40
Vel (MIDI FHEEr covvvvniiei i ceeenneeiene 231
Vel-Hi oo 112-114
Vel-LOW ..oooooviiiiiiiiiiieeeeeeeeeeeeeeee e 112-114
Vel Sens (Partial TVA) ..o 124
Vel Sens (Partial TVF) c.ooooveeeeeciec e, 118
Vel Curve (Partial TVA) . 123
Vel Curve (Partial TVF) oo 119
Vel-Sens Offset.......ccccoooevviiviiieiiiiieieeeceireieans 81
Velocity Fading......cocceeveeerenrcreninncerererenmeeneienne 113
Velocity Response .......cocecceeecvcerencene 119, 123, 231
Velocity SWitching ........ccocvvonininiiiiinn 11
Version 1.0 files .ooeeicieeiieeeieee e 23
Version 2.0 SOftWArE .....oovvveevecneeeenrereecnere e 21-28
ViIDFato .ovvieeceiiiee ettt see LFO
Video display ..c.coceeeeeerecenceeinirece et 40
Video oUtPUL.....ccciiiieiinii 35
VOICE LIMIT ettt ceeareseeeaes e 29
Vol (MIDI Filter) voueeeeeiiieiieneeeeiiieeee, 230
VOLUME (KNoDb) ..eveeevieiiivineiierieeeeeeeeeiiiieeeeens 30, 35
Volume envelope .......coecoeveeicnineccenann, see TVA
Volume ID ... 27,59, 62,74, 233, 235, 243
Volume, MIDI ...oooeviiiiiiiiiicen, see MIDI Volume
VOIUMES oo, 59, 232-237
W30 et e ve s 253
Wait Trigger ..o, 258
Wave Draw ........coooviiiiviiiiiieieiicir e cevvreee i 202
Wave FOrm......cooooovvieiiiiiiiiiinieic e e 127
Wave Length ..o 200
Wave MemoOry ... 55
Wave Memory Check ........c.ccccooiiiiiinncnniienne 273
Wave Memory Full ... 64, 141
Waveform display .....ccoeeeevieenirnnincenene 161
Wild Controller ..o 96
WINAOWS oot ee e ee e e e e ee e e e eeerneees 48
Write protection ... 69
D, O U U UOOURTUON 170
D O 41+ | | TSN 157
Y s 170, 203
YoZOOM ..oovoiiiiiieceiiieeee e e e e eeaevaseaees 157
ZEr0O-CrOSSING cvvvveieireiinriieeieresnivnreesnireseenns 161, 166
ZEr0-5l0PE ..ottt 161
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When you need repair service, call your local Roland Service Station or the authorized Roland distributor in your country

as shown below.

U. S. A.

Roland Corporation U.S.

7200 Dominion Circle
Los Angeles, CA. 90040-
3696, U.S. A.

TEL: (213) 685 5141

CANADA

Roland Canada Music Ltd.

(Head Office)

5480 Parkwood Way
Richmond B. C., V6V 2M4
CANADA

TEL: (604) 270 6626

Roland Canada Music Ltd.

(Montreal Office)

9425 Transcanadienne
Service Rd. N., St Laurent,
Quebec H4S 1V3, CANADA
TEL: (514) 335 2009

Roland Canada Music Ltd.

(Toronto Office)

346 Watline Avenue,
Mississauga, Ontario 142
1X2, CANADA

TEL: (416) 890 6488

AUSTRALIA

Roland Corporation
Australia Pty. Ltd.

38 Campbell Avenue

Dee Why West. NSW 2099
AUSTRALIA

TEL: (02) 982 8266

NEW ZEALAND
Roland Corporation
(NZ) Ltd.

97 Mt. Eden Road, Mt. Eden,
Auckland 3, NEW
ZEALAND

TEL: (09) 3098 715

UNITED KINGDOM
Roland (U.K.) Ltd.

