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Thank you, and congratulations on your choice of the SP-808 groove sampler.

Before using this unit, carefully read the sections entitied:
“IMPORTANT SAFETY INSTRUCTIONS” (p. 2), “USING THE UNIT
SAFELY” (p. 3), and “IMPORTANT NOTES” (p. 8, 9). These sec-
tions provide important information conceming the proper operation of
the unit. Additionally, in order to feel assured that you have gained a
good grasp of every feature provided by your new unit, Owner's manu-
al should be read in its entirety. The manual should be saved and kept
on hand as a convenient reference.

About the Symbols in This Manual

Words or symbols enclosed in [square brackets] indicate panel buttons or
controls. For example, [VARI PITCH] signifies the Vari-Pitch button.

*  The explanations in this manual include illustrations that depict what
should typically be shown by the display. Note, however, that your
unit may incorporate a newer, enhanced version of the system (e.g.,
includes newer sounds), so what you actually see in the display may
not always match what appears in the manual.

*  All product names mentioned in this document are trademarks or reg-
istered trademarks of their respective owners.
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The lightning flash with arrowhead symbol, within an

CAUTION equilateral triangle, is intended to alert the user to the

presence of uninsulated “dangerous voltage” within the

product's enclosure that may be of sufficient magnitude to

constitute a risk of electric shock to persons.
CAUTION: TO REDUCE THE RISK OF ELECTRIC SHOCK, The exclamation point within an equilateral triangle is

DO NOT REMOVE COVER (OR BACK). ‘. intended to alert the user to the presence of important

ATTENTION: RISQUE DE CHOC ELECTRIQUE NE PAS OUVRIA

NO USER-SERVICEABLE PARTS INSIDE. operating and maintenance (servicing) instructions in the
REFER SERVICING TO QUALIFIED SERVICE PERSONNEL. fiterature accompanying the product.

r INSTRUCTIONS PERTAINING TO A RISK OF FIRE, ELECTRIC SHOCK, OR INJURY TO PERSONS. J

IMPORTANT SAFETY INSTRUCTIONS
SAVE THESE INSTRUCTIONS

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

1. Read all 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 outlet 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 fall 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.

. This product, either alone or in combination with an amplifier
and headphones or speakers, may be capable of producing
sound levels that could cause permanent hearing loss. Do
not operate for a long period of time at a high volume level
or at a level that is uncomfortable. If you experience any
hearing loss or ringing in the ears, you should consuit an

personnel when:

A. The power-supply cord or the plug has been damaged; or

B. Objects have fallen, or fiquid has been spilled into the
product; or

C. The product has been exposed to rain; or

D. The product does not appear to operate normally or
exhibits a marked change in performance; or

audiologist. E. The product has been dropped, or the enclosure
. The product should 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. Ail 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.
o For the USA

GROUNDING INSTRUCTIONS

This product must be grounded. If it should malfunction or breakdown, grounding provides a path of least resistance for

electric current to raduce the Tisk of electric shock:
This product is equipped with a cord having an equipment-grounding conductor and a grounding plug. The plug must be
plugged into an appropriate outlet that is properly installed and grounded in accordance with all local codes and ordinances.

DANGER: Improper connection of the equipment-grounding conductor can resuit in a risk of electric shock. Check with a
qualified electrician or serviceman if you are in doubt as to whether the product is properly grounded.
Do not modify the plug provided with the product — if it will not fit the outlet, have a proper outlet installed by a qualified

electrician.
\. J

s For the U.K.ﬂ

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 terminais in your plug, proceed as foliows:
The wire which is coloured GREEN-AND-YELLOW must be connected to the terminal in the plug which is marked by the
letter E or by the safety earth symbol@or coloured GREEN or GREEN-AND-YELLOW.
The wire which is coloured BLUE must be connected to the terminal which is marked with the letter 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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USING THE UNIT SAFELY

L INSTRUCTIONS FOR THE PREVENTION OF FIRE, ELECTRIC SHOCK, OR INJURY TO PERSONS |

About A WARNING and A CAUTION Nofices About the Symbols
Used for instructions intended to alert The /A symbol alerts té\; user to important instructions
the user to the risk of death or severe or warnings.The specific meaning of the symbol is
AWARNING | ;. hould  th S b e /\ |determined by the design contained within the
injury sho e unit be wused C W
improperly. triangle. In the case of the symbol at left, it is used for
general cautions, warnings, or alerts to danger.
Used for instructions intended to alert The @ bol alerts th To items that "
the user to the risk of injury or material b € .s(}iim ol a'e f bgdtéser QI‘;\ems ci%i mt{\lsin net‘l',xei
damage should the unit be used e carried out (are forbidden). The specific g ha
. 1 ) | must not be done is indicated by the design contained
/\ CAUTION mproperly. within the circle. In the case of the symbol at left, it
* Material damage refers to damage or means that the unit must never be disassembled.
other adverse effects caused with The @ symbol alerts the user to things that must be
respect to the home and all its carried out. The specific thing that must be done is
furnishings, as well to domestic e indicated by the design contained within the circle. In
animals or pets. the case of the symbol at left, it means that the power-
cord plug must be unplugged from the outlet.
------------------------------------- ALWAYS OBSERVE THE FOLLOWING ---------------nmmemmoomoomomomooeoees
| AWARNING | A\ CAUTION ]

Before using this unit, make sure to read the instruc-
tions below, and the Owner’s Manual. L j \

Do not open or perform any internal modifications
on the unit.

Make sure you always have the unit placed so it is
level and sure to remain stable. Never place it on
stands that could wobble, or on inclined surfaces.

Avoid damaging the power cord. Do not bend it ®
excessively, step on it, place heavy objects on it, etc.

A damaged cord can easily become a shock or fire
hazard. Never use a power cord after it has been
damaged.

In households with small children, an adult should
provide supervision until the child is capable of fol-
lowing all the rules essential for the safe operation of
the unit.

Protect the unit from strong impact.
(Do not drop itf)

ZAN

Do not force the unit’s power-supply cord to share ®
an outlet with an unreasonable number of other
devices. Be especially careful when using extension
cords—the total power used by all devices you have
connected to the extension cord’s outlet must never
exceed the power rating (watts/amperes) for the
extension cord. Excessive loads can cause the insula-

tion on the cord to heat up and eventually melt
through.

Before using the unit in a foreign country, consult
with your retailer, the nearest Roland Service Center,
or an authorized Roland distributoz, as listed on the

¢ Always grasp only the plug on the power-supply
cord when plugging into, or unplugging from, an
outlet or this unit.

¢ Try to prevent cords and cables from becoming
entangled. Also, all cords and cables should be
placed so they are out of the reach of children.

* Never climb on top of, nor place heavy objects on the ®
unit.

» Never handle the power cord or its plugs with wet (.%
hands when plugging into, or unplugging from, an Q‘-"»
outlet or this unit.

« Before moving the unit, disconnect the power plug
from the outlet, and pull out all cords from external
devices.

» Before cleaning the unit, turn off the power and
unplug the power cord from the outlet (p. 20).

» Whenever you suspect the possibility of lightning in
your area, pull the plug on the power cord out of the
outlet.
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IMPORTANT NOTES

In addition to the items listed under “IMPORTANT SAFETY INSTRUCTIONS” and “USING THE UNIT SAFELY” on pages 2

and 3, please read and observe the following:

Power Supply

* Do not use this unit on the same power circuit with any
device that will generate line noise (such as an electric
motor or variable lighting system).

* Before connecting this unit to other devices, turn off the
power to all units. This will help prevent malfunctions
and/or damage to speakers or other devices.

Placement

« Using the unit near power amplifiers (or other equipment
containing large power transformers) may induce hum. To
alleviate the problem, change the orientation of this unit; or
move it farther away from the source of interference.

* This device may interfere with radio and television recep-
tion. Do not use this device in the vicinity of such receivers.

¢ Observe the following when using the unit's Zip disk
drive. For further details, refer to “Before Using Zip Disks.”

* Do not place the unit near devices that produce a strong
magnetic field (e.g., loudspeakers).

* Do not move the unit or subject it to vibration while the
drive is operating.

* Do not transport the unit with the Zip disk left inserted
in the drive.

* Do not expose the unit to direct sunlight, place it near
devices that radiate heat, leave it inside an enclosed vehi-
cle, or otherwise subject it to temperature extremes.
Excessive heat can deform or discolor the unit.

Maintenance

* 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 cloth impregnated with a mild,
non-abrasive detergent. Afterwards, be sure to wipe the
unit thoroughly with a soft, dry cloth.

» Never use benzine, thinners, alcohol or solvents of any
kind, to avoid the possibility of discoloration and/or defor-
mation.

Disclaimer of Liability

* Roland assumes no liability for any loss of user data, irre-
spective of cause, and shall not be held liable for damages,
including compensation, for any direct or indirect loss suf-
fered by the user. A backup of your disk includes your
important data or sounds should be periodically created.

Additional Precautions

» Use a reasonable amount of care when using the unit’s but-
tons, sliders, or other controls; and when using its jacks
and connectors. Rough handling can lead to malfunctions.

* Never strike or apply strong pressure to the display.

« When connecting/disconnecting all cables, grasp the con-
nector itself—never pull on the cable. This way you will
avoid causing shorts, or damage to the cable’s internal ele-
ments. ‘

e A small amount of heat will radiate from the unit during
normal operation.

To avoid disturbing your neighbors, try to keep the unit’s
volume at reasonable levels. You may prefer to use head-
phones, so you do not need to be concerned about those
around you (especially when it is late at night).

» When you need to transport the unit, package it in the box
(including padding) that it came in, if possible. Otherwise,
you will need to use equivalent packaging materials.

Before Using Zip Disks
Handling the Zip Disk Drive

¢ Install the unit on a solid, level surface in an area free from
vibration. Installing the unit at an extreme angle may result
in malfunction or damage to the Zip drive.

Avoid using the unit immediately after it has been moved
to a location with a level of humidity that is greatly differ-
ent than its former location. Rapid changes in the environ-
ment can cause condensation to form inside the drive,
which will adversely affect the operation of the drive
and/or damage Zip disks. When the unit has been moved,
allow it to become accustomed to the new environment
(allow a few hours) before operating it.

® When inserting a disk into the Zip disk drive, be sure to
insert it all the way in. If the disk should become stuck
when you attempt to remove it, do not attempt to use force.

Do not insert any type of disk other than specified Zip
disks.
« Remove any Zip disk from the drive before powering up or
down.

« To prevent damage to the Zip disk drive’s heads, always
try to hold the Zip disk in a level position (not tilted in any
direction) while inserting it into the drive. Push it in firmly,
but gently. Never use excessive force.

Handling Zip Disks

* A Zip disk is storage media composed of a cartridge con-
taining a magnetized metal disk. Microscopic precision is
required to enable storage of large amounts of data on such
a small surface area. To preserve their integrity, please
observe the following when handling Zip disks:

* Do not open the disk’s shutter and touch the magnetic
surface or insert foreign objects.

» Do not use or store Zip disks in dirty or dusty areas.

¢ Do not store Zip disks in direct sunlight or in humid
places such as the inside of closed automobiles (storage
temperature: "22~751°C, humidity: 10-90%).



IMPORTANT NOTES

* Do not expose Zip disks to magnetic fields, such as those
generated by loudspeakers.

¢ The identification label should be firmly affixed to the disk.
Should the label come loose while the disk is in the drive, it
may be difficult to remove the disk.

* Put the disk back into its case for storage.

» Zip disks feature no tabs, such as those on floppy discs,
used to prevent accidental erasure of data. When neces-
sary, use the Protect function (for songs, — p. 72; for banks,
- p. 138) to protect data.

Precautions for Use
with the SP-808

* In the following situations, do not turn off the power to
the unit.

* When the disk indicator is flashing (such as during sam-
pling)

¢ When the message “KEEP POWER ON!” appears in the
display

¢ When a bar graph showing the progress of processing
appears in the display

In the above, data is being written to the disk or to flash

memory. Turning off the power in such instances damages

the data in the SP-808 or on the disk is damaged, after

which it cannot be recovered. This may also result in dam-
age to equipment.

Data recorded on Zip disks may be lost as a result of dam-
aged equipment, operational mistakes, or other similar
causes. Furthermore, Zip disks have a limited period of
use, so using a disk continuously for long periods may
result in the loss of data on the disk. Always make backup
copies of important data (such as works used commer-
cially) to protect the data.

Recording (or sampling), public performance, broadcast, or
any other use of copyrighted CDs, records, tapes, images,
broadcasts, or performances without consent of the copy-
right holder is prohibited by law. Roland Corporation shall
not be held liable for any violation of copyright that users
may commit through the use of the SP-808.

The SP-808 does not feature SCMS. This is because the SP-
808 was designed solely for the creation of music without
the addition of further limitations, including those on digi-
tal connections for the recording of non-copyrighted works
(such as users’ own original works). Do not use the SP-808
for violating copyright laws.

SCMS (Serial Copy Management System)

This is a function for the protection of copyrighted works
on MD players and other commercial digital audio
devices. Copies made using digital connections are limit-
ed to second generation copies.

¢ If no processes involving the reading or writing to the disk
in the internal Zip drive are performed for 30 minutes, the
SP-808 automatically goes into sleep mode. This function
helps extend the useful life of Zip disks inserted in the SP-
808. In Sleep mode, the internal disk stops rotating, and the
SONG POSITION display appears as shown below.

d5c SLEEP ..

If an operation requires the reading and writing of data,
first return to the normal operating status. It takes about
two to three seconds to do this.

Do not strike the pads (1-16) forcefully (there is no function
detecting different degrees of striking force). Hitting the
pads with more force than is necessary may case cause
malfunctioning or damage to the pads or drive.

* The demo songs and samples on the disk that is included
with the SP-808 have the Protect feature (preventing acci-
dental erasure — p. 72, 138) applied. If after removing this
protection changes are then made to a song or sample, the
condition of that data as it was when the unit was shipped
from the factory cannot be restored.

At most, the SP-808 can play a total of four song playback
and pad (sample) sounds simultaneously (regardless of
whether these sounds are in sterec or monaural). When a
song is stopped, a total of four pads sounds can be played.
However, when Track Voice Reserve (p. 137) is on, the
number of pads sounds that can be played may be more
limited.

When using MIDI to control the SP-808, you can use an
external keyboard as you would a drum sound device,
with each key being assigned a single sample (pad). As
with Roland’s S Series samplers and general MIDI sound
generators, keyboards cannot be used to play these sounds
according to musical scales.

* You can record while using Vari-Pitch (p. 39). This allows
an effect similar to that of changing the tape speed on a
multi-track recorder. However, when the sampling rate is
set to 44.1 kHz, the Vari-Pitch cannot be adjusted upwards.

The D Beam Controller may not function properly in the
following types of environment. Determine beforehand
whether or not the D Beam Controller can be used in these
places.

" » In places where there is strong direct sunlight
* In places where fluorescent lamps are very close.

» In situations where there is an extreme amount of smoke
(such as is used to create a stageless effect)

* In places where objects in the vicinity interfere with the
sensor such that the sensor indicator remains lit even
after the sensitivity is adjusted (p. 31).

The D Beam Controller is provided under license from
Interactive Light, Inc.
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What is Sampling? About the SP-808

Sampling is the conversion of analog audio signals to
numerical values, and the subsequent recording of these
values. As a musical instrument, a sampler converts
audible sounds into digital data, and stores the data in
semiconductor memory. It also plays back such sounds
when requested to do so by the performance data.
Initially, memory for samplers was very expensive, so
samplers could not be supplied with large amounts of
memory. Since long samples were not possible, only
short segments of musical instrument sounds could be
sampled and played on a keyboard. Samplers were used
mainly for things like taking a one-note sample of a
trumpet, then getting a realistic-sounding trumpet sound
when playing on a keyboard; or for sampling an orches-
tra hit sound, and playing it back in one shot.

What is “Phrase Sampling?”

In recent years, in keeping with the ever-increasing pop-
ularity of personal computers, the price of computer
memory has dropped tremendously. This has allowed
samplers to be equipped with large amounts of memory,
making much longer samples possible. Phrase sampling
uses lengthy samples and stores them as performance
phrases. Today, one of the most common ways of creat-
ing music is to loop sampled phrases, then use
sequencers to combine the different parts.

To put together an accompaniment (backing track) with
a new groove, you can sample phrases from a drum pat-
tern (break beat), or bass pattern that has a groove you
like, change the tempo (in beats per minute) or pitch of
the phrase, and alter the feel by changing the sound
using equalization, or by applying effects.

Then, after adding vocals or rapping, or by playing
instruments along with it, you've created an original
tune. Using phrase sampling in this way to create music
(something which originated with hip-hop, house, and
other kinds of dance music) is a method that has now
spread to popular music in general.
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The SP-808 Groove Sampler represents a new concept in
sampler /recorders based on the use of phrase sampling.
It comes equipped with all the functions you need for
creating and performing songs. Using Zip disks for stor-
age provides memory capacity unthinkable with previ-
ous samplers, allowing the realization of extended sam-
pling times. You can use phrase sampling without hav-
ing to worry about how much memory remains, in cir-
cumstances that allow you to have numerous samples
ready to play immediately. You can also use other sam-
ples the moment you insert a different Zip disk. The SP-
808 is also fully equipped with “time stretch” function
and effects such as vintage device emulation to process
samples. Using the samples you have put together, you
can compose backing tracks with the SP-808s four-track
stereo digital recorder, and record vocal, rap, and instru-
ment performances as well. You can enjoy using a vari-
ety of editing features that are included—many of which
are unavailable on tape recorders.

Rather than simply playing back finished pieces, you can
now experience interactive, real-time performances when
playing back works you've created, by pressing the pad
to play back the sounds, and using the D Beam
Controller.

The SP-808 brings these functions together organically,
resulting in a musical composing environment never
before available. We hope you enjoy using the SP-808
fully and create your own new music.



Chapter 1 Introduction: Let's Make Some Sounds

What the SP-808 Can Do (Applications and Features) |

The SP-808 accesses its internal Zip drive directly, allowing up to approximately 64 minutes of high-
quality sound recording and samples (at a mono sample rate of 32 kHz; "Main Specifications” on p.
177).

Full use of stereo sampling and resampling of the Master Out (p. 49).

You can play samples instantly with the 16 pads (p. 35).

You can freely expand (stretch) sample length (playback time) without changing the pitch (p. 52).
You can arrange and edit stereo samples on four tracks and easily create songs (p. 60).

Just as with a multitrack tape recorder, you can record directly to the tracks and bounce (ping pong)
material recorded to the tracks as well (p. 74).

Mixing is easy with the SP-808's stereo two-input, four-track mixer (p. 91).

The SP-808's effects make use of 20 unique algorithms, such as virtual analog synth and tape
echo (p. 97).

The dedicated three effects knob, allows speedy tone changes (p. 28, 128).

You can use the built-in Step Modulator to control effects allows you to have effects change rhyth-
mically (p. 131).

You can use the D Beam Controller which detects hand or other motion, to control pitch and tone
changes (p. 30, 129).

With the optional SP808-OP1 Multi-//O expansion installed, an external Zip drive connector for back-
ing up data, direct out jacks for each track and digital in and out connectors (optical and coaxial) can
be added (p. 145).

11
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P

anel Descriptions

INPUT MIC, INPUT LINE, INPUT AUX

-> Input Sensitivity Knobs (MIC, LINE, AUX)

These are used to set the basic levels for each input. Set
the levels so that the “IN” bar meters in the Level Meter
screen (p. 21) do not go over the dotted line in the upper
part of the screen. You can also cut off (mute) signal by
rotating the knob completely to the left.

PHONES
- Headphone Knob
Adjusts the headphone volume.

Display
Shows various information depending on the particular
operation being performed.
Whenever the power is tumed on, the Level Meter screen

is shown first. Different screens are displayed with each
function that is called up.

Displays at the very top are {from left to right} the cur-
rent song position (measure, beat, and tick) and time
(hour, minute, second, and frame), tempo (in beats per
minute or BPM), sample rate (32 = 32 kHz, 44 = 44.1
kHz), song number, and pad bank number.
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4

LOCATOR
-> LOCATOR

With the four LOCATOR buttons, you can register up to
eight points in a song for later recall. (For directions on
how to record and delete locate points, please refer to p.
32.) By pressing each button, you can move instantly to
that button’s preset position. Additionally, you can use
these locate points to define regions for automatic Punch-
In and Punch-Out Recording (p. 66, 76).

Holding down [SHIFT] and pressing [CLEAR] changes the

5

display to the Mixer View screen (p. 22).

STATUS
=> Track STATUS Buttons

Determine the status including record, playback, and
mute for each of the tracks. The status switches as shown
below each time the button is pressed.

Normal: PLAY (green) ~ MUTE (off) = RECORD (red)

When audio recording (p. 74) is selected, tracks can also be

selected as BOUNCE source tracks (orange).

Note that you cannot be switched to red when one of
other tracks has already been selected as RECORD desti-
nation (red).

When the Pad Sampling screen is displayed, the
sequence is as follows:

MUTE (off) =~ SAMPLING (orange) ~+ PLAY (green)

When in the Play List screen (p. 22), holding down

6

[SHIFT] while pressing [STATUS] selects and deselects
that track as the target track when specifying a region or
when setting Phrase Markers.

EFFECTS
-3 Channel EFFECTS Buttons
With the internal effects in the Send/Return position (p.

97), signals sent to effects can be turned on and off (the
indicator is lit when turned on).

When the effects are in the Channel Insert position, you
can have the effects turned on and off for selected chan-
nels only.

When the effects are in the Master Insert position,
Turning on/off of all buttons are synchronized.

(NOYE> Depending on the function assigned to the fader (indicated

by whether or not the “PAD” indicator is on), the button
for the MIC/LINE Channel works as the EFFECT button
for either the pad sound or the mic or line input signal.

When this is pressed while [SHIFT] is held down, the

screen for each type of setting for that channel (equalizer,
left-right balance, effect send level, etc.) is called up.
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7 DIsK

~» Disk Indicator

Lights when the internal Zip drive is accessed. (If the
optional SP808-OP1 Multi-I/O expansion is installed,
this also lights when an external Zip drive is accessed.)

PLAY
~» PLAY Button

These four basic screens of three types (Level Meter (two
types), Play List, and Big Time — p. 21) are called up and
switched in sequence.

Holding down [SHIFT] and pressing [PLAY] changes the
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display to the Contrast Setting/Information screen (p. 22).

(PREVIEW) SCRUB
-» SCRUB PREVIEW Button

When set to “On,” a very short segment of the song lead-
ing up to (or starting from the) current position is played
back repeatedly. Using this in conjunction with the
VALUE/TIME dial allows you to get an authentic-feel-
ing scrub (manually rotating a reel of analog tape to cue
to the beginning of a song or other position on a tape —~
p- 33 for more detailed information).

10 (PREVIEW) TO

= PREVIEW “to Now” Button

Each time this button is pressed, a very short segment of
the song leading up to the current position is played.
Pressing the button while [SHIFT] is held down changes
the action to a “From Now” function, whereby a very
short segment of the song is played starting from the cur-
rent position (~ p. 33 for more on settings during play-
back).

This is a convenient function for even greater precision in
checking and adjusting the current position of the song.

11 MUTE

-» MASTER OUT MUTE Button

This temporarily mutes the output of the MASTER OUT
only.The button switches to the light on and off alter-
nately when it pressed each time.; the sound is muted
while the button is illuminated (however, AUX output
and the signal to the headphones are not muted).

When pressed with [SHIFT] held down, the screen for
settings related to the total mixer section and the effects
position is called up.

12 A/B,CD

-> TRACK Faders

These control each track’s volume level. When tracks are
being recorded to (when the indicator lights red), the
faders adjust recording monitor volume.

13 MIC/LINE (PAD)

-» MIC/LINE Fader (PAD Fader)

Adjusts the input levels (from LINE IN and MIC IN).
Depending on the settings, it can also function as the
playback volume level fader for pad samples. This is pre-
set at the factory to the latter (the PAD indicator is lit (p.
75)). The shortcut operation to switch is pressing the
[SCRUB] while [SHIFT] being held down.

In either case, this fader has no effect on the signals from

AUXIN.

14 MASTER

-» MASTER Fader

Adjusts the overall volume (the signal level from the
MASTER OUT).

This fader has no effect on the signals from AUX IN.

13
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151617
I

15~17 EDIT
-3 Button Group For Calling Up Edit Condition

Call up the screens in which each type of editing function
and parameter is set.

15 SONG/TRACK

-» SONG/TRACK Edit Button

Calls up the Edit and setting menu for songs and tracks.
(Pressing [PLAY] returns one of the basic screens to the
display.) Press [ o ] or [ » ] to select menu items then
press [ENTER/YES] to set the selection. When it pressed
while [SHIFT] being held down, this button switches the
MTC synchronization (p. 153) between master and slave.

16 SYSTEM/DISK
-> System Settings/Disk Function Button

Calls up the system- or disk-related function and settings
menus. {Pressing [PLAY] returns one of the basic screens
to the display). Press [ a ] or [ w ] to select menu items
then press [ENTER/YES] to set the selection.

17 SAMPLE/BANK
-> SAMPLE/BANK Settings Button

Calls ﬁp the menus for sample processing and editing as
well as for pad- and pad bank-related editing and set-
tings menus. (Pressing [PLAY] returns one of the basic

14

screens to the display.) Press [ a ] or [ + ] to select menu
items then press [ENTER/YES] to set the selection.

18 (QUICK EDIT) SAMPLE

By pressing these buttons (alone or while holding down
[SHIFT]), you can jump directly to the settings screen for
specific samples. The two buttons call up the four follow-
ing functions.

TRIM: Sets the points where a sample’s sound
starts and stops.

LEVEL: Sets the sample volume level.

STRETCH: Stretch (expand/compress) the time of the
sample.

PITCH: Changes the pitch only.

19-20 (QUICK EDIT) PLAY LIST

The two buttons below are for performing edit opera-
tions in the Play List screen.

19 REGION IN/OUT

-> Region Designation Button

In the Play List screen (p. 22), this button is used to speci-
fy selected regions of songs (pressing this while in other
screens automatically calls up the Play List). You can
immediately cut and paste specified region by pressing
[SHIFT] while moving the cursor (for directions — p. 82).

20 MARK ON

=> Phrase Specifying (MARK) Button

In the Play List screen (p. 22), this button is used to speci-
fy selected phrases. You can immediately cut and paste
specified phrases by pressing [SHIFT] while moving the
cursor (for directions — p. 83). By pressing this button
while holding down [SHIFT], you can delete Markers
from phrases one by one.

21 EXIT/NO

<> EXIT/NO Button

In screens following menus or in similar circumstances,
press when you wish to exit to a previous screen. When -
messages asking questions are displayed, press this but-
ton to answer “No.”

(Except for the purpose of indicating “No” to direct
questions, this normally serves the function of exiting
from a screen rather than deleting any settings.)

22 -, v, -, -

= Cursor Buttons (Up, Down, Left, Right)

These are used primarily when selecting settings values
(they are also used to switch among the screens in the
composed displays). When pressed while holding down
[SHIFT] in the Play List screen, these are used in editing
selected ranges (p. 84).



23 VALUE/TIME

= VALUE/TIME Dial

Change the settings for items selected with the cursor or
by other means. In screens that do not feature numerical
values or other settings (for example, the Level Meter
screen and Play List screen (p. 21)), this is used to move
the current position forward and back within the song. In
regular conditions, rotating the dial moves the position
in increments of one beat; when rotated while holding
down [SHIFT], the position is moved in units of one tick
(1/96 of a beat).

To move in units of measure, press [ «ajor [w»].

24 SHIFT

-» SHIFT Button

Pressing this in conjunction with other buttons changes
the other buttons’ functions. When a button is pressed
while [SHIFT] is held down, the function or screen print-
ed in the box below the button is selected.

25 UNDO/REDO

= UNDO/REDO Button

Undoes previous recording, processing, or editing opera-
tion (and returns the song to conditions prior to the oper-
ation). The button is operational only when it illuminat-
ed. Pressing the button immediately following the undo
operation executes the redo function (re-executes the
undone operation, or “undoes the undo”).

Undo is applies only to the very last performanced

step.

26 FXINFO

-» Realtime Effects Knob Information Button

Calls up the Realtime Effects knob Information screen,
wherein the current effects settings status is indicated by
a knob icon.

Pressing this button while holding down [SHIFT] calls
up the Effects Edit screen (p. 98).

27 ENTER/YES

-» ENTER/YES Button

Select (enter) the menu or execute the functions. When
messages asking questions are displayed, also press this
button to answer “Yes.”

28 VARI PITCH

-» VARI-PITCH Button

Executes the Vari-Pitch function (simulating the tape
speed control on a tape recorder) on the sound being
played back. Vari-Pitch is switched on (the pitch is
changed) and off (normal) alternately when the button is
pressed. Additionally, pressing this button while holding
down [SHIFT] calls up the screen for adjusting the tempo
and the width of the Vari-Pitch.

Let’'s Make Some Sounds

(NOTEY When the sample rate is set to “44” (44.1 kHz), the pitch
cannot be adjusted upward with Vari-Pitch.

Using Vari-Pitch results in a corresponding change in the
song’s playback tempo, lending an effect like that of speeding
up recorded tape. However, changing the playback tempo
does not have a corresponding effect on the Vari-Pitch.

29 [iea]
=» TO TOP Button
Jumps to the beginning of the song. This functions as the
Metronome ON/OFF button while [SHIFT] is held down
{p- 67).

30 [<<][r+]
=>» Measure Increase and Decrease Buttons

Press the [»» ] to advance to the top of the next measure;
press the [ ««] to jump back to the top of the previous
measure. When these buttons are held down continuous-
ly, they function like fast forward and rewind controls
(with no sound produced while in operation).

In the Play List screen, these buttons are pressed while
holding down [SHIFT] to jump from one phrase to the
top or the end of the next (or previous) phrase in
sequence on a selected track.

During Step Recording, [ ««] functions as a Back Step
button (returns you to the preceding step) and [»»]
adds a rest (p. 68).

31 [m]
-» STOP Button

Stops playback (or recording) of the song. It is also
pressed to release the SP-808 from record standby condi-
tion (p. 63, 74). When pressed while holding down
[SHIFT], the Event Step Recording function is selected,
simultaneously calling up that screen (p. 68).

With the Track Voice Reserve function on, when the song
is stopped the STOP button is also used in an auxiliary
capacity for switching [STATUS] (p. 137).

32 [»](PLAYBACK)

- PLAYBACK Button

Starts playback of the song from the current position
(time) in the song. Additionally, pressing this button
starts recording in record standby condition (p. 63, 74). In
Step Recording, pressing this button adds a tie (carrying
a sound from a preceding step over to the following step)
(p. 68). When pressed while holding down [SHIFT], the
Event Realtime Recording function is selected, simulta-
neously calling up related settings items (p. 63).

33 [e]
-» RECORD Button

Pressing this during Track Recording puts the SP-808 in
record standby condition. Pressing [ @] while holding
down [SHIFT] selects Track Audio Recording, simultane-
ously calling up related settings items (p. 74).

15
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(D Beam) PAD TRIG
- D Beam PAD TRIGGER Button

When this is switched on, you can use the movements of
your hand to play samples on specified pads with the D
Beam Controller.

To designate samples to be played {two samples in each
pad bank), with the PAD TRIGGER button held down,
press the two pads one after the other (see p. 30 for more
details).

Pressing this button while holding down [SHIFT] calls
up the screen (SET UP) in which you can make settings
of the D Beam Controller as a whole, such as sensitivity
adjustments.

{D Beam) PITCH
~» D Beam PITCH Down Button

When this is switched on, you can use the movements of
your hand to lower the entire pitch of the system with
the D Beam Controller. The drop in pitch varies with the
distance between your hand and the sensor (see p. 30 for
more details).

36 (D Beam) EFFECTS
=» D Beam EFFECTS Button

When this is switched on, you can use the movements of
your hand to change the effects settings with the D Beam
Controller. The effects that can be changed are the same
as those controlled by the Realtime Effects C5 and C6
knobs (see p. 129 for more details).

37 D BEAM CONTROLLER
- D Beam Controller Section
The sensor on the panel detects the movements of your
hand or other object, and allows you to change the pitch
of the song or samples, achieve continuous changes in

internal effects settings and sound samples assigned to
the pads.

38 (REALTIME EFFECTS) ON/OFF

=» This switches the internal effects on and off (the indi-
cator lights when effects are on). This switch allows you
to turn effects off without making any changes to the
mixer arrangement or Send and Return status.

39 Parameter Row Select Indicator

These indicate which row of items (“a” or “b”; or, upper
or lower), will be controlled by the Effects Knobs.

40 SELECT ROW
- Effect Knob Function Select Button

Pressing this with [SHIFT] held down switches the cur-
rent effects between “a,” general effects patches that may
be freely arranged, and “b” total output isolator and fil-
ter functions (p. 28).

Pressing this button without [SHIFT] selects the row of
effects that the effects knobs act upon, switching between
the upper and lower rows indicated on the panel within
each of the “a” and “b” groups listed above.

41 STEP MOD
-» STEP MODULATOR Button

Controls the Step Modulator (a function that lets you
change effect sounds in rhythm — p. 131). Press the but-
ton to turn the function on and off alternately. Although
depending on the setting, this may also be used for other
operations such as increasing the step one by one.
Pressing this button while holding down [SHIFT] calls
up the screen in which you can make settings related to
the Step Modulator (p. 131).

42 PAD BANK
-> PAD BANK Switch

This calls up the list of the SP-B08's 64 individual pad
banks. Rotate the VALUE/TIME dial to switch the pad
bank to be selected while the screen is being shown.
Press [ENTER/YES] then exit the screen simultaneously
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calling up the selected pad bank.If depress one of the 16 The pads are also used as character keys for entering
pads with [PAD BANK] held down, the pad bank that names (p. 62) for songs, banks, and effects patches.
has same number as the pressed pad is selected.

All samples being played at this time stop sounding, except 48 Zip Drive

for any samples being held. The internal Zip drive.
Before switching the power off, be sure to press the EJECT
43 CLIPBOARD button located below the disk slot and remove the disk.
=» CLIPBOARD Button

Moves (or copys) samples from one pad to another
rapidly. Pressing this button while one of the pads is
held down, temporarily keeps the sample on the {CLIP-
BOARD]. Pressing the button again along with another
pad moves the sample to the new pad.(for more instruc-
tions on other functions, see —+ Copying, p. 56; Deleting,
p- 55; Moving Track Sound to Pads, p. 55).

44 SAMPLING
- SAMPLING Button

Calls up the Sampling screen (p. 43). In that screen, this
button is also used to start and stop the sampling.

You can not press this during any song playing back. When
you sample the sounds from songs to pads, first stop play-
back, press [SAMPLING] and specify the track to be sam-
pled (see — p. 49).

45 HOLD
= HOLD Button

Keeps on playing the sample after you release the pad.
When you are playing a pad sample that is set to stop
playing when it released, but you want the sound to con-
tinue even after you release the pad, press [HOLD] while
pressing the desired pad. Pressing [HOLD] once more
releases the hold, and the selected sample stops playing
(see =+ p. 37).

While hold down [SHIFT] and tap this button repeatedly
along with the desired rate (tempo), that tempo is shown
on the display by BPM unmit (p. 52, 71, 144).

46 Realtime Effects Knobs

Change the effects settings in realtime. Assignings of
effect setting (parameter) to each knob can be stored to
effects patches.

The indicators to the upper left of the effects knobs are lit
when the effects are active at the knobs’ current posi-
tions.

47 1-16
-» Pads (1-16)
You can assign up to 16 samples to these pads. You can
make various settings to each sample (p. 36), such as
whether to have the sample sounded only while the pad
is pressed, or to have the sample play when the pad is
pressed and stopped by pressing the pad again.

17
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49 POWER
-» POWER Switch
Turns the SP-808's power on and off.

Always eject the Zip disk from the drive before
turning the power off. Furthermore, if any changes have
been made to song andfor effects patches, such data also
need to be saved onto the Zip disk before the power is
turned off.

50 ACIN
= ACIN
The AC power cord (accessory) is connected here.

51 MIDIIN, OUT/THRU
- MIDI Connectors

External MIDI devices are connected to these (for more
information on how to do this, see — p. 151).

52 FOOT SWITCH
-3 Foot Switch Jack
The optional DP-2 pedal switch is connected here.
Various operations, including starting and stopping
playback of songs and playing sampled sounds, can be
performed using the pedal switch (for selecting func-
tions, see — p. 139).

53 OUTPUT—AUXL, R
- AUX (Auxiliary) OUT Jacks

The auxiliary output jacks. They are used in sending sig-
nals to external effects devices and in the Pad Cue func-
tion (p. 42). Additionally, with a Multi-I/O expansion
installed you can use these as D-Track direct output jacks
(p. 150).

The volume is determined by the mixer's internal setiings.
It is not changed with the MASTER fader.

54 OUTPUT—MASTER L, R
- MASTER OUT Jacks

The main audio signal output jacks. The MASTER fader
controls the output level.

55 PHONES
- Headphones Jack
Connect stereo headphones to this jack. Depending on
the AUX OUT Jack mode settings, you can select the
sound only from the MASTER OUT, or a mixture of the
sounds from MASTER QUT and AUX OUT (p. 42).

56 INPUT—AUXL, R
- AUX (Auxiliary) IN Jacks
These stereo inputs are used for returning the signals
from external effect or certain other purposes. Based on

settings you can select from the two types of processing
for the input signals as shown below (p. 95).

* The signal is not recorded (always output via the
MASTER OUT).

* The signal is recorded during sampling (or during
audio recording to the tracks).

57 INPUT—LINEL, R
=» LINE IN Jacks
These stereo input jacks are for connecting musical
instruments, CD players, or other similar devices. The

signals from these inputs are recorded during sampling
or recording audio to tracks.

58 INPUT—MIC
- MIC IN Jack
A microphone can be connected here. The signal from
this input is recorded as the source of MIC and LINE
channel sampling or recording audio to tracks. The sig-
nal is fixed to the center position of the stereo panning.

For jack and connector names and functions with the
SP808-OP1 (Multi-I/O Expansion) , see — p. 145.



Connections

Setting Up Connections with Other
Devices for Using the SP-808

The following outlines the minimum setup necessary to
use the SP-808.

e Stereo audio device (such as a keyboard amp, PA sys-
tem, home stereo set, or similar equipment), or stereo

Let's Make Some Sounds

*  Appropriate cable for connecting each device
» Zip disk (accessory)

After obtaining all of the above items connect each
device, referring to the figure below.

To prevent malfunction andfor damage to speakers or other
devices, always turn down the volume, and turn off the
power on all devices before making any connections.

Use commercially available plug or cable adaptors when

headphones connecting devices with standard jacks to the LINE
* Microphone, musical instrument, CD player, or other IN/OUT jacks.
recording source
Power amp Stereo set, efc. Headphones Microphone
' il | B Sound source
to be recorded

| 1, —
% A U e o MASTER, ...

0060000060006 O

A A
J

p——

Seace RO TET Tld

l

to AC
power outlet DP-2 (See p. 139)

VN 2N

esemEmemes

ERES eSS [T 1) s
[t

Effects processor T oo

layer, etc.
When using AUX for sending CD play to
and receiving external effects Sound source
signals to be recorded
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When Connecting an Electric
Guitar or Bass

Due to mismatched impedance (an electrical property),
sound quality may suffer if you connect an electric guitar
or electric bass directly to the SP-808.

Take the following steps if connect it directly.

« Use an external effect that has an electronic On/Bypass
switch (such as one from the BOSS series of effects)
connected between the instrument and the SP-808.

= This type of effect features an input impedance match-
ing that of electric guitars, but uses a relatively low out-
put impedance. This works even in the bypass position
(when no effect is applied).

+ Use a guitar or bass that has an internal preamp, or that
uses active pickups.

- These kinds of guitars and basses feature relatively
low output impedance.

Microphones That Can Be Used
with the SP-808

With a microphone plugged into the SP-808’s MIC jack,
the knob can adjust the input level over a wide range.
Thus, most dynamic or electret condenser microphones
for vocals and instruments can be used.

The INPUT MIC knob setting varies with the type of mic
used. Note if setting the input sensitivity is too high may
result in noise and distortion.

If the following mics connected directly, the SP-808 will not
work properly.
« Professional condenser mics that require phantom power

»  Compact stereo mics that use TRS (tip/ring/sleeve) plugs
(the same kind used with stereo headphones)

«  Mics with extremely low output levels
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Turning the Power On and Off

Once the connections have been completed (p. 19), turn on
power to your various devices in the order specified. By
turning on devices in the wrong order, you risk causing
malfunction and/or damage to speakers and other devices.

Ext. Zip drive (p. 147) ~ SP-808 — MIDI devices — Power amp

Turning the Power On

1. Press the POWER switch.
The power is turned on.

2. When “Please Insert Zip Disk” appears in the display,
insert the accessory Zip disk into the internal drive.
After several seconds, the Level Meter screen will be
appeared in the display. Preparations are completed. At
this time,a previously saved song and the pad bank that
can be selected.

METERID doiandinad doeeas lg
CCHI o I =
ABCD INGdE LR

Channel Meter

When a new Zip disk or a Zip disk that has been used with
another device is inserted, the confirmation message
“...NOT SP-808 Disk.Format Now?" asking whether or
not you want to format the disk appears in the display.
When you press [ENTER/YES], “Format (44.1k:QUICK)
ARE YOU SURE?” is displayed. Press [ENTER/YES]
again at this point, the formatting is executed. Before exe-
cuting the format, you can select the sample rate (44.1 kHz
or 32 kHz) for the disk (p. 24) with the VALUE/TIME dial.
By pressing [ » ], you can also use the dial to select the for-
mat type (p. 24); choose either QUICK or FULL. For now,
let’s go with the QUICK format with a 44.1-kHz sample
rate.

Formatting a disk on the SP-808 erases all of the disk’s con-
tents.

Turning the Power Off

1. Press the EJECT button to eject the disk.

The confirmning procedure of the song saving that fol-
lows “Removing a Disk” described in next item is execut-
ed. After complete this procedure the disk is ejected.

2. “Please Insert Zip Disk.” is displayed, then press the
POWER switch.

This turns off the power.
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Inserting and Removing a Disk

When inserting a disk, gently insert the disk directly into
the drive and make sure the disk is not reversed.
Use the following procedure when removing disks.

Ejecting the Disk After Saving Changes to (Overwriting) Songs

1. Press the round EJECT button located to the lower
right of the disk slot.

zipe %r@

“Save Current Song? (Overwrite Only.)” appears in the
display.

2. Press [ENTER/YES).
After the overwritten song is saved, the disk is ejected.

Ejecting the Disk Without Saving Songs

1. Press the round EJECT button located to the lower
right of the disk slot.

“Save Current Song? (Overwrite Only.)” appears in the
display.

2. Press [EXIT/NO].
“Eject, (Not Saved) ARE YOU SURE?” appears in the dis-
play.

3. Press [ENTER/YES] and the disk is ejected.
Pressing [EXIT/NOYJ cancels ejection of the disk.

The save process that is performed when ejecting disks is
limited to overwriting (changes made to the same song). If
you want to save the current song as a separate song, or if
you want to change the song name carry out the Song Save
procedure (p. 72) before ejecting the disk.

The necessity of saving effects patches is not confirmed
when the disk is ejected. Use the effect patch Save procedure
(p. 100) when saving data as an effect patch.

Changing the Shading of the
Display (Contrast Setting)

The display contrast will be changed depending on the
temperature as well as with the angle of viewing. Use the
following procedure to adjust the contrast of the screen if
viewing becomes difficult.

Adjusting the Contrast

1. Hold down [SHIFT] and press [PLAY] to call up
“CONTRAST/ANFO” screen.

2. Rotating the VALUE/TIME dial changes the screen
contrast; set the value appropriate for the best view-
ing (in a range from 1-16, with 16 providing the
greatest screen contrast).

3. Press [EXIT/NO].
You are returned to the basic screen.

This setting is saved automatically when the disk is ejected
(or at other appropriate times), and is retained even while
the power is off.

Calling Up and Switching the Basic
Screens (Level Meter, Play List, Big Time)

The SP-808's basic screens are called up by pressing
[PLAY] at the bottom of the display. The basic screens
include the following (four) screens of three types, and
each one can be switched in sequence by pressing
[PLAY].

The Level Meter Screen

This consists of two separate screens, one is displays the
group of track and mic/line channel meters, and the
other one is the AUX In/Out meters (Press [PLAY] to
switch the screens). When recording audio signals to
tracks, the meters indicate the track recording levels. In
the AUX Meter screen, also “Fx” indicates the effects
send level when the internal effects are in the
Send/Return position (p. 93).

METER
[AUX]

AUX Meter

- Immediately after the power is turned on, the Track
and Mic/Line Channel Meters screen is displayed.

21
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Play List Screen Contrast Setting and Information Screen

In this screen, you can check the phrases recorded onto = To call up this screen, hold down [SHIFT] and press
the tracks by looking at their position and length within [PLAY].

boxes (rectangles). The screen contrast can be adjusted with the
The dotted vertical lines on the screen indicate bars. VALUE/TIME dial. This screen is also used for checking

the currently selected song name (SNG), pad bank name
(BNK), recording time remaining (Remain), and the
amount of memory remaining to make song (SngData).

The area indicated on the screen can be widened by
pressing [ ~ ] and narrowed by pressing [ = }.

You can also specify desired intervals by pressing

[REGION IN/OUT] or [MARK ON]. The selected inter- All items in this screen other than contrast can only be
val can then be pasted or deleted with one touch (p. 82, confirmed, not adjusted. As for changes to each of the
84). other items, change song names when carrying out the

Save procedure (p. 72) or in the Edit screen and change
pad bank names in the Bank Edit screen (p. 138).

Change the width of the Vari-Pitch in the BPM Tune
£ BNON screen (p. 39).

Tw5EL = —==
L 3 .C athas - =;=2:
4k ]l I e ) O —

I HFE2MAET IO ’E@ﬂ
Big Beat #Z2112Im49:s

EﬂﬂHar‘d Irums
DisF Contrast PRl 97%

LT Time Screen

In this screen, the indicated location in the song (the song
position) that usually appears in small characters at the

very top of other screens is expanded to fill the entire
display. The units indicated can be switched according to Ixer view screen

your needs (p. 31, Measure/Beat/Tick or Hour/Minute = To call up this screen, hold down [SHIFT] and press
/Second /Frame). When performing on darkened stages the Locator {CLEAR].

or in other such situations, using this screen makes the You can check the mixer settings represented graphically
time display easier to see. in this screen and also make rough adjustments to set-

tings. You can confirm the left-right balance, the sent level
to AUX OUT and the internal effects of each of Track A-D
and the input channels. Furthermore, by pressing [ ] or
|'1E|=|: E.EHT TII b [ = ] to move the arrow ( A ) at the bottom of the screen

and rotating the VALUE/TIME dial, you can work the
controls for each of these parameters to change their set-
/96 tings. For more precise settings, hold down [SHIFT] and
press [EFFECTS] for each channel to call up the settings

screen for each individual channel.

Pressing [PLAY] returns to the basic screens on the display.

Other Information Screens

(Contrast/Info and Mixer View) L-ROETOETO QIO TIG
Besides the basic screens, there are two other screens that AUX ﬁ{ “I ﬂ'l ’{ e'l
provide the following basic information (pressing FX11 218 94O il

[PLAY] while in either of these screens returns to the L

basic screens described above to the display).

ol
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If an Unfamiliar Screen Appears
(How to Return to the Basic Screens)

While you're still not that familiar with the operation of
the unit, you could easily wind up in an unfamiliar
screen. In such instances, you can press [PLAY] to return
to one of the basic screens (the one most recently select-
ed).

About the internal Zip Drive

The SP-808 uses 100-megabyte Zip disks. Zip disks,
while featuring high-speed access and high-capacity
storage, can also be exchanged instantly, just like floppy
disks. The SP-808 makes use of this feature, using virtual
memory sampling technology for direct disk access, and
expression of sounds.

XE) “Zip” is a trademark of Iomega Corporation (U.S.A.).

Before turning off the SP-808’s power, always make sure to
follow the correct procedure for removing the disk (p. 21).

Never move the SP-808, nor subject it to physical shock or
vibration with a disk inserted in the drive.

As with personal computers and similar devices, turning
the power off while data is being written to disk will result
in the loss of data. Be careful not to allow the power cord to
become accidentally disconnected, and take care to prevent
similar accidents.

(NGTE) Never turn the power off while the message "KEEP
POWER ON!" appears in the display, even if the disk drive
does not seem to be in operation. Switching the power off
while this message is displayed will cause system settings
and all effects patches to be lost.

Concerning Zip Media That Can
Be Used by the SP-808

The SP-808 uses only commercial Zip system disk media
specified as “Zip 100.”

Da not forcibly insert incompatible media into the disk
drive—doing so may result in damage to the unit.

If a Zip disk that has been used with personal computers
or other devices is inserted into the SP-808's drive, the
confirmation message “..NOT SP-808 Disk. Format
Now?” asking if you wish to format the disk for use in
the SP-808 appears in the display. Press [ENTER/YES] at
this point, the SP-808 proceeds to format the disk. Note
that in this case, all contents of the disk are permanently
lost. (After formatting, the disk may then be used in the
SP-808.)

While the entire contents of disks cannot be protected (from
accidental erasure) on the SP-808, you can set protection
for songs (p. 72) and pad banks (p. 138).
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Preparing New Zip Disks for
Use (Format Disk)

In order to use a Zip disk with the SP-808, first the disk
must be formatted. When a new Zip disk (or a Zip disk
that has been used in another device) is inserted, the
screen for the formatting procedure is called up (p. 20).

When a disk is formatted, all contents on the disk

are permanently lost.

If you want to initialize a disk (completely erasing all
contents) that has already been used with the SP-808,
reformat the disk using the following procedure.

Reformatting Disks

1.
2,

7.

8.

Press [SYSTEM/DISK].

Press [ o ] or [ »] to select “Format Disk?” and
press [ENTER/YES].

Press [ o ] or [ + ] to select “SamplingRate?” (sam-
pling rate—details follow).

Rotate the VALUE/TIME dial to select either “44.1” or
5532'"

Press [ o ] or[ + ] to select “Format Type.”

Rotate the VALUE/TIME dial to select either “QUICK”

or “FULL.”

QUICK: This executes a process that only logically voids
the data on the disk. This allows the formatting
to be accomplished quickly. This method is usu-
ally selected.

FULL: This process physically erases all data sectors on
the disk, completely clearing the disk. This
increases the reliability of disks, particularly
those that have been used previously on other
equipment. FULL formatting takes about 10
minutes to complete.

Press [ENTER/YES].

“Erase ALL data, ARE YOU SURE?” appears in the dis-
play.

Pressing [ENTER/YES] again executes the formatting.

With the 5P808-OP1 (optional expansion » see p.
145) installed in the SP-808
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When an external Zip drive is not connected,
“TargetDrive” which appears in the top of the screens
displayed after Step 3, is usually fixed at “INTERNAL”
(internal drive). When an external Zip drive is connected,
this may change to “EXT.ID5” or indicate another drive
(this number indicates the SCSI-ID: — see p. 148).

Even when the disk designated for formatting is in an
external drive, the procedure is basically carried out the
same way (however, when there is no disk placed in the
drive, the message “Can’t Execute.(No Disk.)” appears

on the screen).

Setting the Sample Rate

In general, a higher sample rate gives you playback
with better fidelity sound with extended high range.
Conversely, selecting a lower sample rate makes it possi-
ble to get longer recording and playback times with the
same amount of memory (although there are cases in
some musical styles where a lower sample rate is chosen
intentionally with the aim of a blurring the high end or
achieving some similar change in the sound quality).

With the SP-808, you can select from two sample rates:
44.1 kHz (suitable for CDs and MDs) and 32 kHz.
However, this setting can only be made when the disk is
formatted (previous section). Furthermore, only one sam-
ple rate can be selected for use on any one disk. Data with
differing sample rates cannot be resided on the same disk.

The amount of variation available with the Vari-Pitch func-
tion (p. 39) also changes with the sample rate. When 44.1
kHz is selected as the sample rate, the pitch can be adjusted
within a range of 18.1%-100% (although the pitch can be
adjusted downward only); when the sample rate is set to 32
kHz, the pitch is adjustable in a range of 25.0%-137.8%
(adjustment both upwards and down is possible).

The sample rate is usually indicated where “kHz" is

located in the upper part of the display. “44” indicates
44.1 kHz, and “32” indicates 32 kHz.

Technical Note

The sample rate, also referred to as the sampling fre-
quency, denotes the processing of sound in kilohertz
(kHz). In the digital conversion of analog signals (such as
audio signals), this numerical value indicates the number
of times per second the sound is digitally encoded. For
example, at a sample rate of 32 kHz, the sound is digital-
ly encoded 32,000 times each second, and the numerical
value each time the sound is encoded is then recorded to
memory (on the SP-808, it is recorded to the Zip disk).

Maximum Sampling Times and Data
Storage Available on Zip Disks

The following indicates the maximum total recording
time, including sampling to pads, direct recording to
tracks, etc., available with Zip disks (stereo recording
consumes as twice much as monaural recording time).

At a sample rate of 44.1 kHz: Approximately 46 minutes
At a sample rate of 32 kHz:  Approximately 64 minutes
Maximum number of samples: 1,024 (16 pads x 64 pad banks)

Arranging samples (phrases) in a song also consumes
song data memory which differs from audio wave mem-
ory. The following indicates the maximum memory allot-
ted for any one song; this figure cannot be exceeded.
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With each “press and release” of a pad constituting one
“event”, one song (with a total of four tracks) can record
approximately 2,000 events.

Up to 64 songs can be recorded to one disk.

Maximum data capacity may vary somewhat depending on
conditions. Besides these events on tracks, mixer settings
and settings related to MIDI synchronization are also
included in songs.

In addition, 99 User effects patches can also be saved to
disks (whereas the display contrast and other settings
related to the overall system are automatically stored
internally by the SP-808).

Technical Note

The SP-808 employs Roland’s original audio encoding
technology “R-DAC,” which allows extended recording
and playback times while keeping high sound quality.
Moreover, since it is engineered to share sonic wave-
forms as much as possible (for example, no new wave-
form is created when a measure is simply copied), you
can actually record and play back much longer songs
than the recording times mentioned above would indi-
cate.

Checking the Remaining
Memory on Zip Disks

To check the amount of recording time left on the disk,
hold down [SHIFT] and press [PLAY] to call up the
Information screen.

Here, along with such information as the song name, you
can check the amount of time (Remain), in minutes and
seconds, that remains available for recording (the indica-
tion in this screen will change depending on whether
stereo or monaural recording is specified in the
Recording (Sampling) screen).

In addition, you can also check the remaining song data
memory, which is indicated as a percentage.

MEMD) The remaining time for audio recording is also indicated in
the Sampling and Track Direct Recording screens.

Listening to the Demo Songs

(How to Play Songs and Samples)

The disk that comes with the SP-808 includes some
demonstration songs. Try giving these songs a listen.

1. Confirm that your amp, headphones and other equip-
ment is properly connected.

2. Following the steps described in “Turning the Power
On and Off” (p. 20), turn on the power to the SP-808.

The Level Meter screen appears in the display.

3. Move the faders for Tracks A-D to the level indicated
by the red bold marker line (0 dB).

4, Turn down the MASTER fader.

5. Press [» ] (PLAYBACK) and gradually raise the MAS-
TER fader.

Set the volume of the demo song to the appropriate level.

6. Press [m] to stop playback of the song. When you
press [+e«] and the press [» ] (PLAYBACK) again,
the song is played back from the beginning again.

Recording, public performance, broadcast, or any other use
of the demonstration songs contained on the included disk,
other than for your own personal enjoyment, without con-
sent of the copyright holder is prohibited by law.

Setting the Overall Volume
(MASTER Fader)

The volume level from the MASTER OUT is adjusted
with the MASTER fader. Additionally, the relative vol-
ume of the left and right channels in the stereo field can
be set with the mixer’s Master Balance (p. 92). Initially, it
is set to 0 (equal levels).

Setting the Headphone Volume

The headphone volume control knob is used to set the
volume of headphones to the PHONES jack (however, if
the Master level is completely turned down, then even if
you turn up the headphone knob, the sound from MAS-
TER OUT will be inaudible.)

If the mixer is set to “CUE" while in AUX OUT Jack mode
(p. 42), you can listen to the sound from AUX OUT mixed
with the regular output. The AUX OUT volume is set with
AUX OUT Level (p. 95) in the mixer.

Setting the Volume for Each
Track (Track Faders)

The volume of each stereo Track A-D is set with the
Track faders (A-D).
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The stereo balance for each track can be adjusted either
in the Mixer View screen (hold down [SHIFT] and press
[CLEAR] ~ see p. 22) or in the Track A~D screen (p. 92).

Unless each track’s [STATUS] is switched to “PLAY" (in
which status the indicator is green), the sound won’t be
played, even with the faders raised. For example, if a track is
set to “MUTE" (indicator off), then the playback sound for
that track cannot be heard, regardless of the fader position.
To return the indicator to green, press [STATUS]} 1-3
times.

Calling Up a Different Song
(Switching Songs)

Some demo songs are provided on the disk that comes
with the SP-808. Use the following procedure to switch
the songs.

1. Press [SONG/TRACK].

2, Confirm to choose “Select Song?” and press
[ENTER/YES]. '

The list of songs appears in the display.

3. Press [ a ]or [« ](or rotate the VALUE/TIME dial) to
highlight the desired song.

4. Press [ENTER/YES].
“Save Current Song? (Overwrite Only.)” appears in the
display.

5. Before switching the song, press [ENTER/YES] if you

want to protect the song from being overwritten; If
you are not going to save the song, Press [EXIT/NO].

When [ENTER/YES] is pressed, the current song is
saved and the selected song is called up. When
[EXIT/NO] is pressed, the message “ARE YOU SURE" is
first displayed. If you press [ENTER/YES], the selected
song is called up without the current song being saved.

To discontinue the procedure, press [PLAY].

When SongSave Confirm (which asks whether or not you
want to save the current song: see p. 142) is set to "OFF,”
then the designated song is directly called up when you
press [ENTER/YES] in Step 4.

Adding Sample Sounds by
Pressing the Pads

When you press [#] to stop playback of the song, the 16
pads light in red. The pads that are illuminated have
samples (sounds) recorded to them. Press a pad that is lit
to play the sample recorded to it. The pad flashes while
the sample is played.

When shipped from the factory, phrase-sample loops
lasting from one to several measures or sound-effects are
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assigned to each pad. Press the pads now to play these
sounds.

A maximum of four sounds can be layered by pressing the
pads simultaneously.

When all of [STATUS] are “PLAY" (lit green), during
playback of a demo song, all of the pads remain unlit and
even when the pads are pressed, the samples are not sound-
ed. Pressing [STATUS] for the appropriate tracks causes
the unlit (muted) pad to become lit. This way, you can play
the sounds assigned to the pads and thus layer sound effects
and other sounds during playback of songs, even demo
songs (limited by the number of muted tracks).

Selecting Pad Banks

When sampling (p. 43) different kinds of phrases and
sounds, each sound (sample) is assigned to one of the
pads. A set of samples (recorded to the set of 16 pads) is
referred to as a Pad Bank.

With the SP-808, 64 pad banks are stored on one disk.
Use the following procedure to switch among them.

1. Press [PAD BANK].
The Pad Bank List screen appears in the display.

2. Rotate the VALUE/TIME dial to select the pad bank.

3. Press [ENTER/YES].
That pad bank is selected, and you leave that screen.

When (calling up any of the first to sixteenth pad banks),

1. Press [PAD BANK].

2. Press the pad number 1-16 corresponding to the pad
bank you want to call up.

That number pad bank is selected, and you leave that
screen.

Now, try switching pad banks and playing a sample in a
different pad bank.

Temporarily Muting the Output
(Master Out Mute)

By pressing [MUTE] above the MASTER fader, you can
cut off the output from MASTER OUT. Each time the
button is pressed, the light switches on (red) and off
alternately. The output is muted while the button is {llu-
minated.

This has no effect on the output from the headphones or
AUX OUT. You can use this function when, for example,
during a live performance you want to use the headphones
to review the tune you are going to have the SP-808 play
next, while the audience listens to the sound from sone
other instrument or device (such as a turntable).
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Applying Effects to the Demo Songs

You can add effects to the demo songs. When the inter-
nal effects are turned on, effects can be applied using
either the send/return or insert methods. (For descrip-
tions of what send/return and insert mean, — see p. 93,
97.) For more detailed information about effects, please
refer to Chapters 9 and 10 (for the procedure to add
effects to pad samples, — see p. 40).

Adding Effects to the Demo Songs

1. Press REALTIME EFFECTS [ON/OFF] to turn on the
effects, illuminating the button.

2. If the indicator for the REALTIME EFFECTS “b"” (sec-
ond row on the bottom) is lit, hold down [SHIFT] and
press [SELECT ROW] to switch to “a” (PATCH, sec-
ond row on the top) (for more details on “a” and “b,”
- see p. 28).

3. Press [FX INFO] and rotate the VALUE/TIME dial to
select the effects patches (effects patches: prere-
corded group of effects settings — see p. 98).

4. When you press [ENTER/YES], the selected effects
patches is called up.

5. Press [» ] (PLAYBACK) to begin playback of the
song; effects are added to the sound.

6. Press [PLAY] to return to the baslic screens.

Changing the Effect Volume of Individual Tracks

If the [EFFECTS] indicators for each track are blinked
when turning off the REALTIME EFFECTS [ON/OFF] it
means that the effects are switched to Send/Return. At
this point, you can change the effect volume for each
track individually.

Continuing from Step 5 above:

6. Hold down [SHIFT] and press [EFFECTS] for the
track for which you want to change the effects vol-
ume.

7. Press [+ ] or [ = ] to select the numerical value of
“Fx” (indicating the effect level setting).

8. Rotate the VALUE/TIME dial to increase or decrease
the value, checking the sound to confirm that the
effect level has been changed.

9. Press [PLAY] to return to the basic screens.
By pressing [EFFECTS] above the faders for Tracks A~D,

the effect Send for each of these tracks is switched on (indi-
cator lit) and off (indicator off).

About Automatic Arrangement of Effects

The placement of the SP-808’s effects can arranged in a
variety of ways with the internal mixer. These settings
are usually saved to the disk in the Song Save procedure
(p- 72) (whereby the location of the effects is updated
along with the selected Patch the next time the same
song is loaded). However, you can also store effects
locations as independent effects patches. The demo
song effects are not set in the Song (mixer), but rather in
the location in the effects patches where the effects are
placed. Thus when switching the Patch in Step 3 above,
the effects are automatically recorded to where the effect
patch is loaded (the Send /Return position or the position
inserted in the MASTER OUT).

To Fix the Positioning of the Effects for All Patches

1. Hold down [SHIFT] and press [MUTE] to call up “MiX
COMMON?” screen.

2. Press [ + ] twice and select “FxLoc.” (Effects posi-
tion).

With demo songs, “~FX PATCH" is selected.

3. Rotate the VALUE/TIME dial to specify the desired
position, such as “SEND/RETURN,” or “INS MAS-
TER” (Insert to MASTER OUT), for the effects.

4. Press [PLAY] to return to the basic screens.

MEMD) For more detailed information on other effects arrangements
and more, please refer to p. 91, 93.

Some of the later preset patches use the VIRTUAL ANA-
LOG SYNTH algorithm with the Step Modulator or the D
Beam Controller. (You can trigger the sounds with the
pressing [STEP MOD)] or the D Beam.) If these patches are
selected, there are no changes for the sample (or song)
sounds when the effect is turned on. (Some demo songs in
the supplied disk use this type of patch.)

Noise may occur with some types of effects when the effects
patches are selected. If the playback device is at high volume
levels, then to protect the speakers and other device from
damage, either turn off the REALTIME EFFECTS
[ON/OFF] or lower the volume on the playback device
before selecting the effects patches.
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Changing Effects with Three Knobs

You can change the effects settings at anytime with the
knobs in the Realtime Effects section on the right side of
the panel (which we'll refer to as the effects knobs from
now on).

There are two ways the internal effects interact with the
Realtime effects.

a. multi-purpose effects (which can be arranged in vari-
ous ways with the mixer, with 20 different algo-
rithmns)

Setting changes you make can be saved as one of up
to 99 user effects patches (p. 100).

b. Master Filter/Isolator (a frequency range filter that is
applied only to the MASTER OUT insertion)
The next time the SP-808 is turned on, its initial con-
ditions are restored, wherein only the one of these is
registered (p. 29).

The effects knobs are enabled under the most of opera-
tional condition (you can change the settings even when
the effects themselves are not active).

Controlling the Master Filter/Isolator

When shipped, neither “a” nor “b” has been used in the
demo songs. At this time, try out “b,” the Master
Filter /Isolator, on a demo song.

For instructions on how to work “a” (overall effects as
patches), see p. 128.

Controlling the Master Filter/Isolator

1. Prepare the demo song for playback (p. 25).

2. Turn the effects on by pressing REALTIME EFFECTS
[ON/OFF], illuminating the button.

3. Hold down [SHIFT] and press [SELECT ROW] so that
the “b:FILTER ISOLATOR" indicator is lit.

Each time this button is pressed, the lit indicator switches
between “a:PATCH” and “b:FILTER ISOLATOR” alter-
nately.

o c1 c2 c3
a PATCH
o ca cs cs
FILTER O LOW BOOST CUTOFF RESONANCE
ISOLATORO _ LOW MID HIGH
SELECT ROW

4. Press [SELECT ROW] to select the upper row (FIL-
TER).

Each time this button is pressed, the lit indicator switches
between the upper and lower rows alternately.
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5.

6.

7.

While the demo song is being played back, rotate the
effects knobs.

Indicators for effects knobs that are rotated are lit. The
following changes can be made.

LOW BOOST

Turning up this knob amplifies the low end, giving the
sound a lot of bass (you have no effect when this is
turned to “MIN").

CUTOFF

This knob works like an analog synthesizer filter cutoff
frequency control (this is preset with “MAX" as the refer-
ence point when you purchased the SP-808) (p. 102).

RESONANCE
This allows you to change the tone as you would a syn-

thesizer’s filter resonance (with no resonance when set to
“MIN") (p. 102).

Press [SELECT ROW] and select the lower row (ISO-
LATOR).

Rotate the effects knobs.

The effects knob indicators are lit and the following
changes can be made (each knob is referenced at the cen-
ter).

LOW: Turning down the knob (counterclockwise)
reduces the low end of the sound; turning it
down all the way completely cuts the low end.

MID:  Turning down the knob reduces the midrange of
the sound; turning it down all the way com-
pletely cuts the midrange.

HIGH: Turning down the knob reduces the high end of
the sound; turning it down all the way com-
pletely cuts the high end.

When the LOW, MID, and HIGH knobs are all completely

turned down, then no sound is output.

(MEMD You can check the status of changes made with the effects

knobs in the Effect Information screen. Press [FX INFO] to
call up the screen.

To undo changes made with the effects knobs and
return to the original conditions (RECALL):

2.

Hold down [SHIFT] and press [SELECT ROW] so that
the “b:FILTER ISOLATOR” indicator is lit.

Hold down [SHIFT] and press REALTIME EFFECTS
[ON/OFF].
The current material is returned to its initial conditions.

Yot

When an effect patch has been called up in “a”, using
“PATCH RECALL" returns the patch to the conditions
when it was selected.

This operation works only within the currently selected
effects, either “a” or "b.”
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There are other parameters within “b” (Master
Filter/Isolator) that are not indicated on the panel. To work
with these settings, then with “b:FILTER/ISOLATOR”
selected in Realtime Effects, call up the Effects Settings
screen (hold down [SHIFT] and press [FX INFO]). Since
the detailed processes and settings items are based on the
“Isolator{Filter” algorithm within the “a” (PATCH) group,
please refer to the explanation of that algorithm (p. 101).

The content of the “b:FILTER/ISOLATOR" settings,
including the effect knob settings, reverts to initial condi-
tions the next time the power is turned on. Initial Master
FilterfTsolator conditions are stored in the SP-808 as a sin-
gle separate effect patch (p. 98). If necessary, the initial con-
ditions may be changed with the following procedure.

1. Press [SYSTEM/DISK] to call up the System Edit
Menu screen.

2. Press[ .« ]or{[w]to select “Keep Mst.Fil&lso?” and
press [ENTER/YES].

3. When “ARE YOU SURE?"” appears in the display,
press [ENTER/YES] again.

The current settings are recorded as initial conditions for
the Realtime Effects “b” (Master Filter/Isolator) group.

The next time the unit is turned on, these settings are
recalled when Master Filter/Isolator is called up. The
Patch Save operation (p. 100) has no effect on the saving
of the “b” group. V

Controlling the Multi-purpose
Effects

You can also use the three effect knobs to adjust parame-
ters when the “a:PATCH” group is selected. As an exam-
ple, try selecting the internal effect Virtual Tape Echo
and adjust the effect knobs.

Controlling Effects Patches with the Effect Knobs

1. Hold down [SHIFT] and press [SELECT ROW] to
select “a:PATCH.”

2. Apply effects using the Send/Return method (p. 93,
94).
As shipped from the factory, this step is unnecessary
when a demo song is called up.

3. Select P84 “05>TapeEch” for the eftects patches
(Press [FX INFO] and rotate the VALUE/TIME dial to
select the patch, then press [ENTER/YES]).

Check to make sure that the indicator in the upper row
(C1,C2,C3) is lit.
4. Press [EFFECTS] on each track that only you wish to

add effects to be illuminated (if blinking, press REAL-
TIME EFFECTS [ON/OFF]).

5. As the song or sample is being played back, the indi-
cators light and the effects change when you rotate
each of the effect knobs.

The following shows the changes that can be made
smoothly to the Patch P84 selected in Step 1, just as if you
were operating a tape echo machine.

C1: Echo repeat rate
C2: Number of repeats
C3: Echo sound volume

6. Press [SELECT ROW]; the indicator for the lower row
(C4, C5, C6) is lit (the indicators for the effect knobs

go off).
7. When an effect knob is rotated, its indicator is lit, and

the effect Is changes. The following changes can be
made to Patch P84.

C4: The degree of wow and flutter (rotational irregulari-
ty) of the tape used for the echo effects

C5: Echo sound treble control
C6: Echo sound bass control

About the assigning of effects parameters to the
knobs (C1-C6)

The effects that are assigned to each of the effect knob
can be displayed for confirmation by pressing [FX INFO]
to call up the Effect Information screen (indicated are
the effects parameter assigned in the currently selected
row, either the upper row (C1-C3) or lower row
(C4~C6)). You can change these effects assignments as
you like (p. 99). You can also save sets of altered effect as
effects patches (p. 100).

To restore effect settings

Holding down [SHIFT] and pressing REALTIME
EFFECTS [ON/OFF] executes “EFFECTS RECALL.” As
result of this, the effects back to the status which called
up the patch t first. The patch recall is effective only
within the currently selected group (“a” or “b").

To disable (bypass) the effects

Press REALTIME EFFECTS [ON/OFF], turning off the
button light. You can bypass effects this way at any time
(regardless of effect position or whether or not Realtime
Effects has been used in controlling the effects).

To save more precise setting changes
See p. 98-100 for more on how to change and save regu-

@ "

lar effects patches settings used in the “a” group
(C1-C6).
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Using Hand Movements to Change

the Sounds (D Beam Controller)

The D Beam Controller in the upper right corner of the
panel has a pair of sensors that can detect motion (such
as your hand movements) in front of it, and then change
the sound based on this. This lets you add a visual
dimension to live performances, or other such situations.
Check out the D Beam Controller, using demo songs and
samples from the included disk.

(4 .
Varying the Pitch
You can lower the overall playback pitch by changing
the position (height) of your hand or an object above the
Sensor.

Lowering the Pitch

1. While playing back a looped sample (such as that on
pad 5 in pad bank 01 on the included disk), press the
D Beam Controller's [PITCH].

2. When the button is lit, move your hand siowly over
the sensor.

3. When you move your hand closer to the sensor, the
pitch drops.
This gives you an effect resembling that of tape speed
being slowed down.

4. Pull your hand away from the sensor.
The original pitch is restored.

5. Press [PITCH].
The button light goes out, and the function is turned off.

You cannot raise the pitch with the D Beam Controller.
Furthermore, the drop in pitch may be lessened if operated
while the Vari-Pitch function (p. 39) is in use. This is due
to the predetermined limit in the drop in overall pitch (p.
39), regardless of the Vari-Pitch and Pitch Down.

You can select the extent of the pitch change along three
steps with the following procedure.

Changing the Width of the Pitch Down

1. Hold down [SHIFT] and press [PAD TRIG].
“D BEAM SETUP” is called up.

2. Press| w ]or[ .a]to select “Pitch Width.”

3. Rotate the VALUE/TIME dial to set the pitch change
width, selecting from “NARROW,” “MEDIUM,"” and
“WIDE.”

4. Press [PLAY].

Return to the basic screen.

Depending on the surrounding environment and lighting
conditions, the D Beam Controller could go into action
unexpectedly, even though you haven’t put your hand near
it. As a result, the pitch could get changed, then remain at
an undesired level. Should this occur, you will need to
adjust the beam sensitivity (p. 31).
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Playing Designated Samples

You can play the pads’ samples just by moving your
hand. You can also change the tone by changing your
hand position (left and right, up and down).

Using Hand Movements to Play Samples

{Differentiating by Hand Position Left and Right)

1. Call up pad bank 01 on the included disk and press a
pad to make sure the sound is produced.

2. Press the D Beam Controller [PAD TRIG].

3. When the button is illuminated, move your hand
above the left side of the sensor.
The left indicator (CUTOFF/C5) is blinked and the sam-
ple on pad 1is played.

4. Bring your hand to the right side of the sensor.
Now, the right indicator (RESO/C6) is blinked and the
sample on pad 2 is played.

5. Remove your hand from the sensor’s field.
The sound stops.

6. Press [PAD TRIG].
The button light goes off and the function is turned off.

Two samples from each pad bank can be assigned to the
D Beam Controller. While holding down [PAD TRIG],
press the two pads in succession to select each of the
samples to be used in Steps 3 and 4.

Differentiating the Samples by Height

Rather than Lateral Movement
1. Hold down [SHIFT] and press [PAD TRIG].
“D BEAM SETUP” is called up.
2. Press|[~]or{ a ]toselect “Trigger Type.”

3. Rotate the VALUE/TIME dial to change “L—— R” to
“HEIGHT.”

4. Press [PLAY] to-return to the basic screens.

even when you remove the disk.

When “HEIGHT” is selected, you can differentiate two
samples by height of your hand (interval of your hand and
the sensor). For example, if you switch to “HEIGHT” from
the factory setting and use the pad bank 01, when you
move your hand about 40 to 50 centimeters (16 to 20 inches)
above the sensor, the sample on pad 1 is played. Then you
bring your hand in closer to the sensor so that the distance
between them is about 1/3, the sample on pad 2 is played.

If you press two pads in succession while holding down
[PAD TRIG], the sample of the pad pressed first is assigned
to be played when your hand is higher, and the other is
assigned to lower. You can also select the height at which
the two samples are switched (p. 42). You can further set
the point (height) at which the sample starts playing (p. 31).

Depending on the surrounding environment and lighting
conditions, the D Beam Controller could go into action
unexpectedly, even though you haven’t put your hand near
it. As a result, the pitch could get changed, then remain at
an undesired level. Should this occur, you will need to reset
the beam sensitivity (p. 31).
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Besides lowering the pitch and playing samples, the D
Beam Controller can also be used for controlling internal
effects (p. 129).

Setting the D Beam Controller Sensitivity

This sets the approximate distance at which the effect
begins to be applied.

Setting the D Beam Controller Sensitivity

1. Hold down [SHIFT] and press [PAD TRIG].
“D BEAM SETUP” is called up.

2. Confirm that “Sens L(C5)" is selected.

3. Move your hand above the D Beam Controller to
make sure the effect is being added.

4. Slowly draw your hand away from the sensor until
you find the point where the effect no longer is added.

5. If the point where the effect stops is too far, rotate
the VALUE/TIME dial to lower the “Sens” value; if too
close, raise the value.

6. Repeat Steps 4 and 5 until you achieve the exactly
the desired sensitivity.

7. Back to step 2 and press [ « ] to select “R(C6)".
8. Set the value by same procedure as steps 310 6.

9. Press [PLAY] to return to the basic screens.

Settings changes are automatically saved in the SP-808,
even when you remove the disk.

You can adjust the sensitivity automatically by following
the procedure. Hold down [SHIFT] and press D BEAM
[EFFECTS] then press [ENTER/YES] without putting
your hand above the sensor.

Simultaneous Use of the D Beam
Function with Multiple SP-808s

When using more than one SP-808, such as during a per-
formance on stage, operating the D Beam Controller of
more than one of the machines at the same time can cause
the unintended triggering of the controllers due to inter-
ference with the beams. To avoid this kind of problem,
you will need to set the “Beam ID number” so that the
same number is not used by more than one machine.

Setting the D Beam Controller ID Number

1. Hold down [SHIFT] and press [PAD TRIG] to call up
“D BEAM SETUP” screen.

2. Press [ = ] repeatedly to select “Beam ID” parame-
ter.

3. Rotate the VALUE/TIME dial to select a number from
1to4.

When using multiple SP-808s simultaneously, be sure to
assign each machine a different number.

4. Press [PLAY] to return to the basic screens.

(MEMD) These changes are automatically saved to the disk, even
when the disk is removed, as well as in other situations.

Setting the Time Location

(Playback Position)

When recording, playing back, or editing songs, you may
need to set the song position at a desired point in the
song, like a tape recorder’s fast forward and rewind
capabilities to go to that point quickly. Depending on
your goals and circumstances, there are some ways to do
this with the SP-808.

The song position indicated at the very top of the display
is divided into three parts: “"MEAS” (measure), “BEAT,”
and “TICK”. The tick is the smallest timing unit use in
songs; on the SP-808 one tick is 1/96 of a beat. You can
set the song position with reference to the indications.

Using the VALUE/TIME Dial

Although used mostly for adjusting parameter settings,
this dial is also used in changing the song position (time
location) in the Play List screen (p. 22) and in screens in
which no values or settings are changed. Ordinarily,
rotating the dial changes the position in beat units
(BEAT), or in ticks (TICK) when rotated while [SHIFT] is
held down.

Use [ wa] or [ »» ] to make changes in measure units (see
next item).

Using [ ««] and [»» ]
The SP-808's [ «« ] and [ »» ] are buttons for moving for-
ward and back through the song a measure at a time.
Press [»»] to jump to the next measure and [««] to
jump to the previous measure. This is especially conve-
nient when working with Play List Quick Edit (p. 82).
They are useful for a variety of tasks, such as pasting or
deleting phrases that begin and end at measure bar lines
and afterwards changing the composition.
By holding down the [ ««] or [»» ] buttons, you can
continuously jump through the measures. This resembles
a tape recorder’s fast forward and rewind functions but
without any sound produced during use.
Furthermore, by pressing [ ««] or [»»] while holding
down [SHIFT] in the Play List screen (p. 22), you can
jump sequentially from the top and end of one phrase to
the next or previous one on the selected track.

Changing the Measure and Beat

Display to Hours, Minutes and Seconds

Rather than using the MEASURE/BEAT/TICK format,
you can also have the indication of the current song posi-
tion displayed in HOUR/MINUTE/SECOND/FRAME
format instead (when shipped from the factory, one
frame is set as 1/30 of a second).
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Display the Song Position in Hours, Minutes and Seconds

1. Press [SYSTEM/DISK] once.
“System Edit Menu" appears in the display.

2. Check to make sure that “Set System Param?” is
selected, then press [ENTER/YES].

3. Press [« ] to select “TimeDisp.” (Time Display).
4. Rotate the VALUE/TIME dial to select “TIME CODE.”

5. Press [PLAY] to return to the basic screens.

Settings changes are automatically saved in the SP-808,
even when you remove the disk.

Usually, the HOUR/MINUTE/SECOND/FRAME display
is a sub-display appearing at the top of the Big Time screen
(one of the basic screens called up when [PLAY] is pressed).
When switching the format so that HOUR/MINUTE/SEC-
OND/FRAME are used as the basic units, then the sub-dis-
play in the Big Time screen is switched as well, indicating
the song position in MEASURE/BEAT/TICK format.
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Jumping to a Set Location (Locator)

You can use Locator below the display screen to register
up to eight song positions (time locations) to the four
buttons. When you press a button with a song position
registered to it (the button is 1it), you instantly jump to
that position. This is convenient for marking boundaries
in the composition of a song.

Registering Song Positions (Time Locations) o the Locator Buttons

1. Either by pressing [««] or [»»] or by rotating the
VALUE/TIME dial, move to the song position you
want to register.

2. Press any button LOCATOR [1]-{4] (when registering
to [5]-[8], hold down [SHIFT] while pressing one of
the [1}-[4] buttons).

The button is illuminated and that song position is regis-
tered to the button.

3. Press an illuminated button in another position.
You jump to the position registered to that button.
You can register positions even during playback of songs.

You can jump to other positions during playback, it takes a
little while after the jump for playback to begin.

Deleting Registered Positions

1. While holding sown [CLEAR], press the button of the
Locator you wish to delete.

The button’s light goes off and the registration is deleted.

Use the following procedure to delete registration of buttons
[51-{8].
For example, when deleting the registration to [6], first,
while continuing to press [CLEAR], then hold down
[SHIFT] and press 2] (6).

Changing the Locator’s Position

Making Fine Adjustments to the Registered Location

1. Press [SONG/TRACK].
2. Press[ a ]or[ ~ ]toselect “Locator?”.

3. Press [ENTER/YES].

The positions registered to the buttons [1]-[8] are indicat-
ed in MEASURE/BEAT/TICK format.

4, Press[a~],[~],[ =] or[=]to select the value for
the fine adjustment.

5. Rotate the VALUE/TIME dial to change the value.
6. Press [PLAY] to return to the basic screens.

As Locator information constitutes one portion of the song
data, the changes you make are saved along with the rest of
the song when you save (p. 72) the song.
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Fitting Precisely to the Beginning

of the Sound (Preview)

When jumping to the beginning of songs, editing, regis-
tering Locators, and so on during recording or playback,
it may be necessary to make finer adjustments to the cur-
rent song position (time location). The Preview function
lets you precisely adjust the position while you check
how it sounds.

The Preview function normally indicates song position.
However, while setting sample starts or loop points and
length (p. 51), the function switches to indicate the editing
point for that sample. Furthermore, for the latter, by hold-
ing down [SHIFT] while rotating the VALUE/TIME dial,
you can adjust the position of the point in roughly 100
extremely fine increments.

Setting the Song Position with
Scrutinizing the Sound Before
and After ([TO] [FROM])

The left PREVIEW [TO] refers to its function of setting
playback the “To Now Time” (to the current song posi-
tion). Each time this button is pressed, only a very short
segment of the song leading up to the current position is
played. By rotating the VALUE/TIME dial to move the
current song position forward or back while listening
closely to the playback, you can finely adjust the current
position with ease. Pressing the button while [SHIFT] is
held down changes this function to “From Now Time,”
with a very short segment of the song played back start-
ing from the current position.

Adijusting the Current Position {Time Location)
with the Preview Function )

1. Press [STATUS] for the track whose sound you want
to adjust until it changes to PLAY (indicator is green).

2. Each time PREVIEW [TO]} is pressed, a segment
starting one second before the current position and
ending at the current position is played back.

3. Pressing the same button while holding down
[SHIFT] changes the function to [FROM], whereby a
very short segment of the song is played back start-
ing from the current position to one second after the
current position.

4, While listening to the sounds, rotate the VALUE/TIME
dial to finely adjust the current position.

Pressing [TO] is a convenient way to find the beginning of
a section with sound present; [FROM] for finding the point
where sound breaks off.

Setting the Song Position Like as
Scrubing a Tape (Scrub Preview)

With open-reel analog tape decks, the starting point of a
desired segment can be found by listening carefully, and
slowly rotating the reels by hand. This is known as
scrub. With the SP-808's Preview function active, you
can find the start of a sound in the same way as you
would with scrub by using the following procedure.

Scrub-Type Preview

1. Press [SCRUB].

The screen changes, now showing the changes in level over
time (waveform graph), before and after the current time loca-
tion. The segment from 0.045 seconds before the current time
location, to the current location is played back repeatedly.

2. Press [STATUS] for the track you want to listen.

3. Referring to the sound and the screen, rotate the
VALUE/TIME dial with [SHIFT] held down to progress
through the segment starting with no sound and
leading to point where you want the sound to start.

4. When the current song position meets the point
where the beginning of the sound is just faintly audi-
ble, press [SCRUB] again.

Scrub Preview is canceled.

5. If necessary, reconfirm the current position the usual
way with the PREVIEW [TO] or [FROM].

Only the one track specified in Step 2 can be played back
during Scrub.

When you want to align the point where the sound
stops instead of where it starts, hold down [SHIFT] while
pressing [TO] in Step 3 to switch the from TO to FROM.
This way, you can get an extremely short (From Now Time
function) Scrub ending 0.045 seconds after the current
song position. While still in Scrub, you can switch between
“To Now"” and “From Now" modes by pressing [TO] or
[TO] + [SHIFT] (= FROM) respectively.

Setting the Playback Time in
Preview and Scrub Preview

At the time your SP-808 was shipped from the factory, Preview
playback time was set to one second. In addition, the length of
the repeated playback in Scrub was set to 45 milliseconds
(0.045 seconds). You can change these times as needed.

1. Press [SYSTEM/DISK] and check to make sure “Set
System Param?” is selected.

2. Press [ENTER/YES].
3. Press[ a ]or[w ]toselect “PreviewLength.”

4. Rotate the VALUE/TIME dial to set the value (1.0~10.0
seconds).

5. Press [« ]to select “Scrub Length.”
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6. Rotate the VALUE/TIME dial to set the value (25-100 Restoring the Serﬁngs to

milliseconds).

7. Press [PLAY] to return to the basic screens. FGC"O Condlﬂon

Settings changes are automatically saved in the SP-808, The demo songs and samples on the disk that is included

even when you remove the disk.

with the SP-808 are protected (in song/pad bank units)
from being erased or deleted. Once you turn the protection
off (p. 72, 138) and then edit or make changes to them, they
cannot be restored to their original stafe, so exercise due
caution when using these procedures.

Restoring the Overall System Parameters to Their Original Status

1.

2.
3.

4.

5.

Press [SYSTEM/DISK].
“System Edit Menu” appears in the display.

Press [ « ] to select “Init SystemParam?”

Press [ENTER/YES].

“ARE YOU SURE?” appears in the display.

Press [ENTER/YES] again.

All parameters related to the overall system are restored
to what they were originally, when shipped from the fac-
tory.

Press [PLAY] to return to the basic screens.

Items set when you press [SYSTEM/DISK] and select
“Set System Param?” are not stored on the disk, but in the
memory on SP-808 itself, and are retained even while the
power is turned off. These save processes are carried out
automatically at such times as when the disk is ejected.

Returning the User Effects Patches to the Factory
Settings (Same as Preset Patches)
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The User effects patches are written to the disk.

When a disk is formatted (p. 24), the contents of the
Preset patches are copied to the User patches on the disk
just as is done at the factory. However, all songs and
samples on the disk are lost.

There is no function that restores the contents of the User
patches to factory conditions (i.e. the same as the Preset
patches) without losing the songs and samples on the
disk. If really necessary, use the effect Save function to
save each Preset patch to the User area one at a time.



Chapter 2 Playing Samples on the Pads

What are the 64 Pad Banks?

Each group of samples assigned to the panel’s 16 pads is
a Pad Bank. There are 64 pad banks in all, meaning that
a maximum of 1,024 samples (64 pad banks of 16 sam-
ples each) can exist on one disk. Each pad bank can be
given a name (p. 138).

Basic Method for Playing Samples

Samples are played by pressing the pads to which they
are recorded (the pads are lit red). In addition, you can
play samples by pressing a pedal switch (model DP-2:
sold separately) connected to the FOOT SWITCH jack (p.
139). In this case, one of the 16 samples in each pad bank
can be selected as the one to be played with the foot
switch (p. 140). Furthermore, with the D Beam
Controller, you can play samples using the movement of
your hand in the air (p. 30).

Regarding the number of sounds that can be played simul-
taneously, depending on the track status of the song, illumi-
nation of pads may be turned off, and the sound being
played may stop (for more detailed information, please see
the next item “Track-Related information”).

The Number of Samples That
Can Be Played Simultaneously

(Track-Related Information)

Combining the sounds from playback of tracks being as
well as pads, a maximum of four stereo sounds can be
played at the same time. As opposed to other ordinary
samplers, with the SP-808 there are no worries about
assigning two voices to the same pad when sampling in
stereo. Since every channel in the track section as well as
the mixer section is set up in stereo, allowing you to fully
exploit the possibilities of stereo sampling.

The maximum number of simultaneous sounds does not
increase with monaural sampling (although this uses only
half the memory consumed in stereo sampling).

If more than four pads are pressed at the same time, the
most recently pressed pad take precedence in sounding, and
the sample on the pad pressed earlier stop playing.
However, samples held with the hold function (p. 37) con-
tinue to play. Additionally, samples that have been assigned
as loops (p. 36) are given priority over non-looped samples.

Track-Related Information

In playing back tracks, one track consumes one stereo
voice. Furthermore, playback of tracks takes precedence
over sounds from the pads. Thus, if [STATUS] on all four
Tracks A-D are set to “PLAY” (lit green) during play-
back of a song the samples on the pads cannot be played.

When layering pad samples while playing back tracks, at
least one track’s [STATUS] must be set to “MUTE”. In
other words, the number of muted tracks equals the
number of stereo sounds that can be played with the
pads.

When the Track Voice Reserve function (p. 137) is
turned on, the number of pads that can be sounded simulta-
neously is limited by the number of channels whose STA-
TUS is set to “MUTE" (accordingly, in this case, when not
even one track is set to “MUTE,” no sounds can be made
with the pads).

Can Samples from Different Pad
Banks Be Played Together?

When you switch pad banks, the samples in the pad
bank being switched out of stop playing. However, sam-
ples that are held using the Hold function (p. 37) contin-
ue to play until the hold is cancelled. You can also layer
the sounds by continuing to press a pad while playing a
sample from another pad bank.

However, you cannot play more than the limit of four
stereo sounds simultaneously.

You can play the 16 samples assigned to the pads using
MIDI Note messages from an external device (p. 151).
However, samples from different pad banks basically
cannot be played together as same reason as the pad

playing.
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Changing the Way Samples
Are Played and Stopped with

the Pads (Pad Play)

Basic operation of the pads can be selected from the three
ways of “Pad Play” parameter shown below.

GATE:  Press pad — Start playing sound.

Release pad — Stop playing sound.

TRIGGER: Press pad — Start playing sound.
Release pad — Keep on playing.
Press pad again — Stop playing.

DRUM:  Press pad — Start playing sound (Stop auto-
matically when the sample reached to the end

point (p. 51) ).

Setting the Pad Response

1. Press the pad with the sample to be set.
2. Press [SAMPLE/BANK].

3. Check to make sure that “Set System Param?” is
selected.

4. Press [ENTER/YES] and check to make sure the cur-
sor is in the row containing “PadPiay.”

5. Rotate the VALUE/TIME dial to select “GATE,” “TRIG-
GER,” or “DRUM.”

6. Press [PLAY] to return to the basic screens.

Settings changes are automatically saved in the SP-808,
even when you remove the disk.

When continuously setting different samples from within
the same pad bank, after Step 5, press the pads, and then
carry out Step 5 again. When setting samples in other pad
banks, switch the pad banks after Step 6.

Setting the pads to “DRUM?” disable the loop expression
setting (see next item), and the samples can be played
only once each time the pad is pressed. This setting is
useful when playing phrases using MIDI drum pads or
similar devices. Furthermore, when “DRUM" is selected
samples cannot be interrupted once they start, so you
have to be careful for the settings when playing extreme-
ly long samples.
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Loop Expression (Loop Mode)

A continuous replaying of a sample from the start point
to the end point (or replaying of a segment within the
sample) is referred as a loop. The SP-808 uses loops to
replay phrases and create basic rthythms.

In each sample, one of the following three modes related
to looped phrases can be selected.

OFF: Not looped

START-END: Looped (from the start point to the end
point)

LOOP-END: Looped (from the loop point to the end
point)

Ordinarily, loops running from the start point to the end
point are turned on and off by selecting “START-END”
or “OFF” (for more on the meaning of each “point” and
the procedure for changing the points, — see p. 51). Use
the following procedure to switch the mode.

Setting the Loop Mode

1. Press the pad of the sample to be set.
2. Press [SAMPLE/BANK].

3. Check to make sure that “Set System Param?” Is
selected.

4. Press [ENTER/YES]L
5. Press [« ] to select “LoopMode.”

6. Rotate the VALUE/TIME dial to select “OFF,”
“START-END,” or “LOOP-END.”

7. Press [PLAY] to return to the basic screens.

Settings changes are automatically saved in the SP-808,
even when you remove the disk.

When continuously setting different samples from within
the same pad bank, press the pads after Step 6, and then
carry out Step 6 again. When setting samples in other pad
banks, switch the pad banks after Step 6.

The screen in Step 5 may also be called up by pressing
[TRIM] of the QUICK EDIT (SAMPLE) then pressing
[ a ]once.



Playing Samples on the Pads

Stop Playing a Sample When
Another Pad is Pressed
(MUTE GROUP) _

Set the samples which you do not want to play simulta-
neously each other to the same mute group. The SP-808
features seven mute groups, with all samples in the same
mute group being prevented from sounding. In the case
of any overlap, then regardless of the possible number of
expressed sounds remaining, the sample that would be
played first is muted.

Setting Sumple Mute Groups

1. Press the pad of the sample to be set.
2. Press [SAMPLE/BANK].

3. Check to make sure that “Set System Param?” is
selected.

4. Press [ENTER/YES].

5. Press |« ] to select “MuteGroup.”

6. Rotate the VALUE/TIME dial to select from “OFF,”
“GROUP-1,” ..., or “GROUP-7.”

7. Press [PLAY] to return to the basic screens.

Settings changes are automatically saved in the SP-808,
even when you remove the disk.

When continuously setting different samples from within
the same pad bank, press the pads after Step 6, and then
carry out Step 6 again. When setting samples in other pad
banks, switch the pad banks after Step 6.

The screen in Step 5 may also be called up by pressing
[LEVEL] in the QUICK EDIT (SAMPLE) then pressing
[ - Jonce.

Application of Mute Groups

By assigning to the same mute group samples that do not
play because of their overlap, you can reduce the number
of voices used and thus suppress the interruption of
other samples being played.

Furthermore, when switching samples while using
Trigger mode to play multiple looped samples, you may
feel it is complicated that process of pressing a pad to
start with simultaneously pressing another to stop. In
such instances, by assigning these samples to the same
mute groups, you can have the first sample stop playing
just by pressing one of the next pad, making this very
convenient.

Having the Sound Continue
Even After Releasing the Pad

(Hold Function)

You may want to have samples that have been set to
“GATE” in the Pad Play settings (p. 36) continue to play
even after you release the pads. In such instances, it can
be convenient to use the Hold function.

How to Use Hold

1. Piay a looped sample that has been set to “GATE.”

2. Press [HOLD] before releasing the pad.
[HOLD] is illuminated, and the sample is held. Even
after releasing [HOLD] or the pad, the sound of the sam-
ple continues to play.

3. Press [HOLD] once more.

[HOLD] light goes off, and with the hold lifted, the
sound then stops.

Adding Other Samples to the Current Holding Samples

While in Hold in Step 2 above (where the sample contin-
ues to play even after you release the pad)...

3. Press another pad to play an additional sample;
while pressing the pad, also press [HOLD].

The two samples are held, and the sound of the sample
continues to play even after releasing [HOLD] or the
pad.

4. Press [HOLD] once more.

[HOLD] light goes off, and with the hold lifted, the
sound then stops.

(HINT) The Hold function can also be used in a similar effect with
samples that have been set to “TRIGGER” in the Pad Play
settings (p. 36).
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Setting the Overall Volume and
Stereo Balance of the Pads

You can set the volume level and left-right balance of the
stereo output for whole samples when you press the
pads, just as is done with each of the Tracks A-D and the
MIC/LINE input channel.

Adjusting the Overall Volume Level of Samples

Depending on the settings, the MIC/LINE fader serves
the two following purposes.

1: For adjusting the volume level of the input signal
from MIC IN or LINE IN (PAD indicator is lit) (p. 75)

2: For adjusting the volume level of sample pads those
are pressed (the indicator “PAD” is lit)

When shipped from the factory, this is set to 2: Pad
Volume Setting. Thus, by moving the faders up or down
you can adjust the pad volume when you press the pads.

When in “1:” (with the indicator “PAD” is not lit), you
can adjust the pad volume in the same screen as the stereo
balance setting (see next item).

Adjusting the Overadll Stereo Balance of the Samples

1. Hold down [SHIFT] and press the MIC/LINE channel’s
[EFFECTS]

The MIC/LINE (Pad) Channel Settings screen appears in
the display.

2. Press [ « ] repeatediy until the third screen (Pad-
Related Settings) appears in the display (fig.).

3. Press[ « ]or[ «]to select “Balance.”

4. Rotate the VALUE/TIME dial to adjust the left-right
balance.

5. Press [PLAY] to return to the basic screens.

These settings changes are saved to the disk when the song
is saved (p. 72).

SEIIGNR »Fader ctr 1 [EEN
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With stereo samples, changing the “Balance” changes the
left-right volume balance. With monaural samples, this
works like a panpot control.
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By pressing [ a ] or [ + ] to select “Pads Level” in Step 3,
you can then also adjust the volume level by rotating the
VALUE/TIME dial.

While the PAD indicator is lit, the pad volume cannot be
changed with the VALUE/TIME dial in the Mixer View
screen (p. 22), and the screens in Steps 1 and 2 (the volume
can only be adjusted with the fader).
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Adjusting the Pitch Like Tape

Speed Controlling (Vari-Pitch)

If you want to achieve the same effect as that of adjusting
tape speed on a multitrack tape recorder, use the Vari-
Pitch function. Vari-Pitch works simultaneously with
pad sample sounds and sounds on the tracks. Just as
with tape, you can sample (audio record) sounds with
the holding pitch up or down.

The available range of pitch adjustment depends on the
sample rate (p. 24). When the sample rate is set to 44.1
kHz, the pitch can only be adjusted downward.

18.1%-100%
25.0%~100.0%~137.8%

At 44.1 kHz:
At 32 kHz:

100.0% indicates the pitch is the same as when Vari-Pitch

is turned off. Setting the Vari-Pitch to 50% halves the
“playback speed,” and lowers the pitch by one octave.

Turning Vari-Pitch On and Off

2.

Press [VARI PITCH).

The button is illuminated, and the Vari-Pitch function is
turned on.

Press [VARI PITCH] again.

The button light goes off, and the pitch is back to the
original.

Changing the Range of Adjustment in Vari-Pitch

1.

2.

3.

4.

Hold down [SHIFT] and press [VARI PITCH].
“BPM TUNE" screen appears in the display.

Press [ w ] once to highlight the value displayed in
“VARI PITCH sk, %%.”

Rotate the VALUE/TIME dial to change the pitch.

By repeatedly pressing [VARI PITCH], you can toggle
between the original pitch and altered pitch to compare
them as you make the setting.

Press [PLAY] to return to the basic screens.

QWD) These settings changes are saved to the disk when the song

is saved (p. 72).

EFM RATE  100.0%
[| varI PITCH BER. 0%
(ON + BPM  E0O.O0X)

You cannot use Vari-Pitch to change the pitch in only one

part of the system (e.g. only songs, pads, specified tracks,
etc.). Furthermore, as with tapes and records, when the
pitch is lowered, the sound takes longer to play than it does
at the original pitch. When you want to process only a spe-
cific sample, or if you want to change the length and the
sound of a sample separately, use the Stretch function (p.
52) or Change Pitch function (p. 53) to the samples.

Sampling (or audio recording) with the pitch lowered tends

to make output the high-end sounds more difficult.
Additionally, sampling or (or audio recording) with the
pitch raised reduces the available recording time. Turn
Vari-Pitch off whenever it is not needed.

If you go below the certain pitch (about under 50% when

the sample rate is 44.1 kHz), some noises are introduced
into the playback sound; this is not a malfunction.

When using Vari-Pitch, some of the numerical values in the

internal effects settings (such as indicated Delay and
Reverb times or indicated frequencies of equalizers) may not
correspond to the actual behavior. When Vari-Pitch is on,
use these values as relative estimates.

When using Vari-Pitch during playback of songs, the tempo

(length of each measure) is also shortened or lengthened
accordingly. However, even if the playback tempo is adjust-
ed, the Vari-Pitch does not make any corresponding change.
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Adding Effects to Samples

When you press a pad to play a sample, you can add the
internal effects to the sound.

First turn on the internal effects, then add the effect to the
sample using either the send/return or the insert method
(for descriptions of what send/return and insert mean, -
see p. 93, 97).

Turning the Internal Effects On

1. Press REALTIME EFFECTS [ON/OFF] to turn on the
effects, the button is lit.

2. I the indicator for the REALTIME EFFECTS “b” (FiL-
TER/ISOLATOR) is lit, hold down [SHIFT] and press
[SELECT ROW] to switch to “a” (PATCH)

For more detailed informations of regarding Realtime
Effects, refer to the next item).

Adding Effects to Samples {Send/Return Method)

After carrying out Steps 1 and 2 to enable the effects:

3. Hold down [SHIFT] and press [MUTE] to call up “MIX
COMMON"” screen.

4, Press [ v ] twice and select “FxLoc.” (Effects
Location).

5. Rotate the VALUE/TIME dial to select “SEND/RETURN.”
The effects are set in the Send /Return position.

6. Confirm that the indicator “PAD"” Is lit (if it is not lit,
see “ (EMD)” section described below).

7. Press [EFFECTS] right above the MIC/LINE fader, the
button is lit.

8. Press [FXINFO].

9. Rotate the VALUE/TIME dial to select the effect
patch, and press [ENTER/YES] to fix the selection.

10.Hold down [SHIFT] and press the MIC/LINE (pad)
channel's [EFFECTS].

11.Press [ « ] repeatedly until the third screen (Pad-
Related Settings) appears in the display.

12.Press [ o ] or [ + ] to highlight the “Fx” (effect level
settings) value.

13. Rotate the VALUE/TIME dial to raise the value and
press to pad to make sure the effect is being applied
to the sample.

If the PAD indicator is not lit in Step 6:
Hold down [SHIFT] and press the MIC/LINE (pad) chan-
nel’s [EFFECTS], and press | w ] repeatedly until the third
screen (Pad-Related Settings) appears in the display, then
select “FaderCtrl.” Rotate the VALUE/TIME dial to
change this setting from "INP” to “PAD,” and when the
PAD indicator is lit, go on to Step 7.

Also this switching can execute by Pressing [SCRUB]
while [SHIFT] is held down.

Adding Effects to Samples (Insert Method)

After carrying out Steps 1 and 2 to enable the effects:

3. Hoid down [SHIFT] and press [MUTE] to call up “MIX
COMMON” screen.

4. Press [ + ] twice and select “FxLoc.” (Effects
Location).

5. Rotate the VALUE/TIME dial to select “INS MASTER.”
The effects are set to the insertion for the MASTER OUT.

6. Press [FX INFO).

7. Rotate the VALUE/TIME dial to select the effect
patch, and press [ENTER/YES] to fix the selection.

8. Press to pad to make sure the effect is being applied
to the sample.

When “INS MASTER” is selected in Step 5, the effects are
inserted into the overall output from MASTER OUT.
When you press [EFFECTS] for any specific channel in the
mixer section (for example, the MIC/LINE IN channel), all
of other [EFFECTS] are illuminated simultaneously.

SP-808 has no “Pad Channel Insertion” function for the
effects. When you press a pad to play a sample during play-
back of a song (tracks), you cannot use insertion effects (dis-
tortion, for example) for the sample pads only. However if
you need then you can get the same kind of effect with the
following procedure.