Rye Close Ancells Business
Park Fleet, Hampshire GU13
8UY, UNITED KINGDOM
TEL: (0252) 816181

Roland (U.K\) Ltd.,
Swansea Office
Atlantic Close, Swansea
Enterprise Park, Swansea,
West Glamorgan SA79F],
UNITED KINGDOM
TEL: (0792) 700 139

IRELAND

The Dublin Service
Centre Audio
Maintenance Limited

11 Brunswick Place Dublin 2

Republic of Ireland
TEL: (01) 677322

ITALY

Roland Italy S. p. A.
Viale delle Industrie 8 20020
ARESE MILANO ITALY
TEL: (02) 93581311

SPAIN

Roland Electronics
de Espaiia, S. A.
Calle Bolivia 239 08020
Barcelona, SPAIN
TEL: (93) 308 1000

GERMANY

Roland Elektronische
Musikinstrumente
Handelsgesellschaft mbH.
Oststrasse 96, 22844
Norderstedt, GERMANY
TEL: (040) 52 60090

FRANCE

Guillard Musiques Roland
ZAC de Rosarge Les Echets
01700

MIRIBEL FRANCE

TEL: {72) 26 5060

Guillard Musiques Roland
(Paris Office)

1923 rue Léon Geoffroy
94400 VITRY-SUR-SEINE
FRANCE

TEL: (1) 4680 86 62

BELGIUM/HOLLAND/

LUXEMBOURG
Roland Benelux N. V.
Houtstraat 1 B-2260 Oevel-
Westerlo BELGIUM

TEL: (014) 575811

DENMARK

Roland Scandinavia A/S
Langebrogade 6 Box 1937
DK-1023 Copenhagen K.
DENMARK

TEL: 319531 11

SWEDEN

Roland Scandinavia A/S
Danvik Center 28 A, 2 tr.
5-131 30 Nacka SWEDEN
TEL: (08) 702 0020

NORWAY

Roland Scandinavia
Avd. Kontor Norge
Lilleakerveien 2 Postboks 95
Lilleaker N-0216 Oslo 2
NORWAY

TEL: (02) 73 0074

FINLAND

Fazer Musik Inc.
Lansituulentie POB 169,
SF-02101 Espoo FINLAND
TEL: (00) 43 5011

SWITZERLAND
Roland (Switzerland) AG
Musitronic AG
Gerberstrasse 5, CH-4410
Liestal, SWITZERLAND
TEL: (061) 921 1615

AUSTRIA

E. Dematte &Co.
Neu-Rum Siemens-Strasse 4
A-6040 Innsbruck P.O.Box
83

AUSTRIA

TEL: (0512) 26 44 260

GREECE

V. Dimitriadis & Co. Ltd.
20, Alexandras St. &
Bouboulinas 54 St. 106 82
Athens, GREECE

TEL: (01) 8232415

PORTUGAL

Caius - Tecnologias
Audio e Musica, Lda.
Rue de Catarina 131

4000 Porto, PORTUGAL
TEL: (02) 38 4456

HUNGARY
Intermusica Ltd.
Warehouse Area "DEPO’
Pf.83 H-2046 Torokbalint,
Budapest HUNGARY
TEL: (1) 1868905

ISRAEL

D.J.A. International Ltd.
Twin Towers, 33 Jabntinsy St.
Room 211, Ramat Gan 52511
ISRAEL

TEL: (03) 751 8585

CYPRUS
Radex Sound
Equipment Ltd.
17 Diagorou St., P.O.Box
2046, Nicosia CYPRUS
TEL: (2) 453 426

(2) 466 423

U.A.E

Zak Electronics &
Musical Instruments Co.
P.0. Box 8050

DUBAI U.AE

TEL: 360715

KUWAIT

Easa Husain Al-Yousifi
P.O. Box 126 Safat 13002
KUWAIT

TEL: 5719499

LEBANON

A. Chahine & Fils
P.O. Box 16-5857
Beirut, LEBANON
TEL: (01) 335799

TURKEY

Barkat Sanayi ve Ticaret
Siraselviler Cad. 86/6
Taksim Istanbul, TURKEY
TEL: (0212) 2499324

EGYPT
Al Fanny Trading Office
9, Ebn Hagar Ai Askalany
Street, Ard El Golf,
Heliopolis, Cairo, 11341
EGYPT
TEL: (02) 4171828