After carrying out Steps 1 and 2 to enable the effects:

3. Hold down [SHIFT] and press [MUTE] to call up “MIX
COMMON" screen.

4. Press [ -« ] twice and select “FxlLoc.” (Effects
Location).

5. Rotate the VALUE/TIME dial to select “SEND/RETURN.”
The effects are set to the Send /Return position.

6. Hold down [SHIFT] and press the MIC/LINE (pad)
channel’'s [EFFECTS], then press [ « ] repeatedly
until you get to the third screen (Pad-Related
Settings).

7. if “FaderCtri” is set to “PAD,” first rotate the
VALUE/TIME dial to change this to “INP.”

8. Under this condition, press the [EFFECTS] on each
of channels and turn all lights off.

9. Rotate the VALUE/TIME dial to change the
“FaderCtrl” setting to “PAD” (if the MIC/LINE (pad)
channel’s [EFFECTS] is not lit at this point, press the
button to turn the light on.)
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10. Press [ + ] or [ -] and rotate the VALUE/TIME dial to
select “PRE-F” (Pre-Fader) for the “Fx" setting.

11. Completely turn down the MIC/LINE (pad) fader to cut
the direct sound, and rotate the VALUE/TIME dial to
increase or decrease the “Fx” level setting that
appears on the screen, adjusting the volume level for
all of the pads.

(The normal setting for this is 100.)

Another technique is perform resampling while applying
the effects then play that.

When adding effects to a sample, just as when adding
effects to songs, you can change the effect with the Realtime
Effects knobs (p. 128). You can also control effects with the
D Beam Controller (p. 129) or Step Modulator(p. 131).

Using the D Beam Controller to
Play Samples

With the D Beam Controller, you can play specified sam-
ples only move your hand in the air (p. 30). if under the
condition that samples can be played, you can trigger the
specified samples in each pad bank by pressing the D
Beam Controller [PAD TRIG] and moving your hand
above the sensor. At this time, the beam can be used to
sound up to two samples. Which of the two samples is to
be played can be determined as follows.

¢ The height (distance from the sensor)—high or low—at
which you move your hand

*  The sensor's field—left or right—in which you move your
hand (p. 30)

Both functions can be switched in the D Beam
Controller’s Setup screen.
{Select by holding down [SHIFT] and pressing [PAD
TRIG] then pressing [ a ] or [ v ] to get to “Trigger
Type” and then rotating the VALUE/TIME dial to select
“HEIGHT” or “L «— R".)

(MEMD) [ either case, playing and stopping of the samples, or
whether the samples are looped or not conform to the set-
tings in Pad Play (p. 36) and Loop (p. 36).

Selecting the Pads to Be Played
in Each Bank

When using height to determine which of the two sam-
ples is to be played, the sound played when moving your
hand closer (low) to the D Beam Controller’s sensor is
called the lower sample, and the sound played when
moving your hand farther away (high) from the D Beam
Controller’s sensor is called the upper sample.

Procedure for Determining Samples to be Played

While holding down [PAD TRIG], press two pads in suc-
cession. The pad pressed first is selected as the upper
sample, and the other one pressed afterwards is selected
as the lower sample.

This setting also can confirm and change in “BeamAsgn
Upper(L)/Lower(R)" screen. (mentioned below)

1. Press [SAMPLE/BANK].
2. Select “Set Bank Param?” by [+ Jor{ & ].
3. Press [ENTER/YES] then press { « ] three times.

(MEWD) When distinguishing the two samples by moving your hand
in the sensor’s left or right fields, rather than by height, the
samples are selected as the same way as above (with the
sample of the pad pressed first assigned to the D Bean’s left
field). The selection of samples in each pad bank is saved to
the disk when the disk is ejected.
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Adjusting the Hand Positions for
Switching Samples

You can adjust the distance from the sensor dividing the
upper and the lower zones when using height to deter-
mine which of the two samples is to be played.

The height that triggers the upper sample is obedient to
Sensitivity setting(p. 31).

Determining the Distance at Which the Sounds Switch

1. Press [PAD TRIG] to make the D Beam Controlier
play the samples.

2. Hbld éown [SHIFT] and press [PAD TRIG]; “D BEAM
SETUP” screen is called up.

3. Press[ a ]or[ « ]to select “Upper/Lower.”

4. Rotate the VALUE/TIME dial to set the height which
the sample is switched from upper to lower in the
whole playable area by percentage.

5. Press [PLAY] to return to the basic screens.

Settings changes are automatically saved in the SP-808,
even when you remove the disk.

The “Upper/Lower” setting mentioned above is disabled
when using the left and right fields to separate the samples
to be played.
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Checking the Pad Samples
Without Sending Them to the

MASTER OUT (Pad Cue Function)

When performing live, there will be times when you
want to check the sounds on each pad without having
the sounds sent to the MASTER OUT. In such instances,
use the Pad Cue function. By pressing a pad while hold-
ing down {SHIFT], the sample’s sound is not sent to the
MASTER OUT, but is sent only to the headphones and
the AUX (CUE/D) OUT.

Turning the Pad Cue Function On

1. Hold down [SHIFT] and press [MUTE] to call up “MIX
COMMON” screen.

2. Press [ + ] repeatedly to switch to “AUX in&Out”
(third screen).

3. Press [ + ] to select “OutJackMode” and rotate the
VALUE/TIME dial to switch to “PAD CUE.”

4. Press [PLAY] to return to the basic screens.

5. When you hold down [SHIFT] and press one of the
pads, you can then hear the sound through the head-
phones (the sound is not sent to the MASTER OUT).
Pad Cue can also be used while tracks or other samples
are being played back, as long as the number of sounds
expressed simultaneously is within the range (four stereo
sounds).

When you put Pad Cue in effect, the output of the AUX
OUT is heard through the headphones.



Chapter 3 Sampling Sounds

Now try sampling some of your favorite sounds to the
pads. The following example describes how the line
input of a sound on a CD is sampled.

Audio recording (sampling) of other's copyrighted works,

other than in special cases such as for your own personal
enjoyment, without consent of the copyright holder is pro-
hibited by law.

Do not make illicit recordings. Roland Corporation
assumes no liability for any damages or claims, including
legal judgements and monetary damages claimed by copy-
right holders, resulting from the use of this Roland product
for unlawful recording.

The original data that was on the supplied disk cannot be

restored once you alter its content by the sampling or other
performance. We recommend that you first make a duplicate
disk, using the procedure described on p. 148.

Checking Your Connections

Connect the LINE OUT or AUX OUT of your CD player
or other device to the SP-808’s LINE IN (L/R) using a
commercially available cable (stereo RCA phono). Tumn
on the CD player and have a CD that can be sampled
ready for playback.

The Sampling Procedure

Switch the pad bank (p. 26). The latter of pad banks on
the demo disk, named “Blank,” contain no samples.
Select one of these, and try sampling a sound to it.

Before beginning the procedure,turn off the indicator
“PAD" right above the MIC/LINE fader. (While pressing
[SHIFT] press [SCRUB], you can turn it off easily.) After
that, position the fader at the red thick marker (0 dB).

Sampling the Input Signal.

2.

4,

5.

Press [PLAY] to call up “LEVEL MATER” (CH side)
screen.

Playback the CD and turn up the LINE IN knob to the
appropriate signal level.

The sounds can be heared from the head phones or the
amplifier.

Operate the CD player to play the part you want to
sample.

Adjust “IN” meter with LINE IN knob so that the
meter moves at as hight level as possible without
exceeding the limit shown as dotted line. (Adjust the
MONITOR volume with Master fader.)

Stop playing back the CD once. Press [SAMPLING] to
show “SAMPLING” screen.
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Adjust the meter with MIC/LINE fader so
that the meter moves at as hight level as —®

possible without exceeding the limit
shown as dotted line.

7.

The smallest number of pad is selected automatically for
the sampling destination.

If necessary, press another pad to change the sam-

pling destination. :

Playback the CD again and press [SAMPLING]
(START/STOP) to be timed match with the sound.
“Now Sampling...” appears in the display. Indicating
that sampling has begun.

Press [SAMPLING] (START/STOP) again. Sampling is
stopped and “Finished check resuit. OK? (Yes/No)”
appears in the display.

Stop playing back the CD. Press any pad to play a
resulting sample.lf you are satisfied with the result,
press [ENTER/YES]. (Return to step 5.)

10.1f you with to do It over again, press [EXIT/NO] at

step 8.

“Try Again” appears in the display for approximately
one second. The sampling operation is voided. Retumn to
step 5.

11. Press [PLAY] to return to the basic screen.

If there are already samples in all pads at Step 5, “Select

PAD."” appears in the display. Press the pad and specify the
sampling destination in Step 6. If necessary, press [PAD
BANK] to change the bank as well (p. 26).

When there is a sample already recorded to the pad specified

in Step 6, “Overwrite?” appears in the display. This is a
confirmation message if it is acceptable to erase the existing
sample. If the sample can be erased, press [ENTER/YES]. If
you want to keep the sample, select another unoccupied pad
and proceed to Step 7.

To cancel the procedure while in progress, press [PLAY].
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About Saving Data

Sampling waveform data is written to the disk during
sampling as needed. Furthermore, settings related to
each individual sample saved internally once, and auto-
matically saved to the disk as the situation calls, such as
when pad banks are changed or when the disk is
removed (no particular save procedure, such as those for
songs and effects patches, is necessary).

Setting Stereo and Mono

Determine whether sampling will be done in stereo or
monaurally before you begin.

Sampling Stereo and Monaural Settings

1. Press [SAMPLING] to call up “SAMPLING” screen.

2. Check to see that “Type” is selected, and rotate the
VALUE/TIME dial to set either “STEREO” or “MONO.”

3. Continue the procedure described in “Sampling”
above, starting from Step 6.

Monaural sampling allows you to keep memory con-
sumption on the disk to half of that used in stereo sam-
pling (although the maximum polyphony does not
change). -

Sampling After Making Loop
and Play Seftings

You can also determine whether or not a sample loops
(p- 36) before the sampling is done. You can set how the
pad works (playing the sample only while being pressed,
playing the sample when pressed and stopping when
pressed again, etc.) the same way (p. 36).

Sampling After Making Loop and Play Settings

1. Press [SAMPLING] to call up “SAMPLING” screen.

2. Press [ « ] repeatedly until you get to the second
screen,

3. Press{ v ]or[ a]togettothe “Loop” value.

4. Rotate the VALUE/TIME dial to select one of the fol-
lowing settings.

Loop Settings Values (see p. 36 for more detailed infor-
mation)
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OFF: Loop is not played

ON (S-E): Loop is played from the start point to the

end point

ON (L-E): Looped is played from the loop point to

the end point

5. Press|[ . ]to go to the “Pad Play” value.

6. Rotate the VALUE/TIME dial to make the setting.
Pad Play Settings Values (see p. 36 for more detailed

information)

GATE:  Sound is played only when the pad is pressed.

TRIG: Pressing the pad starts the sound, and press-
ing it again stops the sound.

DRUM: When the pad is pressed, the sound plays

once and stop at the end point.

7. Continue the procedure described in “Sampling”
above, starting from Step 6.

Automatically Beginning
Sampling with Sound Input

When shipped from the factory, the SP-808 is set for man-
ual sampling so that sampling begins when [SAMPLING]
is pressed. By changing the settings, you can begin sam-
pling automatically upon detecting sound input.

Beginning Sampling Upon Detection of Sound Input

1. As described in Steps 1-6 of “Sampling” on p. 43, set
levels and otherwise prepare the SP-808 for sampling.

2. Press [~ ]or[+]to go to the “Start/w (Start
with...)” value.

3. Rotate the VALUE/TIME dial to change from “MANU-
AL” to “LEV.1-LEV.8.”

The numeral at the end refers to the setting of the signal
level at which sampling is begun (1 being the minimum
level).

4. Ready the sampling source sound for inmediate play
(for example, press pause on the CD player at the
spot to be piayed).

5. Press {SAMPLING] (START/STOP).

“Waiting Signal” appears in the display, indicating sam-
pling standby mode.

6. When the sound is input, it is detected; “Now sam-
pling” appears in the display, and sampling begins.

7. When you press [SAMPLING] (START/STOP) again,
sampling stops.

8. Operate as described in “Sampling” on p. 43, starting
from Step 8.
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What the “Start/w (Start with...}” setting means

MANUAL: Sampling is begun manually (this is the

setting is made at the factory)
LEV.1-LEV.8: Sampling begins according to the sound
input. The numeral at the end (1-8)
means the signal level at which sam-
pling is begun (1 is the minimum level).

In addition, selecting “PAD” or “SONG” puts the sampler
in standby mode, just like pressing [SAMPLING] (START)
in Step 5. With “PAD” sampling begins at the same time
as you press the pad of your choice, and with "SONG”
sampling starts with playback of a song. (The sounds from
the pads and songs can also be sampled — see p. 49.)

Preventing the Start of the Sound
from Being Missed (Pre-Trigger)

Depending on the conditions at the sampling, the start of
the sample sound may be cut off. If required, by setting
the Pre-Trigger time sampling is begun slightly ahead of
the sampling operation or input of sound, which elimi-
nates this problem.

Setting the Pre-Trigger

1. Press [SAMPLING] to call up “SAMPLING” screen.
2. Press [+ ] to get to the “PreTrig” value.

3. Rotate the VALUE/TIME dial to select from “OFF”,
“20”, “40”, “80”, “160” or 320" (in milliseconds).

Automatic Setting of the Start
(and End) Point When Sampling
is Finished (Auto Trim)

When the top or the end of a new sample contain no
sound space, the start point and end point (p. 51) can be
automatically set so that the silent space is eliminated.
Activate this function (Auto Trim) before sampling if you
need.

Activating Auto Trim

1. Press [SAMPLING] to call up “SAMPLING” screen.

2. Press [ + ] repeatedly until you get to the second
screen.

3. Press| a ]Jor[w]to getto the “Auto Trim” value.
4. Rotate the VALUE/TIME dial to set “ON.”

5. Continue the sampling procedure described in
“Sampling” on p. 43 start from Step 5.
When Auto Trim is on, after sampling the segment from
the start point to the end point is automatically set to the
area contains signal.

(NOTED The silent portions processed with Auto Trim are at the
top and the end of the sampled wave only.

Technical Note

The signal level that this function uses to determine the
presence or absence of sound is fixed, and the setting
cannot be changed. If required, try using the manual
Trim function (p. 51).

Separating the Sample at the
Silent Portions and Assigning
the Sections to Multiple Pads
After Sampling (Auto Divide)

If the sample contains one or more long stretches of
silence, you can divide the samples from the silent parts
into two or more and assign to multiple pads. Activate
this function (Auto Divide) before sampling.

Activating Auto Divide

1. Press [SAMPLING] to call up “SAMPLING"” screen.

2. Press [ + ] repeatedly until you get to the second
screen.

3. Press|.a]or[ «]to getto the “Auto Divide” value.

4. Rotate the VALUE/TIME dial to select from “0.5",
“1.0", “1.5” or “2.0" (in seconds).

5, Continue the sampling procedure described in
“Sampling” on p. 43 start from Step 2.

When Auto Divide is set (except set to OFF), after sam-
pling the portions contains no recorded waveforms are
detected and the sample sounds are divided from these
place into tow or more then assigned to multiple pads.
The value selected in Step 4 (0.5, 1.0, 1.5, or 2.0) specifies
the length of time (in seconds) silent portions must last to
be acted upon. For example, if “1” is selected, phrases
lasting approximately one seconds or more are marked
as boundaries, with the resulting sections divided there.

The resulting group of finished samples is sent beginning
to end to the pads specified by the sampling destination,
and housed in empty pads in the same pad bank in
numerical order . If all 16 pads are occupied, the message
“PADs are Full.Use Next Bank?” appears in the display.
If you press [ENTER/YES], then the samples are
assigned in sequence to the open pads in the next pad
bank. If you press [EXIT/NQ], the remaining samples
are entered in pad 16 without being divided.

Technical Note

The signal level that this function uses to determine the
presence or absence of sound is fixed, and the setting
cannot be changed.
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If “Disk Full.” Appears in the
Display

If the process is interrupted during sampling, and “Disk
Full. OK?” appears in the display, it means that the disk’s
memory is used up. If you press [ENTER/YES}, you then
exit from the Sampling screen (however, the sounds record-
ed up to that point is kept on the disk). In such instances,
execute the Cleanup Disk function. This deletes wasted
space being consumed on the disk and secures new memory.

(MOTE) You cannot undo the Cleanup Disk function.

Executing the “STANDARD" type function limits the
changes in Sample Trim (p. 51) made afterwards.

Increasing the Remaining Memory with Cleanup Disk

1. Press [SYSTEM/DISK] to call up the menu.

2. Press [ o) or [ + ] to select “Cleanup Disk” and
press [ENTER/YES].

3. Rotate the VALUE/TIME dial to switch the “Type” set-
ting (“QUICK” or “STANDARD"—details as follow)

4, Press [ENTER/YES].

5. The confirmation message “ARE YOU SURE?”
appears in the display; press [ENTER/YES].

The new memory is added.

Type Settings in Step 3

“QUICK”

+ Among the data on the disk, only entire waveforms
which are not used in any samples or on any
tracks are deleted.

* Although this method secures less memory when
compared to the STANDARD method, the process is
finished in less time.

* The functions that can be executed such as Sample
Trim (p. 51), do not change after the process.

“STANDARD"

* As much as possible, data including partial waveforms
used in samples and on tracks, except for those por-
tions actually sounded (used), is deleted.

» Although this method maximizes the recovery of mem-
ory, the process takes more time.

« Editing to be the start points earlier and the end points
later (p. 51) becomes impossible.

+ Waveform data in each phrase on the tracks from the
beginning of the waveforms to where they start play-
ing, as well as data after points specified by “Wave
End Point” (p. 87) are erased.

+ When multiple locations in a waveform are used in dif-
ferent samples or tracks, the portions of the wave-
forms that lie between those are not deleted.
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If there is no increase in the remaining memory even
after Cleanup Disk is executed, first delete unneeded
data (for songs ~ see p. 73; for pad banks — see p. 56; for
samples — see p. 55) then try Cleanup Disk again.

A rough figure of the time remaining is indicated as
“Remain **m**s” in the Sampling screen (monaural sam-
pling time is twice that of stereo). Check this display as
sampling progresses, and if the remaining memory is
running out perform the Cleanup Disk procedure.

If you have a number of different songs overfilling a disk,

then you may not be able to proceed with operations, with
the last song left unfinished. When creating new
songs, start with Zip disks that have plenty of
available memory.
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Using the Equalizer (EQ)

Normally, sampled external input sound passes through
the mixer section’s MIC/LINE channel. The MIC/LINE
channel features a 3-band parametric equalizer which
can be used to freely adjust the levels of each of the high-
, mid-, and low-frequency ranges.

This equalizer is not limited to use for sampling, but can
be applied anytime to any input sound through the
MIC/LINE channel.

The equalizer does not work with the sample sounds which

played when the pads are pressed.

Applying the Equalizer to Sound Input

1.

2.

3.
4.

5.

Hold down [SHIFT] and press the [EFFECTS] button
above the MIC/LINE fader, calling up “MIC/LINE”
screen.

Press [ « ] repeatedly until you get to the second
screen (EQ).

Press [ a ] or [ -] to select “EQ” and set it to “ON.”

Press [a],[+* ], [ =] or [ ~] to select each item
(shown below) on the page while confirming the
changes of the sound input, and make the setting by
rotating the VALUE/TIME dial.

Press [PLAY] to return to the basic screens.
This is a list describs the different settings for Step 4.

Hi (500 Hz—16 kHz):
Frequency point for the high range. Mostly the levels
in the range over this frequency are changed.

Hi (f12-"12 dB):

Increases or decreases the high range volume.

Mid (200 Hz-8.0 kHz):
Frequency point for the midrange. Levels in the range
centered on this frequency are changed.
Mid (*12-"12 dB):
Increases or decreases the midrange volume.
Mid-Q (0.5-8.0):
Changes the width of midrange. The higher value

makes midrange narrower.

Low (40 Hz-1.5 kHz):

Frequency point for the low range. Mostly the levels
in the range under this frequency are changed.

Low (*12-"12 dB):
Increases and decreases the low range volume.

If You Don‘t Understand the Equalizer Settings Well

The tone can be adjusted with the each of gain values
(Hi, Mid, Low) the same way treble, mid, and bass con-
trol knobs on a guitar amp, car stereo or other device are
used to adjust the tone. (Leave the other settings as the
were set when the SP-808 was shipped.)

Technical Note

These channel equalizers are 3-band parametric type
(which allows you to change the frequency point).
Shelving type equalizers (which boost or cut the sound
over or under the specified frequency) are use for the
high and low ranges, a peaking type (which boosts or
cuts in a peaking form the frequency range about the
specified center frequency) is used for the midrange.
Additionally, when Vari-Pitch (p. 39) is in use, some of
the numerical values such as the frequency display of
equalizers may not correspond to the actual values.
When Vari-Pitch is on, use these values as relative esti-
mates.

If sound is being input while the channel equalizers are

being adjusted, some clicking noise may arise. When con-
necting extremely fragile external devices, take care not to
allow them to become damaged by excessive input.

47



Sampling Sounds

X000

Preparations for Sampling While Adding Insertion Effects

Sampling While Adding Effects

With the SP-808’s internal effects, you can perform sam-
pling while adding any of the internal effects to the input
sound.

Preparations for Sampling While Adding Internal
Effects by the Send/Return Method

1. Turn on the effects (press REALTIME EFFECTS
[ON/OFF], illuminating the button).

2. If the indicator for the REALTIME EFFECTS “b” (FIL-
TERASOLATOR) is lit, hold down [SHIFT] and press
[SELECT ROW] to switch to “a” (PATCH).

3. Turn off the MIC/LINE fader’s “PAD” indicator, if it lit
{hold down [SHIFT] and press the Preview [SCRUE]
button).

4. Put the effects in the Send/Return position. (Hold
down [SHIFT] and press [MUTE], press [ « ] twice to
select “FxLoc.” and rotate the VALUE/TIME dial to
switch to “SEND/RETURN.”

5. Press the MIC/LINE channel [EFFECTS] button and
the button lights orange.

6. Decide on the effect patch. (Press “FX INFO” and
rotate the VALUE/TIME dial to select the effect patch
then press [ENTER/YES]).)

7. Call up the MIC/LINE channel settings screen (hold
down [SHIFT] and press the MIC/LINE channel
[EFFECTS] button).

8. Determine the effect level (press [+ ] and [~ ] to
move to the “Fx” value, then rotate the VALUE/TIME
dial to set the level).

9. Cali up "MIX COMMON?” screen’s effect-related page
(hold down [SHIFT] and press [MUTE], then press
[ + ] repeatedly until you get to the second screen).

10. Mix the signals returned from effect to the sampling
source (press [ o J or [ + ] to go to the “Return”
value and rotate the VALUE/TIME dial to select “REC
(orPlay).”

This completes the preparations. When you press [SAM-
PLING], calling up the Sampling screen and sample the
input sound using the usual process (p. 43), the effects
that you hear are also sampled. However, sample only
with the MIC/LINE channel [EFFECTS] button illumi-
nated orange.

Location of the effects (FxLoc.) is also able to change in the
Sampling screen.

To cancel the operation, press [PLAY].
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1.

2.

4.

Turn on the effects (press REALTIME EFFECTS
[ON/OFF], the button is lit).

If the indicator for the REALTIME EFFECTS “b” (FIL-
TER/NSOLATOR) is lit, hold down [SHIFT] and press
[SELECT ROW] to switch to “a” (PATCH).

Put the effects in the Insert position. (Hold down
[SHIFT] and press [MUTE] then press [ + ] twice to
select “FxLoc.”, and rotate the VALUE/TIME dial to
switch to “INS RECORD.”

Decide on the effect patch. (Press “FX INFO” and
rotate the VALUE/TIME dial to select the effect patch
then press [ENTER/YES].)

This completes the preparations. In the screen called up
after you press [SAMPLING] (START/STOP), check to
make sure the effect is being applied. (When “INS
RECORD" is selected, the condition of the effect can-
not be checked uniess the Sampling screen is
active.) When the input sound is sampled using the
usual process (p. 43), the sound with the added effects is
sampled.

You can also change the effect position (Step 3

above) using “FxLoc.” in the Sampling screen (p.
43). The effect position selected in the Sampling screen
remains even after you exit the Sampling screen.
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Resampling the SP-808’s Output

Phrases on Tracks A-D and samples sounded when the
pads are pressed can be sampled again. This is referred
to as resampling.

In resampling, you can add effects and even create new
samples by sampling changes; by the Realtime Effects
knobs, the D Beam Controller, and the Step Modulator
{p- 131), together.

When adding effects by the send/return method, if the effect
sound is not being sampled, check to see if it is set to be
sampled in “MIX COMMON" screen. Hold down
[SHIFT] and press [MUTE], and press [ w ] repeatedly to
80 to the second screen (FX-Signal). If “Return” is set to
“PLAY_ONLY,"” then press [ a ] or [ = ] to move the cur-
sor and rotate the VALUE/TIME dial to switch to “REC
(orPlay).”

Additionally, switch the inserted effects from the MAS-
TER OUT (INS MASTER) to the recording signals (INS
RECORD) (p. 48). You can also change the effect position
in “FxLoc.” in the sampling screen (p. 43).

Sampling Song (Track) Phrases
to Pads

Sampling Song (Track) Phrases

1. Press [SAMPLING] (START/STOP) to call up “SAM-
PLING” screen.

All tracks are put in MUTE status (unlit).

2. Press [STATUS].
The status of the tracks to be sampled in order change to
BOUNCE (bounce source/lit orange = track to be record-
ed).

3. Press [»] (PLAYBACK) and the selected track is
played.

4, Adjust the levels with each of the track faders. When
using multiple source tracks, balance their sounds
as well.

5. Just as with a CD, play back the point you want to
sample.

6. Press [SAMPLING] (START/STOP) to sample the
sounds to the pads (p. 43).

Immediately after Step 1, if you select the symbol " » ” for
the “Start/w" setting in the screen, pressing [SAMPLING]
(START) puts sampling in standby. If you play back the
song at this point, sampling automatically begins at the
same time.

In Step 2, if [STATUS] is pressed again, the button lights
green. Tracks in this status can be monitored when played
back, but they are not sampled.

Ordinarily, up to four sterec sounds, including all the
phrases on tracks and pad samples, can be played simulta-
neously. However, during sampling (audio record-
ing), a maximum of only three stereo sounds can
be played at the same time. Thus, in Step 2 above, the
buttons for all four tracks cannot be lit orange (or green)
and selected for recording (or monitoring).

When external sounds are being input, they are sampled
along with the sounds from tracks that are played back.
When not needed, turn the LINE and MIC input sensitiv-
ity knobs all the way down.

Furthermore, if after start playing a sample and tap
another pad, that pad’s sound is also sampled. However,
playing multiple pads or adding effects can be cause of
distortion in the sample. In such instances, redo sam-
pling after turm down the level of the pad bank slightly
by LINE/MIC fader while the Indicator “PAD” is lit.

Resampling Pad Samples to
Other Pads

Resampling Pad Samples

1. Check to see that the PAD indicator above the
LINE/MIC fader is lit (if not, hold down [SHIFT] and
press [SCRUB] to switch to on).

2. Press [SAMPLING] to call up “SAMPLING” screen.
3. Select “PAD” for the “Start/w” setting on the screen.

4. Press the source pad to play the sound, and adjust
the level with the fader while checking the meter at
the right of the screen.

5. Press the pad to designate the sampling destination.

6. Press [SAMPLING] (START) to put sampling in stand-
by mode.

7. Press the source pad; sampling begins automatically.
8. Press [SAMPLING] (STOP) to stop sampling.

If resampling while adding insertion effects, set “FxLoc.” in
the Sampling screen to INS RECORD.

When resampling, a maximum of three sounds
can be played simultaneously. Each time you add one
of the track sounds (ISTATUS] are illuminated orange or
green), the number of pads that can be played is reduced by
one.
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Chapter 4 Processing Samples

You can process and edit the 1,024 samples (16 pads x 64
pad banks) on a disk in a variety of ways, such as by
adjusting the volume and pitch.

Phrases arranged on tracks at the recording (p. 63, 68) by
the pad operation will independ from the source samples.
The phrases on the tracks (songs) are not affected in any
way by the processing of samples introduced in this chapter.
When you want to process the sounds in a song, work on a
sample taken from one of the pads, and then replace that on
the track. If the original sample has been deleted, copy the
phrase to pad via [CLIPBOARD] (p. 55) or resample the
track phrase to a pad (p. 49) then process that.

There are two types of processing/editing samples; one is
create a new sample on other pad, other one is change only
setting on the same pad.

Setting Sample Volume

(Sample Level)

You can set and save the volume level per sample indi-
vidually, which sounds when the pad is pressed. This
allows adjustment of the volume balance among the dif-
ferent samples.

Setting the Volume of Each Sample

1. Press the Quick Edit SAMPLE [LEVEL] button.
2. Rotate the VALUE/TIME dial to set the “Level.”

3. Press [PLAY] to return to the basic screens.

These changes are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).

(MEMO) The screen shown in Step 2 is called up after pressing
[SAMPLE/BANK], but pressing [LEVEL] calls it up
instantly.

The volume can be set to any value from 0 to 100. This set-
ting is also directly reflected to the volume level of phrases
(p. 60) on the tracks which are eveni-recorded by pressing
the pads.
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Displaying Sample Tempo
Correctly (Specifying the

Number of Beats)

The sample tempo is indicated in BPM (Beats Per
Minute) on the upper right of the Sample Editting/
Processing screens, which are called up from “Set
Sample Param?” item in the menu of [SAMPLE/ BANK].
However, in order to have this indicated properly, it is
necessary to make your SP-808 recognizes the type and
number of notes of the sample. This setting is made as
follows.

This is initially set to ) x 4 (four quarter notes) for
each sample.

Entering Sample Note Length (to Display the Tempo)

1. Press the pad of the sample you want to change.

2. Press [SAMPLE/BANK] and check to make sure “Set
Sample Param?” is selected.

3. Press [ENTER/YES], thenpress[ a Jor[+ ]Jtogoto
“BPM BaseNote.”

4. Rotate the VALUE/TIME dial to select the note type.

5. Press[w]togoto“x__".

6. Set the number of notes for the sample by rotating
the VALUE/TIME dial.

7. Press [PLAY] to return to the basic screens.

These changes are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).

The tempo displayed (in BPM) is normally figured as one
beat equalling a quarter note. (For example, an eighth note
works out to be a half of a beat, a half note is twice of one
beat, and these are then indicated.)
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Changing the Points Where
the Sounds Start and Stop

You can set the beginning and end of the interval of a
sample when the pad is pressed, and then save this set-
ting. Additionally, you can also specify a loop’s playback
range. These are determined by the start, loop points and
length to end (next item).

For each point, 0 indicates the start point with the posi-
tion of the final point expressed by a number of up to
seven digits. (The position of the end point set indi-
rectly as the Length value, that is, the length from the
start or loop point to the end point.)

What are Start and Loop Points,
and Length?

Start Point

This is the point at which playback begins. Set this so that
the unused blank space at the beginning of a sample is
bypassed and so the sample comes in with good timing.

Loop Point
This is the point at which playback of the loop (second
time and later) begins. Set this when you want the loop
to begin at a point other than the start point.

Length (-END)

This determines the playback length between the start or
loop point and the end point (the position where play-
back finishes). Set this so that no unnecessary sounds
appear at the end of the sample. When playing loops,
this also determines the length of one cycle of the loop.

If the loop point value is set higher than that of the start
point when the loop is played, the loop point is read after
the start point. Conversely, when the value is set lower
than the start point’s, the loop point is read before the
start point.

Setting Each Point

1. Press the Quick Edit SAMPLE [TRIM] button, calling
up the screen containing “StartPoint,” “LoopPoint,”
and “Length(->END).”

2. Press the pad for the sample you want to change.
3. Press| w]or[ s ]to select the settings item.

4. While pressing the pad to play the sample to be
changed, rotate the VALUE/TIME dial to make the
setting.

The value can have a maximum of seven digits; you can
press { — ] or [ = ] to select the digit you want to change,
and then raise or lower that number. The length value is
also increased or decreased when the start point or loop
point is moved. (Start/Loop points are able to changed
without changing length by rotating the dial while press-
ing [W].)

5. Press [PLAY] to return to the basic screens.

These changes are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).

By holding down [SHIFT] while rotating the
VALUE/TIME dial in Step 4, you can set each value in
exact doubles or halves (doubled, doubled again, etc.—or
1/2,1/4, etc.).

Whether the sample is looped or not is set with Loop mode (p.
36). (This setting item is in the same screen that appears in
Step 1. After pressing [TRIM], just press [ a ] to call it up.)

MEMD) The screen shown in Step 1 is called up after pressing
[SAMPLE/BANK]; however, pressing [TRIM] calls it up
instantly.

To repeat the interval from the start point to the end point,
select “START-END” in Loop mode.

START-END
The beginning The end of
of the sample Length the sample

>

A

Py *
Start Point End Point

To repeat the interval from the loop point to the end point,
select “LOOP-END” in Loop mode. (When “OFF" or
“START-END” is selected the loop point is not indicated,
and it cannot be set.) At this time, the point at which .
“Length(—End)” starts is changed from the start point to

the loop point.
LOOP-END
The beginning The end of
of the sample Length the sample
—
WMWMAMA/\N\[VV\AMWMN
; >
——"
A
+ + i
Start Point  Loop Point End Point

While changing the end point or loop point, in order to
effectively edit even extremely long samples, the beginning
of the sounds can be automatically switched to play not
from the start point, but from just before the end
point.
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When the cursor is at “StartPoint” “LoopPoint” or
“Length(~End)" (the cursor must be at one of these), you
can use the Preview functions (including Scrub) at
each of these points. For more on the basic operation of
the Preview functions, please refer to p. 33.

If you press [ENTER/YES] while the value of “StartPoint”
is selected (high lighted), the wave form on the disk current-
ly used as a sample, sounds from the beginning. While lis-
tening this sound press [ENTER/YES] again, that time
location is set as a start point automatically. When the
“Length(—End)” or “LoopPoint” is selected, you can set
the end or loop point with the same procedure as above.

Expanding and Compressing
Samples and Changing the

Length and Tempo (Time Stretch)

You can use the Stretch function of sample playback time to
match the length or tempo with between phrase samples.

The stretching process may take more time to carry out
than other functions. Furthermore, the sound quality of
samples undergoing this processing may suffer somewhat
when compared to the original samples.In addition, with
this function, in order to correctly calculate the tempo and
achieve high-quality results from the stretching process, it
is necessary first to “Displaying Sample Tempo Correctly
(p. 50)", and based on that specify the number of
beats in the source sample.

Specifying the Amount of Expansion or Compression
as a Percentage or in Terms of Tempo :

1. Hold down [SHIFT] and press the Quick Edit SAMPLE
[TRIM] button to call up “TIME STRETCH" screen.

2. Check to select “Source” (source sample), and either
press the pad or rotate the VALUE/TIME dial to select
the pad that is to be expanded or compressed.

3. Press [ o] or[+] to select “To” (destination pad),
and either press the pad or rotate the VALUE/TIME
dial to select the pad which the processed sample is
to be written.

4. Press [ o ] or [ +] to select “Ratio,” and rotate the
VALUE/TIME dial to specify the amount of expansion
or compression within the range from 50.0% to
150.0% (with 100.0% corresponding to the original
fength).

5. Press [ENTER/YES].
After a while, the processed sample is assigned to the
designated destination pad.

6. Press [PLAY] to return to the basic screens.

These changes are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).
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In Step 4, by selecting and setting the next item down
“New BPM" you can specify the amount of expan-
sion or compression in terms of the tempo that is
to be used afterwards. (“Ratio” and “New BPM" are
always changed simultaneously.)

While the New BPM value being selected, holding down
[SHIFT] and tap [HOLD] repeatedly with your favorite
rate, that pressed rate is set automatically as a tempo.

MEMD If there is another sample already occupying the destination
pad, the message “Overwrite?” appears in the display. If delet-
ing the existing sample is acceptable, then press [ENTER/YES].

Although the Stretch screen is ordinarily called up by
pressing [SAMPLE/BANK] then selecting “Stretch Time?”
and pressing [ENTER/YES], the procedure used in Step 1
allows you to call up this screen instantly.
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Matching the Length or Tempo
with Another Sample’s One

With the Stretch function, you can match a sample play-
back time length with the other sample’s one. In such
instances, you can also have the reference sample’s
length be halved or doubled. Furthermore, you can be up
or down a tempo to match with the other sample’s one.

Expanding or Compressing the Length of One
Sample to Match That of Another

1. Hold down [SHIFT] and press the Quick Edit SAMPLE
[TRIM] button to call up the “TIME STRETCH" screen.

2. Check to select “Source” (source sample), and either
press the pad or rotate the VALUE/TIME dial to select
the pad that Iis to be expanded or compressed.

3. Press [ v ] to select “To” (destination pad), and
either press the pad or rotate the VALUE/TIME dial to
select the pad which the processed sample is to be
written.

4. Press [+ ] to select “Type,” and rotate the
VALUE/TIME dial to go to “LENGTH.”

5. Press [ a]or[~] to select “Match/w” and specify
the sample whose length is to act as reference by
pressing its pad, or by rotating the VALUE/TIME dial.

6. Press [ + ] to select “x1” and rotate the VALUE/TIME
dial to select the proportion of reference sample
length to be used. (If you want the length to be the
same as that of the reference sample, select “x1”; if
you want the length to be half that of the reference
sample, select “x1/2”; to double the length, select
“x2.”}

7. Press [ENTER/YES].

After a while, the processed sample is assigned to the
designated destination pad.

8. Press [PLAY] to return to the basic screens.

These changes are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).

The length of new sample becomes as same as the
“Length(—End)” setting of the source sample (p. 51).

(NBTE) By the setting at step 5 and 6, if the stretch range exceed the
top/bottom limits, “Can’t Execute. (Out of 50.0%-150.0%)"
message is appeared and you can’t execute the procedure.

If [TEMPO] is selected in Step 4, the expansion
ratio is set so that the tempo matches that of the
sample set in Step 5. However, to correctly calculate the
tempo, then as described on p. 50, first it is necessary to
specify the number of beats for both the source sample and
the reference sample to which its is being matched. The set-
ting in Step 6 is unnecessary.

Furthermore, due to the limitations in precision when cal-
culating the tempos, there may be a slight difference in the
tempo of the resulting sample.

Changing a Sample’s Pitch

Use the Change Pitch function to change the pitch of one
sample, and then save the changed sample as a new sam-
ple. This function differs from the Vari-Pitch function (p.
39) in that it can change the pitch of individual sam-
ples and change only the pitch, without causing any
change in the playback time. Use each of these func-
tions according to your particular needs.

(NOTE) Change Pitch takes more time than other kinds of sample
processing. In addition, the sound quality of samples under-
going this processing may suffer somewhat when compared
to original samples.

Creating a New Sample by Changing a Sample’s Pitch

1. Hold down [SHIFT] and press the Quick Edit SAMPLE
[LEVEL] button to call up “CHANGE PITCH” screen.

2. Check to select “Source” (source sample), and either
press the pad or rotate the VALUE/TIME dial to select
the pad that the pitch to be changed.

3. Press [+ ] to select “To” (destination pad), and
either press the pad or rotate the VALUE/TIME dial to
select the pad which the processed sample is to writ-
ten.

4. Press [ v ] to select “Grade,” and rotate the
VALUE/TIME dial to select the quality of the sound
after the pitch changing process, adjustable in five
levels (details next page).

5. Press [ a ] or [ +] to select “NewPitch,” and rotate
the VALUE/TIME dial to set the Interval of the pitch
changing by semitone unit.

6. Press [ o ]or[ «]to select “P.Fine,” and rotate the
VALUE/TIME dial to set the fine pitch adjustment, in
‘cents (hundredths of a semitone).

7. Press [ENTER/YES].

After a while, the processed sample is assigned to the
designated destination pad.

8. Press [PLAY] to return to the basic screens.

These changes are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).
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In Step 6, “Grade” refers to the five levels of sound quality
that can be selected for the resulting sample. In general, the
higher value less the sound suffers. However, disturbances
in the rhythm may occur in some phrases. Try changing the
setting, and select the most appropriate one.

If there is another sample already occupying the destination
pad, the message “Overwrite?” appears in the display. If
deleting the existing sample is acceptable, then press
[ENTER/YES].

Although the Change Pitch screen is ordinarily called up by
pressing [SAMPLE/BANK], then selecting “Change
Pitch?” and pressing [ENTER/YES], the procedure used in
Step 1 allows you to call up this screen instantly.
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Storing a Sample Out of the

Pads Temporarily (Clipboard)

You may think it convenient to store the sample out of
the pad bank temporarily, when you process or edit sam-
ples over different pad banks or when you want to re-
arrange samples in a pad bank. In such instances, use the
clipboard function. The clipboard can hold one sample at
a time.

Any samples in the clipboard are lost when the
power is turned off. Do not leave any sample you need
in the clipboard; make sure to return the sample to a pad
and remove the disk before turning off the power.

Moving Samples to Other Pads

By transferring samples from the pads to [CLIPBOARD],
and from [CLIPBOARD] to other pads, you can quickly
move samples from one pad to another.

Placing Samples in the Clipboard

1. While pressing the pad (which lights) which you want
to move the samplie, press [CLIPBOARD].
The pad is cleared (unlit), and [CLIPBOARD] is illumi-
nated.

2. When you press [CLIPBOARD], the sample which
temporarily stored outside the pad is played.

If [CLIPBOARD] is lit (already contains a sample), the
message “Overwrite OK?” appears in the display. If it is
all right to delete the existing sample, then press
[ENTER/YES]. If not, press [EXTT/NOJ to cancel the pro-
cedure. :

The sample stored in the clipboard is played in Step 2 is for
confirming the sample. Samples played by pressing [CLIP-
BOARD] are slightly delayed compared to when they are
played on the pads.

When [SHIFT] is held down during these procedures, above
you can copy the sample (p. 56) instead of move it.

Returning Samples from the Clipboard to the Pads

1. While pressing [CLIPBOARD], press the destination
pad.
[CLIPBOARD] is cleared (unlit), and the destination pad
is illuminated.

2. Press the pad to play the sample in order to confirm
that it was moved.

In Step 1, if the destination pad already contains sample
(if it is illuminated), the message “Overwrite OK?”
appears in the display. If it is all right to delete the exist-
ing sample, then press [ENTER/YES]. If not, press
[EXIT/NO] to cancel the procedure.
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Copying Part of a Song to a Pad

Using the Mark Phrase function (p. 83), you can copy
the phrases in the specified songs (tracks) to the pads via
clipboard.

Copying Marked Track Phrases to Pads

1. Following the procedure described on p. 83, mark the
phrase on the track.

Mark only one phrase. If you set more than one mark,
you will not be able to copy the phrase to pads.

2. While pressing the illuminated [MARK ON], press
[CLIPBOARD].
The [MARK ON] light goes off, and [CLIPBOARD] is
illuminated.

3. Press [CLIPBOARD] to confirm that the phrase
played as the same sound as the source phrase.

4. While pressing [CLIPBOARD], press the copy-desti-
nation pad.

The phrase is copied from the clipboard to the pad.

(6T [n Step 2, if [CLIPBOARD] already contains a sample (if it
is illuminated), the message “Overwrite OK?" appears in
the display. If it is all right to delete the existing sample,
then press [ENTER/YES]. If not, press [EXIT/NO] to can-
cel the procedure.

Phrases whose ranges are specified with the Region In/Out
function (p. 82) cannot be copied to the clipboard using this
procedure.

Deleting Samples (Delete Sample)

By deleting unneeded samples, you can open up more
pads for use. There are a number of ways to delete sam-
ples.

(ROTE) Even when a sample is deleted, there is no resulting
increase in available recording time. To increase this
remaining time, perform the Cleanup Disk procedure (p.
46) after deleting the sample.

Deleting with “Delete Sample”

1. Press EDIT [SAMPLE/BANK].

2. Press [ o] or [+] to select “DELETE?” and press
[ENTER/YES].

The sample to be deleted (the pad number) appears in
the display.

3. Press a pad or rotate the VALUE/TIME dial to select
the sample to be deleted.

4. Press [ENTER/YES].
The sample is deleted.

5. Press [PLAY] to return to the basic screens,

Repeat Steps 3 and 4 when deleting multiple samples.

Using the Clipboard

You can use the clipboard function (p. 54) when deleting
samples. (If a sample you need is in [CLIPBOARD] first
move that sample to an appropriate pad.)

An Example of Quickly Deleting Samples in Pads 1, 3, and 4

1. While pressing pad [1], press [CLIPBOARD] ([CLIP-
BOARD] is illuminated. The pad [1] light goes off.)

2. While pressing pad [3], press [CLIPBOARD]. Press
[ENTER/YES] as it blinks (the pad [3] light goes off).

3. While pressing pad [4], press [CLIPBOARD]. Press
[ENTER/YES] as it blinks (the pad [4] light goes off).

MERD Only the last sample deleted (from pad [4]) remains in
[CLIPBOARD].
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"

Deleting All the Samples in a
Pad Bank At Once

Deleting with Erase Bank

l.
2.

3.

5.

6.

Press EDIT [SAMPLE/BANK] to call up the menu.
Press [ a ] or [ + ] to select “Erase Bank?” and
press [ENTER/YES].

The name and number of the pad bank to be deleted
appears in the display.

Rotate the VALUE/TIME dial to select the pad bank to
be deleted.

Press [ENTER/YES].

The confirmation message “ARE YOU SURE?” appears
in the display.

Press [ENTER/YES] again.

All samples on the specified pad bank are deleted.

Press [PLAY] to return to the basic screens.

Repeat Steps 3-5 when deleting multiple pad banks.
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Creating Duplicates of

Samples (Copy Sample)

You can duplicate a sample to another pad. This is a con-
venient way to play the sample when arrange the same
sound to several pads then specify the different reading
regions or change the way to sound “GATE” or “TRIG-
GER” (Pad Play:p. 36). There are two ways to copy the
samples to other pads; one is “pad to pad” function by
using clipboard, and other one is copy the samples in a
whole pad bank at once.

When copies are made using Copy Sample, the waveforms

in the original sample are employed to the greatest extent
possible. As a result, large amounts of remaining sampling
time are not used up when copying samples.

Using the Clipboard

You can also use the clipboard function (p. 54) to copy
samples to other pads. If you carry out the procedure for
moving a sample from one pad to another while press-
ing [SHIFT], you can copy the sample without deleting
the original.

Using the Clipboard to Copy Samples

1.

2.

3.

With [SHIFT] held down, press [CLIPBOARD] while
pressing the pad (lit) containing the sample you want
to copy.

[CLIPBOARD] is illuminated. This time, the source pad
is not cleared (it stays lit).

While pressing [CLIPBOARD], press the copy-desti-
nation pad.

[CLIPBOARD} is cleared (the light goes off), and the
copy-destination pad is illuminated.

Press the pad to play the sample, so you know that
the same sample has been copied.

In Steps 1 and 2, if either [CLIPBOARD] or the destina-
tion pad already contains a sample (if it is illuminated),
the message “Overwrite OK?” appears in the display. If
it is all right to delete the existing sample, then press
{ENTER/YES]. If not, press [EXIT/NO] to cancel the pro-
cedure.

If [SHIFT] is held down while the sample is returned from

[CLIPBOARD] to the pads in Steps 2 and 3, the sample
remains in [CLIPBOARD].
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Copying All of Samples in a
Banks to Other Banks

Duplicating with the Copy Bank Function

1.
2.

3.

Press EDIT [SAMPLE/BANK].
Press [ a ] or [ «+ ] to select “Copy Bank?” and press
[ENTER/YES].

The names and numbers of “Source” (the copy-source
bank), and “To” (the copy-destination bank) appear in

the display.

While pressing [ o ] or [ « ] to select the two items
above, press the pads or rotate the VALUE/TIME dial
to specify each of the pad banks.

Press [ENTER/YES].

The samples are copied.

Press [PLAY] to return to the basic screens.

The results are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).

Repeat Steps 3 and 4 when copying multiple pad banks.

If the copy-destination pad bank already contains even one

sample, the message “Overwrite OK?” appears in the dis-
play. If it is all right to delete any existing samples, then
press [ENTER/YES]. If not, press [EXIT/NO] to cancel the
procedure.

Distributing a Sample Among

Multiple Pads (Divide Sample)

After sampling long phrases, you may want to divide the
sample into two parts, and assign the latter part of the
sample to another pad as a new sample. This is called the
Divide Sample function. This is convenient when, after
sampling for a long stretch, you then want to cut off a
shorter portion and assign it to another pad. The division
point becomes the original sample’s end point decided
by the “"LENGTH(—END)" setting (p. 51).

The divided sample on the pads copy the source sample on

them and are set their new start points. (Only the sounds
are divided, not the internal waveform.)

Division point
Playback time length : Intemal waveform

=

Divide Sample "

Specifying a Division Point and Dividing a Sample in Two

1.

2,
3.

6.

7.

Set the original sample’s end point at the location
you want to separate the sample (p. 51).

Press EDIT [SAMPLE/BANK].

Press [+« ] to select “Divide?” and press
[ENTER/YES].

Rotate the VALUE/TIME dial to select “END POINT”
for the “Type” setting.

Select the pad and pad bank numbers of “Source”
(the source sample) and “To” (the destination for the
divided samples) by pressing [~ ], [v ], [ =], or
[ = ] then set the items (press the pads or rotate the
VALUE/TIME dial).

Press [ENTER/YES].
The sample are divided.
Press [PLAY] to return to the basic screens.

The results are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).

(MOTE) If a divide destination pad already contains a sample, the

message “Overwrite OK?” appears in the display. If it is all
right to delete the existing sample, then press
[ENTER/YES]. If not, press [EXIT/NO] to cancel the pro-
cedure.
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”

Automatically Dividing Samples
at Silent Portions Within Them

You can have the silent portions within a sample detect-
ed, and then have boundaries inserted, and the sample
divide automatically. In Step 4 above, selecting AUTO
(either AUTO (1.0), AUTO (0.5), AUTO (1.5), or AUTO
(2.0)) instead of END POINT executes the division. The
value within the parenthesis (1.0, 0.5, 1.5, or 2.0) specifies
the length of time the silent portion must be to recog-

nized as a division point. For example, at “AUTO (1.0)

a silence one second or longer is recognized as a phrase

boundary, and a division is set there.

In this case, it is not necessary to carry out the setting in

Step 1 (end point).

What Occurs When “AUTO” is Selected

« The group of divided samples is assigned to the sequen-
tial pads specified at “to” in order (although any pads
already containing samples are passed over as the sam-

ples are written).

« If there aren’t enough pads to accommodate the last divi-
sion of the sample, “PADs are Full. Use Next Bank?”

appears in the display.

If [ENTER/YES] is pressed, distribution of the samples

continues with the pads in the next pad bank.

If [EXIT/NO] is pressed, the remaining parts are written io

the last available pad as one sample.

If you want only the resulting parts of the sample to be
neatly arranged within the pad bank, select pad [1] of an
empty pad bank as the destination. To clear a pad bank, use

the Erase Bank function (p. 56).
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Pressing a Button to Mark Divisions

Divide Where the Button is Pressed

1.

Press EDIT [SAMPLE/BANK].

Press [+ ] to select “Divide?” and press
[ENTER/YES].

Rotate the VALUE/TIME dial to select “MANUAL" for
the “Type” setting.

Select the pad and pad bank numbers of “Source”
(the source sample) and “To” (the destination for the
divided samples) by pressing[ «. J,[ v ), [ <]or[=]
then set the items (press the pads or rotate the
VALUE/TIME dial).

Press [ENTER/YES]; the source sample begins to
play.

Press [ENTER/YES] each time you want to set a divi-
sion point.

Bound the point where the button is pressed, division
process is executed.

Press [PLAY] to return to the baslic screens.

The results are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).

After Step 6, the divided source sample is reconstructed in a

newly created sample. If you want to continue dividing the
sample, repeat Steps 5 and 6.

If a divide destination pad already contains a sample, the

message “Overwrite OK?"” appears in the display. If it is all
right to delete the existing sample, then press
[ENTER/YES]. If not, press [EXIT/NO] to cancel the pro-
cedure.
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Reversing the Sample Like a Tape

Backwards (Create Reversal)

Create Reversal is a function to create a sample sound
which sounds like the reversing tape recorder. The wave-
form data from the start point to the end point of the
source sample is read from the end to the beginning, and
the a sample created from this data is assigned to a dif-
ferent pad.

Making a Reversed Sample

1.
2.

3.
4.

5.

6.

7.
8.

Press EDIT [SAMPLE/BANK].

Press [ o ] or [ = ] to select “Create Reversal?” and
press [ENTER/YES].

Check “Source” (the source sample) is selected.

Either press a pad or rotate the VALUE/TIME dial to
select the numbers of the source pad bank and
source sample.

Select “To” (the source sample), and press a pad or
rotate the VALUE/TIME dial to select the numbers of
the destination pad bank and sample.

Press [ENTER/YES].
Create Reversal is executed.

Press [PLAY] to return to the basic screens.

Press the destination pad to confirm the results.

If the destination pad already contains a sample, the mes-

sage “Overwrite OK?” appears in the display. If it is all
right to delete the existing sample, then press
[ENTER/YES]. If not, press [EXIT/NO] to cancel the pro-
cedure.

The settings of Pad Play or Loop in the new created sample

will be the same as the source sample’s one. However, the
loop point setting is ignored.

Undoing the Immediately

Preceding Operation (Undo)

The status of the processing and editing functions intro-
duced in this chapter can be restored after the process-
es are executed, but before another operation is per-
formed. This feature is known as “undo.” If immediately
after executing a step that step can be undone, the
[UNDO/REDO] button is illuminated. If [UNDO/REDO]
is pressed, the most recently performed processing or
editing of the sample is undone.

If after pressing [UNDO/REDO] you find that you didn’t

really want to undo the last step, press [UNDO/REDO]
once more to cancel the undo (redo).

Settings parameters called up when “Set Sample Param?”

is selected from the menu that appears when EDIT [SAM-
PLE/BANK] is pressed cannot be undone. (This is also the
case for those parameters called up by Quick Edit [TRIM]
or [LEVEL].)

[UNDO/REDOQ] flashes when a step can be undone.
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Chapter 5 Arranging Samples (Phrases) to Create Songs

When the pad samples (phrases and sound effects) are
sounded in a sequential order, they can be made into
songs. Sounds that are arranged sequentially this way
are called songs. Songs are created using a variety of
methods as explained in this and following chapter.

To save the songs you create, and the data they contain to

disks, be sure to run the Save procedure before turning off
the power.

Mixer settings, effect patches, and other data are also saved

along with the song.

(HOTE) When creating a song by arranging samples that are record-

W

ed to the pads, the sounds comprising the song and the orig-
inal samples do not effect each other directly. For example,
if the sounds on the pad samples used as source material for
a song are deleted, those sounds, once saved as a song, are
not lost.

hat are Tracks?

Just as do commercial MTRs (multitrack tape/disk
recorders), the SP-808 features tracks on which sounds
can be arranged, recorded, and played back in sequential
order. Tracks are like lanes on a road. In general take a
tape-based four-track recorder for example, you can play
four monaural sounds simultaneously. The SP-808 fea-
tures four stereo tracks, allowing you to play four
stereo (or monaural, if desired) sounds simultaneously.

You can freely edit (p. 82, 87), add effects (p. 27, 93), and
bounce (p. 79) the sounds on the tracks, making the
remixing process very easy.

You cannot layer multiple sounds or play two different

sounds on the same track (regavdless of whether stereo or
monaural). Furthermore, when you want to press a pad
during playback of a song to play its sound, first you nust
mute at least one track (pressing [STATUS] for that track,
turning off its indicator) to stay within the maximum

polyphony.

Sounds on the tracks may include “SFX", narration or
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other sounds besides musical phrases. However, in order to
distinguish them from sounds on the pads (called samples),
the sounds on the tracks are referred to as phrases.

The Concept of Measures, Beats,
and Ticks

Some digital recording devices for producing music
track, control song location by hours/minutes/seconds
/frames like professional video instruments (one frame
being 1/30 to 1/24 of a second in length). However, the
SP-808 uses the measure (MEAS), beat (BEAT), and tick
(TICK) as the units of its basic system for measuring the
current location in a song (the tick, 1/96 of a beat, is the
smallest unit in a song on the SP-808). Thus, songs on the
SP-808 are based on the concept of tempo, and in chang-
ing the tempos of songs containing multiple phrases, the
intervals between the beginning of one phrase and the
beginning of the next are lengthened and shortened. The
overall tempo a song is changed in the “BPM TUNE”
screen (hold down [SHIFT] and press [VARI PITCH]).
Tempo change information can also be written to the top
of each measure in the Tempo Map screen (p. 71).

Technical Note

When necessary, such as for synchronizing the time with
the image on the screen, the “MEAS/BEAT/TICK"” indi-
cated at the upper left of the screen can be changed to an
Hour/Minute/Second /Frame readout (p. 31). However,
this is for reference only. Even if switched to this indica-
tion, designation of timing during editing of the song is
conducted in measures, beats, and ticks.

The Relationship Between Songs
and Phrases

The song tempo can be changed in the BPM Tune screen
(p- 70) or Tempo Map screen (p. 71). When the tempo is
slowed down, the interval during which the phrase
sounds is lengthened. Conversely, increasing the tempo
makes the interval shorter. However, in either case, you
cannot change the performance tempo of the phras-
es (the tempo when the phrase is audio-recorded)
themselves.

To change the tempo of a phrase so that it matches the
song tempo, expand or compress the time of pad sample
(Stretch function — see p. 52), and place it on the track
again. Alternatively, if you don’t mind the phrase’s pitch
being changed, you can also use the Vari-Pitch function
(p- 39) to adjust the tempo of the entire song.
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MEAS 1 2 3 4 5 6
o, s — e ——ara ]
120.0BPM (100%) | ellot :| Hello! | He He Hello! | Hello! pemmmesoens :
Ten%po: Up * ' :WMW“'
160.0BPM (133.3%) | Pojio] Hello] H| | H| | Hello] Hello] \_Hellot !
One measure

———————————————————————————————————————————————— worth of phrase

120.0 BPM (100% :

DEPM(100%) | Hellot || Hellol lHeI He 'Hello! Hello!

Tempo: Down{ :

96.0 BPM (80.0%) | Heliof ' IHeIIo! I HeII ' Hell lHello! lHeIlo! l l
] i I I 1

A case of Vari-Pitch
MEAS 1 .2 3 4 5 6

120.0 BPM (100% " e ———
0BPM (100%) | Hello! | Hello! |He| He IHello! Hello!

Vari-Pitch: Down{ N T— l\
96.0BFM (80.0%) | Hello! | Hello! | He He Hello! Hello!-l

BPM TUNE

Phrases on Song (or track) are recorded as
described below

Play the sample selected for recording;:

1. From which measure, beat, and tick where the
change to begin;

2. Start from the position #:kskik units from the begin-
ning of the sample; and ....

3. For O O beats and O O ticks then mute the sample.

The data in 1-3 sets the phrase represented by the out-
lined

rectangle displayed in the Play List screen.

Depending on the precess at the recording, the data of
item 1 and 3 are set.

In the case of recording the phrases on the song by press-
ing the pad, the sample’s start point is reflected to the
data number which skip play the sample songs from the
beginning in 2. This value can be changed with the
Adjust Timing function (p. 87).

Depending on the actual sampling time or other factors, the
length of time of a sample on the disk is determined. Even if
the apparent play length of 3 above is expanded, the sound
stops upon reaching the edit point, before the end point
determined in 3. Thus, the sound may stop even
when the apparent phrase (the outlined rectangle)
is indicated in the Play List screen.
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”

Creating New Songs

Prepare a new song on the disk for the recording of new
phrases. To bring a new song into being, use the Create
New Song function.

Creating and Naming New Songs

The SP-808 can save up to 64 songs on one Zip disk. You
can use up to 12 characters to name each song.

The songs are assigned a number from 1 to 64. A newly cre-
ated song is automatically assigned to the lowest number
not currently assigned to any song. There is no need to set
the open number to the new song it.

Creating a New Song and Selecting the Name

1. Press [SONG/TRACK].

2. Press [« ]or[ « ]to select “Create New Song?” and
press [ENTER/YES].
An available song number is automatically selected, and
the temporary name “New Song ##” (with %% being the
song number) appears in the display.

CREATE HEW
No. 03
Name [[few Sona 03]

SO

3. Press [ -=]or [ = ] to move the cursor and rotate the
VALUE/TIME dial or use the pads to select the song
name.

4, Press [ENTER/YES].
The message “Save Current Song? (Overwrite Only.)”
appears in the display.

5. If you want to save current song, press [ENTER/
YES]. i you don’t want to save it, press [EXIT/NO].

If you press [ENTER/YES), then after the current song is
saved, it is recreated as a new song and then called up
again. If [EXIT/NO] is pressed, a new song is called up
without the current song being saved.

Press [PLAY] to cancel this procedure and return to the
basic screens.
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Using the Pads as Character Input Buttons

You can use the pads to enter characters when selecting
the song name in Step 3 (at that stage they do not func-
tion as pads for playing sounds).

Press [ — ] or [ = ] to select the cursor position, and
press the pads to select the characters. For example,
when the [2] (D, E, F) pad is pressed, the character indi-
cated on the screen changes in a repeating sequence
“2—+d—re—f—2—+d—e..”

[13] (CAPS): Pressing this turns the pads illumination on
and off; capital letters are entered when the
pad is illuminated.

Pressing this inserts a space at the cursor,
moving any characters after the inserted
space move back by one space.

[14] (INS):

[15] (DEL): Pressing this deletes the selected charac-
ters, moving any characters after the delet-
ed space move forward one space.

[16] (BS): Pressing this moves the cursor to left side

with deleting the previous character.

New songs are set with the tempo at 120.00 BPM (beats per
minute) and time signature 4/4. If you want to change these
settings, use the following procedure or change them in the
Tempo Map screen (p. 71).

L4 *

Setting Measure Bars to Fit the Sample
Normally, phrases lasting one or two measures are sam-
pled to the pads, and songs are created from these source
sounds. Setting the measure bars and tempo to conform to
the samples that are already recorded makes the editing
progress mote smoothly. When creating a new song (see
previous item), use the following procedure to set measure
bars according to the specified rhythm and have the tempo
automatically set to match that of the source samples.

This function does not work correctly if the num-
ber of beats in the sample is not specified. To cal-
culate the tempo of the sample correctly, use the procedure
described on p. 50 to specify the number of beats.

Creating a Song with Measure Bars and Tempo
that Conform to a Sample

1. Create and name a new song using Steps 1-3 in the
previous item “Creating a New Song and Selecting
the Name.”

2. Press[~]

A settings parameter other than the song name appears
in the display.

4 Base
+“TrackR EMPTY End M &4
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3. Press[«],[w],[ =] or [~ ] to select “T-Sign”
(Time Signature, meaning the rhythm), and rotate the
VALUE/TIME dial to select the rhythm.

4. Select “BASE” (specifying the tempo for the refer-
ence sample) as well. (first “BNK- PAD-" is Indicat-
ed, followed by the tempo of 120.00 BPM).

5. Press the pads or rotate the VALUE/TIME dial to
select the sample (the tempo calculated from this
sample is then set).

6. Press [ENTER/YES].
“Save Current Song? (Overwrite Only)” appears in the
display.

7. if you want to save this as a song beforehand, press

[ENTER/YES]. If you do not want to save this song,
press [EXIT/NO].

If you press [ENTER/YES], after the current song is
saved, it is recreated as a new song and then called up
again. If [EXIT/NO] is pressed, a new song is called up
without the current song being saved.

In Step 4 above, instead of specifying a sample, you can also
rotate the VALUE/TIME dial to directly input the “BPM”
(Tempo) and go on to create the song.

Creating a Song with the Reference
Sample Already Included

By specifying a sample in Step 5 of “Creating a Song
with Measure Bars and Tempo that Conform to a
Sample,” you can create a new song using the all the data
recorded in the sample, from beginning to end.

Creating a Song from a Sample Recorded to Track A

1. Carry out Steps 1-5 of “Creating a Song with
Measure Bars and Tempo that Conform to a Sample.”

2. Press |+ ]to select “Track A.”

3. Rotate the VALUE/TIME dial to call up “GUIDE”
(arranging the Guide Sample).
At first, this is set to "EMPTY” (no Guide Sample
arranged).

4, Select “End M” (for the number of the last measure),
and rotate the VALUE/TIME dial to select the last
measure to which the Guide will be pasted.

5. Carry out Steps 6 and 7 of “Creating a Song with
Measure Bars and Tempo that Conform to a Sample.”

Recording Your Pads Performance

(Event Realtime Recording)

Starting Recording
with Counting In

Now, let’s try recording the phrases by pressing pads
onto the new song’s track created in the operation on p.
62.

In real-time recording of pad performance, which are called
events, are recorded to the tracks as the timing with
which the pads are pressed and released. Since the
sounds themselves are not recorded to any track, no remain-
ing recording time is used up. Additionally, you do not
need to set any recording levels. However, you cannot apply
effects or use the equalizer, and you cannot record sounds
from multiple pads onto the same track. In this case, you
must use Audio Recording (p. 74) to record these sounds to
the tracks.

Recording Pad Events in Realtime

When Calling Up Event Realtime Recording for the
First Time

1. Press [1««] and confirm that the “SONG POSITION”
indicated in the display shows “001-01-00.”

2. Hold down [SHIFT] and press [ » ] (PLAYBACK).

The Event Realtime Recording function is called up. At
the same time, [ ®] begins to flash, and the metronome
sound starts playing. The screen display switches to
“EVENT REC (REALTIME)".

Start-sw [Egssgl
Auantize OFF
Aut.oPunch OFF

Loc. [-1-[-1]

EVEHT REC
IREALTIME]

=5

3. Confirm “Quantize” is set to Off and “Start/w” (start
with) is set to Cnt2M (COUNT IN 2; details follow).

4. Press [STATUS] once or twice until the red light
flashes.

5. Press|[ » ] (PLAYBACK).

After two measures of the metronome’s count sound,
recording begins (the flashing red [STATUS] and [ @
change to steady illumination, and the basic screens
return to the display.
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6. Press a pad to play the sample along with the
metronome’s rhythm and the “SONG POSITION dis-
play.”

7. Press [ m ] to stop recording, then press [ie«] t0
jump back to the beginning of the song.

8. Press [ » ] (PLAYBACK) to play back the recording
of the event; the sound played in Step 6 is repro-
duced.

Only one recording track can be selected in Step 4. When
selected a different track to record on, first press the flashing
red [STATUS] to turn it off, then select another track.

When the Previous Recording Has Been “Event
Realtime” type

Event Realtime Recording is selected already, so at Step
2, press [ @] blinks and the metronome starts sounding
(the display does not switch to the “EVENT REC (REAL-
TIME)” screen). In this condition, if the recording track is
specified (Step 3) and press [ » ] (PLAYBACK), then
recording begins according to the settings made before in
the “EVENT REC REALTIME"” screen. During recording
(or while in standby mode), to return to the “"EVENT
REC (REALTIME)” screen and change the settings in that
screen, hold down [SHIFT] and press [ » ] (PLAY-
BACK).

Instead of jumping back to the beginning of the song in Step
1, you can also move to another desired position in the song
and begin recording from there.

When you record on a track that already ha data stored on
it, pressing the pad overwrites the data on the previously
recorded material, which is thus lost.

By holding down a pad that is set to loop playback, then the
sample is recorded repeatedly (though still handled as a sin-
gle phrase on the track). Furthermore, changes in the sound
of the sample from the “GATE,” “TRIGGER,” and
“"DRUM?” settings (p. 36) are also recorded onto the track
just the way they are actually played.

When recording with the song’s measure bars and tempo
ignored, and at other times when the metronome is unnec-
essary during recording, you can stop the metronome by
holding down [SHIFT] and pressing [t4] (the count
sound metronome is not turned off).
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To Change the Number of Measures of Count Sound

In Step 3, press [ a ] to select “Start/w and rotate the
VALUE/TIME dial to change the number as follows,

“[ » 1(PLAYBACK)":

When [ » ] (PLAY BACK) is pressed, recording begins at
the same time.

“CntlM”(COUNT IN 1 MEASURE):
Recording begins after one measure count-in.

“Cnt2M”(COUNT IN 2 MEASURE):
Recording begins after two measures of count sound.

Starting Recording Whenever One of The Pads Is
Tapped in Standby Mode

In Step 4, replace Start w/ with “[PAD].” Recording
begins when one of the pads is tapped.

To Return to the Status at the Immediately
Preceding Stage
Right after recording, after listening to the result played
back, you can press [UNDO/REDO] to return to the pre-
vious conditions.

To Record While Listening to Sounds on Another
Track

You can listen to sounds on a previously recorded track
while using the pads to record to a different track.Raise
the fader of the previously recorded track ([STATUS] is
illuminated green) then you can perform Realtime
Recording while listening to the sound on the other
track.

If you are going to match the length and tempo of the
sample to the previously recorded phrase, use the Stretch
function (p. 52) for processing before you start recording.

If you are trying to press multiple pads simultaneously, if a
pad is pressed even an instant later than another, the sound
of the sample on the first pad stops, and is replaced by the
sample from the pad that is pressed later. When recording
multiple pads to a track so that you can layer their sounds
(up to a maximum of three), just as in the previous section,
use the track Audio Recording function (p. 74).

(NOTE) When there are no phrases at all on the track, [STATUS]
are not illuminated green even when pressed. Furthermore,
in Event Recording, differs from Audio Recording of tracks,
you cannot designate tracks other than those being recorded
to as bounce source tracks (illuminated orange).
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If “Drive Too Busy.” Appears in
the Display

In Step 6 of Event Realtime Recording (previous item), in
cases such as when the intervals of pressing pads are
too short, you may be unable to play back the sounds.
At such times, the warning message “Drive Too
Busy.” appears in the display during playback. This mat-
ter occurs when the demand for data exceeds the speed at
which data from the Zip disk can be read. The rough fig-
ure of minimum interval to press pads for accessing data
is about 0.3 seconds, (but) depending on the conditions
such as selecting sequential phrases on the same track, or
writing status to the disk, it will be changed widely.

If this matter does occur, use the following procedure to
change the recording method to eliminate problems in
playing these sounds.

= In Audio Recording (p. 74) to record to the tracks, record
the sounds played when the pads are pressed.

* In Event Step Recording (p. 68), record with the New
Phrase parameter set to “SINGLE.”

With the above method, the multiple phrases designated
by the pads are recorded as a collective single phrase.
When you look at the Play List, the parts that were
recorded are displayed in a single, unbroken box, mean-
ing you can play the sounds correctly as intended.

With either method, recording time of the total length of the
phrases is consumed.

Recording While Correcting
Shifts in Timing (Quantize)

The smallest timing division registered when Event
Recording is 1/96 of a beat. Thus, in Event Realtime
Recording, getting the timing just right when you are
recording, for example, measures of four or eight beats
can be very difficult. The Quantize function, which cor-
rects unmatch in timing while recording progresses, is
perfect for this sort of situation.

Recording with Quantize

1. Hold down [SHIFT] and press [ » ] (PLAYBACK).

2. Press [STATUS] of the track for recording once or
twice until the red light flashes.

3. Press [ a ] to select “Start/w” and rotate the
VALUE/TIME dial to set the starting method (p. 64).

4. Press [+ ] or [ a] to select “Quantize” and rotate
the VALUE/TIME dial to set the preciseness with
which Quantize will correct timing mistakes.

Set Quantize so that unmatchs are corrected to the closest
note. This way, timing of the sounds that are played is
matched to the measure bars and each beat as well.

“MEAS": To the top of each measure

“ }”:  Themeasure is divided into 192 ticks for timing
# |} "+ Themeasureis divided into 96 ticks for timing
“ s ”:  The measure is divided into 64 ticks for timing
“ )" Themeasureis divided into 48 ticks for iming

“ I The measure is divided into 32 ticks for timing
“ N The measure is divided into 24 ticks for timing
“ A"  Themeasureis divided into 16 ticks for timing
“OFF”: Recorded as played on the pads, with no cor-

rection

5. Press|[ » ] (PLAYBACK).

Recording begins according to the setting in Step 3. Now
press the pads to play their sounds (this also return to
the basic screens).

6. Press [ m ] to stop recording.

In Realtime Recording, when samples are one measure in
length and Quantize is set to “MEAS,” you can record
phrases quickly and systematically.

Quantize does not apply to the timing with which you
release the pads.

When using Quantize, more than one sound may be sent to
the same track simultaneously when the pads are pressed.
In this case, only the pad pressed latest is effective and only
the sound of that pad is recorded.

Rerecording Only a Specified
Segment (Punch-In and Punch-Out)

During playback, you can switch tracks in and out of
recording mode only for selected segments. This is
referred to as Punch-In and Punch-Out. This is conve-
nient in such instances as when you want to record over
mistakes only in the same part.

Event Realtime Recording with Punch-In and Punch-Out

If you are already working in Event Realtime Recording,
start from Step 3 of the following procedure.

1. Hold down [SHIFT] and press [ » ] (PLAYBACK).

[ @] flashes, and the display is switched to the “EVENT
REC (REALTIME)” screen (set “Start/w” to{ » ] (PLAY-
BACK), and select the Quantize function if necessary).

2. Press [ ® ] to exit from record standby mode.

3. Press [STATUS] of the track for recording once or
twice until the red light flashes.

4. Press [ » ] (PLAYBACK) at a song position just
before the point where you want to start recording.

With [STATUS] left flashing from Step 3, start playback
of the song.

65



Arranging Samples (Phrases) to Create Songs

)

5. Press [ @] at the point you want to record.

Recording starts, and [STATUS] and [ ® ] both change
from flashing to steady illumination.

6. Samples are recorded as you press their pads.

7. Press [ m ]to stop recording.

When you press [ @ | during recording (step 5-7) you can
switch the function punch out punch in punch out alternately.

Using a Foot Switch to Punch In and Out

You can press a foot switch instead of [ ®] to operate
Punch-In and Punch-Out. Connect a designated device
(such as the optional DP-2) to the Foot Switch jack on the
rear panel, and assign the Punch-In/Out function with
the following procedure.

1. Press [SYSTEM/DISK] and [ENTER/YES], in that
sequence.

2. Press [ ]or[ . ]to select the “FSW Func” parameter.

3. Rotate the VALUE/TIME dial until “PUNCH I/O” s dis-
played.

4. Press [PLAY] to return to the basic screens.

When punching in and out repeatedly during the similar seg-
ment of the song, shifts in the timing each time you punch in
or out can result instead in a number of extremely short phras-
es being inserted near the punch-in and punch-out points. In
such instances, the “Drive Too Busy.” warning (p. 65) may
appear during playback, and the sounds of those short parts
may not be played. When you do want to punch in and out
repeatedly over the same section, use the Auto Punch-In/Out
function {following item), which allows you to precise punch
in and out af the same times, thus avoiding this problem.

Punching In and Out
Automatically at Specified Points

On the SP-808, you can automatically switch into and out
of recording mode over a segment defined by two points
that are specified with the Locator function (p. 32),
allowing you to punch in and out automatically.

Using Auto Punch-In/Out

First register two Locators determining the points where
recording begins and ends (p. 32).

1. Hold down [SHIFT] and press [ » ] (PLAYBACK).

[ ®] flashes, and the display is switched to the “EVENT
REC REALTIME” screen (set “Start/w” to [ » ] (PLAY-
BACK), and select the Quantize function if necessary).

2. Press [ v ]or[ a]to select “AutoPunch” and rotate
the VALUE/TIME dial to set this to “ON.”

3. Numbers are indicated in “[-]-[-]" at the bottom of the
display.

These numerals indicate the Locator registration num-
bers 1-8. The left number indicates the Punch-In point
{(where recording begins), and the right number indicates
the Punch-Out point (where recording stops).

4. Press [ -]or[= ] and rotate the VALUE/TIME dial to
set these numbers.

Only the Locator number for registering the position is
selected.

5. While conducting the recording just as in regular
Event Realtime Recording (p. 63), with Auto Punch-
In/Out lets you record only in that segment specified
in Step 4.

Monitoring the Sound During
Punch-In and Punch-Out

You can listen to the sounds that are being newly record-
ed from punch-in to punch-out.

In the interval up to punch-in (and from punch-out), you
can listen to the sounds which “already recorded on the
tracks” and “from hitting the pads”. (This is the case only
in Realtime recording.)

You cannot make sounds by hitting the pads simultane-
ously, however, when the tracks unspecified for record-
ing are all in playback mode ([STATUS] lights green or
orange.). In this case you can select the monitor settings
from following two, before punch-in (or after punch-out)
by switching the monitor in system settings.

SOURCE: This setting allows you to hear the sounds
from the pads.

TRACK: This setting allows you to hear the sounds of
phrases already recorded to the tracks.

When shipped from the factory, this is set to “TRACK".

Switching the Monitor Before {After) Punch-in and
Punch-Out

1. Press [SYSTEM/DISK] and press [ENTER/YES]).

2. Press[w]or[ a]to move to “Mon{PrePunch)” and
rotate the VALUE/TIME dial to select “SOURCE” or
“TRACK"” mentioned above.

3. Press [PLAY] to return to the basic screens.

This switching can do by the shortcut operation that
Pressing [SYSTEM/DISK] while [SHIFT] held down.

When punching out manually, there is a brief moment
between the time you punch out and the time the sound on
the track begins to play again.
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Playing and Stopping the
Metronome

The metronome sounds automatically during Event
Realtime Recording, and stops automatically when
recording stops. if you don’t want the metronome to
play during recording, hold down [SHIFT] and press
[}, “MetronomeOFF” appears in the display, and the
metronome is prevented from sounding during record-
ing. To turn the metronome back on, then once again
hold down [SHIFT] and press [ <]

To Have the Metronome Sound at All Times

You can select from the following two functions for the
metronome while it is on.

“REC”: The metronome plays only during

Realtime Recording.

“ALWAYS": The metronome plays at all times, regard-
less of whether a song is in playback, is
stopped, or is being recorded.

Use the following procedure to switch the metronome
setting to “ALWAYS.” You can turn the metronome on
and off manually by holding down [SHIFT] and pressing
[ me«] as described above.

Having the Metronome Play Always

1.
2'

3.

Press [SYSTEN/DISK).

Check “Set System Param?” is selected and press
[ENTER/YES].

Press [ v ] or [ & ] to select “Metro.,” and rotate the
VALUE/TIME dial to change from “INT (REC)" to “INT
(ALWAYS)”.

Press [PLAY] to return to the basic screens.

In Step 3 of the procedure you can select “MIDI (REC)”
or “MIDI (ALWAYS)” as well. Select these if you are
using an external MIDI sound source for the metronome

(p. 159).

The metronome can also be made to sound if you set the

number of sample’s beats (for indicating the tempo —
see p. 50), which is unrelated to the above mentioned set-
ting (when "note” and “number of notes” in that screen are
selected and highlighted).

In this case, you can still turn the metronome on and off
by holding down [SHIFT] and pressing [ le«].

Setting the Metronome Volume

The metronome sound is output from MASTER OUT.
However, the metronome volume does not change, even
when the Master fader is turned down. Use the following
procedure to change the metronome volume.

Changing the Metronome Volume

1.
2.

3.

4'

Press [SYSTEM/DISK].

Check “Set System Param?” is selected and press
[ENTER/YES].

Press [ v ] or [ a ] to select “Metro.Level,” and
rotate the VALUE/TIME dial to set the volume (from 0
to 100).

Press [PLAY] to return to the basic screens.
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Recording by Pressing the Pads
One at a Time (Step Recording)

On the SP-808, with the song stopped, you can record
phrases to the tracks by pressing the pads, like inputting
characters with a word processor. This is known as
Event Step Recording (afterwards referred to as “Step
Recording”). For example, by pressing [1], [1], [1], and
[3], the phrase that would be played back from pressing
those samples [1] (three times) and [3] (one time) is
recorded in a preset interval (step). The length of the step
is based on the length of the song’s measures.

In Step Recording, the buttons have the following func-
tions.

Pad [1]-[16]):

Pressing these records the pad samples, and advances
the current song position one step.

[ » 1(PLAYBACK):

Holds the phrase in the immediately preceding step over
to the current step (Tie).

[»»]:

Records a rest of one step length, and advances the song
position one step.

[wal:
Return to the previous step.

If You Become Confused About Button Functions
During Recording
In the following the “STEP REC” (Step Recording)
screen, press [ w | once or twice so that the display
switches to “Usage Info.” Recording continues even
when you switch to this screen. (Press [ & ] to return to
the previous screen.)
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An Example of Step Recording

When recording to the track with pads [1] and {2] each
holding a sample as shown below.

Pad
EMW

[E?j'\/\/\/\/\f\—ﬁmse
Pad

[]
[
il
]
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;

[ R
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>
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v
1
i

»r-oas

L
REC  ond 3rd ath 5th mmb”d
St Step Step Step Step

1. Set the position in the song where recording begins
at the top of any measure (p. 31).

2. Hoid down [SHIFT] and press [ i ]. (if the previous
recording was made in Step Recording, then just
press[®].)

The “STEP REC” screen is called up, and the following is
displayed.

FlEGEy  Ster MERS
Select Track i
NewPht ase

- H

3. Press [STATUS] of the track you want to record so
that its red light flashes.

STEF REC Step

B 965 Duratioh 100%

TN G0 |

Darrenes

4. Press [a] to select “Step” and rotate the
VALUE/TIME dial to specify the step (input interval)
in notes. For example, you could set quarter notes
(96 ticks) or another setting (detalils follow).

5. Make sure that “Duration” is set to “100%” (details
follow).

6. When you press pad [1], recording begins simultane-
ously, and [1] of STEP 1 in the figure is recorded. When
[1] is pressed again, it is also recorded in STEP 2.

7. Pressing [»»]records a rest at STEP 3.
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8. Pressing pad [2] records [2] at STEP 4.

9. Pressing pad [1] records [1] at STEP 5. Pressing [ » ]
(PLAYBACK) here extends (ties) the phrase in STEP
5 one mare step, with the portion [1] recorded.

10.Press [ B ] to stop recording and return to the basic
screens.

11.Return to the beginning of the recording, and press
[ » 1 (PLAYBACK) to listen to the results. if you want
to over record this, press [UNDO/REDO).

If you continue pressing [ » ] (PLAYBACK) (tie), even
when recording an apparently lengthy phrase, if you go
beyond the length of the sample itself (the actual length of
the sample as it was recorded), there will be no sound.
However, with pads set to loop playback, the results in Step
Recording are similarly repeated, allowing you to record
one long phrase.

If [STATUS] is pressed in Step 3, you can select a different
track for recording. However, you will then be unable to
undo the step recording done up to that point.

Meaning of the “Step” Parameter

The step sets the interval by which the phrases is
advanced with each operation performed during record-
ing. It is usually set with reference to notes.

“SMPL” (Sample): This sets the recording to advance
by the number of ticks correspond-
ing to the length of the pad sample
(at the current tempo).

“MEAS” (Measure): The step advances to the top of the

following measure (factory settings).

The step advances by 192 ticks

The step advances by into 96 ticks

" The step advances by into 64 ticks

” J; " The step advances by into 48 ticks
N The step advances by into 32 ticks
AT The step advances by into 24 ticks
AT The step advances by into 16 ticks
“ A " The step advances by into 12 ticks

If this is set to “MEAS”, the input position right after
starts recording is fundamentally the beginning of the next
measure. However, if the current position Is on the
beginning of the measure, form there recording starts.

If set to “SMPL," the length of the step varies with the pad
pressed. This is convenient when you want to have
recording of the pad sample fit right up against the
preceding sample without having to worry about
song tempo or measure bars. (In this case, even if the
sample length matches the measures in a song, due to irregu-
larities in performance, a gradual shift may occur between the
timing of the sample and the measures in the song.) If you
then press [wa ] to add a rest, the rest has the length of the

preceding sample is input. (In “SMPL,” [»» ] is not recog-
nized if pressed before the first pad.)

Meaning of the “Duration” Parameter

In contrast to the step (input interval), Duration sets that
how long a phrase to be held within a step by
VALUE/TIME dial. This setting can be adjusted within
the range from 1% to 100%, with 100% being the normal
setting.

For example, perhaps you want to conduct Step
Recording with the step set to “MEAS” (one measure),
repeatedly pressing a pad containing a one-measure
phrase. In this case, when Duration is set to 50%, while
the phrases are recorded from the beginning of each
measure, the duration of the phrase itself is only half the
length of the measure.

Here is an example of Step Recording with a pad
containing the same sample pressed repeatedly.

100% ~

Duration: 50%

Meaning of the “NewPhrase” Parameter

In Step 2 on p. 68, the parameter “NewPhrase” appears
in the display. This setting determines whether the
phrases are recorded as multiple separate phrases, or one
phrase in the interval between the start and end of the
step recording. This is initially set to “AUTO,” but you
can select from the three following settings by rotating
the VALUE/TIME dial.

“MULTI”: The recording consists of multiple separate
phrases. With some arrangements and tem-
pos, certain phrases may not be played.

“SINGLE": This records multiple phrases as one new
single phrase. Although every phrase is
played, the recording time corresponding
to the length of the phrase is used up.

“AUTO”: This automatically switches between
“MULTI” and “SINGLE,” depending on

recording conditions.
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Changing the Song Tempo

In playing back songs, the SP-808 accesses data from the
Zip disk from time to time. Because of this, when you
record an extremely short phrase, the message “Drive
Too Busy.” may appear in the display, and that phase, or
the phrase in the same track that immediately follows it
may not be played. (This limitation varies with condi-
tions).

To avoid this, when recording notes that are shorter
the standard divisions to steps, do not record them
as short, separate phrases, but rather record them as
part of one combined phrase. (This can be checked in
the Play List screen).

This process judges the condition of each parameter in
Step Recording, and is executed automatically. If you
find you want to avoid this automatic determination,
you can save the results of the step recording as a phrase,
and thus save the input conditions as they are.
“NewPhrase” is the setting for accomplishing this.
Furthermore, even when this is set to “AUTO,” depend-
ing on changes to the conditions after recording (tempo
changes, for example), some of the separated phrases
may not be played.

Changing Volume in Step
Recording

In Step Recording, the volume of the recorded phrase is
as same as the pad sample used for recording.

The SP-808 plays samples at a fixed volume, regardless
of how hard the pads are pressed or hit. To change the
volume of each step during Step Recording, try setting
up some pads containing the same sample, but with only
the volume changed, and then using the different pads
have the sample played at different volumes.

To make the Saume Sample to Multiple Pads

Hold down [SHIFT] and use the clipboard (p. 56) to copy
the sample to multiple pads.

To Change the Volume of Each Pad

Press SAMPLE [LEVEL] then you can change the volume
setting for each pad (p. 50).

The basic tempo of the song is determined by the Tempo
Map (p. 71). Information regarding tempo changes in the
form of which measure to start from, the time signa-
ture, and the tempo {in beats per minute, or BPM) are
stored in the Tempo Map. A song’s final tempo (indicat-
ed by “BPM” at the top of the display), is the tempo of
the current measure according to the Tempo Map, as
determined in the tempo adjustment or the Vari-Pitch
settings made in the “BPM TUNE” screen.

Adjusting the Tempo of the
Entire Song

Rapid adjust the tempo of whole of the song is done in
the “BPM TUNE” screen.

Adjusting the Tempo of the Entire Song as a Percentage

1.

2.
3.

4,

Hold down [SHIFT] and press [VARI PITCH], calling
up the “BPM TUNE” screen.

Make sure “BPM RATE” is selected.

Rotate the VALUE/TIME dial to set the change to be
made to the tempo (as a percentage, with 100% indi-
cating the reference tempo).

The BPM at the top of the display changes.

Press [PLAY] to return to the basic screens.

MEMD) This adjustment can be made during playback as well. The

percent value is adjustable within the range from 50.0% to
200.0%. (The actual tempo is limited to a range of 20.0
BPM to 500.0 BPM.)

[ EFM RATE . 0%
VYARI FITCH S0.0X
(QFF )

When during playback of a song, perform the Vari-Pitch
(p- 39) the tempo (the time used for playing back each
measure) of the entire song is also changed. However,
the converse is not the case, meaning that even if the
whole song’s tempo is changed, there is no correspond-
ing change in the Vari-Pitch.
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Changing the Tempo and
Rhythm of Each Measure

To change tempo remaining “BPM TUNE” setting
(tempo adjustment and the Vari-Pitch) as “100%”,
change the reference of each measure in Tempo Map.By
changing the Tempo Map, you can set a different rhythm
and tempo for each measure.

The unaltered Tempo Map, containing only the tempo
information set when a new song is created (p. 62), is
recorded at the first measure. (If you do not set this, the
default is 4/4 measures at 120 BPM.) If necessary, you can
add the tempo change information at a later measure.

Songs cannot be played back while the Tempo Map screen is
displayed.

The information regarding changes in the basic rhythm and
tempo can be recorded only at the beginning of the mea-
sure. You cannot record information regarding changes in
the basic thythm and tempo at any other point in the measure.

Changing Rhythm and Basic Tempo in the Tempo Map

1. Press [SONG/TRACK].

2. Press[v]or[a]to select “Tempo Map?” and
press [ENTER/YES].

“T-MAP” (Tempo Map) appears in the display.

3. Press [ «] or [~ ] to highlight values for “T-Sign"
(time signature), that is, the numerator and denomi-
nator values in the “4/4” that appears.

4. Rotate the VALUE/TIME dial to select the values.

For example, select 3 and 4 to get 3/4 time.

5. Press [ <] or [~ ] to highlight the BPM value (to
raise or lower the value).

6. Rotate the VALUE/TIME dial to select the value for
the basic tempo.

7. Press [PLAY] to return to the basic screens.

When changing the basic rhythm of a sample, in Steps 5
and 6 you can also input the tempo of the sample that is dis-
played at the right of top in the “SAMPLE PARAM”
screens such as the SAMPLE [TRIM]'s one.

Q) While the BPM value being selected, holding down
[SHIFT] and tap [HOLD] repeatedly with your favorite
rate, that pressed rate is set automatically as a tempo.

Adding Rhythm and Tempo Change Information

During the Song

1. Press [SONG/TRACK].

2. Press [w]or [ a] to select “Tempo Map?” and
press {[ENTER/YES].

“T-MAP” (Tempo Map) appears in the display.

3. Hold down [SHIFT] and press [ v ] to add new
change information (INSERT).

4. Press [ -] to highlight the measure numbers (for
example, “002") indicated at the left of each added
line,

5. Rotate the VALUE/TIME dial to set the number of the
measure where the tempo or rhythm is to be
changed.

6. Press [ —]or[~ ]and rotate the VALUE/TIME dial to
select the “T-Sign” and “BPM" for the added lines.

7. Repeat Steps 3-6 to record any necessary change
information to the Tempo Map.

8. When deleting added lines, hold down [SHIFT] and
press [ -] (ERASE) while the parameter in that line
being highlighted.

9. Press [PLAY] to return to the basic screens.

To Move Tempo and Rhythm Change Information
Forward or Back as a Block
Use [w»] and [ ««] (the function of [»»] and [ ««]
change only in the Tempo Map screen).

[»»]: This advances all the tempo and rhythm
change information in a line or continuous
group of lines with the highlighted parame-
ters by one measure.

[ ««]: This moves the information back one measure
number.

This function is disabled when parameters in the "TOP”
line are highlighted.

The Tempo Map and “BPM TLINE” screen settings are
saved in the Save procedure as part of the song’s data.
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Saving Song Data

Phrase arranging and tempo changing data is lost when
the power is turned off or when you switch to another
song. To keep these data, save the song to a disk.
When you save a song, mixer and Locator settings, effect
patch selections, and other information is also saved.

System settings and pad sample data automatically saved to
the disk from time to time (they don’t need saving opera-
tion).

Saving by Overwriting with Deleting Old Data

1. Hold down [SHIFT] and press [ENTER/YES], calling
up the “SAVE"” screen.

2. Press [+ ] or [ o] to select “SONG” and press
[ENTER/YES] to call up the “SAVE SONG” screen.

3. Make sure the “Overwrite” is selected and press
[ENTER/YES].

4, “You lose old SONG data, ARE YOU SURE?" appears
in the display; press [ENTER/YES].

5. After the save is executed, press [PLAY] to return to
the basic screens.

If in Step 2 you select “Overwrite ALL" instead of
“SONG,” the effect patches are simultaneously overwritten
(p. 98).

Saving a Song as a New Song

1. Hold down [SHIFT] and press [ENTER/YES], calling
up the “SAVE” screen.

2. Press [ v ]or[«]to select “SONG” and press
[ENTER/YES] to call up the “SAVE SONG” screen.

3. Press [ v ] to select “Save as New” and press
[ENTER/YES].
The screen for entering the song name appears in the dis-
play.

4. In the same way as when creating a new song (p. 62),
press the cursor buttons and rotate the VALUE/TIME

dial (or press the pads) to select and enter the char-
acters for the song name.

5. Press [ENTER/YES] to execute the save.

6. Press [PLAY] to return to the basic screens.
Even when duplicating the contents of the same
song on a disk, You can use the "Save as New" function.

Ifyou save a song immediately after loading it, you can cre-
ate the new song just by changing the name.
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To Change the Name of a Song

If you select “Overwrite” when saving a song, the name
of the song does not change. When you want to change
the song’s name and then overwrite the data, first use the
following procedure to change the name of the song, and
then overwrite.

Changing the Song Name

1. Press [SONG/TRACK] and then press [ + ] to select
“Set Song Param?”.

2. Press [ENTER/YES].

3. Press [ =] or [ =] to select the characters for the
song name, and as in the procedure for creating new
songs (p. 62), rotate the VALUE/TIME dial or press
the pads to set new name.

4. Press [PLAY] to return to the basic screens.

(NGTE) As same as other song-related parameters, unless the
changed song name is saved, it is lost when the power is
turned off.

Data Saved in the Save Procedure

When the song is saved, the following data is saved
mainly, and is restored when the song is called up.

« The arrangement of phrases on the tracks, and track
mute status ([STATUS] is either fights green or off)

*  Mixer-related information (parameters in the screen that
is called up when you hold down [SHIFT] and press
either [MUTE] or each channel’'s [EFFECTS]. (The fader
setting is not included.)

¢« Effect patch selections

* Tempo Map and BPM TUNE (including Vari-Pitch) set-
tings

* Locator settings

» Song name, Voice Track Reserve (p. 137), and MIDI
synchronization settings

Preventing Accidental Erasure of
Songs (Protect)

You can protect important songs from accidental over-
writing or deletion (Delete: following item). When a song
is protected, the overwriting and delete operations can-
not be executed with that song. Furthermore, sound data
that is even partially used in a song (or pad bank) is not
deleted when the Cleanup Disk operation (p. 46) is per-
formed.
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(NOTED The Protect settings apply to the song on the disk (not
the current song itself). Thus, even when protect is on, you
can conduct editing and recording procedure without inter-
ruption.

Applying the Protect Feature to Songs on the Disk

1. Call up the song to be protected.
2. Press [SONG/TRACK].

3. Press [ + ] to select “Song Protection” at the end of
the menu.

4. Press [ENTER/YES] to call up the “TURN SONG PRO-
TECTION” screen, then rotate the VALUE/TIME dial
to select song.

5. Confirm that “(Now OFF—+Turn ON)” appears in the
display, and press [ENTER/YES] (protect Is turned
on).

6. Press [PLAY] to return to the basic screens.

Carrying out the same procedure on a protected song
turns the protect function off. (In Step 5, “(Now
ON-Turn OFF)"” appears in the display.

You can also protect pad banks (p. 138).

Deleting Songs (Delete Song)

Use the following procedure to delete unneeded songs
from the disk.

Deleting Songs from the Disk

1. Press [SONG/TRACK].

2. Press [+ ] or [ -] to select “Delete Song?” and
press [ENTER/YES].

3. The number and name of the song appear in the dis-
play; rotate the VALUE/TIME dial to select it to be
deleted.

4, The confirmation message “ARE YOU SURE?”
appears in the display.

5. When you press [ENTER/YES], the song is deleted
from the disk.

6. Press [PLAY] to return to the basic screens.

The song currently called up cannot be deleted
from the disk. If necessary, after calling up another song
(p. 26) before deleting the song.

If you try to delete a protected song, a warning message
appears in the display, and you cannot continue with the
procedure.

Even when you delete a song, the remaining recording time
is not increased until the Cleanup Disk procedure (p. 46) is
carried out. Additionally, any song data used in the deleted
song that is also used in another song or pad sample is
unaffected by the Cleanup Disk function.
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Direct Recording Like Multitrack Tape

Recorder (Track Audio Recording)

The previous chapter introduces Event Recording, which
records pad performance to the tracks, not audio.
Alternatively, with direct recording to the tracks
(Track Audio Recording), you can record sounds by
operating the SP-808 as you would an Muititrack Tape
Recorder. This is great if you want to overdub melody
part, vocals, rap, or whatever, all while listening to the
backing parts of pad samples arranged on another track.

(®OTE) With the SP-808, you cannot record simultaneously
to multiple stereo tracks. You can record only to the
one enabled track (with its [STATUS] button flashing or
illuminated in red (Recording) ).

Recording Directly to the Tracks (Track Audio Recording)

When first calling up the Track Audio Recording func-
tion:

1. Confirm that indicator “PAD” above the MIC/LINE
fader is not illuminated.
You can also turn the light off by holding down [SHIFT]
and pressing PREVIEW [SCRUB] (p. 75).

2. Check your connections {(p. 19) and raise the Master
fader up to a suitable level.

3. Press [PLAY] several times until the channel Level
Meter screen is called up.

4. With the MIC/LINE fader at the 0 dB level (red line),
turn up the MIC or LINE IN sensitivity knob to raise
the sound input.

5. Adjust the MIC or LINE input so that the level of the
“IN"” meter registers as high an input as possible
without going over the dotted line at the top.

6. Move the song position to the point where recording
is to begin.

7. Hold down [SHIFT] and press [®].

This calls up the Track Audio Recording function. At the
same time, [ ® ] begins to flash. The screen switches to
“AUDIO—Tr.”

Ture EEEEK
Start-/w ChtzM

m AutoPunch OFF
16mS56s| Loc. [-1-[-1
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8. Press [STATUS] for the recording track 1-3 times so
that it flashes in red.

9. When sound is input, the level meter on the right of
the display begins to move; confirm the output by
listening the sound from the connected amplifier or
headphones.

You can adjust the monitoring volume with the channel
fader of the track to be recorded. This has no effect on the
recording level.

10. Confirm that “Start/w” is set to “[ » ] (PLAYBACK)”
and “AutoPunch” is set to “OFF.”

11.Press [ » ] (PLAYBACK) to begin recording.
You can record volume changes, including fade-outs, by
moving the MIC/LINE fader.

12. Press [ W] to stop recording.

13. Return to the position where recording started, press
[ » 1 (PLAYBACK) to begin recording, and check the
results. (To return to conditions prior to the record-
ing, press [UNDO/REDO] at this point.)

14.Press [PLAY] to return fo the basic screens.

If the Previous Recording was Made Using Track
Audio Recording:

Since Track Audio Recording is already selected, at Step
7, just press [ @] (at this point, although [ ®] is flash-
ing, the display does not switch to the “AUDIO-Tr”
screen). In this condition, if the recording track is speci-
fied (Step 8) and [ » ] (PLAYBACK) pressed, then
recording begins according to the settings made before in
the “AUDIO~Tr” screen. During recording (or while in
standby mode), to return to the “AUDIO—Tr” screen and
change the settings in that screen, hold down [SHIFT]
and press[®].

In Track Audio Recording, you can record extremely
long samples, and you can get the same results as you
would with samples recorded to the tracks in Event
Recording.

The metronome does not play in Track Audio Recording
(according to factory settings). If you need the metronome
to play during recording, hold down [SHIFT] and press
[ re] to turn it on. However, the metronome always plays
in count-in part.

To Take Advantage of the Count-in or
Pad Performance to Start Recording

By selecting “Start/w” and rotating the VALUE/TIME
dial to set on of the following, you can change the
method used to start recording.
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[ » 1(PLAYBACK):

Recording starts when [ » ] (PLAYBACK) is pressed,
with no count-in.

CntIM (COUNT IN 1 MEASURE):

When [ » ] (PLAYBACK) is pressed, recording starts
after one measure count-in.

Cnt2M (COUNT IN 2 MEASURE):

When [ » ] (PLAYBACK) is pressed, recording starts
after two measures count-in.

[PADI:
Recording start the instant any of the pads is pressed.

At the factory settings, this is set to “[ » ] (PLAYBACK).”

Monaural Recording

At “Type” in the Track Audio Recording screen in Step 7
above, you can select either “STEREO” or “MONO.” This
is set to “STEREO” at the factory settings. To switch to
monaural recording, use [ a ] and VALUE/TIME dial to
change the setting to "MONO" before recording.

If you select monaural recording, you can save disk space
consumed by recording. (monaural recording uses half the
disk space consumed by stereo recording).

(MEMD} When there is sufficient disk space remaining, you can con-
duct stereo recording, and then during playback, use the
mixer fo change it to a mono sound (p. 92).

Recording While Listening to
Another Track

The track which already has a phrase by recording or
editing, can switch between “PLAY" and “MUTE” by
pressing [STATUS). By pressing “PLAY” before you
begin recording, you can record while listening to (moni-
toring) that track.

The track monitor volume can be changed with the chan-

nel fader on each track. (If the fader is turned all the way
down, the track is inaudible.)

In recording to the tracks with Track Audio Recording,
only when one of the tracks [STATUS] set to “REC” (flash-
ing in red), you can set another track’'s status to
“"BOUNCE” (to be bounced, illuminated in orange). The
track to be bounced is not only used for monitoring, but
also becomes a source for recording(p. 79).

When using the send/return method to apply effects, the
effect can not be added to the track used for monitoring
{according to the factory settings — see p. 78).

Why Does the Remaining Recording
Time Decrease, Even When
Overwriting During Recording?

Just as with an ordinary tape recorder, you can layer
sounds by recording sounds to a track that already con-
tains phrases. In such instances, the phrase that was pre-
viously on the track is overwritten, but the disk space it
used is not restored. Therefore, even when recording
repeatedly to the same measure, disk space (the remain-
ing time for recording) gradually decreases.

This is due to the fact that the SP-808 does not delete any
data residing on the disk until the Cleanup Disk proce-
dure (p. 46) is performed. (Even when [UNDO/REDO] is
pressed to undo a step, the data that would then be
restored with the Redo function is saved.)

If you don’t have sufficient disk space, then carry out the
Cleanup Disk procedure.

Using the Fader to Set the
MIC/LINE Input Level

The MIC/LINE fader adjusts the overall sound level
from the inputs (both MIC and LINE). However, at the
factory settings this is set so that it adjusts the volume of
the pads (this is indicated when the indicator “PAD”
above the MIC/LINE fader is lit). This can be switched if
necessary to have the fader function as an input level
fader.

Even when set to factory settings, you can set the input
level with each of the “MIC” and "LINE” input sensitivity
knobs.

Switching What the MIC/LINE Fader Controls

The shortcut holding down [SHIFT] and pressing
“PREVIEW[SCRUB]" in any screen can be also used
instead of this operation. (use the same method to return to
the previous setting.)

1. Hold down [SHIFT] and press the MIC/LINE channet
[EFFECTS] .

The MIC/LINE(PAD) Channel settings screen
“MIC/LINE"” appears.

2. Press [« ] in several times to select “FaderCtrl” (the
third screen) and rotate the VALUE/TIME dial to
select “PAD” or “INP” (input).