(02) 4185531

QATAR

Badie Studio & Stores
P.O.Box 62,

DOHA Qatar

TEL: 423554

SYRIA

Technical Light &
Sound Center
Khaled Ebn Al Walid St.
P.0.Box 13520
Damascus - Syria

TEL: (11) 2235 384

BAHRAIN
Moon Stores

Bad Al Bahrain Road,
P.O.Box 20077

State of Bahrain

TEL: 211005

REUNION

FO - YAM Marcel

25 Rue Jules MermanZL
Chaudron - BP79 97491
Ste Clotilde REUNION
TEL: 262 28 29 16

BRAZIL

Roland Brasil Ltda.
R. Coronel Octaviano da
Silveira 203 05522-010
Sao Paulo BRAZIL

TEL: (11) 843 9377

MEXICO

Casa Veerkamp, s.a. de
av.

Mesones No. 21 Col. Centro
MEXICO D.F. 06080

TEL: (905) 709 3716

La Casa Wagner de
Guadalajara s.a. de c.v.
Av. Corona No. 202 S.J.
Guadalajara, Jalisco
MEXICO C.P.44100

TEL: (36) 13 1414

VENEZUELA
Musicland Digital C.A.
Av. Francisco de Miranda,
Centro Parque de Cristal,
Nivel C2 Local 20 Caracas
VENEZUELA

TEL: (2) 285 9218

PANAMA
Productos Superiores,
S.A.

Apartado 655 - Panama 1
REP. DE PANAMA

TEL: 26 3322

ARGENTINA
Instrumentos Musicales
S.A.

Florida 638

(1005) Buenos Aires
ARGENTINA

TEL: (1) 394 4029

HONG KONG

Tom Lee Music Co., Ltd.
Service Division

22-32 Pun Shan Street, Tsuen
Wan, New Territories,
HONG KONG

TEL: 852 2737 7688

KOREA

Cosmos Corporation
Service Station

261 2nd Floor Nak-Won
Arcade Jong-Ro ku, Seoul,
KOREA

TEL: (02) 742 8844

SINGAPORE
Swee Lee Company
BLOCK 231,

Bain Street #03-23

Bras Basah Complex,
Singapore 0718

TEL: 3367886

PHILIPPINES

G.A. Yupangco & Co. Inc.
339 Gil]. Puyat Avenue
Makati, Metro Manila 1200,
PHILIPPINES

TEL: (02) 817 0013

THAILAND

Theera Music Co., Ltd.
330 Verng Nakorn Kasem,
Soi 2, Bangkok 10100,
THAILAND

TEL: (02) 2248821

MALAYSIA

Bentley Music SDN BHD
No.142, Jalan Bukit Bintang
55100 Kuala Lumpur,
MALAYSIA

TEL: (03) 2443333

INDONESIA

PT CITRARAMA
BELANTIKA

Kompleks Perkantoran Duta
Merlin Blok E No.6—7

J1. Gajah Mada No.3—5,
Jakarta 10130,

INDONESIA

TEL: (021) 3850073

TAIWAN

Siruba Enterprise
(Taiwan) Co., LTD.
Room. 5, 9f1. No. 112 Chung
Shan N.Road Sec.2 Taipei,
TAIWAN, R.O.C.

TEL: (02) 571 5860

SOUTH AFRICA
That Other Music Shop
(PTY) Ltd.

11 Melle Street (Cnr Melle
and Juta Street)
Braamfontein 2001
Republic of South Africa
TEL: (011) 403 4105

Paul Bothner (PTY) Ltd.
17 Werdmuller Centre
Claremont 7700

Republic of South Africa
TEL: (021) 64 4030

As of Dec. 19. 1994



SCSI compatible devices for S-770/750
S-770/750 [ZEHE T & B SCSI #ds

The following devices can be connected to the S - 770/750 by using the SCSI interface.
O-—-5 Y FC, BEfEZBI 2B ELTC, ROLOBHDET,

In order to connect a SCSI device to the S - 770/750,
you will need to have the appropriate SCSI cable.