3. Press [PLAY] to return to the basic screens.
MIC/LINE channel [EFFECTS] is also preset at the facto-
ry settings to function as an on/off switch for effects
added to the pads (using send/return). You can use the
above procedure to change this setting to “INP” as well,
and have the button function as the effect on/off switch
for the MIC/LINE input signals.
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The volume of either the MIC/LINE input sounds or pad
sample sounds, which controlled by the MIC/LINE fader
cannot be adjusted by rotating the VALUE/TIME dial in
screens such as the Mixer View screen (p. 22) or the screen
in Steps 1 and 2, (it can only be adjusted with the
MIC/LINE fader).

Furthermore, The operations on this manual is
described on condition that the MIC/LINE fader func-
tion is set to “PAD” at the factory settings.

Recording a Specified Segment
of the Song Over Again
(Punch-In and Punch-Out)

In Track Audio Recording, you can switch into (punch
in) and out (punch out) of record mode for a specified
segment of the song during playback. This is convenient
when you want to record one section within the part or
song over again.

Track Audio Recording Using Punch-In and Punch-Out

If already selected in Track Audio Recording, start from
Step 3. The procedure is basically the same as that used
in Event Realtime Recording (p. 65).

1. Hold down [SHIFT] and press[®].
[ ®] begins to flash, and the display switches to the
“AUDIO—Tr” screen (set “Start/w” to “[ » ] (PLAY-
BACK),” and if necessary, change the “Type” setting -
See p. 75).

2. Press [ m ] to exit record standby mode.

3. Press [STATUS] for the recording track 1-3 times so
that is flashes in red.

4, Move the song position to a point ahead of where
recording is to begin and press [ » ] (PLAYBACK).
Playback of the song begins, with [STATUS] flashing
(from Step 3).

5. When you reach the point where you want recording
to begin, press[®].

The flashing of [STATUS] and [ ® ] changes to steady
illumination, and recording begins.

6. Press [ m ] to stop recording.

You can punch in and out alternately each time you press
[ ® ] during recording (Steps 5-7).

Using a Foot Switch to Punch In and Out

You can press a foot switch instead of [ ®] to operate
Punch-In and Punch-Out. Connect a designated device
(such as the optional DP-2) to the Foot Switch jack on the
rear panel, and set “FSW Func” to “PUNCH I/O” in sys-
temn settings(p. 139).
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When punching in and out repeatediy during the same seg-
ment of the song, shifts in the timing each time you punch
in or out can result in a number of extremely short phrases
being inserted near the punch-in and punch-out points. In
such instances, the “Drive Too Busy.” warning (p. 65) may
appear during playback, and the sounds of those short parts
may not be played. When you do want to punch in and out
repeatedly over the same section, use the Auto Punch-
In/Out function (following item), which allows you to pre-
cise punch in and out at the same times, thus avoiding this
problem.

Using Auto Punch-In/Out in
Track Audio Recording

As in Event Realtime Recording, you can automatically
switch into and out of recording mode over a segment
defined by two points that are specified with the Locator
function (p. 32), allowing you to punch in and out auto-
matically.

Using Auto Punch-In/Out

First register two Locators determining the points where
recording begins and stops (p. 32).

" 1. Hold down [SHIFT] and press [ ®].

[®] flashes, and the display is switched to the
“AUDIO—+Tr” screen (set “Start/w” to “[ » ] (PLAY-
BACK),” and set the “Type” if necessary).

2. Press [ a ] or [ +] to select “AutoPunch” and rotate
the VALUE/TIME dial to set this to “ON.”

3. Numbers are indicated in “[-]-{-]" at the bottom of the
display.
These numerals indicate the Locator registration num-
bers 1-8. The left number indicates the Punch-In point
(where recording begins), and the right number indicates
the Punch-Out point (where recording stops).

4. Press [ —]or [~ ] and rotate the VALUE/TIME dial to
set the numbers in “[-}-[-].”

Only the Locator numbers which registered the positions
can be selected.

5. While conducting the recording just as you ordinarily
would in Track Audio Recording (p. 74), Auto Punch-
In/Out lets you record only in that segment specified
in Step 4.



Recording Directly to the Tracks Without Using the Pads

Monitoring the Sound During
Punch-In and Punch-Out

You can listen to the sounds that are being newly record-
ed from punch-in to punch-out.

There are two ways to switch the monitor settings for lis-
tening to the sound up to the punch-in (or after punching
out).

SOURCE: This setting allows you to hear the sounds of
the recording source such as pads,
MIC/LINE input.

TRACK:  This setting allows you to hear the sounds of

phrases already recorded to the tracks.

Switching the Monitor Before (After) Punch-in

and Punch-Out

This switching can do by the shortcut operation that
Pressing [SYSTEM/DISK] while [SHIFT] held down.

1. Press [SYSTEM/DISK] and press [ENTER/YES].

2. Press [~ ]or[.a]to move to “Mon(PrePunch)” and
rotate the VALUE/TIME dial to select “SOURCE” or
“TRACK" mentioned above.

3. Press [PLAY] to return to the basic screens.
When punching out manually, there is a brief moment

between the time you punch out and the time the sound on
the track begins to play again.

Recording with Effects and the
Channel Equalizer

Recording with the Internal Effects

You can record MIC/LINE input sounds while adding
the internal effects. Procedures for both the send/return
and insert methods are described below.

Preparations for Recording with Internal Effects
Using the Send/Return Method

1. Press REALTIME EFFECTS [ON/OFF] to turn on the
effects, its indicator illuminates.

2. If the Realtime Effects Controller indicator “b” (FiL-
TER ISOLATOR) is lit, hold down [SHIFT] and press
[SELECT ROW] to switch to “a” (PATCH).

3. Hold down [SHIFT] and press [MUTE] to call up the
“MIX COMMON” screen.

4. Press [ + ] twice, and select the “FxLoc.” (Effects
Location) parameter.

5. Rotate the VALUE/TIME dial to select “SEND/
RETURN,” the effects is set on the Send/Return posi-
tion.

6. With the indicator “PAD" off, press the MIC/LINE
channel [EFFECTS] llluminating it. (When the indica-
tor “PAD"” is lit, hold down [SHIFT] and press
[SCRUB] before this Step.).

7. Press [FX INFO] and rotate the VALUE/TIME dial to
select the effect patch, then press [ENTER/YES].

8. Hold down [SHIFT] and press MIC/LINE channel
[EFFECTS] to call up the MIC/LINE Channel settings
screen.

9. Press [ w ] or [ = ] to select the “Fx” value, and rotate
the VALUE/TIME dial to select the effect send ievel.

This completes the preparations. When you record
MIC/LINE input sounds using the usual procedure (p.
74) the sound is recorded with effects added.

To cancel the operation, you can press [PLAY] to return to
the basic screens. Otherwise, the other details of this opera-
tion are the same as in ordinary recording.

Preparations for Recording with Internal Effects
Using the Insert Method
1. Press REALTIME EFFECTS [ON/OFF] to turn on the

effects, its indicator illuminates..

2. If the Reaitime Effects Controller indicator “b” (FIL-
TER ISOLATOR) is lit, hold down [SHIFT] and press
[SELECT ROW] to switch to “a” (PATCH).
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3. Hold down [SHIFT] and press [MUTE] to call up the
“MIX COMMON" screen.

4, Press [ « ] twice, and select the “FxbLoc.” (Effects
Locatlon) parameter.

5. Rotate the VALUE/TIME dial to select “MIC/L. PRE-
EQ” or “MIC/L. PST-EQ,” the effects is set to the
Insert to Input position.

6. Press [FX INFO] and rotate the VALUE/TIME dial to
select the effect patch, then press [ENTER/YES].
This completes the preparations. Confirm the effects are
being applied. When you record MIC/LINE input
sounds using the usual procedure (p. 74) the sound is
recorded with effects added.

When recording sounds from sources other than the
MIC/LINE input (such as when bouncing tracks or record-
ing pad sounds in audio), select “INS RECORD” at Step 5,
to insert the effects to the combined sounds in the recording
path. Furthermore, in this instance you must be in record
standby mode in order to check the condition of the effects.

Adding Effects Only to the Sounds
Being Recorded or Monitored (When
Using Send/Return)

When necessary, specify whether or not the sound of
the effect is to be recorded along with. This function is
determined by the “(Effects) Return” parameter in the
mixer section.

Setting “(Effects) Return”

1. Hold down [SHIFT] and press [MUTE] to call up the
“MiIX COMMON” screen.

2. Press [ + ] repeatedly to get to the second screen
({FX-Signal).

3. Press [ a]or[+]to select “Return” and rotate the
VALUE/TIME dial to set “(Effects) Return” (to “REC
(orPLAY)” or “PLAY-ONLY").

4. Press [PLAY]to return to the basic screens.

What the Settings Mean
“REC (orPLAY)":

During recording or sampling, the sound of the effect sig-
nal returned from EFFECTS(Send/Return method) is also
recorded (sounds are recorded with the effect added).

“PLAY-ONLY":

The sound of the effect signal returned from
EFFECTS(Send/Return method) is not recorded (the
effects is added only to the monitor sound).

MEMO) This is sef to “REC (orPlay)” at the factory settings.
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When Set to “REC (orPlay)”

Even when a track’s [EFFECTS] is on (indicator illumi-
nates), if the indicator [STATUS] illuminates in green
(PLAY) or off (MUTE), the indicator [EFFECTS] turns off
during recording, and the sound from that track are not
sent to the effects. This is because phrases sent from the
tracks other than those being recorded (bounce source
tracks: following item) are prevented from being mixed
with the signals going to the effects.

To disable this processing, then also set “Send
Ch.Mute,” which is right below “Return,” to “MANU-
AL” in Step 3. (This parameter can only be set when
“(Effects) Return” is set to “REC (orPlay).” When set
to “PLAY-ONLY,” the MANUAL function is fixed, with
“sdokkkk” appearing in the display.)

Adding Effects Only to the
Sounds Being Recorded or
Monitored (When Using Insert)

When Adding Effects Only to the Recorded Sound

Instead of having the internal effects inserted into the
entire recording line (“INS_RECORD"}, insert them only
into the MIC/LINE channel {(“MIC/L PRE-EQ” or
“MIC/L PST-EQ"). Set the effect position by holding
down [SHIFT] and pressing [MUTE], pressing [ « |
twice, then rotating the VALUE/TIME dial (Steps 4 and
5 in “Preparations for Recording with Internal Effects
Using the Insert Method” — see p. 77, 78).

Inserting the Effects Only Into the Monitor Sound

Using the same procedure described above, insert the
effect into MASTER OUT (“INS MASTER”). This way,
effects are added to the total monitor sound, but not to
the sounds being recorded.

Recording with the Channel
Equalizer

In the same way as when sampling to pads (p. 47), you
can record the sound of the MIC/LINE input channel
after changing its tone with the equalizer. To call up the
Equalizer settings screen, hold down [SHIFT] and press
[EFFECTS] above the MIC/LINE fader, calling up the
MIC/LINE screen, and then press [ w ] four times, and
the Equalizer settings screen is displayed.
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Press[ & ], [ v 1, [ == ], or [ = ] to select each of the para-
meters, rotate the VALUE/TIME dial to change the set-
tings to get the equalization the way you want it.

The mixer section MIC/LINE Channel screen is com-
posed from three parts; press | w ] repeatedly to switch
through them in sequence. You can make equalizer and
other settings shown below to the MIC/LINE input
sound (or pad samples).

First screen:

¢ Change to monaural or leave as is (Merge-L&R ON,

OFF)
¢ Left-Right level balance (Balance L63-0-R63)

¢ MIC/LINE input Channel AUX output position (pre-
/post-fader) and level settings (Aux PST-F/, PRE-F/
0-100)

e MIC/LINE input Channel effects send position (pre-
/post-fader) and signal send level settings (Fx PST-F/,
PRE-F/ 0-100)

Second screen

¢ 3-Band Equalizer settings for sound input from
MIC/LINE IN (p. 47)

Third screen

e Fader control function settings (FaderCtrl, Input =
INP: Pad = PAD)

» Overall pad volume (PADsLevel 0-100)
¢ Left-Right level balance (Balance L63-0-R63)

» Pad effects send position (pre-/post-fader) and signal
send level settings (Fx PST-F/, PRE-F/ 0-100)

For more detailed information refer to the mixer-related

explanations (p. 91-).

Bouncing Tracks

In Track Audio Recording, you can also bounce tracks,
just as you can do with Multi-track Tape Recorder.
Bouncing Tracks is playing back sounds from multiple
tracks and mixing them down for recording to one track.
Combining recorded tracks by this way allows you to
exceed the limits imposed by the number of tracks and to
continue with recordings again and again.

Technical Note

The SP-808's internal processing, just like that of CDs
and MDs, is fully digital. Unlike tape-based analog
recording devices, there is no marked degradation of the
sound quality or increase in noise when you bounce
tracks. However, if you repeatedly bounce the same
phrase more than necessity, and don’t perform the level
adjustment correctly, you may discover that the sound
suffers a very slight loss of quality, and you may sense
the introduction of some noise. Note that you can help
prevent the degradation in sound quality that could
result from repeated bouncing by increasing the sample
rate (p. 24) from 32 kHz to 44.1 kHz.

An Example of Bouncing Tracks B and C to Track D

1.

If Track Audio Recording has already been selected, start
from Step 3.

Hold down [SHIFT] and press [ ®].

Set “Start/w” to “[ » ] (PLAYBACK).” If necessary, change
the “Type” setting (stereo or monaural) (— See p. 75).
Press [ m ] to return to the basic screens.

Check your connections (p. 19), and raise the Master
fader up to a suitable level.

Set the song position so close to the point where
bouncing will begin.

Press the Track D [STATUS] so that it flashes in red
(REC).

Press the Track B and C [STATUS] so that they are
illuminated in orange (BOUNCE).

Press [PLAY] 1-3 times to call up the Channel Meter
screen (CH).
Press [ » ] (PLAYBACK) to begin playback.

Raise the B and C faders and check to make sure that the
Track D meter is moving. (The meter for the recording
destination track becomes a recording level meter.)

The volume of recording monitor can be changed with the

fader of the track which selected in step 5. (However, chan-
nel equalization has no effect on the monitored audio.)
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If you want to monitor the recording sounds in bouncing
situations, you must set the system parameter
“Mon(PrePunch)” to “SOURCE” (the factory setting is
TRACK). Try to switch this if you can not monitor the
recording sound when the fader is raised and the bar-meter
is responding. (Hold down [SHIFT] and press
[SYSTEM/DISK] for the shortcut.)

9. Use the Track B and C faders to adjust the recording
level and balance between the two tracks.

Just as when sampling (p. 43), adjust the recording level
so that the Track D level meter is moving at as high a
level as possible without exceeding maximum levels.

10. Stop playback and return to where the bouncing
starts.

11.Press [ @], it starts flashing.

12.Press [ » ] (PLAYBACK) to begin the bouncing.
Press [ m ] to stop the bouncing procedure.

13. Return to the point in Step 10, and press [ » ] (PLAY-
BACK) to play back the sounds and check the
results. (To return to conditions prior to the bounc-
ing, press [UNDO/REDO] at this point.)

14. Press [PLAY] to return to the basic screens.

If there is any input signals to MIC/LINE IN during
bouncing, that sound is recorded as well. When the input
is not necessary, turn the MIC and LINE IN input
sensitivity knobs to “MIN.”

The sounds from any samples played when the pads are
pressed are also recorded, However, if during bouncing
three of the track [STATUS] are set to “PLAY” (illuminat-
ed in green) or “BOUNCE” (illuminated in orange), then
the limit of sounds that can be played back is limited, and
the samples are not played.

The monitor volume is adjusted with the channel fader of
the recording track. This does not affect the recording level
atall.

To Adjust Stereo Bounce, Effect Send Level, and
Other Settings for Each Bounce Source Track.

When bouncing tracks, you can set stereo bounce, effect
send level, and other settings for each bounce source
track. This is done in the screens for “Track A-D.” To
display these screens, hold down [SHIFT] and press
[EFFECTS] above the selected track’s fader.

The mixer section “Track A-D” screens are composed
from two parts for each track; Press [ » ] or [ ¥ ] in sev-
eral times to toggle between the two screens. You can
play back or bounce tracks with the following settings
made fo the sounds that are played back.
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First screen
» Change to monaural or leave as is (Merge-L&R)
* Left-Right level balance (Balance)
* AUX output position (pre-/post-fader) and level set-
tings of the track (AUX Send)

* Effects send position (pre-/post-fader) and signal
send level settings for the track (Effects Send)

Second screen

¢ 3-Band Equalizer settings for the sounds played back
on the track (as done with the MIC/LINE input chan-
nel in the same screen — see p. 79)

Press [ a ], [ w ], [ =], or [ =] to select each of these
parameters, and rotate the VALUE/TIME dial to make
the setting. (Press [PLAY] to return to the basic screens.)
The mixer-related settings are save along with the song
data when the song is saved (p. 72).

When Using All Tracks A-D
When bouncing tracks, you must leave at least one track
empty for recording. However, if you want to combine
tracks while all of the tracks are in use, you can use the
following technique. (For more information about edit-
ing functions such as Paste (p. 89) and Cut (p. 84), please
refer to the following chapter.)

1. All tracks in use....

Time wap

TeckA I’T l—lﬂﬂﬂﬂﬂ .

2. Use the Paste function (p. 89) to copy a phrase from
Track A to a portion of Track B containing no sounds
(The portion V copled from Track A can not be
erased there).

Time wep

[T,
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3. Bounce the material from Tracks B-D to Track A.

4, Use Cut (p. 84) to delete the unnecessary portion of
Track B. The sounds on Tracks C and D are now also
unnecessary, so these tracks are available for new

recording.

Time w=p
Track A
mie [ ][ I,
TrackC | P
kD g

If the Recorded Sound is
Distorted (Recording AHtenuator)

When bouncing tracks, the signal levels from multiple
tracks are combined, and you may be unable to get the
proper levels if you don’t get the faders down.
Additionally, just when you have got the balance
between each track right, you may find the level meter
peaking a little too much. In such instances, you can use
the mixer’s attenuators to prevent the sound of the
recording from becoming distorted.

Preventing Distortion with the Recording Path Attenuator

1. Hold down [SHIFT] and press [MUTE] to call up the
“MIX COMMON?" screen.

2. Press[ v ] to select “RecAtt” (recording attenuator).

3. Rotate the VALUE/TIME dial to select the appropriate
level of attenuation; select 0, -3, -6, -12, -18, or -24 dB
{no attenuation is applied when 0 dB Is selected).

4. Press [PLAY] to return to the basic screens.
If no attenuation is needed, then return the setting to “0

dB.” If attenuation is left on, you will later be unable to get
sufficient volume, even with the faders raised.

Recording Without Using the
Mixer

In Track Audio Recording (or when sampling with the
pads), the MIC/LINE input channel is used. This allows
use of the send/return method for adding internal
effects, changing to stereo balance, and use of the SP-
808’s faders in adjusting recording levels.

To record (or sample) with even simpler settings, use the
AUX IN as the input for recording. In this case, the inter-
nal mixer lines and functions are not used, allowing you
to record directly to the tracks (or sample directly to the
pads (for the mixer figure, — see p. 91).

Connect the device to be used for the AUX IN input and
make changes to the settings as shown below.

Recording Through AUX IN

1. Hold down [SHIFT] and press [MUTE] to call up the
“MIX COMMON?" screen.

2. Press [ + ] in several times to get to the third screen
(AUX In&Out).

3. Rotate the VALUE/TIME dial to change the “In" set-
ting from “THRU (—LINE)” to “REC (orPLAY).”

During recording, the sound input through AUX IN is
also recorded.

4. Press [PLAY] to return to the basic screens.
Adjust the level with the AUX IN input sensitivity knob.

Completely turn down the MIC and LINE input sensitivity
knobs and fully lower all faders except “MASTER.”

®GTE) You cannot record the sound with internal effects or equal-
ization applied.

If you are using AUX IN and OUT as send and return
jacks for an external effect, use the above settings when
recording the returned effect sound.
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You can freely cut out, rearrange, and copy phrases on
the tracks. This makes it easy to make tracks by repeating
phrases (break beats), and to create new versions of
songs (by changing their makeup). There are two ways
to edit songs, as shown below.

Quick Edit:

You can make settings and editing visually and quickly
while watching the Play List screen (p. 22).

Edit performed in each of the Edit screens:
This is for editing data such as throughout the tracks.
This chapter explains the easy Quick Edit procedures.

With Quick Edit, you can cut out, paste, insert, and erase
material on the tracks.

In Quick Edit, you cannot paste or insert data into a differ-
ent track, and you can not use the function to repeat a num-
ber of times. These procedures can be performed in Edit con-
dition (Chapter 8 — see p. 89, 90).

In Quick Edit, no confirmation messages, such as “ARE
YOU SURE?”, appear in the display when you carry out a
step. Furthermore, when you execute a number of steps con-
tinuously, pressing [UNDO/REDQ] only works to
the very last step made. To prevent important songs
becoming unrecoverable through trail and error or acciden-
tal operations, start editing only after saving the song (p.
72).

Going Through the Quick Edit Process

1. Set the segment of the song to be edited.

2. When pasting or inserting, move the current song
position to the point where you want to paste or
insert material.

3. Hoid down [SHIFT] and press one of the cursor but-
tons to execute.

Next, each of the procedures is explained in detail.

82

Determining the Segment to Be Edited

Setting of the segment to be edited is done in the Play
List screen, using either the Region In/Out function or
the Mark Phrase function.

Selecting a Segment (Region In/Out)

Setting Segments with Region In/Out

1. Press [PLAY] 1-3 times to switch to the Play List
screen.

2. Hold down [SHIFT] and press the [STATUS] button
on each track, highlighting the “Tr.SEL” box in black
only for the tracks that are to have segments select-
ed for editing (more than one track can be selected).

3. Move the current song position to the starting point
of the segment.

4. Press [REGION IN/OUT] to specify the beginning (in
point) of the segment.

The button starts blinking,.

FLAY LIZTE L BNON
Tv.5EL—{B A
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5. Move the current song position to the end point of
the segment.
The phrases are highlightened in black, and selecting a
segment is complete.

6. Press [REGION IN/OUT] to specify the end (out point)
of the segment.

The phrase is highlightened in black then set the segment
([REGION IN/OUT] is turned the light on).

FLAY LIST +ONONW
Tr.iEL .Fl

To completely cancel these settings for a segment, hold
down [SHIFT] and press [EXIT/NO].

Instend of performing Steps 36, you can also select the seg-
ment by pressing [REGION IN/OUT] twice (once for the
in point, and once for the out point) as the song progresses.

To set the current song position to the top and end
of the phrase on a track (PREVIOUS/NEXT function)

In the Play List screen, by holding down [SHIFT] and
pressing [»» ], you can jump the current song position
in to the beginning and end of the next phrase on the
track in sequence. This is convenient in step 3 when you
select the phrases unrelated with measures and beat by
Region In/Out. (By holding down [SHIFT] and pressing
[ «<], you can jump the current song position in
sequence to the end and beginning of the previous
phrase.)

Selecting a Phrase (Mark Phrase)

1.

Press [PLAY] 1-3 times to switch to the Play List
screen.

Hold down [SHIFT] and press the [STATUS] button
on the track to be set, highlighting the “Tr.SEL" box
in black {(more than one track can be selected).

Move the current song position to the point of the
phrase to be set (marked).
Press [MARK ON].

The entire phrase is highlighted in black, and the phrase
is then set ((MARK ON] is turned the light on).

FLAY LIST) £ EONOK

T"'SEL'I i‘:ﬁ

5.

Repeat Steps 2-4 to set segments as needed.
You can also select multiple phrases simultaneously.

MEMO) To delete a mark from a single phrase, move the current

song position to that phrase, then while holding down
[SHIFT], press [IMARK ON]. To delete all marks, hold
down [SHIFT] and press [EXIT/NO].

Instead of step 3 and 4, you can mark a phrase at the point

by pressing [MARK ON] while the song is playing back.
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Editing Selected Segments Cutting Segments (Cut)

The Cut function removes the phrase in the selected seg-
Er ase ment from the track, and moves all the following phrases
forward. This is analogous to splicing audio tape or
movie film. (Cut is enabled only in Quick Edit. It does
not appear in the Edit menu called up when

The erase function deletes phrases from tracks and clears
the selected segment. (Erase is enabled only in Quick
Edit. It does not appear in the Edit menu called up when [SONG/TRACK] is pressed.)

[SONG/TRACK] is pressed.) h|213]4‘5|617k8|94‘

[W"]2]3]a[5]6[7[8]9[10] }
EEEIED © s A 7 EIKD
EEEYEX : s I3 7 EBEAI § ou

{ [1]2]3]6]8][9[10]
[ T2T3] [e] [8[9]i0]
1. Using either Region in/Out or mark points, select the

segment to be cut.

1. Using either Region In/Out or mark points, select the
segment to be erased.

+BNOM
2. Hold down [SHIFT] and press [ -~ ] (CUT).
The phrase in the selected segment is cut from track and
2. Hold down [SHIFT] and press [ — ] (ERASE). the following phrases are then moved ahead to fill the
The phrase in the selected segment is deleted from track. space left behind.
FLAY LIST ;—tnow S 0 Y Pl - 10Tull]
Tv.SEL ; Tw.5EL =HB. r
= n e
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CBIRY) If you cut a segment that does not start and end exactly on
a beat or measure bar, the following phrases that are moved
up will not conform to the measures, which then makes
editing inconvenient. When cutting segments, you can use
the [ ««] or [w»] (the Measure buttons) or Region
In/Out to make sure the segment is cut out in measure unit
measures before continuing,

84



Editing Recorded Tracks [1] (Quick Edit)

Pasting to a Different Location (Paste) 3. Hold down [SHIFT) and press [ « ] (PASTE).

The phrase in the selected segment is pasted to the select-
ed location. When this is done, the phrase previously in
that location is overwritten. (After pasting, the current
song position moves to the end of the segment con-
taining the paste destination. The segment containing
l 1 I 2 t 3 I 4 l S l 6 | 7 l 8 [ 9 I the paste source phrase is not affected.)

EREIED : s EAEAKEKD
[

[1]2]3[a[5]6]a[5[9] FLAY LIS £ ONON
Tw.5EL

The Paste function takes a phrase in the selected segment
and writes (copies) the same phrase to another selected
location.

In Quick Edit, the paste destination is limited to any loca- -
tion on the same track. Paste to other tracks or paste in -‘}Q o
several times are enabled in the Paste screen (next chapter)
called up from the [TRACK/DISK] menu.

The Paste Process

1. Using either Region In/Out or mark points, select the 4. To paste the same phrase again, repeat Step 3.
segment to be used as the paste source.

EEETEY $ 3 FEEERE ISR

If the paste source in Step 1 is not continuous (has gaps in
between material), the portions of the paste destination cor-
responding to those gaps is not deleted, but remains as is.

L] |‘ | L] < Pesesome
_‘- -
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2. Move the current song position to the paste destina- . Inserhng Inl'o a Dlﬁeren' I-Ocahon

tion The Insert function takes a phrase in the selected seg-
ment and inserts the same phrase to another selected
location, moving back the phrases that come after that
location.

PLEY LIZT +@NOW ]1|2|3l4|5|6]718!9|
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In Quick Edit, the insert destination is limited to any
location on the same track. Insert to other tracks or
insert in several times are enabled in the Edit condition
(next chapter).
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The Insert Process

Using either Region In/Out or mark points, select the
segment to be used as the insert source.

FLAY LIZST +@NOK
Tr.SEL~—{M A=f-orerrerneeis

#Q, [Reppn

d

Move the current song position to the insert destina-
tion

TesELoRAz
oQ, |5Ch

Hold down [SHIFT] and press [ + ] (INSERT).

The phrase in the selected segment is inserted to the
selected location, and the phrase that follow are moved
back. After inserting, neither the current song position
nor the segment containing the insert source phrase is
affected.

FLA'Y

4. To insert the same phrase again, repeat Steps 1-3.

If you select a segment that does not start and end exactly

on a beat or measure bar, the following phrases that are
moved back will not conform to the measures, which then
makes editing inconvenient. When inserting segments, you
can use the [ ««] or [w»] (the Measure buttons) or
Region InfOut to make sure the segment is inserted in mea-
sure unit before continuing.
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Technical Note

Even when you paste and insert, no new audio data is
created on the disk (the existing data is utilized).
Therefore, the remaining recording time for sampling or
Track Audio Recording does not decrease.

Even when you erase and cut, this is not directly reflect-
ed in the remaining time for recording (or sampling).
This is due to the fact that the SP-808 does not delete
any data residing on the disk until the Cleanup Disk
procedure (p. 46) is performed. (This is to improve
operational response.) If you don't have sufficient disk
space, then carry out the Cleanup Disk procedure.



Chapter 8 Editing Recorded Tracks [2] (Selecting from the Menu)

The following functions are available in the Edit menu,
which is called up when [SONG/TRACK] is pressed.

*  Adjust Timing

* Move
* Paste
s Insert

You can paste and insert to other tracks, and also set the
number of performance. (Perform pastefinsert once in the
same track can be done in Quick Edit past/insert. —p. 85).

Finely Adjusting the Timing of
Each Phrase (Adjust Timing)

Fine Adjustment of Expression
Timing
The positioning of phrases on the tracks (the time of

expression) is determined with the following formats.

*  From which measure, beat, and tick number (Start)
* The length of expression in beats and ticks (Duration)

The Adjust Timing function is for changing these values.
You can also make other settings to phrases in the same
screen, such as volume level.

Adjust Timing comprises three screens.

The first screen is for selecting phrases, and the second
and third screens are for changing settings.

Adjusting the Timing of Phrase Expression

1. Press [SONG/TRACK].

2. Press [« ] or [ v ] to select “Adjust Timing?” and
press [ENTER/YES].

The Adjust Timing screen is called up.

HII.TU:T TIMIMS fﬁNDN
1._ TI’.B' *

Start ***—**—**
Duration skekdok—skek

3. Select target track by pressing its [STATUS] while
[SHIFT] is held down.

The selected track (A-D) appears in “Tr.”

4. Rotate the VALUE/TIME dial to change the current
song position.
The phrases are highlighted in black in sequence on
the screen as you run through them.

5. When the phrase to be adjusted is highlighted, press
[~1]

EOEMNEITE ey, 100 100
Tr. Bm o .-.
Start  0z6-01-1nm
- Dur at.ion 4-00

That phrase is selected, and the Edit screen is called up.

6. Press [ .a]or[ ] to select “Start,” and press [ -]
or [ -— ] and rotate the VALUE/TIME dial to change
the setting (measure, beat, and tick).

7. Select “Duration” (the phrase length) in the same
way, and rotate the VALUE/TIME dial to change that
value (number of beats and ticks).

8. If required, press [ + ] repeatedly until the third
screen is displayed, select “WaveOffset” or
“WaveEnd” (explained below), and rotate the
VALUE/TIME dial to change the value (up to a maxi-
mum of seven digits).

9. Press [PLAY] to return to the basic screens.
Save the song (p. 72) to save these changes.

(MEMO) Pressing [UNDO/REDO] immediately after this procedure
restores the settings current at Step 4.

The extent to which the “Start” (Step 6) and “Duration”
(Step 7) of a phrase can be changed is limited by the phrase
before and after it; that is, phrases on the same track cannot
be overlapped. In addition, one beat, as indicated here,
always means a quarter note (96 ticks). This is not affected
by the rhythm in each measure.

Offset and End Point

The SP-808 reads waveform data from the specified disk
according to the arrangement of the phrases on the
tracks. WaveOffset and WaveEnd, the parameters
selected in Step B, determine which part of the waveform
data is used for to a phrase.
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WaveOffset:

This specifies and changes the starting point for read-
ing the disk’s waveforms. The specified point is placed at
the position determined in Adjust Timing “Start” {in the
second screen).

WaveEnd:

This specifies and changes the end point for reading the
disk’s waveforms. If this point is before the end of the
segment resulting from the “Duration” setting in Adjust
Timing (in the second screen), then even though still
within the phrase, the sound stops.

For example, suppose a sample’s start point is delayed
{p- 51) by “0000320,” and a pad sound is recorded to the
track in Event Realtime Recording (p. 63). In this case, a
gap lasting “0000320” appears ahead of the point where
the sound data used by the phrase on the track begins to
play.

On the other hand, the initial Offset value for phrases
recorded in Direct Recording (p. 74) is set to “0000000.”

The Relationship Between Cleanup Disk and “Wave
End Point”

Of the waveforms used by phrases on the tracks, what is
deleted in the “STANDARD” (p. 46) Cleanup Disk proce-
dure is the portion from the beginning of the phrase to
the start point. The portion that comes after the
“Duration” is not ordinarily deleted. Therefore, when
trying to place only a small part of a lengthy recorded (or
sampled) phrase in a song, the remaining available
recording time may not increase much, even after the
Cleanup Disk operation is performed.

However, in this case, the part in the phrase that
comes after the end point (WaveEnd) is deleted. In

this case, perform clean up disk after move forward the
end point of each phrases within the area it does not
affect the phrase sounding you need.This will allow you
to free up more recording time.

MEMD If @ pad contains a looped sound recorded in Event
Recording (Realtime or Step), then the end point of the loop
on the track is designated.

If “LOOP-END" was the sampling mode used during
Event Recording, you cannot select a value smaller than
that fixed value.

Changing the Volume of Each
Duration Phrase

[92]
E—-

. .

In the second screen of the Adjust Timing mentioned
above, the volume of each phrase is indicated in the
upper right comer of the screen. You can change the vol-
ume (0-100) of the selected phrase by highlighting the
numerical value and then rotating the VALUE/TIME
dial to change the number.

% y

'S
Wave

Offset End Point Tr. ... =1 —
Start  026-01-00
In both Offset and End point are indicated by 7-digits ¥ Duration 4-00

values likewise the sample reading start points (p. 51).
The amount of time indicated by “0000001” is deter-
mined by the sample rate (at 32 kHz and with Vari Pitch
off, this equals 1/2,000 of a second). This does not
change with tempo and measure length.

Technical Note

The initial Offset value varies according to the form in
which the phrase is arranged on the track.

The value before the change represents the volume which set
to the pad when pressed during Event Recording (phrases
created in Track Audio Recording register 100). “100”
indicates the volume at the recording (or sampling).
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Editing Recorded Tracks [2] (Selecting from the Menu)

Editing Selected Segments

Moving to a Selected Track and
Location (Move)

This function is for transferring material to other poinis
in the song. The Move function allows you to move a
selected segment even to a selected position on anoth-
er track. (If moving a segment to another point on the
same track, you can also use Paste (p. 85) along with the
Erase function (p. 84) in Quick Edit.)

Moving a Selected Segment

1. Press [SONG/TRACK].

2. Press [ a]or[«]to select “Move?” and press
[ENTER/YES].

3. Press [ -] or [~ ] to select “Track A—~A" and rotate
the VALUE/TIME dial to select the “move source
track” and the “move destination track” (select A, B,
C, or D, or all tracks A-D for each).

4, Press{al,[w] [=], or [=~]to select each of the
digits for “In Time” (measure, beat, and tick), and
rotate the VALUE/TIME dial to set the start point of
the move source.

5. Rotate the VALUE/TIME dial to set the “Out Time”
{the move source end point).

6. Rotate the VALUE/TIME dial to set the “Move To” (the
move destination).

7. Press [ENTER/YES].

The confirmation message “ARE YOU SURE?” appears
in the display.

8. Press [ENTER/YES] to execute the move. The phrase
previously existing at the move destination is over-
written and deleted.)

9. To cancel the move, press [UNDO/REDQ] immediate-
ly after it is executed. When the move is completed,
press [PLAY] to return to the basic screens.

In Step 3, if “A-D” (all tracks) is selected as the move
source, the selection of “A-D" as the move destination is
determined automatically (“A-D” cannot be selected as the
move destination in any other case.)

If the illuminated Locator button (p. 32) is pressed during
Steps 4-6, the position registered to that Locator is selected
for the parameter being set.

Repeated Pasting to Selected
Tracks (Paste)

This function allows you paste a selected segment to any
position in the song, including points on other tracks,
and to set the number of times the segment is to be
pasted.

Pasting a Selected Segment to Another Position

1. Press [SONG/TRACK].

2. Press [ o] or [ +] to select “Paste?” and press
[ENTER/YES].

3. Press [ -] or[=]to select “Track A—~A" and rotate
the VALUE/TIME dial to select the “paste source
track” and the “paste destination track” (select A, B,
C, or D, or all tracks A-D for each).

4. Press[a], [~ ], [ =], or [=] to select each of the
digits for “In Time” (measure, beat, and tick), and
rotate the VALUE/TIME dial to set the start point of
the paste source.

5. Rotate the VALUE/TIME dial to set the “Out Time”
(the end point of paste source).

6. Rotate the VALUE/TIME dial to set the “Paste To”
(the start point of paste destination).

7. Select “Repeat Times” and rotate the VALUE/TIME
dial to select the number of times the paste to be
repeated.

8. Press [ENTER/YES].
The confirmation message “ARE YOU SURE?” appears
in the display.

9. Press [ENTER/YES] to execute the paste. The phrase

previously existing at the paste destination is over-
written and deleted.)

10. To cancel the paste, press [UNDO/REDO] immediate-
ly after it is executed. When the paste is completed,
press [PLAY] to return to the basic screens.

In Step 3, if “A-D” (all tracks) is selected as the paste
source, the selection of “A-D” as the paste destination is
determined automatically (and “A~D” cannot be selected as
the paste destination in any other case).

If the illuminated Locator button (p. 32) is pressed during
Steps 4-6, the position registered to that Locator is selected
for the parameter being set.
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Editing Recorded Tracks [2] (Selecting from the Menu)
—

Repeated Insertion to Selected
Points (Insert)

This function allows you insert a selected segment to any
position in the song, including points on other tracks,
and to set the number of times the segment to be insert-
ed.

Inserting a Selected Segment at Another Position

1. Press [SONG/TRACK].

2. Press [ ] or [ +] to select “insert?” and press
[ENTER/YES].

3. Press[-=]or [ =] to select “Track A—~A" and rotate
the VALUE/TIME dial to select the “Insert source
track” and the “insert destination track” (select A, B,
C, or D, or all tracks A~D for each).

4, Press[al],[w] [=] or [=]to select each of the
digits for “in Time” (measure, beat, and tick), and
rotate the VALUE/TIME dial to set the start point of
the insert source.

5. Rotate the VALUE/TIME dial to set the “Out Time”
(the end point of insert source).

6. Rotate the VALUE/TIME dlal to set the “Insert To”
(the start point of insert destination).

7. Select “Repeat Times” and rotate the VALUE/TIME
dial to select the number of times the insertion to be
repeated.

8. Press [ENTER/YES].

The confirmation message “ARE YOU SURE?” appears
in the display.

9. Press [ENTER/YES] to execute the paste. The phrase
previously existing at the insert destination is over-
written and deleted.)

10. To cancel the insertion, press {UNDO/REDO] immed|-
ately after it is executed. When the insertion is com-
pleted, press [PLAY] to return to the basic screens.

In Step 3, if “A-D" (all tracks) is selected as the insert
source, the selection of “A-D" as the insert destination is
determined automatically (and “A-D” cannot be selected as
the insert destination in any other case).

If the illuminated Locator button (p. 32) is pressed during
Steps 4-6, the position registered to that Locator is selected
for the parameter being set.

If you cut a segment that does not start and end exactly on
a beat or measure bar, the following phrases will not con-
form to the measure bars, which then makes editing incon-
venient. When inserting segments, it is best to edit the seg-
ment by measure units before continuing.
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Recording to an External Recorder (Mixdown)

The mixer settings (except the fader position and some other
settings) are preserved as a part of the song data when the
song is saved (p. 72).

The Mixdown Process

The mixdown proceeds as shown below.

1. Connect the SP-808's MASTER OUT to the input of
the external recorder.

The optional SP808-OP1 expansion is required to make
the digital connection (p. 145).

2. Select effect patch of the internal effects and set it up
in the mixer.

3. Press [STATUS] for the tracks to be played back so
that they are illuminated in green.

4. Hold down [SHIFT] and press the Locator [CLEAR] to
switch to the Mixer View screen (p. 22).

5. Play back the song from the beginning, and move the
faders to achieve the volume balance you desire.

6. Press [ -] or [= ] to select settings such as effect
send level and left-right balance for each track, and
rotate the VALUE/TIME dial to make the settings.

7. Adjust the tone of each track with the equalizer
(description following).

8. Adjust the recording level of the external recorder.

9. Start recording with the external recorder, then start
playback on the SP-808. ’

Mixdown then begins.

For more detailed settings in Steps 4 and 5, hold down
[SHIFT) and press [EFFECTS] on each channel, and make
the settings in each track’s screen. Press [ ¥ ] repeatedly to
call up the Equalizer screen in Step 6.
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Using the Equalizer
Pressing track’s [EFFECTS] while [SHIFT] is held down,
and pressing [ w ] some times calls up the Equalizer
screen. The equalizer used for each track is exactly the
same 3-band parametric equalizer used for the
MIC/LINE input. (For descriptions of each parameter
displayed on the screen, — see p. 47.)

ON Mide Z.0
[Hi  10kHz + 6
Mid Z.0kHZ--11
] & HiLOw soHz TR

If the Stereo Balance of MASTER OUT is Uneven

Hold down [SHIFT] and press [MUTE] to call up the
“MIX COMMON"” screen and press [ a ] to select
“Balance,” then rotate the VALUE/TIME dial to adjust
the setting.

The range of the adjustment is from L63 (left output
only) to 0 (equal left-right balance) to R63 (right output
only).

To Have a Stereo Track Played
Back in Monaural

Whether a phrase on the track is recorded in stereo or
monaural is determined whenever it is recorded in Track
Audio Recording (or when sampled to the pads).
However, with the following procedure, you can mix the
left and right sounds and play all sterec phrases on the
tracks monaurally.

Playing Stereo Phrases in Monaural

1. Hold down [SHIFT] and press the track’s [EFFECTS]
to call up the Tr.A-D screen.

2. Check to make sure that “Merge-L&R” is selected
and rotate the VALUE/TIME dial to set this to “ON.”

3. Press [PLAY] to return to the basic screens.

The “Balance” parameter is found in the screen that is
called up in Step 1. If you select this by pressing [ ~ ] and
then rotate the VALUE/TIME dial to change the setting,
the left-right volume balance then changes. When “Merge-
L&R” is set to “ON” (monaural output), then the effect of
changing “Balance” is like that of adjusting the panpot on
an ordinary audio mixer.



Recording to an External Recorder (Mixdown)

Adding Internal Effects During
Mixdown

Whenever adding effect, not only during mixdown,

make sure the following two points are in ready.

1. Press REALTIME EFFECTS [ON/OFF], illuminating it,

to turn the effects on.

2. If the Realtime Effects Controller “b” (FILTER ISOLA-
TOR) indicator is lit, hold down [SHIFT] and press

[SELECT ROW] to switch to “a” (PATCH).

The Location of the Internal Effects in the Mixer

During mixdown, the main ways the internal effects are

used are shown below.

Send/Return:

When Channel Insert is Selected in Step 3

This selects whether the effect is added before or after the
channel equalizer. When set to “PRE-EQ” (pre-equaliz-
er), the effect is added before the equalizer; when set to
“POST-EQ”(post-equalizer) the effect is added after the
equalizer.

Generally, this is set to “PRE-EQ.” “POST-EQ" is used in
such instances as when boosting or cutting specific fre-
quency ranges of the signal before it goes to the effects.

For example, this is effective with the effects such as dis-
tortion and compression.

Setting Track’s Effect Send Level

When using send/return to add effects, press
[EFFECTS] for each track channel to switch the effects

(The signal which level sent to the effects can be deter-
mined for each individual track, is mixed into the output
through the common effects. This is used for reverb and

for each track on and off.

similar effects.)

Master Insert:

(This inserts the effects into the final stereo output sent to
the external recording device. This is selected for com-

pression or Equalization to the overall signal.)

Channel Insert:
(The effect is inserted into a single specified track.)

These are selected with the following procedure.

1. Hold down [SHIFT] and press [MUTE] to call up the

“MIX COMMON" screen.

2. Press [ v ] twice, to move to “FxLoc.” (effects loca-

tion).
3. Rotate the VALUE/TIME dial to select setting from the
following.
Send/Return:  “SEND/RETURN”
Master Insert: “INS MASTER”

Channel Insert: “Tr.A PRE-EQ” or “Tr.A POST-EQ"
(here “Tr.A...” is shown, indicating that

in this case, Track A is selected).

4. Press [PLAY] to return to the basic screens.

If rather than just being illuminated, [EFFECTS] flashes

3.
4.

instead when pressed, this indicates that the effect itself is
turned off. When REALTIME EFFECTS [ON/OFF] is
pressed, [EFFECTS] then stops flashing, and stays illumi-
nated, indicating that the effects are active.

Furthermore, the signal level sent to the effects by each
channel is set with the following procedure.

Hold down [SHIFT] an press the track’s [EFFECTS] to
call up the track setting screen.

Press [ w ] or | = ] to select the value at the right end
of the “Fx"” row (the effect send level).

Rotate the VALUE/TIME dial to make the setting.

Press [PLAY] to return to the basic screens.

If selecting an effect patch, use send/return to add the
effect.

(Press [FX INFO] and rotate the VALUE/TIME dial to
specify the effect patch, and press [ENTER/YES].)
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Recording to an External Recorder (Mixdown)
—

The Difference Between “Pre-
Fader” and “Post-Fader”

When using the effects in send/return, this determines
whether the signal is sent to the effect before or after it
goes through each channel’s fader (or the stereo balance
setting).

Pre-Fader:
Changing the fader value or stereo balance has no effect
on the signal level sent to the effects.

Post-Fader:

Lowering the fader reduces the signal sent to the effects.
This is also reflected by the channels stereo balance set-
tings.

Setting Pre- and Post-Fader for the Effects

1.

2.

3.

4.

Hold down [SHIFT] and press track’s [EFFECTS] to
call up the track setting screen.

Press [ w ] or [ = ] to select “PRE-F"(pre-fader) ( or
“pST-F"(post-fader) ) in “Fx.”

Rotate the VALUE/TIME dial to switch between “PRE-
F” and “PST-F.”

Press [PLAY] to return to the basic screens.

Inserting Compressor / EQ to
MASTER OUT

During mixdown, you may want to control the signal
you are going to send to the external recording device by
adding compressor (limiter) to the output. In this case,
set the internal effects to Master Insert (INS MASTER) (p.
93).

The SP-808 features algorithms (forming the basic composi-
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tion of the effects) in the internal effects to use for this.
(such as The effect patch P82 “03>CompEtc” which
includes the comp/limiter, enhancer, parametric equalizer,
and noise suppressor connected in series. — See p. 103)

When using the internal effects for other purposes (such
as for total reverb), you may use the external compressor
or equalizer. In such instances, connect the external
effects between the SP-808 and the external recording
device.

SP-808 MASTER OUT
1
External Effects
l
External Recording Device

For the effects used without dry sound (compressor,
equalizer, etc.), it is not effective to connect the effects to
the AUX IN/OUT using the send /return method.

When the Effects Sounds are
Distorted (Effects Pre Attenuator)

Combining the signals from each of the tracks and send-
ing the signal to the effects while the resulting level
remains increased can cause the signal to exceed the
effect’s allowable input level, causing the sound to dis-
tort. In such instances, use the mixer’s attenuator, per-
forming the following procedure to suppress the level.

Preventing Distortion with the Effect Input Attenuator

1.

2.

3.

4.

5.

'Hold down [SHIFT] and press [MUTE] to call up the

“MiX COMMON" screen.
Press [ « ] three times to call up the “FX-Signal”
page.

Confirm that “PreFX Att” (effect pre attenuator) is
selected.

Rotate the VALUE/TIME dial to select the appropriate
level of attenuation; select 0, -3, -6, ~12, -18, or -24 dB
(no attenuation is applied when 0 dB is selected).

Press [PLAY] to return to the basic screens.

If no attenuation is needed, then return the setting to “0

dB.” If attenuation is left on, you will later be unable to
send a strong enough signal to the effects.



Recordihg to an External Recorder (Mixdown)

Using AUX IN/OUT

The SP-808’s mixer section includes stereo AUX IN and
OUT capabilites.

The Sound Input from the AUX IN Jacks

Besides being able to mix output into MASTER OUT,
you can use AUX IN to record to the tracks (or sample to
the pads).

To the AUX OUT Jacks
After the levels of the individual tracks are determined,
they are combined and sent out in stereo here. The total
output level and stereo balance of AUX OUT can be set

separately from the signal send level from each of the
channels (p. 96).

Whether the output level is affected by the channel
faders (post-fader) or not (pre-fader) is determined in
each channel.

Now, here is the process, along with some points to be
aware of, described in concrete terms.

Setting the Send Level and
Stereo Balance to AUX OUT

The following five channels can function as sources of
signals to AUX OUT.

« Tracks A,B,C,and D
*  MIC/LINE INPUT

Signals cannot be sent to AUX OUT from the pads.

Setting AUX OUT for Each Channel

1. Hold down [SHIFT] and press [EFFECTS] for the
tracks or MIC/LINE channel to call up the settings
screens (for “Track A (~D)” or “MIC/LINE").

2. Press[.al],[w] or[-]to select “PRE-F” (or “PST-
F”)in “Aux.”

3. Rotate the VALUE/TIME dial to switch between “PRE-
F” and “PST-F.”(described below)

4. Press [~ ] to select the value at the right end of the
“Aux” row (the AUX send level).

5. Rotate the VALUE/TIME dial to set the signal send
level.

6. Press [PLAY] to return to the basic screens.

The settings in Steps 2 and 3 determine the point from
which the signal is sent to AUX for each channel. If “PST-
F” (post-fader) is selected, the output level is influenced
by the channel faders; it is affected by the channel stereo
balance settings as well. When set to “PRE-F” (pre-fader),
the channel faders and stereo balance settings have no
effect on the signal level to AUX OUT.

Using the External Effects
(Send/Return)

The SP-808 features one internal effect system. By using
AUX IN/OUT, you can combine this with your own
external effects device, and then add one more effects
system using Send/Return. This is convenient when, for
example, you want to insert the internal effects into a
channel or into the MASTER OUT while simultaneously
adding reverb with the external effects device.

Stereo connections for external effects are commonly
made as shown below.

SP-808 AUX OUT — External Effects Device IN
SP-808 AUX IN « External Effects Device QUT

Turn off the direct(dry) sound of the external effects device,
outputting only the effect sound

Connect only full stereo or comparable two input/two out-
put-type devices. Monaural devices or comparable single
input/single output-type stereo devices are not suitable for
connecting to the SP-808’s AUX OUT.

The send level to the effects from each channel is set as
described in “Setting AUX OUT for Each Channel.”

With factory settings, the returned effect sound is recorded
automatically when you use Track Audio Recording (or sam-
pling to the pads). If you don’t want the effect sounds from a
connected external effects device to be recorded, after referring
to the following section, "Using AUX IN as an Auxiliary
Input,” change the "AUX IN" setting to “THRU (~LINE).”

Using AUX IN as an Auxiliary Input

Besides being a return input for external effects devices,
AUX IN can also be used as a general-purpose stereo
input. Sound that’s been input here is normally sent to
MASTER OUT with its level unchanged.

Furthermore, during audio recording {or sampling),
sound input from AUX IN is also recorded (at the factory
settings). If necessary, you can also set AUX IN so that
sound input from it is not recorded at all.

Preventing Sound Input from AUX IN from
Being Recorded

1. Hold down [SHIFT] and press [MUTE] to call up the
“MIX COMMON?" screen.

2. Press [ w ] repeatedly to call up the third screen
(AUX In&Out)..

3. Press|[ a ]toselect “In.”

4. Rotate the VALUE/TIME dial to change the setting
from “REC (orPLAY)” to “THRU(—LINE).”

5. Press [PLAY] to return to the basic screens.
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Recording to an External Recorder (Mixdown)

Using AUX OUT as an Auxiliary
Output

Besides functioning as a way to send signals to external
effects devices (mentioned above), AUX OUT can also be
used as a multi-purpose stereo output. By sending the
pre-fader (p. 94) signal from each channel, you can set
the levels for all of the channels (Tracks A-D and
MIC/LINE) independently from MASTER OUT.
Additionally, you can output the pad sounds from AUX
OUT.

Setting the AUX OUT Level and the Stereo Balance

1. Hold down [SHIFT] and press [MUTE] to call up the
“MIX COMMON?” screen.

2. Press [ » ] repeatedly to call up the third screen
(AUX In&Out).

3. Press[w ],[ a],or[—]toselect “Out Lev.”
4. Rotate the VALUE/TIME dial to set the Aux out level.
5. Press [ ]to select “Bal.”

6. Rotate the VALUE/TIME dial to set the Aux out stereo
balance.

7. Press [PLAY] to return to the basic screens.

An Example of Using AUX OUT as a Monitor Out

You can use the AUX OUT as a Monitor Out when play-
ing back sounds from the SP-808 during a performance
on stage. For example, you may want the sounds going
out to the audience from Tracks A-C to be recorded as
well as sent out from MASTER OUT. You can have per-
cussion instruments playing quarter notes repeatedly, or
some other kind of rhythm guide sound on Track D out-
put from AUX QUT. With this setup, you can connect
AUX OUT to a monitor headphone amp for the drum-
mer.

When You Want to Use the Insert Method to Add
internal Effects to AUX OUT
When setting up the effects (such as in the third MIX
COMMON screen — see p. 93), by selecting “INS AUX-
OUT,” you can insert the effects into AUX OUT.
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5.

AUX OUT can also be used as a pad cue (p. 42).
Furthermore, if you are using an optional multi I/0
expansion, you can use it as a Track D direct out. (With
the multi I/O expansion, Tracks A-C are already
equipped with direct outs.) In either case you can switch
the function in AUX Out Jack mode.

Hold down [SHIFT] and press [MUTE] to call up the
“MIX COMMON?” screen.

Press { = ] repeatedly to call up the third screen
(AUX In&Out).

Press [ « ] to select “OutJackMode.”

Rotate the VALUE/TIME dial to select from “AUX”
(usual setting), “PAD CUE” (Pad Cue function — see
p. 42), and “Track D” (Track D direct out — see p.
150).

Press [PLAY] to return to the basic screens.

Used With MIC/LINE IN

MIC/LINE IN is active not only when sampling, but also
all the time. You can use MIC/LINE IN to insert equaliz-
er and effects independently and send signals to AUX
OUT. Thus, as an input during mixdown, it offers greater
functionality than AUX OUT.

When mixing down during synchronization (p. 153) with
an external MIDI sequencer, connect the output of the
external sound device and mix down.

When equalizing the sound returned from external effects
devices, use this for input return instead of AUX IN.

When performing live, by connecting a headset mic, you
can mix in your voice.

You can find other uses for this as well.

With the optional SP808-OP1 installed, when you receive

signals from the DIGITAL OUT of an external device, the
MIC/LINE IN jack cannot be used (only AUX IN can be
used).



Chapter 10 Using the Internal Effects

The Different Uses of the
Send/Return and Insert Methods

Examples of the use of the send/return and insert meth-
ods were introduced previously; in the sections on sam-
pling (Chapter 3), track audio recording (Chapter 6), and
mixdown (Chapter 9). In the following, the differences in
the ways Send/Return and Insert are used is explained.

Applying Effects
Using the Send/Return Method

You can use the send/return method with the effects
types which mix the source sounds with the effected
sounds (such as reverb or delay). With the send/retumn
method, the effect can be used in multiple mixer chan-
nels. Furthermore, the send level from each channel can
be adjusted, which means that the amount of effect can
also be adjusted for each channel.

For a description of the procedure for adding effects, please
refer to “Adding Internal Effects During Mixdown” (p. 93).

The send/return method uses an effects patch which has its
source sound volume settings (e.g. Dry Level) set to 0.

If the effect sound is distorted, you can trim the input level
to effects with the attenuator (PreFxAtt) in the second
screen of the "MIX COMMON" screen. (p. 94)

In the Mixer View screen, you can adjust the send level to
the effects while watching the status of all the channels. To
call up the screen, hold down [SHIFT] and press LOCA-
TOR [CLEAR]. To change settings, press [ — J or [ = ] to
move a at the bottom of the screen to the desired channel,
then rotate the VALUE/TIME dial to make the changes.

The signal of effects return is usually mixed into MASTER
OUT. In addition, during track audio recording or sam-
pling, it is automatically returned to the tracks or pads.
However, when the “Return” parameter in the second
screen of the “MIX COMMON" is set to “PLAY-ONLY,”
then even during track audio recording or sampling, the
effects sound is mixed into MASTER OUT. In this condi-
tion, the effects sound is not recorded.

Applying Effects
Using the Insert Method

The effects that use only processed sounds (such as com-
pressor, wah, phaser or etc.) without mixing the dry
sounds, are normally inserted into the mixer signal path.
You can select MASTER OUT, AUX OUT, the input of
each channel, or the recording signal line, as the insert
destination. To add the effects with the insert method,
switch the effects to the Insert position (p. 93) and press
REALTIME EFFECTS [ON/OFF] to turn the effects on.

When inserting into each channel, you can either have the
signal be input before the channel’s equalizer (PRE-EQ), or
after equalization (POST-EQ) (p. 93).

You can also use the effects that mix the dry sounds with
the processed sounds (such as reverb or delay) with insert
method. In such instances, the dry sound volume settings
are raised in the effects patches. (It is acceptable not to raise
the setting when the effect sound alone is being used for a
particular effect.)

What It Means When [EFFECTS]
is llluminated or Unlit

[EFFECTS] for each channel (Tracks A, B, C, and D and
MIC/LINE) determines whether or not that channel has
effects applied to it. However, this changes according to
the effect position, as shown below.

With the Send/Return Method

Iluminated: The signal is sent to the effects.

Flashing: The signal is being sent to the effects, but
the effect (REALTIME EFFECTS [ON/
OFF]) is turned off.

Unlit: The signal is not sent to the effects.

Pressing REALTIME EFFECTS [ON/OFF]:
This turns the effects on and off.
Pressing [EFFECTS]:

This determines whether the signal is sent
to the effects or not.

Even when [EFFECTS] is illuminated, no effect is added if
the effect send level is turned completely down.

When Inserting Into One of Mixer Channels

IMuminated: The effect is inserted into the channel, and

the effect is turned on.

Flashing:  The effect is inserted into the channel, but
the effect is turned off.

Unlit: The effect is not inserted into the channel,
and no effect is applied.

Pressing REALTIME EFFECTS [ON/OFF]:
This turns the effects on and off.

Pressing [EFFECTS] when illuminated or flashing:
Same as above.

Pressing [EFFECTS] when it is not lit:
Nothing occurs.

When Inserting Into MASTER OUT or the Recording
Signal Line

Illuminated: The effect is inserted and turned on.
Unlit: The effect is turned off.
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Pressing REALTIME EFFECTS [ON/OFFL: Editing progresses as shown below.

This turns the effects on and off. 1. Select the type of effects (the algorithm) to be edited.
Pressing [EFFECTS] when illuminated: 2. Edit the effects.
This turns all effects off.

3. Save to a specified User effects patch.

When Inserting Into AUX Out

All [EFFECTS] are unlit. Nothing occurs when they are
pressed.

Pressing REALTIME EFFECTS {ON/OFF}:
This turns the effects on and off.

Selecting the Type of Effect
(Algorithm)

You can select one of twenty different effect algorithms
(type of effects). When switching algorithms, select
one from the Preset effects patches P80-P99 in the
Effects Information screen (press [FX INFQ] and
rotate the VALUE/TIME dial to select, then press
[ENTER/YES] to set). These effects patches have been
prepared as templates for creating patches.

Editing and Saving Effects

The SP-808’s internal effects are furnished with 99 differ-
ent (read-only) Preset effects patches. You can also edit
the effects settings and then save them as (rewritable)
User effects patches (99 of these can be saved on a single
Zip disk).”

For further descriptions of each algorithm’s function, please
refer to p. 101-128.

Algorithm Template Effects patch ~ Function

01 ISOLATOR & FILTER P80 01>iso&Fil Isolator + Filter

02 CENTER CANCELER P81 02>Ct.Canc Center Canceler

03 STEREO DYNAMICS PROCESSOR P82 03>CompEtc Comp/Limiter, Enhancer, Other Effects

04 REVERB & GATE P83 04>Rev&Gat Pre-EQ + Reverb + Gate

05 TAPE ECHO 201 P84 05>Tapekch Virtual Tape Echo

08 EZ DELAY P85 06>ezDelay Digital Delay

07 DELAY RSS P86 07>DlayRSS 3-D Stereo Delay

08 ANALOG DELAY & CHORUS P87 08>AnlgD&C Virtual Analog Delay + Chorus

09 DIGITAL CHORUS P88 09>DigiCho Digital Chorus

10 4 BUTTON CHORUS 320 P89 10>4butn C SDD-320 (Spatial Effect) Simulator
" VINTAGE FLANGER 325 P80 11>FIng325 SBF-325 (Analog Flanger) Simulator

12 2x BOSS FLANGER
13 STEREO PITCH SHIFTER
14 80s PHASER

P91 125FingBx2
P92 13>Pit-Sft
P93 14>80sPhas

Two Virtual “BOSS Flangers” Connected in Parallel
Stereo Pitch Shifter
Two 1980's-Type Rack Mount Phasers (Stereo Linked)

P94 15>2xA Wah
P95 16>2xDist

15 STEREO AUTO WAH
16 STEREO DISTORTION

Stereo Auto Wah
Stereo Distortion

17 PHONOGRAPH P36 17>Records Analog Record Simulator

18 RADIO TUNING P97 18>Radio AM Radio Simulator

19 LO-FI PROCESSOR P98 19>Lo-Fi Bit Dropped/Sampling Frequency Dropped

20 VIRTUAL ANALOG SYNTH P99 20>AnigSyn Virtual Analog Synthesizer (and Ring Modulator) + Delay, etc.

3. In the “SAVE” screen, save the content of effects’
settings to effects patches.
(To call up the Save screen, hold down [SHIFT] and
press [ENTER/YES] (p. 100).)

Effects are Edited in Each of the
Following Screens

1. In the “FX SW” (Effects Switch) screen, select the

effects patches and turn the each section of effects If required, effects parameters can be assigned to the

on and off. Realtime Effects knobs, D Beam Controller, or Step
(To call up the “FX SW” screen, hold down [SHIFT] and Modulator, and the changing range, can be set in the
press [FX INFO}.) Control Assign screen (how to call this up is described

2. In the “FX” (Parameter List) screen, select and set later).

the parameters in each effect.

(To call up this screen from “FX SW,” highlight abbrevia-
tion of the effect name, and press [ENTER/YES].)
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In the “FX LOCATION” (Effects Location Register) '

screen, you can make the effects position in mixer is mem-
orized to the effects patch. When you set the mixer’s
“FxLoc.” setting to "= (FX PATCH)" the memorized posi-
tions are selected when that effects patch is called up (how
this is called up is explained later).

The operations in each screen are described in concrete
terms below.

“FX SW” (Effects Switch) Screen

The effect in use is laid out horizontally. Press[ a L. v ],
[ =], or [ =] to highlight and set each parameter,
including the effects patch number, abbreviations of the
effect name (e. g. EQ and Rev), “CTL” (control), and
“LOC” (location). You can select effects patches and turn
them on and off by rotating the VALUE/TIME dial.

e O3 > CDI"‘IPLELC

CTL
LOC

While the Effects Patch Number is Highlighted

VALUE/TIME dial:
Rotate to switch to ready another patch for switching.

[ENTER/YES]:

Press to execute the switch to the patch selected with the
VALUE/TIME dial. (If this is pressed without the
VALUE/TIME dial having been used, the beginning of
the Parameter List screen is called up.)

Any changes made to the settings are nullified if the patch

is switched before the changes are saved.

While the Effect Name’s Abbreviations is
Highlighted

VALUE/TIME dial:

Rotate to turn EQ, Rev, and each of the other effects on
and off.

[ENTER/YES}:

Press to call up the Parameter List screen for that effects
section.

The number of effects sections varies with the algorithm.

While CIL is Highlighted

[ENTER/YES):
Press to switch to the Control Assign screen.
{The VALUE/TIME dial is disabled.)

Using the Interna! Effects

While LOC is Highlighted

[ENTER/YES]:

Press to switch to the Effect Locator Register screen.
(LOC stands for Location. The VALUE/TIME dial is dis-
abled.)

Parameter List Screen

Here, you can make changes to the detailed parameters
in each of the effects (e. g. time and level for reverb),
which are displayed in list form.

CCompsLimiter Jp

A Attack 30
Relegase 60
¥ Ratio

[aland[w]
Press these to highlight and select parameter.

VALUE/TIME dial:
Rotate to change the parameter’s setting.

[=]and [~
Press these to switch the effects in algorithms that are
used by multiple effects.

[EXIT/NO]:
Press this to return to the “FX SW* screen.

Control Assign Screen

Make settings to the signals controlling C1-C6 (C5 and
C6 share the value with the D Beam Controller) and Step
Modulator and the effects parameters controlling [StM1]
and [StM2] in this screen.

Fw CTRL £kF+RANGE
A C3: CmP ON QutrPut
C4: [3]
WCSEL:ER ON MidGin

[aland[w]:
Press these to select control signal to be set.

C1-C4: Assignment to the Realtime Effects knob.
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C5BL, C6BR:  Assignment to the Realtime Effects knob
or the D Beam Controller’s left (BL) and
right (BR) sides.

StM1, StM2:  Assignment to the two value changings
which outputted from Step Modulator.

VALUE/TIME dial:

Rotate to change the control signal settings.

[=Jand[»=]:

Press these to switch the Control Assign screen to the
Range screen in which the control signal range is deter-
mined vice versa. Also use the cursor moving buttons
once on the Range screen.

[EXTT/NO}L
Press this to return to the “FX SW” screen.

Please refer to “Llsing the Realtime Effects Section” (p.

128).

The Range screen is the only screen that appears in the

Control Assign screen for the “b” group of effects (Master
Filter/Isolator). This assignment is fixed.

When parameters that are switched on or off are assigned to

the Realtime Effects knobs, the boundary between on and off
is normally at the center position. However, only with
Trigger In of Algorithm 20, "VIRTUAL ANALOG
SYNTH,” when controlling the effect with the D
Beam Controller, the parameter is turned off by com-
pletely lowering the number, and raising it even slightly
from that position turns the parameter on. (This is to secure
sufficient leeway for the effect to be turned on when using
the D Beam Controller to play sounds.)

Effects Location Register Screen

This screen is used for setting the positions of the effects
to be memorized in effects patches. The setting here is
effective only when “FxLoe.” in the “MIX COMMON"
screen (p. 27) is set to “— (PATCH).” If you want to check
the current “FxLoc.” setting, it is indicated in the square
brackets ([ ]) at the bottom of the screen.

Fia LOCHT IO

PatchLoC HRSEENCTRIISN
{Now Invalid>

Mixer...[SEND/RETURN 1
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VALUE/TIME dial:
Rotate to select the effect position.

[EXIT/NOIL
Press this to return to the “EX SW” screen.

([ENTER/YES], [« ], [* ], [ =], and [ » ] have no
function.) )

Saving Settings to the User
Effects Patches

Changes to the effects settings are lost if the power is
turned off or if you switch to a different effects patch.
Use the procedure for saving effects patches when
you want to save these changes. When you save a patch,
the controller assignment, effective ranges, and the Step
Modulator settings are also save as patch data.

Saving Effects Patches

1.

2.

3.

6.
7.

Hold down [SHIFT] and press [ENTER/YES] to call up
the Save screen.

Press [ » ] to select “EFFECTS PATCH” and press
[ENTER/YES]; this takes you to the “SAVE EFFECTS
PATCH” screen.

Rotate the VALUE/TIME dial to select the User effects
patch to be used as the save destination.

If required, press [ + ] to move the cursor to the line
containing the effects patch name, and set that
name. (Press [ <] or [~ ] and rotate the
VALUE/TIME dial or press the pads to input the
name. This is the same process described when
entering the song name on p. 72.)

Press [ENTER/YES].

The confirmation message “ARE YOU SURE?” appears
in the display.

Press [ENTER/YES] again, the save is executed.

Press [PLAY] to return to the basic screens.

When saving an effects patch, any patch previously stored

in the User effects patch specified as the save destination is
lost.

If you select “OverwriteALL" instead of “EFFECTS

Patch” in Step 2, the Save Song procedure (p. 72) is carried
out simultaneously. In this case, a message warning that
the old song and effects patch data will be lost appears in
the display. Press [ENTER/YES] to execute the save.

In Step 3, the source effects patch number is temporarily

assigned to the save destination. If the source effects patch is
one of the Preset effects patches, “#%k" is indicated for the
destination number. In this case, you cannot save the patch
unless you set the save destination effects patch number.
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The Algorithms and Effects

The function and parameters of each algorithm is
described in the following.

The parameter names of algorithms that faithfully repro-
duce vintage analog effects device have been named after the
original machines’ parameters. Therefore, similar effects
parameters may still be named differently.

When you use an algorithm which has the function that
synchronize the time or cycle to the song tempo, if “?”
appears before the note symbol you set, it is because the
upper (or lower) limit of the setting range has been exceed-
ed, and that the synchronization is not correct.

(NOTE) The effects knobs, the D Beam Controller, and the Step
Modulator can control specified effects parameters. Please
note, however, that depending on the parameter selected,
there might be some switching noise while these effects con-
trollers are working.

01 ISOLATOR & FILTER

A 3-band isolator, filter, and low booster are connected
in stereo in series.

This algorithm is applied using the insert method.

The Master Filter/Isolator which obtained by switching
“a:PATCH" to “B:FILTER ISOLATOR” in the Realtime
Effects section, is composed by the same algorithm as this.
However, it differs about it has no capability to use the iso-
lator and the other effects at same time.

3-BAND ISOLATOR FILTER
- = lso —J_»L Fil -J_’L
. ke ¥y

Iso (3-Band Isolator)

This effect separates the input sound into three frequen-
cy bands, High, Mid, and Low, and cuts or extracts them.

Level High
Level Mid
Level Low
Value: “60 dB-+4 dB

These cut (or increase) each frequency band. At -60 dB,
the sound becomes inaudible. 0 dB is equivalent to the
input level of the sound.

AntiPhs Md (Mid Anti-Phase On/Off)
Value: ON, OFF

Level (Mid Anti-Phase Level)
Value: 0-100

AntiPhs Lo (Low Anti-Phase On/Off)
Value: ON, OFF

LOW BOOSTER

I.Bs{

Level (Low Anti-Phase Level)
Value: 0-100

This turns the Anti-Phase function on and off and sets
the level settings for the low and mid frequency ranges.
When turned on, the counter-channel of stereo sound is
inverted and added to the signal. The level setting allows
you to achieve the effect of extracting only a particular
part. (This is effective only for stereo source.)

In this algorithm, the functions of the machines that make
up the basics for remix artists and pro DJs have been
minutely analyzed and reproduced. Whereas with ordinary
equalizers, some sound is still audible even when the gain is
turned all the way down, the Isolator completely cuts off the
sound. By turning this on and off and changing each level
in realtime, you can get the effect of having the sound of
particular parts appear and disappear.

These filters allow you to modify the frequency response
of the input sound widely and give sound a style.

Type
Value: LPF, BPF, HPF, NOTCH
Sets the type of filter used.

LPF (Low pass filter):
Passes frequencies below the cutoff frequency.

BPF (Band pass filter):
Passes frequencies near the cutoff frequency.

HPF(High pass filter):
Passes frequencies above the cutoff frequency.
NOTCH (Notch filter) :
Passes frequencies other than those near the cutoff fre-
quency.
A\ Level A Level |
Freq. E Freq.
> - >
LPF HPF
A Level A\ Level !
A Freq. \E, Freg.
>
BPF NOTCH

Slope {oct)
Value: -12 dB, -24 dB

Sets the filter's attenuation slope (-24 dB per one octave:
steep; -12 dB per one octave: shallow).
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CutOffFreq (Cutoff Frequency)
Value: 0-100

Sets the filter’s cutoff frequency. Set this closer to zero,
the cutoff frequency becomes lower; set closer to 100, the
cutoff frequency becomes higher.

Resonance
Value: 0-100
Sets the filter’s resonance level. Raising the setting

increases resonance near the cutoff frequency, giving the
sound a special characteristic.

If the resonance value Is raised too much, loud
strange sound (known as oscillation) begins to
appear. Take care not to allow this sound to dam-
age your ears or your playback equipments. Press
REALTIME EFFECTS [ON/OFF] to stop this imme-
diately.

Gain
Value: 0-24 dB

This compensates for the volume dropped in the cut fre-
quency range with some filters. The level of compensa-
tion increases as the value is increased, and raise the vol-
ume.

l LBs (Low Booster)

This emphasizes the bottom to create a heavy bass
sound.

Boostlevel
Value: 0-100

Increasing this value gives you a heavier low end.
(Depending on the Isolator and filter settings this effect
may be hard to distinguish.)
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02 CENTER CANCELLER

Center Canceller is an effect that cuts out the sounds
positioned in the middle of the stereo field. Furthermore,
a 3-band parametric equalizer is connected in series.

This algorithm is applied using the insert method.

CENTER CANCELER

L
R—p € —> EQ

3-BAND EQ

MONO

CtC (Center Canceller)

This cuts sounds in the center of the stereo field (such as
vocals).

Position (Cancel Position)
Value: “50-+50
This is for finer adjustment of the cut position. Adjust
this so that the sound is cut fully.

Lo-F Limit (Low Frequency Limit)
Value: THRU, 20-2000 Hz

Hi-F Limit (High Frequency Limit)
Value: 1.0~20.0 kHz, THRU
These set the upper and lower limits of the frequency

range to be cut. When “THRU” is selected, the frequen-
cies to be cut are not limited.

The sound is outputted in monaural. Although you can get
a similar effect by using the Anti-Phase function in
Algorithm 01 (Isolator + Filter), this algorithm differs in
that you can specify the upper and lower frequency limits of
the effect. This is especially effective when cutting vocals,
for example.

This has no effect if the input sound is monaural.
Additionally, even in stereo, the result of cutting may differ
depending on the particular recording.

EQ (3-Band Equalizer)

This equalizer works in three frequency ranges: Low,
Midrange, and High. You can set the frequencies and
boost or cut the level.

Low Type
Value: SHELV, PEAK

This switcheé the Low EQ curve characteristics (peaking-
type/shelving-type: refer to figure in next page).
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Low Gain
Value: "12-*12 dB
Sets the gain (boost or cut) of the equalizer.

Low Freq
Value: 20-2000 Hz

Sets the reference for the frequency range to be boost or
cut. With the peaking-type equalizer, this means the cen-
ter frequency; with the shelving-type equalizer, this
becomes the cutoff frequency.

low Q
Value: 0.3-16.0

When the low-frequency equalizer is set to the peaking
type, this sets the bandwidth of the sound that is boost or
cut. As the frequency value becomes bigger the band-
width becomes narrower. (refer to the figure; this is dis-
abled with the shelving-type equalizer.)

Mid Gain
Value: "12-*1 2dB

Mid Freq
Value: 200-8000 Hz

Mid @
Value: 0.3-16.0

Just as the low-frequency equalizer, this sets the gain,
center frequency, and Q {bandwidth) for the midrange
équalizer.

(This is a peaking-only equalizer.)

High Type
Value: SHELV, PEAK

Frequency responce of the shelving type has opposite
curve of the next figure (Low EQ).

High Gain

Value: "12-+12 dB
High Freq

Value: 1.4-20.0 kHz

High Q
Value: 0.3-16.0

Just as the low-frequency equalizer, this sets the gain,
center frequency, and Q (bandwidth) for the high-fre-
quency equalizer.

Out Level
Value: "12-*12 dB
Sets the output volume.

Level , SHELV Level SHELV .
. (EQ Low) (EQ High)
v D =
Frequency Frequen?y
Level tevel
0d8 P - 0dB -
PEAK (Low Q) PEAK (High Q)
) Frequen?y Frequan?y

03 STEREO DYNAMICS PROCESSOR

A comp/limiter, enhancer, 3-band equalizer, and noise
suppressor are connected in series. This is a convenient
as an overall effect applied during mixdown, or as a way
to compensate for input sounds when sampling.

This algorithm is applied using the insert method.

COMP/ 3-BAND NOISE
LIMITER ENHANCER EQ SUPPRESSOR

;:gmp}H Enh"LEQ S Lns I
|

o

1 Level

Cmp (Comp/Limiter)

This effect is able to use as a compressor, which controls
inconsistencies in sound levels by suppressing high
sound levels while lifting weaker signals, or as a limiter
that prevents the signal from reaching exceedingly high
levels.

Threshold
Value: "60-0 dB
Sets the volume level at which the compression begins.

Aftack
Value: 0-100

Sets the time after the sound volume is crossed the
threshold level until compression begins.

Release
Value: 0-100

Sets the time for compression to stop after the sound falls
back under the threshold level.

Ratio

Value: 1.5:1, 2:1, 4:1, 100:1

Sets the “source sound:output sound” compression ratio.
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Out Level
Value: “60-*12 dB
Sets the output volume.
CBINTD When used as a limiter, set the Ratio to 100:1 with a short

release time. If the volume exceeds the threshold level, the
sound is suppressed instantly detected as the excess input.

Enh (Enhancer)

This effect regulates the high-end overtones, clarifying
the sound and the sound contour.

Sens
Value: 0-100
Sets the degree to which the Enhancer is applied.

Frequency
Value: 1.0-10.0 kHz

Sets the lower limit of the frequencies to which the
enhancement effect is added.

MX Level
Value: 0-100

Sets the level of the overtones produced by the Enhancer
that is mixed in with the source sound.

Out Level
Value: 0-100
Sets the output volume.

£Q (3-Band Equalizer)

This equalizer works in three frequency ranges: Low,
Midrange, and High. You can set the frequencies and
boost or cut the level.

Low Type
Value: SHELV, PEAK

Low Gain
Value: "12-¥12 dB

Low Freq
Value: 20-2000 Hz

Low @
Value: 0.3-16.0

Mid Gain
Value: "12-¥12 dB
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Mid Freq
Value: 200~-8000 Hz

Mid Q
Value: 0.3~16.0

High Type
Value: SHELV, PEAK

High Gain
Value: “12-712 dB

High Freq
Value: 1.4-20.0 kHz

High Q
Value: 0.3~16.0

Out Level
Value: “12-+12 dB

These parameters are the same as those in the 3-band
equalizer in Algorithm 2 (CENTER CANCELLER) (p.
102, 103).

NS (Noise Suppressor)

This suppresses noise (such as background noise and
hum from mics) when no sound is being played. The
noise suppressor watches at the input level at the top of
the chain of effects, and when there is no input, turns
down any output at the end.

Threshold
Value: 0-100
Sets the volume level at which starts muting. Set the

value higher when there is a lot of noise, and if there is
less noise, decrease the value.

Release
Value: 0-100

Sets the time from when the muting starts until the vol-
ume reaches 0.

If the threshold level is set too low, the effect is lost; when
set too high, even the sounds you want will be muted. In
addition, if the release time is set too long, the releasing
noise becomes audible; when set too short, it sounds unnat-
ural. Set these to suitable point for the input noise condi-
tions at the time.
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04 REVERB & GATE

This digital reverb creates a variety of room or hall rever-
beration sounds. A 3-band equalizer is placed in series
ahead of the reverb. Furthermore, you can get additional
special effects with the gate function.

Use the send/return method with this algorithm.

REVERB
3-BAND EQ +GATE
| Sro—
5 }»| EQ (| Rev ;I:
T
z

EQ (3-Band Equalizer)

This equalizer works in three frequency ranges: Low,
Midrange, and High. You can set the frequencies and
boost or cut the level.

Low Type
Value: SHELV, PEAK

Low Gain
Value: "12-t12 dB

Low Freq
Value: 20-2000 Hz

Low Q
Value: 0.3-16.0

Mid Gain
Value: “12-+12 dB

Mid Freq
Value: 200-8000 Hz

MidQ
Value; 0.3-16.0

High Type
Value: SHELV, PEAK

High Gain
Value: “12-*12 dB

High Freq
Value: 1.4-20.0 kHz

High @
Value: 0.3-16.0

Out Level
Value: "12-t12 dB

These parameters are the same as those in the 3-band
equalizer in Algorithm 2 (CENTER CANCELLER) (p.
102).

Rev {Reverb & Gate)

This is a high-quality digital reverb. It is also equipped
with a gate function to cut the reverb sound as it is pro-
duced, providing you with gated reverb, reverse reverb,
ducking reverb, and other particular effects.

Room Size
Value: 5-40 m

Sets the size of the room. For example, the setting “10m”
gives you reverb as it would sound in a single space 10
meters wide.

Rev Time
Value: 0.1-32 sec
Sets the reverb time in seconds.

Pre Delay
Value; 0-200 msec

Sets the delay time between the source sound and the
point at which the reverb sound is started. This indicates
distance from the source of the sound.

Diffusion
Value: 0-100

Increasing this value intensifies the sense of spatial
width. This is effective when playing back in stereo.

Density
Value: 0~-100

Increasing this value makes the reverb sound denser. For
hall or garage sounds, make this thinner.

Early Ref. {Early Reflection)
Value: 0~-100

When the value for this is set higher, the volume of the
early reflections is increased.

(Early reflections are the direct reflections off the walls.
You can hear this scattered in the beginning of the reverb
sound.)
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LoDampFreq
Value: 50 Hz-4000 Hz

Sets the upper frequency limit of the range to be damped
by “Low Damp.” The Low Damp function damps the
low frequency band of the reverb sound quicker than
other bands, which makes for a clearer reverb effect.

LoDampGain
Value: “36 dB-0 dB
Sets the degree of the Low Damp.

HiDampFreq
Value: 1 kHz~20 kHz

In the natural world, the high frequencies in reverbera-
tion die out quicker than other bands. High Damp, by
attenuating the higher frequencies first, makes the reverb
sound more natural.

Sets the lower frequency limit of the range to be damp-
ened.

HiDampGain
Value: 36 dB-0 dB
Sets the degree of the High Damp.

By combining Low Damp and High Damp, you can indi-
cate the qualities of the room such as surface material (or
the sound absorption properties thereof.)

HiCutFreq
Value: 0.2 kHz-20 kHz
Upper band than this frequency of the reverb sound are

gently cut to make the reverberation more stable. This
does not make time-based changings.

GT Switch (Gate Switch)
Value: OFF, ON
This turns on and off the gate function that cuts the out-

put of the reverb sound based on the volume of the
source sound.

GT Mode
Value: GATE, DUCK

GATE: (Gate Reverb) When the source volume falls
below a certain level, the gate closes, giving the
effect of the reverb sound being cut with a gate

reverb.

DUCK: (Ducking Reverb) When the source volume
gets high enough, the gate closes, which gives
a ducking reverb-type effect. Stop the reverb
sound only when input loud sound so that pre-
vent the play sound become unclear.
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GT Thresh (Threshold Level)
Value: 0-100

Sets the input volume level at which starts closing the
gate to cut the reverb sound.

GT Attack
Value: 1-100

Sets the time it takes the gate fully opens after being trig-
gered.

GT Hold
Value: 1-100

Sets the time it takes the gate starts closing after the
instant the source sound goes under the threshold level.

GT Release
Value: 1-100

Sets the time it takes the gate fully closes after passes by
the hold time.

m” Input signal
Threshold H
T TR,
Open
Gate
Close *
o | Hold R;:;:e
FX Level
Value: 0-100

Sets the volume of the reverb sound. When use this algo-
rithm in insertion, lower it to get a balance with the dry
level.

Dry Level
Value: 0-100

Sets the volume of the source sound. Set this to 0 when
using the send /return method. Raise this when using the
insert method to mix the source sound into the output.

To make the gate settings easy when using the gate function
to get specinl reverb effects, make reverb times longer. In
such instances, instead of using Low Damp or High Damyp
fo change the tone, do this with the High Cut frequency set-
tings or through equalization at an earlier stage. To get
sharp gate reverb, make the attack and release times
extremely short, and set expression time to match the
rhytinn with the hold time setting. To get reverse reverb,
make the attack time plenty long, and keep the release time
short.



Using the Internal Effects

05 TAPE ECHO 201

This virtual tape echo gives you real tape delay sound.

This algorithm is usually used with the send/return
method.

TpE (Tape Echo)

This simulates the tape echo part of Roland’s RE-201
Space Echo.

TAPE ECHO
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Mode
Value: 1-7

The RE-201 had three playback heads to make different
delay times (Short, Medium, and Long delay) at once.
Use Modes 1-7 to set the combination of playback heads
to be used. For example, in Mode 4, the short and middle
heads are selected, and this is indicated by “4:5+M” on
the screen.

Repeat Rate
Value: 0-100

Sets the tape speed. This corresponds to the delay time in
a contemporary delay effect. As the value is increased,
the interval of the delay sounds is shortened.

Intensity
Value: 0-100

Sets the repeat times of the delayed sound. This is analo-
gous to a contemporary delay’s feedback setting. Raising
this value increases the number of repeats.

Bass
Treble
Value: “100-7100

These are the echo sound’s bass and treble adjustments.
When set to 0, they make no change to the sound.

Head S Pan

Head M Pan

Head L Pan
Value: L63~R63
These are the pan (left-right) settings for each of the
heads for Short, Medium, and Long delay time. This
parameter does not appear on the original RE-201.

Tape Dist.
Value: 0-5 (Tape Distortion)

This parameter adds the distortion characteristic of tape.
It reproduces that subtle change in tone that can only be
measured with equipments. The distortion gets more
intense as the value is increased.

W/F Rate (Wow/Flutter Rate)
W/F Depth (Wow/Flutter Depth)
Value: 0-100

The wavering of multiple pitches that appears from tape
wear and irregularities in rotation is called wow and flut-
ter. (This phenomenon is called “wow” when its occurs
at slow rotation speeds, and “flutter” when the tape is
run quickly.) The wavering becomes more rapid the
higher the Wow/Flutter rate is set. The wavering deep-
ens as the Wow /Flutter depth setting is increased.

FX Level
Value: 0~100

Sets the volume of the echo sound. When use this algo-
rithm in insertion, lower it to get a balance with the dry
level.

Dry Level
Value: 0~100

Sets the volume of the source sound. Set this to 0 when
using the send/return method. Raise this when using the
insert method to mix the source sound into the output.

Since the RE-201 SPACE ECHO has been released in
1974, a great number of fans are still using. This algorithm
faithfully reproduces the sound of the original unit's tape
echo section based on the real unit and the data when it was
developed. What's more, it includes settings to express the
sway caused by the motor, distortion, and panning for each
of the three heads (something the original lacked). Now, you
can easily get this warm, Lo-Fi echo sound, something dif-
ferent than the clear sound of today’s digital delays. You
can change the repeat rate (tape speed) with the Realtime
Effects knobs, and enjoy the realistic feeling of operating
this vintage device.
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06 EZ DELAY

This is a simple digital delay featuring high-quality
sound. Depending on the length of the delay you set, you
can get long echoes, thick sounds, or spatial sounds. You
can also synchronize the delay time with song tempos.

This algorithm is usually used with the send/return
method.

DELAY (STEREO)
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DELAY (MONO/ALT)
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Dly (EZ Delay)

This digital delay can be switched between sterec, mono,
and alternate settings, and the delay time can be synchro-
nized with a song’s tempo. It features a maximum delay
of 1200 msec (1.2 seconds).

Mode
Value: MONO, ST, ALT

This switches stereo, monaural, or alternate.

MONQO: This is a single-input, dual-output delay.
Stereo sound (left and right) are mixed before
being input.

ST: This is a dual-input, dual-output delay. The
delay sound output features the same stereo
placement as that of the input.

ALT: The left and right delay sound output alter-
nately.

Time

Value: 1-1200 msec

Sets the delay time, that is, the elapsed time between the
source sound and the delay sound. When in mono or
stereo mode, the settings value is limited by the left-right
shift settings. In alternate mode, this is limited to 0-600
msec.

When Tempo Sync {explained below) is active, this set-
ting is not effective, and you cannot make this setting.
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L-R Shift
Value: L1199-R1199 msec

Of the delayed sounds on the left and right, the delay
time is increased on only one side, shifting expression of
the sound. Depending on the time setting, settings values
may be limited. This is disabled in alternate mode, and
you cannot make its setting.

L-R Order
Value: L>>R, L<<R

In alternate mode, this setting determines which of the
left or right sides has the delay sound before the other (at
L>>R, the left side is expressed first; when set to L<<R,
the right side is expressed first). This is disabled in alter-
nate mode, and you cannot make its setting.

Feedback
Value: 0-100

Sets the repeat times for the delay sound. When set to 0,
each delayed sound is played only once.

Tempo Sync
Value: OFF, j - o X1

Set this when synchronizing the delay time to the song
tempo. When you select the note, the delay time is set to
match the length of the note. When not synchronizing,
turn this off.

LoDampFreq
Value: 50 Hz—4000 Hz

Sets the upper frequency limit of the range to be damped
by “Low Damp.” The Low Damp function damps the
low frequency band of the delay sound quicker than
other bands, which makes for a clearer delay effect.

LoDampGain
Value: "36 dB-0 dB
Sets the degree of the Low Damp.

HiDampFreq
Value: 1 kHz-20 kHz

In the natural world, the high frequencies in echo die out
quicker than other bands. High Damp, by attenuating the
higher frequencies first, makes the delay sound more
natural.

Sets the lower frequency limit of the range to be damp-
ened.

HiDampGain
Value: 36 dB-0 dB
Sets the degree of the High Damp.



FX Level

Value: 0-100

Sets the volume of the delay sound. When use this algo-
rithm in insertion, lower it to get a balance with the dry
level.

Dry Level

Value: 0-100

Sets the volume of the source sound. Set this to 0 when
using the send/return method. Raise this when using the
insert method to mix the source sound into the output.

When synchronizing to a song's tempo, if the set note

length is longer (or shorter) than the possible range of delay
time settings, the delay time can not correspond to the note
length. Furthermore, the precision of the delay time and
song tempo differ. If left to develop over long periods, the
two may drift apart.

Using the Internal Effects

07 DELAY RSS

This is a single-in/dual-out delay with RS5 (Roland
Sound Space) effects added to the output. When heard
through stereo speakers, a space of 90 degrees between
the left and right sides (of your head) opens up and a
widened three-dimensional delay sound is can be heard
within that space.

You can also synchronize the delay time to the tempo of
the song.

This is usually added with the send/return method.

DELAY RSS
L g Pt
R &> DRs o1 o
7
;ZL

RSS (Roland Sound Space) is a special effects technology that allows you to play three-dimensional sounds with
ordinary stereo speakers. RSS technology is used, in part, in this algorithm, which gives you the effect of having
the sound placed right on either side of you (outside the field defined by the left and right speakers). (Some of
Roland effects processors with dedicated RSS installed, you can freely control the direction, whether above, below,
or behind, as well as the distance, near or far, that the sound apparently comes from.)

To have the RSS effect exhibited to the fullest extent, take note of the following points.

« |t works best in rooms with little reverberation.

« Single-way speakers are most appropriate. Furthermare, coaxial or virtual coaxial speakers are aiso acceptable.

* On the sides, keep speakers as far away from walls as possible.

* Do not separate the left and right speakers too much.
« Listen from the optimal position, as shown below.

famsmsee For Stereo Speakers

This sound is made to be played specificaily through speakers.
The proper effect cannot be obtained if listened to through headphones.

Less reflections from the wall
or floor are better.

If a hard wall is close to it,
draw a curtain.

24 to 30 deg.

v

Speakers should be placed
as far away as possible from
the wall or floor.
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DRs (Delay RSS)

This single-input delay features RSS effects for widened
spatial characteristics. This is a variation of delay type
effects.

Time
Value: (~1200 msec

Sets the delay time, that is, the elapsed time between the
source sound and the delay sound. The settings range is
limited by the RSS shift and L-R shift (explained below)
settings. When Tempo Sync (explained below) is active,
this setting is not effective and you cannot make this set-
ting.

Feedback
Value: 0~-100

Sets the repeat time for the delay sound. When set to 0,
each delayed sound is played only once.

RSS Shift
Value: "1200-0-+1200 msec

The delay time only of the RSS-processed sound is fur-
ther increased to shift expression of the sound. This set-
ting is limited by the delay time and L-R shift settings.

L-R Shift
Value: L1200-R1200 msec
Of the left and right RSS output, the delay time is
increased on only one side, shifting expression of the
sound. Depending on the time setting and RSS shift set-
tings, the settings range may be limited.

- L L
Original sound ] /@v 6\\\7
' ‘ﬂgi = 1‘% S
N

| {Delay)Time ﬂjl//n V/R

RSS Shift L-R Shift

Tempo Sync

Value: OFF, J, - o X1

Set this when synchronizing the delay time to the song
tempo. When not synchronizing, set this “OFF.” When
you select the note, the delay time is set to the note
length corresponding to the tempo.
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LoDampFreq
Value: 50 Hz-4000 Hz

Sets the upper frequency limit of the range to be damped
by “Low Damp.” The Low Damp function damps the
low frequency band of the delay sound quicker than
other bands, which makes for a clearer delay effect.

LoDampGain
Value: -36 dB-0 dB
Sets the degree of the Low Damp.

HiDampfreq
Value: 1 kHz-20 kHz

In the natural world, the high frequencies in echo die out
quicker than other bands. High Damp, by attenuating the
higher frequencies first, makes the delay sound more
natural.

Sets the lower frequency limit of the range to be damp-
ened.

HiDampGain
Value: 36 dB-0 dB
Sets the degree of the High Damp.

FX Level (Effect Total Level)

Mono.D (Monavral Delay Level)

RSS D (RSS Delay Level)
Value: 0-100
Sets the volume of the delay sound. The monaural delay
and RSS delay sound volumes are each adjustable, and
the overall effects volume is set with the total level set-
ting.

Dry Level
Value: 0-100
Sets the volume of the source sound. Set this to 0 when

using the send/return method. Raise this when using the
insert method to mix the source sound into the output.

Normally, you can really grasp the RSS effect by setting the
monaural delay level to 0. With the L-R shift set to 0 (no
shift), the RSS effect may be difficult to hear. The points to
be aware of when synchronizing the delay to the song's
tempo are the same as those in algorithm 06 EZ DELAY.
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08 ANALOG DELAY & CHORUS
(Virtual Analog Delay + Virtual
Analog Chorus)

This algorithm reproduces the sound of the BOSS CE-1
Chorus Ensemble, which first came out in 1976. To repro-
duce the sound of the unit at the time, a monaural ana-
log-type delay is first inserted in series.

This algorithm is normally use with the insert method, but
depending on the settings, may be used with the

send/return method.
ANALOG ANALOG
DELAY ' CHORUS
| gp—
R < 1$*| AnD AnC
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el P T
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AnD (Virtual Analog Delay)

This effect simulates the compact analog delays used for
guitars in the 1980s. This imparts the analog delay’s char-
acteristic mood, giving you that soft, velvety sound.

Repeat Rate
Value: 0-100

This corresponds to the delay time in a current delay
effects unit. The higher the value selected, the shorter the
interval of the delay sound.

Intensity
Value: 0100

Sets the repeat time of the delayed sound. This is analo-
gous to a current delay effect’s feedback setting.

Raising this value increases the number of repeats.

Echo Level
Value: 0-100
Sets the volume of the delay sound.

Dry Level
Value: 0-100

Sets the volume of the source sound. Set this to 0 when
using the send/return method. Raise this when using the
insert method to mix the source sound into the output.

This reproduces such parameters as the frequency response of
the BOSS compact analog echo in the middle 80’s. As it sim-
ulates the limitation of the performance of “BBD (analog
IC)” as well, delay times are shorter than with other delay
effects. Although the actual unit had no dry level setting, it
is included in this algorithm in the interests of convenience.

AnC (Virtual Analog Chorus)

This algorithm reproduces the sound of the BOSS CE-1
Chorus Ensemble. It adds a vibrating effect and breadth
to the source sound.

CE Mode
Value: CHORS, VIB

This switches the sound between chorus and vibrato
modes (see MEMO).

Intensity
Value: 0-100

When CE Mode is CHORS(Chorus), this sets the pitch
vibrato speed.

Depth (VIB)
Value: 0-100

When CE Mode is VIB(Vibrato), this sets the pitch vibra-
to depth.

Rate (VIB)
Value: 0-100

When CE Mode is VIB(Vibrato), this sets the pitch vibra-
to speed.

Direct Out
Value: OFF, ON
This switch determines whether or not the source sound
(although monaural) is mixed in. On the original CE-1
this was fixed at ON. When set to OFF, it can be used
with the send/return method as well.

OutputMode
Value: MONO, ST-1, ST-2

This switches the output format (mono/stereo). This
includes two different stereo settings.

MONO(Mono): Output is monaural.

ST-1(Stereo-1): Chorus sound of the pitch vibration
which phase is inverted between left
and right is mixed with the source
sound. This is a broader chorus, with a
weaker feeling of placement.

ST-2(Stereo-2): The left output contains the source
sound, and the right side has the
wavering chorus sound.

This algorithm faithfully reproduces the sound of the origi-
nal CE-1 based on the specifications when it was developed.
In Chorus mode(CHORS), you can get the effect of pitch
vibrato chorus added to the source sound. In Vibrato mode
(VIB), the waveform and rate of the wavering of the pitch
differ from those of chorus. (Although later BOSS vibrato
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effects do not mix in the source sound, the CE-1 mixed the
source sound when switched to vibrato as well.) The output
mode was added to a later model, the CE-3. (The sounds of
the CE-1 are reproduced by “MONQO” and "ST-1.")

09 DIGITAL CHORUS

This is a dual-input/dual output stereo digital chorus
featuring independent left and right signal channels. It
offers a wide variety of chorus effects, with no degrada-
tion of the sound.

Depending on the setting, this can be used with either the
send/return method or the insert method.

CHORUS :
| IS ——
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Cho (Stereo Digital Chorus)

This effect gives the sound spatial breadth while adding
vibrato.

Rate
Value: 0-100
Sets the rate of the pitch vibrato.

Depth
Value: 0-100
Sets the depth of the pitch vibrato.

LFO Phase
Value: 0~180 deg

Sets the degrees of left and right phase shift in the Low
Frequency Oscillator (LFO) that produces the pitch
vibrato (see HINT).

Bass
Treble

Value: "100-+100

These are the chorus bass and treble settings. When set to
0, they make no change to the sound.
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Cross Mix
Value: "100-1100
This inputs the left chorus sound into the right channel,
and the right side chorus into the left, thereby creating a
greater sense of breadth.
The plus setting makes the chorus sound return in nor-
mal phase, and the minus setting makes it return in
inverted phase.

FX Level
Value: 0-100

Sets the volume of the chorus sound. This is ordinarily
set to 100.

Dry Level
Value: 0-100

Sets the volume of the source sound. Set this to 0 when
using the send /return method. Raise this when using the
insert method to mix the source sound into the output.

When setting the LFO phase, you can shift the timing of the
rising and falling of the pitch in the left and right chorus
sound. At 0 deg. (0 degree), the left and right pitches rise
and fall together. At 180 degrees, they are completely oppo-
site. Setting a slight shift, especially with monaural input,
brings out the broadening effect.

By setting a negative value for the Cross Mix as a “hid-
den flavor,” you can get stereo chorus that features a par-
ticular floating sensation.
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10 4 BUTTON CHORUS 320

This algorithm reproduces the sound of Roland's SDD-
320 spatial expression effects. When output is in stereo,
greater breadth is added.

The original SDD-320 was for insertion, but depending on
the settings, this algorithm can be used with either the
send/return method or the insert method.

CHORUS
(STEREO/MONO)
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4bC (Virtual SDD-320)

This effect creates spatial breadth.

input
Value: MONO, ST

This setting determines whether stereo source sound is
converted to mono (MONO) or left as is (ST). (On the
SDD-320, this was accomplished with the input jack con-
nections.)

ModeButton
Value: 14, 1+4, 2+4, 3+4

The SDD-320 features four mode buttons for changing
the effect. This setting determines which buttons are to
be pressed. (“1+4” represents the condition when
Buttons 1 and 4 are pressed simultaneously.}

Dry/FX Bal
Value: 0-100

Sets the volume balance between the source sound and
the effect sound. A setting of 50 gives you the same bal-
ance as that of the SDD-320. At 0 only the source sound
is output, at 100 only the effect. When used with the
send /return method, set this to 100.

This effect changes subtly depending on the mode button
settings. Try out each mode and select the most suitable
one. The Roland SDD-320, released in 1979 and produced
for eight years, was an remarkable analog effect that added
spatial breadth. The panel featured only five buttons (four
mode buttons and an OFF button), that allowed the user to
switch the effects. Although a chorus-type effect, its special
feature was the natural-sounding breadth it got without the
heavy vibrato. This model still has a great number of fans
like remix artist, and so on.

11 VINTAGE FLANGER 325

This algorithm reproduces the sound of Roland’s SBF-
325 analog flanger. You can get three different types of
flanger sounds (adding a metallic swelling sound to the
source sound) and chorus like effect.

This algorithm is applied using the insert method.

FLANGER

e
ViF
R L

ViF (Vintage Flanger)

FX Mode
Value: FL1, FL2, FL3, CHO

Sets the effect type. Try out each mode and select the
most suitable one.

FL1: (Flanger 1) A general monaural flanger

FL2: (Flanger 2) A stereo flanger that utilizes the stereo
placement of the source sound

FL3: (Flanger 3) A cross mix flanger that providing a
more intense effect

CHO: (Chorus) Chorus effect

Rate
Value: 0-100

Sets the rate of the swelling of the flanger sound. In
Tempo Sync this is disabled, and you can not make the
settings.

Depth
Value: 0~-100
Sets the depth of the swelling of the flanger sound.

Manual
Value: 0~100

Sets the center frequency for the effect. This changes the
pitch of the flanger’s metallic sound.

Feedback
Value: 0-100

Sets the intensity of the flanger’s effect. It is disabled in
Chorus mode.
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As this faithfully reproduces the action of the
SBF-325, setting the value too high may resuit in
oscillation. Take care to prevent sounds from
extreme oscillation from damaging your ears or
your equipment. To stop oscillation sounds imme-
diately, press REALTIME EFFECTS [ON/OFF].

CH-R Modu. (Right Channel Modulation Phase)
Value: NORM, INV
This is usually set to “Normal” (INORM). Setting this to
“Invert” (INV) inverts the phase of the modulation (rise
and fall) in the right channel. You can get the modulation
effect in the left and right channels being opposite from
each other.

Phase CH-L (Left Channel Phase)
Phase CH-R (Right Channel Phase)

Value: NORM, INV

Sets the phase of the left and right channels when the
source sound is mixed with the flanging sound.
“Normal” (NORM) corresponds to positive phase (+),
“Invert” (INV} to inverted, or negative phase (-). This
changes the breadth of the sound. Check the sound with
the effect, and select the most appropriate setting.

Tempo Sync
Value: OFF, y~ o X4

Set this when synchronizing the Rate setting to the song
tempo. When not synchronizing, set this “OFF.” When
you select the note, the Rate setting is disabled, and the
Rate is set the note length corresponding to the song
tempo. When synchronizing to a song’s tempo, if the
length of the note is set longer (or shorter) than that of
the possible range of the Rate settings by the change of
song tempo, the Rate can not correspond to the note
length. Furthermore, the precision of the Rate setting and
song tempo differ. If left to develop over long periods,
the two may gradually drift apart.

This algorithm faithfully reproduces the sound of the SBF-
325, provides numerous variations on the effects, and cre-
ates the powerful sounds with the characteristic of analog
flanger. The SBF-325 analog flanger, released in 1979, was
produced for about five years. Even now, it is prized by
musicians, including those in the dance music scene, but is
one of machines those are becoming harder to get a hold of.
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12 2 X BOSS FLANGER

This algorithm features a pair of the same flanger circuits
used in the BOSS compact flangers, connected in parallel
for stereo input.

This algorithm is applied using the insert method.

FLANGER
|

0T
Fig (Stereo Flanger)

This adds a particular metallic-sounding modulation to
the source sound.

Model Type
Value: NORM, HI-B
This selects the model of flanger simulated.