The SCSI connector on the S - 770/750 is the DB -
25 type. You should check the shape of the connector
on your SCSI device and count the number of pins it
has to make sure you obtain the right SCSI cable. Refer
to the section ” About SCSI " of the S - 770/750’s
owner's manual.

Note that you will not to use any SCSI driver software
that may have been supplied with your SCSI device.

SCSI #83 L S - 770/750 #EET 5 124E, SCSI &
— TAHUHETT,

S - 770/750 ®SCSI a4 #¥—it, D-SUB 25 ¥
v T¥, SCSI #ids% S - 770/750 3K T 5101,
F 0 SCSI HEFD SCSL a4 75y —DBREE &K
P IREEDO L, SCSI =T EITHEWLELZ
iz 4, SYS - 772 Ver2.0 OBURSHHIFD
['SCSI &) 2 TE L 23w,

F7-, SCSI BB INT WA, SCSI FF A%
—Rrov7btrarid, FRATHILEEGSD F
Ao

The operation of the following products listed below
have been checked by Roland.

TADY A ME, =9 » FCEIEmEE LD
DTT,

@CD - ROM drives

PLEXTOR CORPORATION (TEXEL)
DM - 5024 (double speed.” 2 f&5:#&)

APPLE COMPUTER, INC.
AppleCD 300 (double speed,” 2 1¥3%)

TOSHIBA CORPORATION

XM - 3300A (Japan only,” H ZAEM D &K)

XM - 3400A {(Japan only,/” H AREK O M)
{(double speed,/ 2 f53%)

MHREF (#k) (LOGITEC)
LCD - M500 (Japan only,/ H AEHN D &)
{double speed,/ 2 f5#)

CHINON (CIIINON AMERICA, INC)
CDX - 535 (USA only /USAD &)
(double speed, /2 &)

./ mEE ()
CD295C {Japan only.” H AREN D &)

(double speed,/ 2 f5#)

SONY CORPORATION (Hardware Manufacturer)
CDU561 - 02 (double speed.”2 1%3%)

NEC Corporation {[lardware Manufacturer)

CDR - 210 (double speed,” 2 1%#)
CDR - 211 (double speed./ 2 1)
CDR - 510 (triple speed,/ 3 f&5##)
CDR - 511 (fourfold speed/ 4 1%%)

ROLAND CORPORATION
CD-5

@Magneto-Optical drives
{5 inch)

SONY CORPORATION

RMO - $550

ROLAND CORPORATION

MO -7

Available removable disks,/ ffiHTC& 55714 X
Sony Corporation

EDM - 1DA1 (512 Byte/Sector)
Seiko/ Epson Corporation
EPM - C51 (512 Byte,”Sector)

MAXTOR CORPORATION
TAHITL - 2

Available removable disks /I TCE A5 1 A2
MAXOPTIX Corporation

1 Gigabyte (512 Byte/Sector)

650 Megabyte (512 ByteSector)

94-08-25



KUBOTA CORPORATION
TAHITI - 1000S (Japan only,/ HAFEKND )

Available removable disks /A TE 274 A2
KUBOTA Corporation

C1000 - 512 (512 Byte/ Sector)

C650 - 512 (512 Byte/ Sector)

RICOH COMPANY, LTD.
RS - 9200EX (Japan only./ HAFEKR O &)

Available removable disks,/ ffRIC& 5574 R/
RICOH Company, Ltd.
ROD - 5064F (512 Byte/Sector)

{3.5 inch)

SONY CORPORATION *
RMO - S350
RMO - 8360

RICOH COMPANY, LTD. %
RS - 3100EX (Japan only./ HAEK D &)

MIDORI ELECTRONICS CO., LTD. %
OMC - 120 (Japan only,/ HZAEPID &)

Y/ Wi (k) %
MO128C (Japan only/” 1 AEKR D H)

* In most cases. any magneto - optical disk of a
capacily 128 MBytes single - sided can be used with
3.5 inch magneto - optical drive.