NORM: (Normal type <BOSS BF-2>)

HI-B:  (High-Band type <BOSS HF-2>)
Setting HI-B raise the flanging sound one
octave above that at the NORM.

Manual
Value: 0~100

Sets the center frequency for the effect. This changes the
pitch of the flanger’s metallic sound.

Depth
Value: 0-100
Sets the depth of the swelling of the flanger sound.

Rate
Value: 0100
Sets the rate of the swelling of the flanger sound. In

Tempo Sync this is disabled, and you cannot make this
setting.

Resonance
Value: 0-100

Sets the intensity of the flanger’s effect. This corresponds
to the “Feedback” setting in Algorithm 11.

Setting the Resonance value too high may resuit
in extreme oscillation. Take care to prevent this
sound from damaging your ears or your playback
equipment. To stop oscillation sounds immediate-
ly, press REALTIME EFFECTS [ON/OFF]).
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LFO Phase 13 STEREO PITCH SHIFTER

Value: (-180 deg

Sets the degrees of left and right phase shift in the Low
Frequency Oscillator (LFO) that produces the flanging
cycle. You can change the timing of the rise and fall of
the modulation in the left and right channels. At 0 deg. (0 This algorithm can be used with either the insert method or
degree), the effects sounds of left and right rise and fall the send/return method.

together. At 180 degrees, they are completely opposite.

This algorithm features two pitch shifters arranged in
parallel, making it stereo compatible. It can shift the
pitch of the input signal up to one octave up or down.

PITCH
Cross FB (Cross Feedback) SHIFTER
Value: "100-+100 L __‘—’L—P_Sf——}_—e_»
This setting makes the flanging sound of each of right R ’L:]‘-e— >
and left channels return to the input of the opposite i
channel. This gives an even stronger flanging effect. The %y

plus indicates the flanging sound is returned in normal
phase, and the minus that the sound is returned in phase

inverted. Psf (Stereo Pitch Shifter)

Setting the Cross Feedback value too high may This effect changes the pitch of the source sound. The
result in extreme oscillation. Take care to prevent degrees of pitch shift can be set separately for each channel.
this sound from damaging your ears or your play-
back equipment. To stop oscillation sounds imme- Stereo Link
diately, press REALTIME EFFECTS [ON/OFF]. Value: ON, OFF

This selects whether the pitch shift in left and right chan-

Cross Mix nels are to be linked or set independently. When set to
Value: “100-*100 “ON,"” the right channel pitch shifter settings conform to
This setting makes the flanging sound from each of the those set for the left channel.
right and left channels mix it with the flanging sound of
the opposite channel. Grade
Switching to the plus side mixes them in phase, and Value: 1,2, 3, 4,5
fx:::;g to the minus side has them mixed in phase Sets the grade of the effect sound. The higher the value is

’ set, the more natural-sounding can be obtained; however,
this increases the delay from the source sound as well.

Tempo Sync Depending on the setting, you may be able to hear some
Value: OFF, ) - o X4 disruption of drums and other parts, so select the suitable

Set this when synchronizing the Rate to the song tempo. setting after listening to the sound at different settings.

When not synchronizing, set this “OFF.” When you

select the note, the Rate setting is disabled, and the Rate L ch Pitch {Left Channel Pitch)
is set the note length corresponding to the tempo. When Value: “12-+12
synchronizing to a song’s tempo, if the length of the note
is set longer (or shorter) than that of the possible range of . " .,
the Rate %ettings by the change of songptempo, the gRalte Fine (Left Channel Fine Pitch)
can not correspond to the note length. Furthermore, the Value: "100-+100

precision of the Rate and song tempo differ. If left to

develop over long periods, the two may gradually drift R ch Pitch (Right Channel Pitch)

apart Value: “12-+12
CHINT) Cross Feedback and Cross Mix are the effect that you can-
not get even with two actual flangers connected in parallel. Fine (Right Channel Fine Pitch)
These parameters have been added to this algorithm with Value: “100-+100

consideration given to their use in stereo. By setting a nega-
tive value for the Cross Mix, you can get stereo flanging
effect that features a particular floating sensation.

These set the degrees of left and right pitch shift. You can
adjust the pitch shift in semitones with “Pitch” and in
cents (1/100 of a semitone) with “Fine” for minute
adjustment of the pitch shift. When Stereo Link is on,
changes to the right channel settings are ignored.
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FX Level
Value: 0-100
Sets the volume of the effect.

Dry Level
Value: 0-100

Sets the volume of the source sound.

When simply changing the pitch of the source sound, set the
dry level to 0 and use with the insert method.
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14 80s PHASER

This algorithm features two analog-type phasers
arranged in parallel, making it stereo compatible. The
sound as it cyclically drifts in and out of phase is added
to the source sound, creating the modulation with the
characteristic of phasers.

This algorithm is used with insert method. If used with the
send/return method and mix the source sound, which may
weaken the effect.

PHASER
L -*

5 I:Phs_—_|

This effect features two linked monaural phasers
arranged in parallel.

Shift Mode
Value: 4STG, 8S§TG
This sets the number of stages in the pitch shift circuit
(four (4STG) or eight (85TG) ). Setting this to eight stages
(85TG) increases the number of the frequency points that
sound is canceled, giving a sharper effect.

tove! 4 stage
> Freq.
Level 8 stage
> Freq.
CenterFreq
Value: 0-100

Sets the center frequency to which the phaser effect is
applied. Increasing this value moves the effect point of
the phaser into higher frequency ranges.

Resonance
Value: 0-100

Increasing this value gives a more distinctive sound to
the effect.

Setting the Resonance value too high may result
in extreme oscillation. Take care to prevent this
sound from damaging your ears or your playback
equipment. To stop oscillation sounds immediate-
ly, press REALTIME EFFECTS [ON/OFF].
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LFO1

One of two oscillators (LFO1, LFO2) included in this
effect, this oscillator creates swelling sound.

Rate (LFO1 Rate)
Value: 0-100

Sets the rate of the swelling sound. When Tempo Sync is
active, this is not effective, and you cannot make this setting.

Depth (LFO1 Depth)
Value: 0-100
Sets the depth of the swelling sound.

Phase
Value: NORM, INV
Sets the phase of both left and right swelling. When set to

“Normal” (NORM), both are same phase; when set to
“Invert” (INV), the phase of right channel is inverted.

T.Sync (LFO1 Tempo Sync)
Value: OFF, J;- o« X4

This setting synchronizes the LFO1 rate to the tempo of
the song. When not synchronizing, set this “OFF.” When
you select the note, the LFO1 rate setting is disabled, and
the LFO1 rate is set the note length corresponding to the
tempo. When synchronizing to a song’s tempo, if the
length of the note is set longer (or shorter) than that of
the possible range of LFO1 rate settings by the change of
song tempo, the LFO1 rate can not correspond to the
note length. Furthermore, the precision of the LFO1 rate
and song tempo differ. If left to develop over long peri-
ods, the two may gradually drift apart.

Rate (LFO2 Rate)
Value: 0-100

Depth (LFO2 Depth)
Value: 0-100

Phase (LFO2 Phase)
Value: 0-100

These are the LFO2 settings. The functions of these para-
meters are the same as those for LFO1 (however, there is
no Tempo Sync function).

(HINT) This algorithm reproduces the sound of the 2U rack-mount
phasers of the early 1980s. Two monaural single-input, sin-
gle output phasers are arranged in parallel. Two oscillators
(LFO) which create the swelling sound installed into each
phaser, allowing the creation of complex modulation pat-
terns. The rates of the swelling sounds from LFO1 and

LFO2 differ. LFO1 creates an extremely slow modulation,
whereas that of LFO2 is faster. You can set the phase of
each one independently, and by creating a large swell with
LFO1 and a very short wavering with the phase inverted in
LFO2, you can give the sound a feeling of great breadth.

15 STEREO AUTO WAH

Wah is an effect created by changing a filter’s frequency
response over time, giving a particular kind of tone
change. This algorithm gives you two type of wah, one
based on the volume of the sound source, and a periodic
wah based on the Low Frequency Oscillator (LFO).

This algorithm is applied using the insert method.

AUTO WAH

[ —
N i T

Wah (Stereo Auto Wah)

This algorithm features two auto wahs arranged in paral-
lel, making it stereo compatible.

Filter Type
Value: LPF, BPF

Sets the type of filter used to make the wah (for more on
filters, please refer to the figure — p. 101).

LPF: (Low pass filter) Passes frequencies below the cut-
off frequency. This allows wah over a wide range
of frequencies.

BPF: (Band pass filter) Passes frequencies near the cut-
off (center) frequency. This lets you keep the wah
within a narrow range.

Polarity
Value: DOWN, UP

When applying the wah effect through changes in the
source sound volume, this setting is for selecting
whether the effect is to be in the high frequencies (UP) or
lower frequencies (DOWN).

Frequency
Value: 0-100

Sets the reference frequency for the wah effect. The high-
er the value is set, the higher the frequency is.

Peak
Value: 0-100

Sets the degree of the wah effect near the reference fre-
quency. The range narrows as the value increases; as you
lower the value, you get the wah effect over a wider range.
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Trig.Sens (Trigger Sens)
Value: 0-100
Sets the sensitivity level when wah is added through

changes in the source sound volume. The wah effect is
added at lower volumes as the value increases.

LFO
This setting gives a cyclical or periodic wah effect.

Rate (LFO Rate)
Value: 0-100

Sets the rate of the periodic wah sound. During Tempo
Syng, this is disabled, and you cannot make this setting.

Depth (LFO Depth)
Value: 0-100
Sets the depth of periodic the wah sound.

Phase (LFO Phase)
Value: 0~180deg

This shifts the phase of the Low Frequency Oscillator
(LFO) that produces the opening/closing cycle of the
stereo wah. You can change the timing of the cyclic wah
effects in the left and right channels. At “Odeg” (0
degrees), the wah effects of left and right open and close
together. At 180 degrees, they are completely opposite.

T.Sync
Value: OFF, Jj- - X4

This setting synchronizes the LFO Rate to the tempo of
the song. When not synchronizing, set this “OFF.” When
you select the note, the LFO Rate setting is disabled, and
the LFO Rate is set the note length corresponding to the
tempo. When synchronizing to a song’s tempo, if the
length of the note is set longer (or shorter) than that of
the possible range of LFO Rate settings by the change of
song tempo, the LFO Rate can not correspond to the note

length.

When you want only to get a periodic wah sound from the
LFO, set Trigger Sens to 0. Conversely, if you want the
wah effect to reflect the source sound, set the LFO depth to
0. When both are set to 0, you can use the D Beam
Controller to change the frequency, and get the “manual
wah” (pedal wah) effect.
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16 STEREO DISTORTION

This algorithm reproduces the sound of an analog distor-
tion, that distorts the source sound, then sends the out-
put through an equalizer and noise suppressor. The three
parts are arranged in series. Since this is a stereo effect,
sounds are distorted without changing their position in
the stereo field, so you can perform with a punchy, Lo-Fi
sound.

This algorithm is added with the insert method.

NOISE
DISTORTION 3-BANDEQ SUPPRESSOR

;:Lr::m _EqQ _—t:% Ns{

| 1 Level

Dst (Stereo Distortion)

This is a virtual analog distortion that reproduces the
sound of compact effects for guitars.

Gain
Value: 0~100

Sets the degree of distortion. At the source sound with
low volume levels, there may be no distortion, even with
the value increased.

Tone
Value: 0-100

This adjusts the brightness of the sound. When this value
is set high, the distortion is loud and bright.

Out Level
Value: 0-100

Sets the output volume. Distortion also increases the vol-
ume levels; you can use this parameter to control it.

Two distortion units are linked and arranged in parallel
(left and right) to make the algorithm stereo compatible. If
you can’t adjust the tone enough with the Tone control, use
the equalizer at the next stage.

EQ {3-Band Equalizer)

This equalizer works in three frequency ranges: Low,
Mid, and High range. You can set the frequencies and
boost or cut the level.

Low Type
Value: SHELV, PEAK
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Low Gain
Value: "12-*12 dB

Low Freq
Value: 202000 Hz

Low Q
Value: 0.3-16.0

Mid Gain
Value: "12-t12 dB

Mid Freq
Value: 200-8000 Hz

Mid Q
Value: 0.3-16.0

High Type
Value; SHELV, PEAK

High Gain
Value: “12-+12 dB

High Freq
Value: 1.4-20.0 kHz

High Q@
Value: 0.3-16.0

Out Level
Value: “12-*12 dB

These parameters are the same as those in the 3-band
equalizer in Algorithm 2 (CENTER CANCELLER) (p.
102, 103).

NS (Noise Suppressor)

This effect suppresses noise (such as hum) at times when
no sound is being played. Watches the input level at the
beginning of the effect path; when there is no input, turn
down the final output.

Threshold
Value: 0~-100

Sets the volume level to start muting. Set the value high-
er when there is a lot of noise, and if there is less noise,
decrease the value.

Release
Value: 0~100

Sets the transition time from when the noise suppression
starts to the point where the volume reaches 0.

These have the same functions as those in Algorithm 03
(STEREQ DYNAMICS PROCESSOR) (p. 103). When
distorting drum phrases, make the release time short to
achieve a gate-like effect.
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17 PHONOGRAPH
(Analog Record Simulator)

This algorithm reproduces the sound of an analog record
played on a record player. This includes the various nois-
es with the characteristic of records and the uneven rota-
tion of older turntables.

This algorithm is applied using the insert method.

PHONOGRAPH SIMULATOR
(STEREOQ/MONO)

Y
o
x

Dsk (Phonograph)

This effect is like the sound of an analog record being
played.

Input
Value: MONO, ST

Use this setting to select either a stereo or monaural
record player for the effect.

SignalDist (Signal Distortion)
Value: 0-100

Sets the degree of distortion. The higher the value is set,
the more the sound is distorted.

Freq.Range
Value: 0-100

Sets the frequency response of the record player. Lowering
the value degrades the frequency characteristics, making
the sound resemble that from an older system.

Disk Type
Value: LP, EP, SP

Sets the turntable rotation speed. This influences the
cycles of scratches and noises being played.

LP: 331/3rpm.
EP: 45rpm.
SP: 78rpm.

Noise Total
Value: 0-100

Total noise level.

Scratch
Value: 0~100
Scratches on the record.
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Dust
Value: 0-100
Dust on the record.

Hiss
Value: 0-100
Continuous hissing noise.
These settings add the typical record’s noise. The noises
increase as the values are raised. Set each of the Scratch,

Dust, and Hiss noise levels to get a balance, the adjust the
overall amount of noise with the Total Noise Level control.

W/F Total
Value: 0-100
Total wow and flutter.

Wow
Value: 0-100
Wow, long cycle rotational irregularity.

Flutter
Value: 0-100
Flutter, short cycle rotational irregularity.

Random
Value: 0-100
Random rotational irregularity.
These settings determine the rotational irregularities of
the record player. Set each of the Wow, Flutter, and

Random levels to get a balance, the adjust the overall
depth of the effect with the Total Wow /Flutter control.

FX Level
Value: 0-100

Sets the volume of the effect sound. It is ordinarily set to
100.

Dry Level
Value: 0-100

Sets the volume of the source sound. It is ordinarily set to
0. Raise this when you want to mix the source sound.

(HNTD When reproducing the sound of old records such as SPs, you
can make it sound more realistic by setting Input to
“MONO." This effect continues to make the noises during the
“record’s silent parts.” To guickly stop making this noise,
press REALTIME EFFECTS [ON/OFF] to turn off the effect.

If you use effects patches based on this algorithm by insert-
ing any one of tracks, and the track is silent (or song is not
played back), the effects sounds (phonograph like noise) may
be muted by playing pads. You can avoid this by turning on
the Track Voice Reserve function (p. 137).
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18 RADIO TUNING

This algorithm reproduces the sound of an AM radio
playing.

This algorithm is applied using the insert method.

AM RADIO
SIMULATOR

fo 1%+ Rad H T

MONQO
G
<D

7!
2

Rad (AM Radio Simulator)

This effect makes it sound like the source sound is being
played from an AM radio.

Tuning
Value: “50-+50

This setting adjusts the degree of noise that occurs when
tuning a radio. A setting of 0 corresponds to exact tuning.

Noise Level
Value: 0-100
Sets the noise level.

Freq.Range
Value: 0~100

Sets the frequency response of the radio. Lowering the
value worsens the frequency characteristics, making the
sound appear to be coming from a tiny radio speaker.

FX Level
Value: 0~100

Sets the volumne of the effect sound. It is ordinarily set to
100.

Dry Level
Value: 0~-100

Sets the volume of the source sound. It is ordinarily set to
0. Raise this when you want to mix the source sound.

At any Noise Level setting beside 0, the radio noise contin-
ues even when there is no source sound. When inserting the
effect into MASTER OUT, the noise remains. To quickly
stop making this noise, press REALTIME EFFECTS
[ON/OFF] to turn off the effects.

If you use effects patches based on this algorithm by insert-
ing any one of tracks, and the track is silent (or song is not
played back), the effects sounds (radia like noise) may be
muted by playing pads. You can avoid this by furning on
the Track Voice Reserve function (p. 137).

19 LO-FI PROCESSOR

By changing the bit count and sample rate, this algorithm
recreates the Lo-Fi (Low-Fidelity) sounds of the early
digital samplers and similar machines. After the Lo-Fi
processor, a filter to change the tone and a noise suppres-
sor are arranged in series.

This algorithm is applied using the insert method.

Lo-Fi is a reverse formation of the term “Hi-Fi” (high fideli-
ty), with the corresponding opposite meaning. The tech-
nique of using Lo-Fi processing to “degrade the sound” is
often used in today’s dance music scene and in other forms

of contemporary music.
LO-FI NOISE
PROCESSOR FILTER SUPPRESSOR

s

"Ll.or—""{- Fil = "N s=,
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‘ t Level

Lof (Lo-Fi Processor)

PreFilter (Pre-Process Filter)
Value: ON, OFF

This is the switch of the filter placed before the Lo-Fi pro-
cessing. When set “ON,"” this suppresses the digital dis-
tortion by lowering sample rates.

Sample Rate
Value: 1/2-1/32

Sets the fraction of current sample rates to be used for
processing.

Down to...
Value: 16-1 bit

This setting is for reducing the bit count. When this is set
to 16 bit, the bit count currently used is preserved.

PostFilter (Post-Process Filter)
Value: OFF, ON

This is the switch of the filter placed after the Lo-Fi pro-
cessing. Like the pre-process filter. When set “ON,” this
suppresses the digital distortion by lowering sample
rates.

FX Level
Value: 0-100

Sets the volume of the effect sound. It is ordinarily set to
100.
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Dry Level
Value: 0~100

Sets the volume of the source sound. It is ordinarily set to
0. Raise this when you want to mix the source sound.

Both the pre-process and post-process filters are necessary
components in general digital sound processing. These
allow the suppression of digital distortion that occurs when
the sample rate is lowered, or to allow distortion when
turned off.

Fil {Filter)

These filters allow you to greatly affect the frequency
response of the input sound. There are four types from
which to select.

Type
Value: LPF, BPF, HPF, NOTCH
Sets the type of filter used (please refer to the figure on p.
101).

LPF: (Low pass filter) Passes frequencies below the
cutoff frequency.

BPF: (Band pass filter) Passes frequencies near the
cutoff frequency.

HPF: (High pass filter) Passes frequencies above
the cutoff frequency.

NOTCH: (Notch filter) Passes frequencies other than

those near the cutoff frequency.

Slope {oct)
Value: -12dB, -24 dB

Sets the filter’s slope characteristics at the cutoff frequen-
cy (-24 dB at one octave: steep; -12 dB at one octave: shal-
low).

CutOffFreq (Cutoff Frequency)
Value: 0-100
Sets the filter’s cutoff frequency. Set this closer to zero,

the cutoff frequency becomes lower; set closer to 100, the
cutoff frequency becomes higher.

Resonance
Value: 0-100

Sets the filter’s resonance level. Raising the setting
increases resonance near the cutoff frequency, giving the
sound a special characteristic.

If the resonance value is raised to much, extreme
oscillation can arise. Take care not to allow this
sound to damage your ears or your playback
equipment. To stop this oscillation immediately,
press REALTIME EFFECTS [ON/OFF].
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Gain
Value: 0-24 dB
Using some filters, the volume of the sound may be
dropped by cutting frequency range of source sound. In
this case, this compensates for the drop in volume. The
level of compensation increases as the value is increased,
raising the volume.

These functions are the same as those in Algorithm 1 (IS0-
LATOR & FILTER) (— see p. 101). By lowering the bit
count or sample rate and then filtering the signal, you can
produce cool Lo-Fi sounds.

NS (Noise Suppressor)

This effect suppresses noise (such as hum) at times when
no sound is being played. Watches the input level at the
beginning of the effect path; when there is no input, turn
down the final output.

Threshold
Value: 0-100

Sets the volume level to start muting. Set the value high-
er when there is a lot of noise, and if there is less noise,
decrease the value.

Release
Value: 0-100

Sets the transition time from when the noise suppression
starts to the point where the volume reaches 0.

These functions are the same as those in Algorithm 03
(STEREO DYNAMICS PROCESSOR) (p. 103).
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20 VIRTUAL ANALOG SYNTH
(Virtual Analog Synthesizer)

This algorithm recreates the functions of analog synthe-
sizers in the 1970s. If you control the parameters with the
Step Modulator, D Beam Controller, or externally with
MIDI messages, you can get analog synthesizer sounds
with the virtual VCO (Voltage Controlled Oscillator).
Furthermore, with sections corresponding to VCF
(Voltage Controlled Filter) and VCA (Voltage Controlled
Amplifier), you can also process external sound input as
is. Additionally, a ring modulator is included, and with

the output from the delay and chorus (or flanger), it can
be used as a powerful multipurpose filter/effect device.

Both insert and send/return methods can be used with this
algorithm. when you use effects patches based on this algo-
rithm by inserting any one of tracks, and the track is silent
(or song is not played back), the synth sounds may be
muted by playing pads. You can avoid this by turning on
the Track Voice Reserve function (p. 137).

Other than the delay and chorus/flanger, the effect portions
of this algorithm cannot be turned off.

SYNTH 1qi SYNTH
COMMON I“ LFO LFO CUTOFF AMPLITUDE
VIRTUAL
com [ L0 T
L __I : |
R—3 VCF T vea

NOTE No. l

VIRTUALVCO
+ RING MODULATOR

Com {Common)

These are parameters related to overall control of the
synthesizer.

Trigger In
Value: ON, OFF

This turns the synthesizer sound on and off. Setting this
from “OFF” to “ON” corresponds to pressing a key on
the keyboard.

Velocity
Value: 0~127

Note Number
Value: C'1-G9

Sets which key is pressed (note number) and the strength
or force at pressing key (velocity).

Portamento
Value: OFF, ON

This turns on and off the portamento effect (the smooth
gliding of the synthesizer sound from one pitch to another).

VIRTUAL

VCF

ADSR][

C/F
[ ™

CHORUS/
FLANGER

DELAY

Porta Time (Portamento Time)
Value: 0-100
Sets the transition time for the portamento effect to
change pitches. The elapsed time increases as the value is
increased.

Near the upper and lower note number limils, pitches may
not change, or the changes may be unstable (this changes
with the conditions in each of the parameter settings).

LFO (Low Frequency Oscillator)

The LFO is the oscillator that creates an swelling sound.
By greatly increasing the values for parameters such as
VCO vibrato, PWM depth, and LFO depth (explained
below), you can get various kinds of vibrating sounds
(periodic, cyclical changes) in tone and pitch.

Fade Time (Start Delay)
Value: 0-100
Sets the elapsed time between the moment Trigger In
turns “ON” and the point at which the modulation from
the LFO reaches the designated depth. As the value is
increased, the elapsed time increases, gradually deepen-
ing the swelling.
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Rate
Value: 0-100

Sets the rate of the vibration. When set to 0, the rate is
approximately 0.1 Hz (10 seconds per cycle), and at a set-
ting of 100, the rate is approximately 20 Hz (20 cycles per
second). In Tempo Sync this is disabled, and you cannot
make this setting.

Waveform
Value: TRI, SQR, SAW, S/H
Sets the waveform of the vibration.

Triangle wave
SQR
Square wave
s AN
Sawtooth wave
S/H
Sample and Hold creates

random change.

Tempo Sync

Value: OFF, ;- o X4

This setting synchronizes the rate to the tempo of the
song. When not synchronizing, set this “OFF.” When you
select the note, the rate setting is disabled, and the rate is
set the note length corresponding to the tempo. When
synchronizing to a song’s tempo, if the length of the note
is set longer (or shorter) than that of the possible range of
rate settings by the change of song tempo, the rate can
not correspond to the note length.

VCO (Virtual VCO + Ring Modulator)

This reproduces the VCO (Voltage Controlled Oscillator)
virtually. It comprises two oscillators, OSC1 and O5C2, a
noise generator, and ring modulator. Settings include
those for the waveforms that are the basis of synthesizer
sounds and pitch settings for the two oscillators.

Oc1 Pt. KF (Oscillator Pitch Key Follow)
Value: OFF, ON

This setting determines whether the pitch of Oscillator 1
(hereafter OSC1) changes according to the Note Number
in Common (ON) or not (OFF).

Oc1 Wave (0SC1 Waveform)
Value: TRI, PLS, SAW
Sets the waveform for the sound produced by OSC1.

TRI: (Triangle wave) A clear sound with few overtones.

PLS: (Pulse wave) This sound varies depending on the
settings in the following parameters (OSC1 Pulse
Wave, OSC1 Pulse Wave Modulation)

SAW: (Sawtooth wave) A thick sound filled with over-
tones.
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Oct PulseW
Value: 0-100

Sets the pulse width when the “pulse wave” (PLS) is
selected for the OSC1 waveform. Increasing the value
narrows the pulse width. This has no effect if the O5C1
waveform is not set to “pulse wave” (PLS).

Pulse W
=0

(OSC1 Pulse Width)

e L T T T T
it S | N | N |
Ocl1 PWM (OSC1 Pulse Width Modulation)

Value: 0-¥100

When OSC1 Wave is set to “pulse wave” (PLS), this set
the depth which the LFO vibrates the pulse width. This
gives the characteristic cyclical change in tone. Increasing
the value deepens the effect. This is effective only when
the OSC1 waveform is set to “pulse wave” (PLS).

When both OSC1 Pulse Width and OSC1 Pulse Width
Modulation settings are large, the periodic or cyclical sound
may become inaudible.

Oc1 Coarse (OSC1 Coarse Tuning)
Value: 2424

Oc1 Fine (OSC1 Fine Tuning)
Value: "100-+100

Sets the pitch of the sound from OSC1. With 0 as the ref-
erence, coarse tuning adjusts the pitch in semitone incre-
ments, fine tuning in cents (1/100 of a semitone).

Oc1 Vib (OSC1 Vibrato Depth)
Value: 0-100

Sets the depth of the OSC1 vibrato (the cyclical change in
pitch caused by the LFO).

Oc1 X-Mod (OSC1 Cross Modulation)
Value: 0-100

Sets the depth of the OSC1 cross modulation effect (the
modulation of the OSC1 pitch by oscillation from the
0SC2). As the value is increased, the increased overtones
make the sound more powerful.

Oc2 Pt. KF (Oscillator Pitch Key Follow)
Value: OFF, ON

Oc2 Wave {0SC2 Waveform)
Value: TR, PLS, SAW



Using the Internal Effects

Oc2 PulseW
Value: 0100

{OSC2 Pulse Width)

Oc2 PWM
Value: 0-100

{OSC1 Pulse Width Modulation)

Oc2 Coarse (05C2 Coarse Tuning)
Value: 24-+24

Oc2 Fine (0SC2 Fine Tuning)
Value: "100-*100

Oc2 Vib (OSC2 Vibrato Depth)
Value: 0-100

These are the settings for OSC2. The effect of these set-
tings are the same as those in OSC1 (there is no cross
modulation included in OSC2).

RingM (Ring Modulator Source 1)
Src2 (Ring Modulator Source 2)

Value: Src1 OSC1, 0SC2, NOISE, EXIN

You can select from two ring modulator inputs. Besides
the oscillators OSC1 and OSC2, “NOISE” (noise) or
“EXIN” (external input) may also be selected.

By multiplying the ring modulator’s two inputs each other,
you can create sounds that include numerous overtones not
found in either waveform. You can get metallic sounds
unrelated to any sense of harmony. To play the VCO'’s
sounds (OSC1, OSC2, noise generator, and ring modula-
tor), raise the volume level of each in the VCF mixer at the
next stage.

The synthesizer sounds are tuned to A4 (440.0 Hz). If you
want to have A4 set to 442 Hz, set the Fine reference set-
ting of Ocl and Oc2 above not to +0, but to +8.

VCF (Virtual VCF)

This reproduces, virtually, the VCF (Voltage Controlled
Filter). The sounds from the VCO or input from external
sources are processed with a filter that moves the cutoff
frequency as needed, and creates brightness (or hard-
ness) in the tone and changes in tone brightness over
time. There is a mixer to set the input level from each of
the sound generators at the input section of the VCF.

Osc1 - VCF (Input level from 05C1)

Osc2 - VCF (Input level from 05C2)

Noise ~+VCF (Input level from the noise generator)

Extin - VCF (Input level from the external input)

RingM —VCF (Input level from the ring modulator)
Value: 0-100

Sets the input level to the VCF from each of the sound
generators. Mute unneeded sounds by setting them to 0.

FilterType
Value: LPF, BPF, HPF, NOTCH
Sets the type of filter used (p. 101).

LPF: (Low pass filter) Passes frequencies below the
cutoff frequency.

BPF: (Band pass filter) Passes frequencies near the
cutoff frequency.

HPF: (High pass filter) Passes frequencies above
the cutoff frequency.

NOTCH: (Notch filter) Passes frequencies other than
those near the cutoff frequency.

Slope (oct)
Value: -12 dB, -24 dB

Sets the filter's slope characteristics at the cutoff frequen-
cy (-24 dB at one octave: steep; -12 dB at one octave: shal-
low).

Some analog synthesizers featured -12 dB/octave, -24
dB/octave, or other slopes.

CutOff Frq (Cutoff Frequency)
Value: 0-100

Sets the filter’s cutoff frequency. Set this closer to zero,
the cutoff frequency becomes lower; set closer to 100, the
cutoff frequency becomes higher.

This setting varies with the addition of changes from the
envelope, LFO, and other changes.

Resonance
Value: 0-100

Sets the filter’s resonance level. Raising the setting
increases resonance near the cutoff frequency, giving the
sound a special characteristic.

If the resonance value is raised to much, extreme
oscillation can arise. Take care not to allow this
sound to damage your ears or your playback
equipment. To stop this oscillation immediately,
press REALTIME EFFECTS [ON/OFF].

Env.Depth (Envelope Depth)
Value: "100-*100

Sets the depth of the Filter Envelope (the function of
changing the filter's frequency characteristics over time).

Attack (Attack Time)
Value: 0-100

The elapsed time starting at the point Trigger In is
switched “ON” to the point at which the cutoff frequen-
cy reaches the peak value.
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Decay (Decay Time)
Value: 0-100
The elapsed time from the point at which the cutoff fre-

quency reaches the peak value until reaching to the sus-
tain level (next item).

Sustain (Sustain Level)
Value: 0-100
The level of the cutoff frequency after the decay time

(previous item) is passed and until Trigger In is switched
HOFF‘II

Release (Release Time)
Value: 0-100

The elapsed time from when Trigger In is switched
“OFF” untl the cutoff frequency return to the original
(pre-attack) value.

These are the filter envelope settings. Select the contour
through the attack, decay, sustain, and release, and set
the degree of effect with the envelope depth. If a negative
value is selected for the envelope depth, the envelope
shape is inverted.

,Decay Time
Attack Time: s !
e ! Release Time
: E —
: LA : :
: ' Sustain Level | :
) v H ;
r TRIGGER IN | —
ON OFF
LFO Depth
Value: 0-100

Sets the depth of the vibrating cutoff frequency by the
LFO.

As the value is increased, the cyclical tone change gets
bigger.

Extlev.Flw (External Input Level Follow)
Value: “100-100

Sets the degree to which the linked external input vol-
ume level changes the cutoff frequency. As the value is
increased, you get an effect in which the tone changes
more dynamical according to the rhythm of the input.

CutOff KF (Cutoff Key Follow)
Value: OFF, ON

This setting determines whether the cutoff frequency
changes according with the Note Number in Common
(ON) or not (OFF).
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Velo Sens (Velocity Sens)
Value: 0~100

Sets the degree to which the cutoff frequency reflects the
value of the Velocity in Common. As the value is
increased, the cutoff frequency which follows the Velocity
{the strength or force at pressing key) gets higher.

VCA  (Virtual VCA)
This reproduces, virtually, the VCA (Voltage Controlled
Amplifier).
Sounds from the VCF are amplified as they change over

time, and the resulting amplified volume levels and
changes are then output.

Init.Gain (Initial Gain)
Value: 0-100

Sets the reference volume. When set to any value except
0, sound plays even when the Trigger In is turned off,
with the volume increasing as the value is increased.
(Volume changes based on the envelope, LFO, or other
input are added to this volume level.) Thus, when setting
Trigger In for regulation of sound expression, set this to
0, and regulate the volume with the envelope depth.

Env.Depth (Envelope Depth)
Value: 0-200

Sets the depth of the envelope (the function of changing
the amplifier’s volume over time).

Attack (Attack Time)
Value: 0-100

The elapsed time from when Trigger In is switched
“ON" to the point of maximum volume.

Decay (Decay Time)
Value: 0-100

The elapsed time from the point of maximum volume
until reaching the sustain level (next item).

Sustain (Sustain Level)
Value: 0-100

The volume level after passage of the decay time (previ-
ous item) up until Trigger In is switched “OFF.”

Release (Release Time)
Value: 0-100

The elapsed time from when Trigger In is switched
“OFF” until the volume reaches its minimum value.

These are the volume envelope settings. Select the con-
tour with attack, decay, sustain, and release, and set the
degree of effect with the envelope depth.
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LFO Depth
Value: 0-100

Sets the depth of the wavering volume (tremolo effect).
As the value is increased, the variation in volume
increases.

Extlev.Flw (External Input Level Follow)

Value: 0-100

Sets the degree to which changes in the tremolo effect are
linked to and controlled by the external input volume
level. As the value is increased, you get an effect in
which the synthesizer sound is played intermittently
according to the rhythm of the external input (such as
drum phrases).

Velo Sens (Velocity Sens)
Value: 0-100

This sets the degree to which the volume corresponds to
the value of the Velocity in Common. As the value'is
increased, the volume level which follows the Velocity
(the strength or force at pressing key) is increased. ‘

Dly {Simple Delay)

This digital delay can be switched between monaural
and alternate modes (left and right channels mutually).
The maximum delay of 2400 msec (2.4 seconds) provides
long echoes, fat, or thick sounds.

Mode
Value: MONO, ALT
This switches the mode of the delay.

MONO: (Monaural) A single-input, single-output delay

ALT: (Alternate) A single-in, dual-out sterec delay in
which the left and right outputs are alternated
(alternated delay).

Time
Value: 1-2400 msec (MONO), 11200 msec (ALT)
Sets the delay time, that is, the elapsed time between the
source sound and the delay sound. This setting is not
effective during Tempo Sync, and you cannot make this
setting.

Feedback
Value: 0-100
Sets the repeat times for the delay sound. When set to 0,
each delayed sound is played only once. (if the Mode is
“Alternate” (ALT), delayed sound in each channel are
played only once.)

Tempo Sync
Value: OFF, jj- o X2

Set this when synchronizing the Delay Time to the song
tempo. When not synchronizing, set this “OFF.” When
you select the note, the Delay Time is set to match the
length of the note.

EX Level
Value: 0-100

Sets the volume of the delay sound. Adjust this after get-
ting a balance with the dry level.

Dry Level
Value: 0-100

Sets the volume of the source sound. It is ordinarily set to
100.

The delay is abbreviated on the screen as “Dly.” Although
it resembles Algorithm 6 (EZ DELAY), some functions,
such as High or Low Damp, are omitted, and some other
functions have been simplified. In monaural mode, you can
get a long delay of 2.4 seconds at maximum, You can also
use this simply and effectively as a long delay machine by
setting the VCF input to “ExtIn~VCF"” (external input)
and then raising only that.

C/F (Chorus/Flanger)

This effect can select either a chorus effect, which adds
spaciousness and a wavering effect to the sound, or a
flanger effect, which adds a metallic undulation (rising
and falling sound).

Mode (Effect Mode)
Value: CHORS, FLANG

This is used to select either the chorus or flanger. Setting
this to “CHORS” adds an effect of spaciousness and
wavering, and setting it to “FLANG"” adds the flanger
effect, a metallic undulation (rising and falling sound).

Mod LR Phs (Modulation LR Phase)
Value: NORM, INV

This setting determines whether the timing of the pitch
wavering and undulation (rise and fall) coincides
(NORM), or inverts (INV).

Rate
Value: 0-100

Sets the rate of the wavering and undulation of the cho-
rus and flanger sounds. This is disabled in Tempo Sync,
and you cannot make this setting.

Depth
Value: 0-100

Sets the depth of the wavering and undulation of the
chorus and flanger sounds.

127



Using the Internal Effects

Manual
Value: 0-100
When the effect mode is switched to Flanger, this sets the
center frequency for the effect, changing the pitch of the
flanger’s metallic sound. This has no effect in Chorus
mode.

Resonance
Value: 0-100

Sets the intensity of the flanger effect. This has no effect
in Chorus mode.

Tempo Sync

Value: OFF, ;- o X4
Set this when synchronizing the Rate to the song tempo.
When not synchronizing, set this “OFF.” When you
select the note, the Rate setting is disabled, and the Rate
is set the note length corresponding to the tempo. When
synchronizing to a song’s tempo, if the length of the note

- is set longer than that of the possible range of rate set-
tings by the change of song tempo, the Rate can not cor-
respond to the note length.

MEHD) The oscillator (LFO) used to create these chorus and flanger
sounds separates from the common oscillator used by the
synthesizer as a whole.

About the Sounds Generated by Effects Algorithms
Themselves

The three effects algorithms, “17 PHONOGRAPH,” “18
RADIO TUNING,” “20 VIRTUAL ANALOG SYNTH"
have a function that generates sounds such as Radio (or
Phonograph) like noise or synth sound without any sig-
nal input. Usually, the levels of these effects sounds are
fixed to the value of the effects patch parameters.
However, when you use these algorithms by inserting
any one of tracks, the effect level follows the level setting
of each phrase on the track (p. 88) for certain reasons of
mixer processing. If you need to avoid this situation, set
the level of all phrases on the track to a regular level
(100) by bouncing, etc.
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Getting Smooth Changes in
Effects During Song Playback

You can freely change the effects during playback of the
song. (Press [FX INFO], rotate the VALUE/TIME dial to
make your selection, and press [ENTER/YES].)

However, because of noise that arises during switching
of the effects, the effect sound is temporarily muted.

In this kind of situation, by resampling (p. 49), you can
create a separate sample to be used with different effects
added where needed, giving the same effect of switching
the effects during the song, but without the noise. You
can also use Program Change Messages from external
MIDI devices to switch the effects. MIDI Channel 11 is
used for this purpose (p. 152).

Using the Realtime Effects
Section

You can change the effects settings instantly with the
Realtime Effects knobs. An example of using the “b”
Master Filter/Isolator with the pad samples was
described in chapter 1 (p. 28). By selecting patches
(a:PATCH), you can use the same basic method when
adding effects to sounds that are played back.

«  Press [FX INFO).

The settings of the current effect is indicated in the dis-
play by icons representing the control knobs.

*  Hold down [SHIFT] and press [SELECT ROW].

This toggles between the two groups, “a” Patch and “b”
Master Filter /Isolator.

¢ Press [SELECT ROW].

This switches between the rows of parameters in the
group alternately(“a” for C1-C3 « - C4-C6).

¢ Hold down [SHIFT] and press REALTIME EFFECTS
[ON/OFF].

Any changes made to the effects patch with the Realtime
Effects knobs are undone, and the patch is restored to the
conditions at the time it was called up.

When Changes Made with the
Realtime Effects Knobs Are Too Wide

If you select the Realtime Effects “a:PATCH” group, you
can freely assign effects parameters to the Realtime
Effects knobs C1-Cé. Furthermore, you can set the range
of change to the effects that occurs between the "MIN”
(minimum) and “MAX" (maximum) positions. These set-
tings are made in the control assign screen (“FX CTRL”,
p- 99). In the screen, press [ — ] to call range values and
set them with [a], [+ ], [=], [~ ], and the
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VALUE/TIME dial. These settings are saved along with
other settings in “Saving to effects patches” (p. 100).

In the “b” Master Filter/Isolator group, the functions of the

Realtime Effects knobs are permanently fixed, controlling
the indicated parameters. However, as with the “a” Patch
group, you can change the knobs’ adjustment ranges.

How the Realtime Effects Knobs

Function Immediately After
Effects Are Switched

When the indicator to the upper left of any of the
Realtime Effects knobs is lit (red), it means that the cur-
rent position of the control is the same as that for the set-
ting in the current effects patch. Immediately after
switching the effects, the effects settings are in a condi-
tion in which they are saved to the patch. Therefore,
since the position of the Realtime Effects knobs do not
correspond to the effects settings, the indicators go off.
When rotating the Realtime Effects knobs, the effects set-
tings reflect the position of the Realtime Effects knobs. In
such instances, there are two ways you can select to have
this done.

The instant the Realtime Effects knob is rotat-
ed, the settings change to match the knob’s
position.

JUMP:

NULL: Even if the knob is rotated, the setting does not
change until the current settings value surpass-
es that of the stored value. After that, the set-

tings change to match the knob's position.

This is set to “JUMP” at the factory settings.

Switching the “NULL” and “JUMP"” Functions

1.
2.

3.

4.

5.

Press [SYSTEM/DISK].

Confirm that “Set System Param?” is selected, then
press [ENTER/YES].

Press [ w ] repeatedly until you have moved to
“KnobContol.”

Select either JUMP or NULL by rotating the
VALUE/TIME dial.
Press [PLAY] to return to the basic screens.

These settings are automatically saved whenever the
disk is ejected, as well as in other situations.

Using the D Beam Controller

When controlling the effects with the D Beam Controller,
there are two types of the beam sensor can use, the left
side beam (BL: Beam Left) and the right side beam (BR:
Beam Right). Many of the Preset effects patches are
already assigned to one or the other of the D Beams.
With a Preset effects paich called up, press the D BEAM
CONTROLLER [EFFECTS] so that it is illuminated, then
move your hand within the sensor area to try out the
effect.

The effective distance of the D Beam Controller can be

changed with the sensitivity adjustment (see —p. 31).

Assigning Functions to the Effects

When the Realtime Effects “a” (PATCH) group is select-
ed, you can freely assign effects parameters to the left
and right D Beam controllers. These settings are made in
the Effect Edit screen. Make the settings in the “Control
Assign screen” (p. 99) in “Editing Effects” described ear-
lier.

The Realtime Effects knobs controlling C5 and C6 also
are used to adjust the D Beam Controller’s BL. and BR
respectively. Therefore, when using both the D Beam
Controller and the Realtime Effects knobs at the same
time, it is better to use the Realtime Effects knobs C1-C4.

You can also set the range of the effects parameter that is

changed by the action you bring your hand closer to the
sensor of the D Beam Controller after it is detected. The
procedure is the same as that for changing the effect with
the knobs.

These settings are saved along with other settings as

described in “Saving to Effects Patches” (p. 100).
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Using the Effects as an Analog
Synthesizer

With the internal effects Algorithm 20, “VIRTUAL ANA-
LOG SYNTH,” you can use the effects section as a mono-
phonic synthesizer. There are some ways to control its
expression and pitch.

Playing the Synthesizer with the Realtime Effects

Knobs

When adding synthesizer effect sounds without playing
notes in exact steps, you can easily play and stop the syn-
thesizer sounds using the Realtime Effects knobs. For
example, the following parameters could be assigned
with the Realtime Effects knobs. (For more information
on the assignment procedure — p. 98, see the explanation
of the parameters — p. 123.)

C1: Trigger In
C2: Note Number

C3-C6: VCF Cutoff Frequency or Resonance, LFO Rate
or LFO Depth, or other parameters of your
choice

Rotate C1 to the right to sound the synthesizer, to the left
to turn it off. Rotate C2 to change the pitch. With the
Portamento in Common “ON,” these pitch changes glide
from one to the next smoothly.

During playback of looped songs or samples, many
effects are played in time with the rhythm. Furthermore,
synchronizing the LFO with the song’s tempo can also be
very effective (p. 124).

Playing Effects with the Step Modulator

By assigning synthesizer's “NoteNumber” in Common
to be controlled by the Step Modulator, you can have
synthesizer bass or Techno-type melodies play automati-
cally. In such instances, using the Realtime Effects knobs
in conjunction with the D Beam Controller to change the
parameters while playing the effects is also effective.

For more detailed information, please see “Combining
with the V-Analog Synthesizer” in Chapter 12 “Utilizing
the Step Modulator” (p. 135).

Only extremely simple melodies can be played by the Step
Modulator. To play more complex melodies automatically,
use the SP-808 in combination with a MIDI sequencer.

(BINT) You can also insert the effects into the mixer's MIC/LINE
IN, and using the Step Modulator to play the sound, sam-
ple the synthesizer sound, and use that sample as an ele-
ment in a new song.
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Playing Effects with the D Beam Controller

When assigning the effects functions to the D Beam
Controller (C5BL and C6BR) as described on p. 99 and p.
129, you can assign TriggerIn in Common to one knob
(C5BL). With this setup, you can press the D Beam
Controller {EFFECTS), illuminating it, and play the syn-
thesizer sounds by moving your hand above the sensor.
By assigning the VCF Cutoff Frequency or Note Number
in Common to the other knob (C6BR), you can enjoy
changing the tone by moving your hand up or down.

Playing Effects with the Note Messages from
External MID! Devices

Set the function of “Trigger In” in Comunon to play the
synthesizer sounds. When MIDI Note Messages are
sent from an external MIDI device via Channel 11, the
synthesizer sound corresponding to that note num-
ber is played.

Velocity included in MIDI Note Messages play sounds
according to the VCF and VCA Velocity Sens settings.

For more about MIDI Messages corresponding to parame-
ters other than notes, please see the MIDI Implementation
Chart (p. 176).



Chapter 11 Utilizing the Step Modulator

What is the Step Modulator?

The Step Modulator is a virtual recreation of the analog
sequencers found in those big analog synthesizers in the
1970s. You can get a variety of effects, for example
arrange the playback sound to Techno-type sound.

* You can set the parameter setting of the intemal effects to
the preset value up to 16 steps in order.

+ Switching of the values (step progression) can be synchro-
nized to song tempos. Furthermore, you can proceed
manually (by pressing the buttons) one step at a time.

* When you select the Algorithm 20, “VIRTUAL ANALOG
SYNTH?" of the internal effects, you can get an arpeggia-
tor-like effect without any external sound module.

The SP-808’s Step Modulator is based on the SYSTEM-182
sequencer unit (released in 1979) from Roland’s SYSTEM-
100M Series System Synthesizers. Like the SYSTEM-182,
the 8-step, 2-channel setup can be arranged, in series for a
single system creating up to 16 steps, or for a dual system
with a maximum of 8 steps each in parallel, the output of
which can then be sent to the internal effects.

About Analog Sequencers

In today’s electronic instruments world, generally a
sequencer means multi-function automatic playback
equipment (such as variety types of MIDI sequencer or
computer sequencer software, etc.). Analog sequencers
are the predecessors of these functions.

In the 1970s, analog sequencers were produced for the
purpose of controlling analog synthesizers. The pitch,
tone, and volume of synthesizers at the time were volt-
age-controlled. Thus, an analog sequencer with, for
example, 16 steps would be set up with 16 separate volt-
age control knobs lined on the panel, and would output
the voltage determined by the positions of these knobs
along with the tempo that was set in order. By sending
this voltage to the various parts of an analog synthesizer,
the sequencer could repeat extremely rapid melodies,
and the tone could be made to change cyclically in steps.

In the Save procedure, the Step Modulator set-
tings are saved as one part of the effects settings
making up the total effects patch. (p. 100)

The effects saving procedure can be performed
while the step modulator is working. In the case,
[STEP MOD] blinks when that effects patch is
called out next time and inform the user to use the
step modulator (press [STEP MOD]). Effects can be
saved even while the step modulator is working. After being
saved in this way, [STEP MOD] will blink when the effects
patch is called up the next time, reminding you to use the
step modulator (press [STEP MOD]).

Basic Operation

The Step Modulator data is installed in Each Preset
effects patch. Let’s use this data to get a basic under-
standing of how to operate the Step Modulator. Step
Modulator can be started and stopped in most of the
screens by pressing [STEP MOD]. Here, in order to check
out how the settings affect the Step Modulator’s behav-
ior, let’s work from the Step Modulator settings screen.

To check out how the Step Modulator works, first select
Effects Patch P99, then put the effects in the Send/Return
position.

1. Press [FX INFO], rotate the VALUE/TIME dial to select
Effects Patch P99, and press [ENTER/YES].

Effects Patch P99:

This is the template for the Algorithm 20 “VIRTUAL
ANALOG SYNTH.” With the following procedure, run-
ning the Step Modulator recreates the automatic play-
back performances of the analog sequencers.

2. Hold down [SHIFT] and press [MUTE] to call up the
“MIX COMMON" screen.
3. Press [+ ] twice to select “FxLoc” (Effects L.ocation).

4. Rotate the VALUE/TIME dial to get to “SEND/
RETURN.”

5. Hold down [SHIFT] and press [STEP MOD] to call up
the Step Modulator settings screen.

N, !
Tria. a——————
EndSLep...is_E"l" X
wMalue. E |- o

6. Press [STEP MOD]; an analog synthesizer sound is

played back in arpeggiator-style phrase repeatedly.
Press [STEP MOD] once again to stop playback. During
the progression, [STEP MOD] is illuminated.
Since the “Trig” (Trigger) is set to “REPEAT,” the Step
Modulator plays back sounds repeatedly. Changing this
setting changes the performance behavior of the Step
Modulator.
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Changes in the Performance of the Step Modulator
Made with the “Trig” Setting

1STEP: The phrase progress one step each time
[STEP MODY] is pressed.

SINGLE: The phrase is run through from beginning to
end once each time [STEP MOD)] is pressed.
If [STEP MOD)] is pressed during the pro-
gression, the phrase stops at that step.

REPEAT: When [STEP MOD)] is pressed, the phrase
repeats until [STEP MOD] is pressed again. If
[STEP MOD)] is pressed during the progres-
sion, the phrase stops at that step. Pressing
[STEP MOD)] while the phrase is stopped
begins the progression from the beginning.

MEAS: During playback of the song, each time the
measure bar is crossed, the progression
begins from the first step. Stopping the song
simultaneously stops the Step Modulator.

SngPLY: When the song is played back, the steps are
played from the beginning, and repeat there-
after. Stopping the song stops the Step
Modulator simultaneously.

Rotate the VALUE/TIME dial to select a “Trig” setting
other than “REPEAT” and check out the change in what
the Step Modulator does when you press [STEF MOD].

Changes in values the Step Modulator produces come in
two groups, “StM1” and “StM2.” (The effects controlled
by “StM1” and “StM2" are designated in the Effect Edit
screen. Hold down [SHIFT] and press [FX INFO], [ » ]
(CTL), and [ENTER/YES] in order to call up the settings
screen. = p. 99)

Setting the Final Step Number
and Value of Each Step

The Step Modulator settings screen (STEP MOD) is com-
posed of two screens. The first page (referred to in Step 5
above) contains the following settings parameters.

Press [ ], [w ] [ =] or{ =] to select item then rotate
the VALUE/TIME dial to set them.

Trig (Trigger)
Value: 1STEP, SINGLE, REPEAT, MEAS, SngPLY
This sets the progression of the Step Modulator step.