*3.5 inch DEBRFT A A2« F54 7Tld, 128
MByte single - sided D7 4 A7 Thiud, XA
Iy _CcHERTEEd,

@Hard Disk drives

In most cases, any hard disk of a capacity less than
600 megabytes can be used with S - 770/750.
Although you can use hard disks that are larger than
600 megabytes. So, for example, with an 800
megabytes disk, you would have 600 megabytes of
usable, and 200 megabytes that must remain idle.
You can also use removable - media hard disk drives
{ SyQuest 44 megabytes and 88 megabytes disks) .

FEEDP 600 AHNL PUTON-F - F4 AT
S, EAICTRTHEHTEE T, 600 AH
NAPEYWEROKEWN—=F - 74 A7 LA
TEIHS, HHTELARIT 600 AHNA M E
TTE, ok 2, 800 AWNNA FPDN—F - F
4 ARZOEE. 600 AWNAPETHATE, B
Do 200 AHNRA ME, —YIERITEEEA,
Fh, Y LA=NTARON—F - F 4 A
(SyQuest ¥ A 7D 44 A T34 p & 88 XA
b bHHTEET,

94-08-25



For Germany ———

Bescheinigung des Herstellers/Importeurs

Hiermit wird bescheinigt, daB der/die/das in Ubereinstimmung mit den Bestimmungen'der
Roland DIGITAL SAMPLER S-77 Amtsbl. Vfg 1046/1984
{Gerat. Typ. Bezeichnung) (Amitsblattverfligung)

funk-entstért ist.

Der Deutschen Bundespost wurde das Inverkehrbringen dieses Gerétes angezeigt und die Berechtigung zur Uberpriifung
der Serie auf Einhaltung der Bestimmungen eingeraumt.

Roland Corporation Osaka/Japan

Name des Herstellers/Importeurs
J

For the USA ==———
RADIO AND TELEVISION INTERFERENCE

WARNING —  This equipment has been verified to comply with the Himits for a Class B computing device. pursuant 1o Subpart J. of Part 15, of FCC rules Operation with
non-certfied o non-venfied equipment 1s likely to result in nterference to radio and TV reception

The equipment described in this manual generates and uses radic frequency energy. if it1s not installed and used properly. that is. in strict accordance with our mstructions,
it may cause interference with radio and television reception. This equipment has been tested and found to comply with the limits for a Class B computing device in accordance
with the specifications in Subpart J, of Part 15, of FCC Rules These rules are designed to provide reasonable protection against such a interference in a rasidential instaliation
However, there is no guarantee that the interference will not occur in a particular mstaflation. if this equipment does cause mterference to radic or television recepton. which
can be determined by turning the equipment on and off. the user is encouraged to try to correct the interference by the following measure
Disconnect other devices and their inputioutput cables one at a time. if the interference stops. it 1s caused by either the other device or its 10 cable
These devices usually require Roland designated shielded IO cables. For Roland devices. you can obtain the proper shieided cable from your dealer For non Roland
devices, contact the manufacturer or dealer for assistance
if your equipment does cause interference 1o radio or lelevision reception. you can try to correct the mterference by using one or more of the following measures
Turn the TV or radio antenna until the interference stops
Move the equipment to one side or the other of the TV or radic
Move the equipment farther away from the TV or radio
Plug the equipment mto an outlet that is on a different circuit than the TV or radio. i That 1s, make certain the equipment and the racio or felevision set are on circuits con-
trofted by different circuit breakers or fuses.}
Consider instaliing a rooftop television antenna with coaxal cable tead-in between the antenna and TV. If necessary. you should consuit your deater or an expenenced
radioftelevision technician for additional suggestions. You may find heiptul the following bookiet prepared by the Federal Communications Commuission

"How to ldentify and Resoive Radio — TV Interterence Problems
This booklet I1s available from the U.S Government Printing Office. Washington. D C . 20402, Stock No  004-000-00345-4

J/

For Canada—

CLASS B NOTICE

This digital apparatus does not exceed the Class B limits for radio noise emissions set out in the Radio interference
Regulations of the Canadian Department of Communications.

CLASSE B AVIS

Cet appareil numérique ne dépasse pas les limites de la classe B au niveau des emissions de bruits radioélectriques fixes
dans le Réglement des signaux parasites par le ministere canadien des Communications.
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