EndStep
Value: 1-16

This setting determines the Step Modulator’s number of
steps.
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Series Motion and Parallel Motion

When “EndStep” is set from 9 to 16, you can only have
one step progression running at a time. This is called
series motion. If “EndStop” is set at 8 or below, two dif-
ferent step progressions can be run simultaneously. This
is referred to as parallel motion.

The switch between parallel motion and series motion is

made automatically when step number (EndStep) setting
is at either 8 or below, or 9 or above.

Value

Value: 0~127/Each Step

This sets the input value to the effects for each Step 1-16.
Eight steps are displayed at the top of the screen and
eight at the bottom, and the value for each of the total of
16 steps is indicated in bar graph form.

Press [»= ] first, and then [a ], [+ ], [ =] Oor [~ ] tO
move the “ A ” up, down, left, or right, allowing you to
select the step whose value you want to set. At this point,
the value for “Value” is highlighted; you can now rotate
the VALUE/TIME dial to set the value.

When the "Note Number” of the Algorithm 20 “VIR-

TUAL ANALOG SYNTH” is assigned to the Step
Modulator signals (“StM1” and “StM2") the values are
not the numerals 0-127, but change to the names of the
sounds RST (Rest), TIE, D-, D#, E-, ..., F#9, G9 (p.
135).

EMO) You can copy all of the settings related to the Step

Modulator, including step values, from other effects patch-
es. (p. 133)

An Example of the Producing Values
from the Step Modulator

The way to produce values from the two groups in the
Step Modulator (“StM1” and “StM2”) depends on the
setting of the EndStep (series motion or parallel motion)
as shown below.

STEP 1 2 3 4 5 6 7 8
0 10 25 30 44 52 68 75

Value
81 96 103 118 121 77 39 3
STEP 9 10 11 12 13 14 15 186

If “EndStep” is set to /6"

This is under eight, so parallel motion is selected. The
values for each Step No. 1-6 are sent to “5tM1,” with the
values for No. 9-14 going to “StM2.”

“StM1” -+ (0,10, 25,30, 44,52, (0, 10, 25, 30, 44, 52,) (
0, 10, 25, repeating)

“StM2” -+ (81, 96,103,118,121, 77,) (81, 96,103,118,121,
repeating)
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If “EndStep” is set to “10”

This is over nine, so series motion is selected. The values
for each Step No. 1-10 are sent to both “StM1” and
“StM2.”

“StM1” - (0, 10, 25, 30, 44, 52, 68, 75, 81, 96,) ( 0, 10,
25, 30, 44, 52, repeating)
“StM2” -+  Same as StM1

These are indicated in bar graph form in the display.

Determining the Tempo/
Synchronizing with a Song

After Step 5 of “Basic Operation” mentioned before,
press [ w ] repeatedly brings you to the second screen.
The parameters determining the Step Modulator’s run-
ning tempo are here. Press [ a ], [w ] [ =] or[=]t0
select the parameter, and rotate the VALUE/TIME dial
to make the setting.

STEF MO A=Y a4

1= BPM
T Eate.T &65%

+« L Series |CorPYFrom ki

Step...
Value: § - o
This is the setting that determines the kind of notes and

the tempo thus interpreted for one step in the Step
Modulator.

BPM
Value: SONG, 20.0-500.0

This parameter sets the Step Modulator tempo in terms
of BPM (Beats Per Minute). Selecting “SONG” synchro-
nizes the Step Modulator’s tempo and the current tempo
of the song. When you set the value in the range of
20.0-500.0, it runs at fixed tempo independent of the
song’s tempo.

This tempo setting is set al quarter notes (96 ticks in the
song) receiving one beat. This is fixed, affected neither by
the note selection in “Step” above nor by the song’s speci-
fied measure rhythm.

Gate.T

Value: EXTN, 1-100 (%), LINK

You can control “TriggerIn” (ON/OFF) in the effects
algorithm 20 “VIRTUAL ANALOG SYNTH,” and have
the synth sound played at step divisions, or have the
song play only when Step Modulator is active. This can
be enabled, and settings made, only when selecting
patches with the Algorithm 20 “VIRTUAL ANALOG
SYNTH?” in the effects.

Algorithms are the basic compositions of the effects upon
which the effects patches are based (p. 98).

Control Gate by the “Gate.T”
“TriggerIn” in the effects algorithm 20 “VIRTUAL ANA-
LOG SYNTH” is the parameter that turns the synth
sound on and off. The Step Modulator’s “Gate.T” turns
“TriggerIn” on and off then plays synth sounds intermit-
tently. } :

CopyFrom
Value: P01-P99, U01-U99, MST

Use this when copying settings related to the Step
Modulator from another effects patch.

Copying and Using Step
Modulator Settings from
Another Patch

You can copy and make use of ail settings related to
the Step Modulator over from another preexisting
effects patch.

1. Hold down [SHIFT] and press [STEP MOD] to call up
the Step Modulator setup screen.

2. Press [ + ] repeatedly to advance to the second
screen, and highlight “CopyFrom” at the very bot-
tom.

3. Rotate the VALUE/TIME dial to specify the copy
source patch.

MST: MASTER FILTER/ISOLATOR
P01-P99: Preset Patches
U01-U99:  User Patches

4. Press [ENTER/YES] to execute the copy.

(NOTE) You must save the patch to save the settings (p. 100).
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]

An Example of a Combination
of Effects

The Step Modulator is one of the function to control the
internal effects likewise the Realtime Effects knobs or the
D Beam Controller. Use the following procedure to set
which effect parameter (value settings) is to be changed
by the step value of the two series (“StM1” and “StM2")
generated by the Step Modulator.

Before performing this procedure, hold down [SHIFT] and
press [SELECT ROW] to switch to a: PATCH. If the inter-
nal effects are set to the b: MASTER FILTER/ISOLA-
TOR, what is affected is fixed, as shown below.

“StM1” — Filter “CutoffFreq”
“StM2” -+ Filter “Resonance”

Specifying the Effect Parameters to Be Changed

1. Hold down [SHIFT] and press [FX INFO] to call up the
Effect Edit screen.

2. Rotate the VALUE/TIME dial to select the desired
effects patch, then press [ENTER/YES].

3. Press [ = ] to highlight “CTL"” (Control) in the lower,
right of the screen.

4, Press [ENTER/YES] to call up the screen for setting
C1-C6 (Realtime Effects knobs and D Beam
Controller) and the “StM1” and “StM2"” (Step
Modulator) assignments.

5. Press [ o] or [ +] to select the row with “StM1” or
“StM2.”

6. Rotate the VALUE/TIME dial to specify the effect
parameter to be changed by “StM1” and “StM2.”
7. Press [PLAY] to return to the basic screens.

To save these settings, use the procedure to save the
effects patches (p. 100).

Each step in Step Modulator can be set with a value from
0 (minimum) to 127 (maximum). This changes the effect
setting specified in Step 6. You can set the range of
change for both “StM1” and “StM2” with the following
procedure.

Specifying the Range of Changes to the Effects Values

Continuing from Step 5 above:

6. Press [ = ] to call up the Change Range settings
screen,

StM1 0O o 00,88M200 «= OO)

7. Press[a],[ v ] [=] or [~ ]to highlight the left or
right of * — - ” settings values.

134

8. Rotate the VALUE/TIME dial to set the range of
change. (The setting to the left of “ - ” is the sta-
tus when the value of the Step Modulator output is 0.
The setting on the right side is when the output value
is 127.)

9. Press [PLAY] to return to the basic screens.

To save these settings, use the procedure to save the
effects patches (p. 100).

Immediately after changed the assignment of the effect para-

meter, this becomes that parameter’s “minimum «— max-
imum” setting.

If the internal effects are set to the b: MASTER
FILTERASOLATOR, then the range is set at 0-100. (The
parameters are also fixed, with "StM1” set to Filter
“CutoffFreq” and "StM2' to Filter “Resonance.”

Combining Filter-Related Effects

You can get a variety of interesting effects by combining
filter effects (changing frequency components) or modu-
lation effects (vibration of the tone) with the Step
Modulator.

By applying the Step Modulator to “CenterFreq” in
Algorithm 14 “80s PHASER” (Effects Patch P93), you can
get a step phaser-like effect (which changes the tone in
steps). (In this case, set both “LFO1 Depth” and “LFO2
Depth” to 0.)

You can get similar effects (step flanger type) with
flanger algorithms as well. Change “Manual” in
Algorithm 11 “VINTAGE FLANGER" (Effects Patch P90)
or Algorithm 12 “2x BOSS FLANGER” (Effects Patch
P91). (In either case, set “Depth” to 0.)

When changing such frequency-related settings as
“Frequency” (Cutoff Frequency) parameter in “STEREO
AUTO WAH,” “ISOLATOR & FILTER,” and similar
algorithms with “5tM1,” and with “StM2” assigned to
such parameters as “PEAK” and “RESONANCE,” you
can get even more dynamic changes. Furthermore, if you
set the number of Step Modulator steps (EndStep) to “2,”
and Trigger (Trig) to “1STEP,” the filter opens changes
each time you press [STEP MOD]. This way, you can get
an effect like that of switching preset filters.

The step modulator can control the specified effects para-
meter. Please understand; depending on the parameter
selection, there might be some switching noises while the
step modulator is working.




Utilizing the Step Modulator

Combining Delay-Related Effects

The delay effect Algorithms contain parameters for effect
sound volume (“FX Level” in “EZ DELAY,” “DELAY
RSS,” and “TAPE ECHO 201” and “Echo Level” in
“ANALOG DELAY & CHORUS"” as well as others). By
changing these with the Step Modulator, you can get the
effect of turning the delay on and off as the song pro-
gresses.

An Example Adding Delay in Only One
of Four Measures

Set up a song with a 4/4 time signature. Select a delay-
type effect for the song, and then carry out the following
procedure.

in the Effects Patch

« Assign an effect sound volume parameter (such as “FX
Level”) to “StM1.”

¢ Set “0 «-» 100" for the “StM1” effect value range.

« Set the other delay parameters on the deeper side.

In the Step Modulator
“Trig” — “SngPLY"”
“EndStep — '
“Valuel4” -~ “0,9,0, 100"
“BPM” -+ “SONG (Song Synchronization)”
“Step” — Whole Note.

In this state, when you start playback from the beginning
of the song, only one measure out of every four has the
delay sound added. With the algorithm one that can be
synchronized to the song tempo, this adds another inter-
esting effect.

Combining with the Virtual
Analog Synthesizer

By controlling the algorithm 20 “VIRTUAL ANALOG
SYNTH" with the Step Modulator, you can perform
Techno-style phrases with the sounds of a vintage syn-
thesizer played through an analog sequencer. In addi-
tion, using the ring modulation (p. 125} in time with the
rhythm gives you a variety of different effects.

An Example of Playing a Phrase
of Sixteenth Notes at BPM 140.0

Select an effects patch using the Algorithm 20 “VIRTUAL
ANALOG SYNTH” (such as Effects Patch P99), and
make the following settings. .

In the Effects Patch
= Assign “NoteNumber” to “StM1.”

* Turn on “Oscillator Key Follow” (Oc1 Pt. KF, Oc2 Pt. KF).

in the Step Modulator
“Trig” — “REPEAT"”
“EndStep»  “16"
“BPM" —+ “140.0”
“Step” —~ “ N
“Gate.T"” — “70%."

“Valuel-16" — “B2, A2, G2, F#2, B2, A2, G2, C3 TIE,
C3,G2,F2,C3,G2, F2, A2, C3”

When the "Note Number” of the Algorithm 20 “VIR-
TUAL ANALOG SYNTH" is assigned to the Step
Modulator signals (“StM1" and “StM2") the values are
not the numerals 0-127, but change to the names of the
sounds RST (Rest), TIE, D-, D#, E-, ..., F#9, G9.

» When “RST” is selected, the gate is not opened, which
results in a rest.

* When “TIE" is selected, the gate in the previous step is
held opened, resuiting in a tie.

In this example, the following sounds are played. (The
overall pitch can also be adjusted up or down within the
effects)

™ =
e
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About “Gate.T (Gate Time)”

When the Algorithm 20 “VIRTUAL ANALOG SYNTH" is
being controlled, you can set the way to turn the effect’s
(the synthesizer’s) “Triggerin” (ON: sounding/OFF:
stopped) “ON" or “OFF” with the Step Modulator. This
is the Gate Time.

EXTN (External Controf)
The effect’s (the synthesizer’s) “TriggerIn” is not turned
on or off at each step.

1%~100%:

The “TriggerIn” is turned on in time with the beginning
of each step in the Step Modulator. After that, it is turned
off until the next step. The interval between the time it is
turned on and then turn off is shortened as the value is
decreased, and lengthened as the value is increased.
Setting the value closer to 1% results in more of a stacca-
to (short and clipped) sound, nearer to 100% in tenuto
(long, drawn out) sound. {Please refer to the figure
below.)

LINK:

Running the Step Modulator turns “TriggerIn” on, and
stopping the Step Modulator turns it off. It cannot be
turned on and off for each step.

Change in the "Triggerin" ON/OFF status from the Gate.T setting

Sty St Ste Sty Sty
P ‘?p \ P \ P V?p

Gate.T Y
25% oFF
: ON
50% OFF
e ON
100% | ] | OFF
LINK__] 1 o
A R ¢
Start of the Step Modulator run Step Modulator stopped

The control using Gate Time is conducted independently of
“StM1” and "StM2.” Furthermore, when “StM1” or
“StM2" is also assigned to “TriggerIn,” control by the
Gate Time is given a priority. (When Gate Time is set to
“EXTN.,” it follows the control of “StM1” and "StM2.”
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Chapter 12 Other Convenient Functions

Starting the Sound with Releasing
the Track Mute Simultaneously

(Track Voice Reserve)

In normal operation during playback, the following can
occur:

» When pressing [STATUS] to switch from Mute status (unlit)
to Play status (illuminated in green), a moment elapses
between the time the mute is released and when the
sound begins to play.

* When, as you hold down a pad (or perform a similar action)
to keep the pad samples playing continuously, and press
[ » 1 (PLAYBACK), then all the pad sounds stop.

You can avoid these problems by turning on the Track
Voice Reserve function.

Turning On Track Voice Reserve

1. Press [SONG/TRACK].

2. Press [ + ] to select “Set Song Parameter?” and
press [ENTER/YES].

3. Press [+ ] or [ o] to select the “Tr.VolceReserve”
parameter.

4. Rotate the VALUE/TIME dial to set it to “ON.”
5. Press [PLAY] to return to the basic screens.

Track Voice Reserve is stored in each song. If you turn off
the power or switch to anather song without saving the
song( p. 72 ), any changes you have made will be voided.

MEND) The SP-808's internal sound production capabilities (four
stereo channels) are used both by the tracks (4) and pads,
and can be switched whenever desired. In normal use,
instances such as those mentioned above pose little problem.
However, in such situations as DJ performances, there are
times when the operator wants to use [STATUS] like the
channel Mute button on conventional audio mixers. (This
is for situations like when starting a sound playing right at
the start of a measure or for rapid switching between play
and stop). Furthermore, one could easily imagine wanting
to start a phrase loop playing at first, and then begin play-
back of the song at just the right timing. In such instances,
you can benefit from the Track Voice Reserve function.

The Effect of Turning on Track
Voice Reserve

During playback of a song, pressing [STATUS] of the
playing track(illuminated in green) switches the button
light to flashing green (MUTE). In this condition, press-
ing [STATUS] again returns the track status PLAY (the
button is illuminated in green again) and playback of the
sounds on the tracks begins instantly.

To set the track status MUTE ( [STATUS] of the
track flashes green ) before beginning playback of
the song, press [STATUS] of the track at PLAY
status (ilfuminated in green) while hold down [l ].

Pads (samples) being played continue to do so, even if [ » ]
(PLAYBACK) is pressed.

The following limits are applied while Track Voice
Reserve is “ON.”

* The number of pads that can be played simultaneously,
even when the song is stopped, is limited by the num-
ber of tracks whose [STATUS] are not illuminated.

» During playback, you cannot switch track’s [STATUS]
which is not illuminated(MUTE status) to illuminate in
green (PLAY status). You cannot switch the mute-status
track to play.

» During playback, the track’s [STATUS] which illuminates
green starts to flashing when [STATUS] is pressed. You
can not tum the track’s [STATUS] illumination.
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Naming the Pad Banks

One disk holds 64 pad banks. You can name any pad bank
using up to ten characters. Pad bank names are indicated
in the pad bank Edit screens for copying (p. 57), erasing (p.
56), and other functions. In addition, you can confirm the
name of the current pad bank in the “CONTRAST/INFO”
screen (hold down [SHIFT] and press [PLAY]).

It can be convenient to give the descriptive names to the
pad banks, like the ones shown below.

» Sample Types (“DrumLoop 1,” “Male Voice,” “SFX," efc.)

* Names of songs in that samples of the pad bank are used
the most

* Date of sampling or memo (such as “Aug.7, 97" or “5/12
9:30 p.m.")

Naming a Pad Bank

1. Call up the pad bank to be named (p. 26).

2. Press [SAMPLE/BANK], then press [v ] or[ a]to
select “Set Bank Param?”

3. Press [ENTER/YES].

4. Check to make sure that the parameter “Name” is
selected.

5. While pressing [ -] or [ — ] to move the character
position, rotate the VALUE/TIME dial or press the
pads to select the characters to be entered.

6. Press [PLAY] to return to the basic screens.

These changes are automatically saved to the disk when
the disk is ejected, as well as in other situations (no save
procedure is necessary).

Using the Pads as Character Entry Buttons

As in Step 5 above, when the cursor is positioned at a
pad bank name or the like, the pads then can be used as
character entry buttons. (In such instances, they do not
function as pads for expressing sounds.)

For example, with Pad [2] (DEF), the characters in the
series “2—+d —+ e - f—~ 2 —+ d — e..” are switched each
time the pad is pressed.

[13} (CAPS LOCK) The pad illumination is turned on or
off each time the pad is pressed. When illuminated it
functions as a CAPS LOCK (Capital Letters).

[14] (INS) Pressing this inserts a space and moves the
characters that come afterwards back one space.

[15] (DEL) Pressing this deletes a space and moves the
characters that come afterwards up one space.

[16] (BS) Pressing this deletes the character and then moves
the cursor to one space ahead of the current position.
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Protecting the Pad Bank’s 16
Samples

In order to prevent the pad samples being lost due to
mistakes in operations or from accidentally being over-
written, you can add protection by carrying out the
Protect procedure. When a pad bank (or sample within
the pad bank) is protected, the following takes place.

* When you try to sample, the waming message “Bank is
Protected.” appears in the display.

You cannot call up the setting parameter screen (such as
those called up when you press [SAMPLE/BANK]) and
select “Set Sample Param?” or “Set Bank Param?”

If you attempt to erase a pad bank or sample, or if you try to
edit the content in a pad bank, the waming message appears
in the display, and you cannot continue with the procedure.

When copying or moving pad banks or samples, and the
copy or move destination is designated, you cannot exe-
cute the procedure if the destination is protected.

» When renumbering the pad banks, if a selected number is
within a range of protected numbers, then you cannot exe-
cute the procedure.

When formatting disks, the protect wamning message is dis-
played repeatedly.

Adding and Removing Protection for Pad Banks

1. Press [SAMPLE/BANK], then press [ « ] to select
“Bank Protection.”

2. Press [ENTER/YES] to call the “TURN BANK PRO-
TECTION” screen, then select the Pad Bank with the
VALUE/TIME dial.

3. Confirm that “(Now OFF — Turn ON)” appears in the
display.

4. Press [ENTER/YES] to turn the protection on (pro-
tecting the pad bank).
To remove the protection, press [ENTER/YES] once
more in the same screen.

5. Press [PLAY] to return to the basic screens.

These changes are automatically saved to the disk, even
when the disk is removed, as well as in other situations
(no save procedure is necessary).

The Different Kind of Song Protection

You can also add protection to songs {p. 72). Since this
protects the song on the disk, you can still edit the song
data currently loaded into the SP-808. (Since this is in a
form that cannot be overwritten, this song is protected.)
In contrast, with protection of pad banks (including the
samples within), (because no save procedure is necessary
for saving samples and pad banks), changes are prevent-
ed by the SP-808.
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Rearranging Samples To
Prevent Empty Pads in the Pad

Bank (Renumber)

By using the Renumber function, you can move sam-
ples that scattered throughout Pads Banks 1-64 up
together to free up pad numbers for new use.

An Example

When Samples A, b, C, ..X, and Y are arranged on Pad
Banks 01-04 as shown below. ("-” indicates an empty
pad.)

[PAD #]
123 67 8 9 10111213141516
Bank0O1 [ABY-J-4-{-1CQ-1-4--0-4-0-1-1D
BankOZ;EF-----GHlJ---K
Banko3 [L]-1-1-[MIN]-T-TolP]-Ja[RIS]T]U
Bank04 [-B-0-0-1-1-Ivi-T-Iwixi-T-1-1-IYy

In contrast to this, by specifying as the selected range
Pad Banks 02 and 03, and then carrying out Renumber,
the result is as shown below.

[PAD #]

12345678 910111213141516
Bank01 (A¥B)-J-R-j-HCl-0-d-d-4-0-0-0-0D
Bank02 {EFFIGIH]TJJIKILIMINIOIPIQIRESET
BankO3 jUR-8-0-F-1-0-I-B-K-d-4-0-N-0-%-
BankO4 {-J-J-J-F-1-iVi-H-JWiXi-4-H-8-}Y

Banks 01 and 04 remain unchanged. Banks 02 and 03 are
stuffed with samples in from twards.

Rearranging Samples {Renumber)

1. Press [SAMPLE/BANK] and press [ « ] to select
“Renumber?”

2. Press [ENTER/YES].
The range of pad banks to be rearranged is indicated in
the display.

3. Press [ w ] or[ « ] and rotate the VALUE/TIME dial to
select the range of pad banks whose pad numbers
are to be loaded with moved samples.

Taking the example above, set “From” (the starting pad
bank number) with “02” and “To” (the end pad bank
number) with “03.”

4. Press [ENTER/YES].

The confirmation message “ARE YOU SURE?” appears
in the display.

5. Press [ENTER/YES] to execute the operation.

6. Press [PLAY] to return to the basic screens.

Connecting and Using a Foot
Switch

You can connect a foot switch to the Foot Switch jack and
use it for one of the following functions.

“PLAY/STOP” Start and stop of playing back song

“DAMPER"” For a damper pedal effect

“SAMPL TRIG” Playing designated samples in each
pad bank

“FX ON/OFF”  Turning effects on and off

“PUNCHV/O” Punching in and out during recording

Use the following procedure to switch among these func-
tions.

Switching Functions with the Foot Switch

1. Press [SYSTEM/DISK].

2. Check to make sure that “Set System Param?” is
selected, then press [ENTER/YES].

3. Press [ v ] or { o] to select the “FSW Func” (Foot
Switch Function) parameter.

4. Rotate the VALUE/TIME dial to select from
“PLAY/STOP,” "DAMPER,” “SAMPL TRIG,” “FX
ON/OFF,” or “PUNCH 1/0.”

5. Press [PLAY] to return to the basic screens. (These
changes are automatically saved to the disk when
the disk is ejected, as well as in other situations (no
save procedure is necessary).

These are system-common parameters, so only one setting
at a time can be made, regardless of the song or disk.

Starting and Stopping Song
Playback

In the procedure above, when “FSW Func” is set to
“PLAY/STOP,” the foot switch functions in the same
way as [ » ] (PLAYBACK) on the front panel. This way,
you can use the foot switch to start and stop playback.

» When you press the foot switch, playback of the song
begins, starting from the current song position indicated in
the display.

Press the foot switch during playback, and playback stops.
Press the foot switch once more to begin playback from the
point where it had stopped.

* The foot switch cannot be used for jumping to the begin-
ning or moving the position within the song. Use the but-
tons and VALUE/TIME dial on the SP-808 itself to do this.
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0000

Getting a Damper Pedal Effect

In the procedure above, when “Pad Play” (p. 36) is set to
“GATE,” the pads function like the keys of a keyboard
instrument: press to play, release to stop. At this time,
if “FSW Func” is set to “DAMPER,” (p. 140) you can use
the foot switch to get the same effect as a piano’s damper
pedal.

» While the foot swilch is pressed, the sound does not stop,
even if you release the pad.

» When you take your foot off the switch, the sound that was
being held then stops (if the pad is pressed continuously,
the pad sound keeps on playing. )

For the playback sound of the pads, the damper
pedal effect of the foot switch differs from the
[HOLD] effect on the panel. When you take your foot
off the switch, the held sound stops. When [HOLD] is on,
the sound continues even if you remove your hand from the
pad. If you press [HOLD] while pressing another pad, that
sound is added to the sound being held. The held sound is
removed only if you press [HOLD].

Playing Designated Samples in
Each Pad Bank

In the procedure above, when “FSW Func” is set to
“SAMPL TRIG,” you can use the foot switch to play pre-
determined samples in each pad bank.

Designating the Samples to Be Played
in Each Pad Bank with the Foot Switch

1. Call up the pad bank for selection.
2. Press [SAMPLE/BANK].

3. Press [ w]or[.a]to select “Set Bank Param?” and
press [ENTER/YES].

4. Press [ w]or[ a] to select the “FootSwAssign”
parameter,

5. Rotate the VALUE/TIME dial to select the'pad num-
bers (1-16).

6. Press [PLAY] to return to the basic screens. (These
changes are automatically saved to the disk when
the disk is ejected, as well as in other situations (no
save procedure is necessary).

The way to playback samples (Loop On or Off, stop play-
back by releasing your foot, keep on playing until pressing
the switch again, etc. ) depends of the setting of the sample
parameter.
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Turning Effects On and Off

In the procedure on p. 140, when “FSW Func” is set to
“FX ON/OFF,” the foot switch has the same function as
the REALTIME EFFECTS [ON/OFF] on the front panel.
This way, you can use the foot switch to turn effects on
and off.

 You can tum the effects on or off anytime, regardless of the
location of the effects.

« When the effects are on, REALTIME EFFECTS [ON/OFF]
is illuminated; when they are off, it is not illuminated.

Punching in and Out During
Recording

In the procedure on p. 140, when “FSW Func” is set to
“PUNCH 1/0,” the foot switch can be used to control
punching in and out when recording to the tracks. For
more detailed information, please refer to the procedure
described in “Using the Foot Switch to Punch In and
Out” in “Recording Over Only Selected Segments
(Punch-In and Punch-Out).” (p. 65, 76)

Switching the Foot Switch Input
(DP-2/GPl)

The Roland DP-2 (Pedal Switch) or the BOSS F5-5U can
be connected to the Foot Switch jack. Additionally, by
carrying out the following procedure to change the set-
tings, you can use the jack as a GPI (General Purpose
Interface) jack as well.

Using the Foot Switch Jack as a GPI Jack

1. Press [SYSTEM/DISK].

2. Check to make sure that “Set System Param?” is
selected, then press [ENTER/YES].

3. Press [« ]or[ a]to select the “FSW Type” parame-
ter.

4. Rotate the VALUE/TIME dial to switch “DP-2" to
“GPL”

5. Press [PLAY] to return to the basic screen.

6. Remove the disk, then turn the power off, then on
again.

This setting does not take effect until the power is first
turned off and then on again.

These are system-common parameters, so regardless of the
song or disk, only one setting can be made at a time.
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About GPI

GPI (General Purpose Interface) refers to a control jack
found on professional/consumer-use video peripheral
equipment, such as editing machines and titling devices.
By connecting a device that supports GPI to the SP-808,
the same functions as obtained with a foot switch (play-
back of samples and start/stop of songs) can be con-
trolled from the external device.

Setting the [SHIFT] Function as
“Press to Shift/Press Again to
Release”

While [SHIFT] is held down, the entire system goes into
Shift condition. In Shift condition, the functions of many
buttons change. (e.g. - In Shift condition, LOCATOR
[CLEAR] changes to [MIXER VIEW], which calls up the
Mixer screen.

The [SHIFT] function can be selected from the following
choices with the “ShiftLock” parameter.

IIOFFII
Shift condition is in effect only while [SHIFT] is held
down. Releasing the button restores the normal condi-
tions. (Factory Setting)

“QNCE”

Pressing [SHIFT] once holds the Shift condition. Once
any other button is pressed, the Shift function is carried
out one time, after which the function is lifted, and nor-
mal conditions are restored. Even if you press [SHIFT]
again, the Shift function is lifted, as well.

lloNII
Pressing [SHIFT] once holds the Shift condition.
Afterwards, the Shift condition is not lifted, even after
another button is pressed, using the Shift function. Press
[SHIFT] again to lift the function, restoring normal con-
ditions.

Selecting the Function for [SHIFT]

1. Press [SYSTEM/DISK] to call up the “System Edit
Menu” screen.

2. Check to make sure that “Set System Param?” is
selected. Press [ENTER/YES].

3. Press [ v ] or{ a]toselect the “ShiftLock” parame-
ter.

4. Rotate the VALUE/TIME dial to select from “OFF,”
“ONCE,” or “ON.”

5. Press [PLAY] to return to the basic screens. (These
changes are automatically saved to the disk when
the disk is ejected, as well as in other situations, and
no save procedure is necessary).

These are system-common parameters, so regardless of the
song or disk, only one setting can be made at a time.

141



Other Convenient Functions
w

Increasing Remaining System

Memory (Cleanup Disk)

On the SP-808 when you delete part of a song or pad
sample, the disk space (the remaining recording time)
does not increase right away. To increase the remaining
recording time, execute the Cleanup Disk function.
Cleanup Disk function deletes unneeded waveform data
completely from the disk.

Deleting Unexpressed Waveform Data From
the Disk to Increase the Remaining Recording Time

2.
3'

4,

5.

Press [SYSTEM/DISK], and press [v]or[a]to
select “Cleanup Disk?”

Press [ENTER/YES].

Rotate the VALUE/TIME dial to set “Type” to
“QUICK” or “STANDARD"”

QUICK: Deletes only waveforms which are not

used for playing back at all.

STANDARD: In addition to “QUICK,” this deletes the
waveform data which are not used for
playing back at the beginning and the
ending of each phrases in use.

Press [ENTER/YES]; the message “You Can NOT
Undo. ARE YOU SURE?” appears in the display.

Press [ENTER/YES] to execute Cleanup Disk.

The progress of the operation is indicated by a bar graph on

the screen. If you specify “QUICK" in Step 3, although the
number of the waveform to be deleted is limited, the process
is finished in comparatively less time.
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Disable Indicating the Saving
Confirmation Message at Disk

Ejection and Switching Songs

Normally, when you press the Fject button, the confir-
mation message “Save Current Song?” appears in the
display. If you press [ENTER/YES] in response, after the
process of saving the song by overwriting old material is
finished, the disk is ejected.

However, in such instances as during live performances,
you may want to exchange disks quickly, as with a CD
player. In such cases, you can press the disk’s Eject but-
ton to directly remove the disk. (At this time, as during
Select Song, no confirmation message is displayed.)

Eject a Disk Instantly After Press the Disk Eject Button,

Press [SYSTEM/DISK].

Check to make sure that “Set System Param?” is
selected, then press [ENTER/YES].

Press [ » ] or [ . ] to select the “SongSave Confirm”
parameter.

Rotate the VALUE/TIME dial to set this to “OFF.”

Press [PLAY] to return to the basic screens.

These changes are automatically saved to the disk when
the disk is ejected, as well as in other situations (no save
procedure is necessary).

(MEMO) These are system-common parameters, so regardless of the

song or disk, only one setting can be made at a time.
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Copying Effects Patches to
Other Disks

Sometimes you will want to use a User effects patch on
the disk to another song or sample on another disk. In
such instances, the Copy Effects Only function copies
the patch to another disk. This lets you copy a single
patch and assign it to a selected number of the another
disk. Furthermore, you can copy a whole of the 99 User
effects patches to make an exact duplicate disk.

Note that when you execute this function, the patch data of

1.

2.
3.

the copy destination number (or all patches) on the copy
destination disk is lost.

Insert the disk containing the copy source patch into
the SP-808's Zip drive.
Press [SYSTEM/DISK].

Press [ v ] or [ a ] to select “Copy FX Only?,” then
press [ENTER/YES].

COFY Fi
Source Patch
To Drive INTERMAL
Patch ALL

4.

6.

7.

9.

Press [ .~ ] 1o select “Source Patch” (the patch being
copied).
Rotate the VALUE/TIME dial to set the number (ALL,

U01-U99). To copy all of the patches to a separate
disk, select “ALL."”

Press [ « ] to select “(To) Patch” (the patch receiving
the copy).

Rotate the VALUE/TIME dial to set the number (ALL,
Uo1-U99). If “ALL" is selected in Step 4, then it is
automatically selected here (in all other cases, “ALL"
cannot be selected).

Press [ENTER/YES], and “Save Current Song?
(Overwrite Only.)” appears in the display.

Before ejecting the copy source disk, if you do not
want to save changes to the current song, press
[EXIT/NO]; if you want, the press [ENTER/YES].

If you press [EXIT/NO], then things are left as is. If you
press [ENTER/YES], then after overwriting and saving,
the disk is ejected. “Insert Destination Disk.” appears in
the display.

10. insert the copy destination disk.

“Copy FX Patches. ARE YOU SURE?” appears in the dis-
play.

11.Press [ENTER/YES].

The effects patch from the copy source disk (ejected in
Step 9) are copied to the specified patch numbers on the
disk inserted in Step 10.

If you press [EXIT/NO] at Step 11, “COPY FX Canceled.”

appears in the display for a few seconds and the process is
canceled, returning the SP-808 to the status that as just
after the power is turned on (with no disk).

With the optional OP808-01 (Multi I/O Expansion)
installed and an external Zip drive connected, you can
also specify the external drive as the “To Drive” in Step
3. (“EXT.ID5” and other information is indicated.)
Without the OP808-01, only the internal drive (INTER-
NAL) can be specified. Furthermore, the copy source is
always the internal drive.

When Specifying an External Zip Drive as
the Destination Drive

Continuing from Step 7 above:

Press [ENTER/YES].

“Copy FX Patches. ARE YOU SURE?” automatically
appears in the display.

Press [ENTER/YES].

The designated patches from the SP-808's disk are copied
to the specified patch numbers on the disk in the external
drive. (If there is no disk in the external drive, “Can’t
Execute.(No Disk.)” appears in the display, and you can-
not execute the copy.
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Other Convenient Functions

—

Create a Backup Disk Only
Use the Internal Drive

You will need to make an exact duplicate disk to back up
a disk includes your important songs or samples in case
of losing or corrupting your data accidentally or disk’s
span of use. Basically, making a backup disk is executed
by using the Multi I/O Expansion (SP-808-OP1) and the
external Zip drive.

However, if you do not have these devices, you can
make a backup disk only using the internal drive and the
internal memory. In this case, we are regretted about that
you have to take a while to repeat insert and eject a copy
source disk and a copy destination disk alternately 64
times.

Please read “Making Duplicate Disks with the Copy
Disk All Function” on p. 148 for detailed procedure.
The description in the section “When you select [INTER-
MAL] (Internal drive) in Step 4... ” and the following
steps mentioned before are explained how to make a
back up disk.
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Confirm or Specify the Tempo
by the Tapping Button Interval

While hold down [SHIFT] and tap [HOLD] repeatedly
along with the desired rate (tempo), that tempo is shown
on the display by BPM unit.

This is convenient when you want to know the tempo
BPM value which you are going to create.

In the following situations, you can set the tempo by the
procedure described above, instead of inputting by the
VALUE/TIME dial.

« When “Tempo” value is selected in the Tempo Map screen
p. 71).

« When “NewBPM” value is selected in the Stretch Time
screen (p. 52).



Chapter 13 Functions Using the Multi /0 Expansion

The optional Multi VO Expansion SP808-OP1 can be installed in the SP-808’s rear panel. The SP808-OF1 is an
expansion kit adding functions that let you connect external digital devices to the SP-808 and get direct outputs
from the tracks.

L GRS H - TN Ss 1

FOOT N})’("Ui: D_ _F!ASTLR
SWTCH 3

SP808-OP1
Multi VO Expansion

Installing the SP808-OP1 Multi
I/O Ex ansion « Use analog inputs (MIC/LINE IN) and digital inputs (DIGI-

For more information about installing the SP808-OP1, TAL IN1, DIGITAL IN2) simultaneously (The outputs may
consult your SP-808 dealer or nearest Roland service cen- be used simultanecusly).
ter.
¢ Use DIGITAL IN 1 (coaxial connector) and DIGITAL IN 2
When the SPB08-OP1 is installed, it takes a moment for (optical connector) simuitaneously (The outputs may be
checking connection of the SCSI devices to start up. used simuitaneously).
« Output anything but the MASTER OUT (AUX OUT or direct
o out from the tracks) from digital outputs (DIGITAL OUT 1,
What You Can Do with the s Gt oy o el ot {
L] . -
SP808-OP1 Multi I/O Expansion 5
) » Perform data backup of the SP-808 through a digital con-
With the SP808-OP1 installed, you can enjoy the follow- nection to a DAT recorder or similar device.
ing functions.

Use Vari-Pitch while one of DIGITAL IN is in use.

Make digital (S/P DIF) connections with digital audio
devices (CD players, MD players, and DAT recorders). You
can perform sampling and mixdown in the digital-domain

Use DIGITAL IN/OUT with converting sample rate.

without declining the sound quality. » Connect to any device (such as hard disks, CD-R drives,
personal computers, and other SP-808s) except for an
« Connect a SCSl-type Zip drive and create backup disks external SCSI-type Zip drive.
(duplications of the disk in the internal drive) easier and
quicker. « Insert disks used for other purposes (such as disks for

other samplers or for personal computers) into the external
« Salect songs and samples on external Zip disks and load Zip drive and load sound data to the intemal drive.
them on the SP-808's interal drive.

Record (or perform sampling) directly to a disk in an exter-
« Qutput the sounds of each track separately. This is conve- nal Zip drive.
nient when you want to use the SP-808 in combination with
an external audio mixer.

Play back songs or samples directly from a disk in the
external Zip drive.
(8OTE) The following functions are not available, even

with the SP808-OP1 Multi /O Expansion installed.
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Using the DIGITAL IN and OUT
Connectors

Installation of the SP808-OP1 extends the DIGITAL IN
and OUT connectors in coaxial type (DIGITAL 1) and
optical type (DIGITAL 2).

Only digital audio devices conforming to S/P DIF
(Sony/Philips Digital Interface Format) can be connected
to the DIGITAL IN and OUT connectors. (Many general
digital audio devices which feature the same form of dig-
ital stereo input and output connectors as the SP808-OP1,
are conforming to S/P DIF. Take note, some multitrack
recorders, even having the same connector type, feature
a different transmission format.)

Using the DIGITAL IN

The inputs LINE IN (or MIC IN), the DIGITAL 1 (coaxi-
al) and DIGITAL 2 (optical) connectors cannot be
used simultaneously. To receive digital audio signals
from the DIGITAL IN connectors, switch the connectors
using the following procedure.

AUX IN and DIGITAL IN can be used simultaneously.

Before carrying out the procedure to switch the connectors,
first connect the SP-808’s DIGITAL IN connector with the
DIGITAL OUT connector of the external device, using a
commercially available audio coaxial cable or optical cable
for digital audio signal to connect them.

Selecting the Input Source

1. Press [SYSTEM/DISK].

2. Check to make sure that “Set System Param?” Is
selected, then press [ENTER/YES].

3. Confirm that “InputSource” is selected.

4, Rotate the VALUE/TIME dial to select “MIC/LINE” (ana-
log), “DIGITAL1” {coaxial), or “DIGITAL2" (optical).

5. Press [PLAY] to return to the basic screens. (This
change is automatically saved to the disk when the
disk is ejected, as well as in other situations, so no
save procedure is necessary).

If no signal is coming in through the DIGITAL IN con-
nectors, then wait for a few seconds at Step 4, the mes-
sage “D.In Unlock. Use Analog In?” appears in the dis-
play. (This is indicated when, for example, the connec-
tions are not properly made, or when the power of the
connected device is turned off.) Press [ENTER/YES],
switching to the analog inputs (MIC/LINE), and return-
ing to the screen at Step 3.

If [ENTER/YES] is not pressed, the message stays on the
screen while the SP-808 waits for the digital audio signal
to receive correctly. As soon as receiving the signal,
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“D.In Locked.” appears in the display, indicating that the
connection has been made properly.

If the signals fail to send to the connectors properly while
DIGITAL IN is in use, “D.In Unlock. Use Analog In?”
reappears in the display as well. At this point, the cur-
rent operation, whether playback, recording, or another
procedure, is canceled or stopped.

If there is no SP808-OP1 installed, then DIGITAL 1 and
DIGITAL 2 cannot be selected.

These are system-common parameters, so only one setting
at a time can be made, regardless of the song or disk. These
settings are automatically saved whenever the disk is eject-
ed, as well as in other situations.

Only the digital audio signals that have the same
sample rate as; which are specified at the format
the Zip disk currently in use, can be accepted. For
example, when receiving digital audio signals from a CD
player (at a sample rate of 44.1. kHz), if the Zip disk in the
SP-808 is formatted at 32 kHz, then “Wrong Sample Rate.”
appears in the display at Step 4, and the SP-808 is forced to
switch to the analog inputs (MIC/LINE).

When receiving digital audio signals from devices that use
the Vari-Pitch function (such as Roland’s VS series hard
disk recorders), turn off the Vari-Pitch function of the send-
ing device. If due to the Vari-Pitch the actual sample rate
exceeds 44.1 kHz, the receiving SP-808 may malfunction,
and playback equipment as well as your ears may suffer
damage from the resulting noise.

Using the DIGITAL OUT

The extended DIGITAL OUT 1 and DIGITAL OUT 2 con-
nectors output the same sound signals as the analog MAS-
TER OUT, but in digital form. All outputs (including the
analog output) can be used simultaneously. Connect the
DIGITAL IN connector of a DAT recorder or MD recorder,
using a commercially available coaxial cable or optical
cable for digital audio signal to connect the devices.

Preventing Digital Copying of
Finished Works

When recording to DAT recorders or MD recorders using
the digital connection (such as when mixing down), you
can prevent any digital copies of the finished product
(tapes or MDs) to another. This function is called Digital
Copy Protect. You can have DATs or MDs recorded
through a digital connection with the SP-808 act the same
way as digital copies on MDs recorded from CD players.

With commercial audio CDs, only one generation of digital
copying onto DAT tapes or MDs (child/daughter) from
CDs (parent/mother) can be made. The reproduced sound
recorded with a digital connection cannot then be rerecord-
ed with a digital connection again (creating another MDs
(grandchild/granddaughter) from the MDs (child/daughter) ).
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Applying Digital Copy Protect

1. Press [SYSTEM/DISK].

2. Check to make sure that “Set System Param?” is
selected, then press [ENTER/YES].

3. Press| + ] to select “D.CopyProtect.”

4. Rotate the VALUE/TIME dial to set this to “ON.”

Digital copying of DATs and MDs recorded through dig-
ital connections is prevented.

5. Press [PLAY] to return to the basic screens.

These settings are automatically saved to the disk when
the disk is ejected, as well as in other situations, so no
save procedure is necessary).

With the above procedure, you can prevent your digital-
ly copied master tapes from being copied further onto
another DAT or MD.

Initial DAT recorders may be completely unable to record
digital audio signals from the SP-808's DIGITAL OUT, if
the Digital Copy Protect is “ON.” These are recorders that
are not compatible with SCMS (a currently popular copy-
right protection system). In such instances, record with
Digital Copy Protect turned off. Furthermore, even with
Digital Copy Protect turned off, recordings via digital con-
nection cannot be made on recorders with inconsistent sam-
ple rates (44.1 kHz or 32 kHz on the SP-808).

Functions Using the External

Zip Drive (SCSI Connection)

An external Zip drive can connect to the extended SCSI
connector on the SP808-OP1. This allows copying of sam-
ples and songs from disk to disk. Furthermore, this per-
mits the creation of backup disks easier and quicker to
safeguard against the loss of data from damaged or old
disks.

Zip drives are precision devices. Improper connection or use
may result in malfunction, corrupted data, or damage to the
unit. Be sure to carefully read the owner’s manual for the
Zip drive as well.

Connecting the Zip Drive

After first turning off the power of all devices, cornnect
the SP-808 and the Zip drive as shown in the illustration,
taking care to secure the connectors by fastening the
screws firmly. Do not plug or unplug the SCSI cable
while the power is on.

RO S, AR =X
) @ O 56 8¢
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When finished the connections and confirm the Zip drive
SCSI ID number and terminator settings (mentioned
below), turn on the power of the equipment.

When turning on the power, always turn on the Zip
drive before the SP-808.

When connecting the Zip drive, use an appropriate 5CSI
cable (such as the original cable provided with the Zip
drive) that fulfills the conditions listed below.

« Connectors on both ends of the SCSI cable must be DB-25
type (take care not to use similar-looking serial cables).

» The cable should be as short as possible.

« it must have the correct impedance (110 chms +10%) and
be completely shielded.
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L

Number of 5CSI Devices That Can Be Connected Creal'ing a BaCkUP DiSk

In general, a maximum of eight SCSI devices can be con-
nected in any one series (SCSI chain). However, with the
SP-808, that number is limited to three, the SP-808 itself
and up to two Zip drives. Zip drives are the only SCSI
devices that can be connected to the SP-808.
Furthermore, “5” and “6” are the only SCSI ID numbers
(see following item) that can be assigned to these Zip dri-
ves (as of 2/98).

Se-808
(Ip 7)

In general, in order to have devices connected with SCSI
connections work properly, a terminator must be
attached only to the last device in a SCSI chain. The SP-
808 and Zip drive feature built-in terminators.

Since the SP-808 is always one of the last device in the
SCSI chain, the terminator is always on. When connect-
ing only one Zip drive, also switch that Zip drive’s termi-
nator to “On.” When connecting two Zip drives, switch
on the terminator only of the drive at the other end of the
SCSI chain (the drive connected by only one cable).

For instructions on how fo turn the Zip drives” terminators

on and off, please refer to your Zip drive owner’s manual.

Do not double the terminators (for example, do not attach a

separate external terminator to a Zip drive when its inter-
nal terminator is switched on).
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A Zip disk Is an expendable product, so its period of
usefulness is not unlimited. Before your important
songs or samples are lost, or before the data can be cor-
rupted, use an external Zip drive to make exact duplicate
disks thus backing up the data.

The backup procedure deletes all former data on the destina-

tion disk. However, you can use Zip disks that are not for-
matted for use with the SP-808 for this operation. Make
sure that you do not mistakenly use disks con-
taining data you want to keep for backup.

Making Duplicate Disks with the Copy Disk All Function

1. Insert the copy source disk in the internal drive.
2. Press [SYSTEM/DISK}, the press[w]or[a]to
select “Copy Disk All?”
Terminator: OFF  Terminator: ON 3. Press [ENTER/YES].
4. Rotate the VALUE/TIME dial to specify the copy des-
tination drive (To Drive).
Setting the SCSI ID Number The SCSI ID number, such as “EXT.ID5,” appears in the
display.
Devices connected with SCSI connections are distin- play .
guished by what are known as SCS! ID numbers (0-7). 5. Press| v ] to move to the “Verify” parameter.
In order to have each SCSI device operate properly, itis 6, Rotate the VALUE/TIME dial to select either “ON" or
necessary to set the SCSI ID numbers for each of the “OFE."”
SCSI-connected devices so that no two devices have
the same SCSI ID number. ON: This confirms that the copy is done correctly dur-
The SP-808’s SCSI ID number is fixed at “7.” Set the ing the process. This ensures that copies are true
SCSI ID numbers for any connected Zip drives so that duplicates.
they are not shared by any other connected device. (For 5 . . .
instructions on how to set the Zip drives’ SCSI ID num- OFE: The cop y s not checked. Copying takes less time
L , when this is selected.
bers, please refer to your Zip drive owner’s manual.)
7. Insert the copy destination disk in the external Zip
5CS! Terminators drive.
8. Press [ENTER/YES] twice.

All contents of the internal drive are copied to the disk in
the external Zip drive.

With Verify turned off, copying takes approximately four
and a half minutes; with Verify on, it takes about seven
minutes.

When Verify is on, if an error is detected, “Verify Error.”

appears in the display, and copying is canceled. If when you
try again but the problem still reappears, the disk itself may
be damaged (or too old). In addition, this problem may arise
if SCSI connections (choice of cables and terminator set-
tings ) are not appropriate.

When you select INTERNAL (Internal drive) in Step

4, you can make a backup disk only by the inter-
nal drive. You do not need to connect the external drive.
In this case, the procedure after Step 9 is changed described
as below. (In this case, the Verify function is disabled.)
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9. Press [ENTER/YES] to start the disk copy process. In
a few seconds the disk is ejected, then “Insert
Destination Disk.” is appeared.

10. insert the destination disk and press [ENTER/YES].
In a few seconds, the disk is ejected and “Insert Source
Disk.” is appeared.

11.Insert the destination disk again, the message in
Step 9 is reappeared.

12, Follow the indication and repeat insert and eject the
disk 64 times.

13. "Disk Copy Completed.” is appeared then back to the
initial (before the procedure) condition.

Finish the saving procedure before starting the disk copy if
the called song or Effects Patches are in change.

Loading Samples from an
External Zip Drive

You can load samples, either single samples or pad banks,
from a disk in an external Zip drive to the disk in the inter-
nal drive. This process is called Load External Sample.

This function always loads data from the external
drive to the internal drive. In the Copy Disk All and Copy
Effect processes, the flow of data is in the opposite direction.

The Load External Sample Process

1. Insert the disk containing the pad bank (or sample)
to be loaded in the external Zip drive.

2. Press [SYSTEM/DISK], then press [ + ] to select
“Load Ext. Sample?”

3. Press [ENTER/YES].

4. If there is more than one Zip drive connected, rotate
the VALUE/TIME dial to specify “From Drive” (the
source drive).

The SCSI ID number, such as “EXT.ID5,” appears in the
display.

5. Press|[ v ]or|[ . ]toselect “Source.”

6. Rotate the VALUE/TIME dial to specify the pad bank
and sample to be loaded. Press [ <] or [~ ] to
select to either the pad bank or a sample.

The “**” in “BANK**- #” indicates the pad bank number
(01-64 or ALL) to be loaded; “#” refers to a single sample
pad number (1-16 or ALL).

7. Press [ + ] to select “To Int.” (the destination pad
bank or sample), then rotate the VALUE/TIME dial to
select the pad bank or sample on the SP-808’s drive.

If “ALL" is selected in Step 6, then “ALL" is automatical-
ly selected for the load destination as well (otherwise,
“ALL"” cannot be selected).

8. Press [ENTER/YES] to start the loading process.
When “ALL” is specified for the pad bank or sample for

loading, the confirmation message “ARE YOU SURE?”
appears in the display. In addition, if when loading only
one sample if other sample already exists at the load des-
tination, the confirmation message for overwriting is dis-
played. Press [ENTER/YES] in either case to start the
load.

9. Press [PLAY] to return to the basic screen.

If in Step 6, if you specify only one sample, then you cannot
designate a number for a sample that doesn’t exist in the
load source. (You can specify “ALL” without regard to the
presence or absence of particular samples).

If you select “ALL,"” then even a blank disk will be
loaded as is.)

If in Step 6 you select “ALL" for the load source pad banks
and then execute the load, then all of the pad banks and ail
of the samples are loaded onto the disk in the internal drive.
Note that any pad samples that had been on the disk in the
internal drive are lost. (This does not affect the sounds on
the tracks.)

Loading Songs from an External
Zip Drive

You can load songs from disks in the external Zip drive
to the internal drive one song at a time. This process is
known as Load External Song. When loading a song
(the arrangement of phrases and mixer settings) the
sounds (waves) used in the song’s phrases are also
loaded to the disk in the internal drive.

This function always loads data from the external
drive to the internal drive. In the Copy Disk All and
Copy Effect processes, the flow of data is in the opposite
direction.

The Load External Song Process

1. Insert the disk containing the song to be loaded in
the external Zip drive.

2. Press [SYSTEM/DISK], then press [ « ] to select
“Load Ext. Song?”

3. Press [ENTER/YES].

4, If there is more than one Zip drive connected, rotate
the VALUE/TIME dial to specify “From Drive” (the
source drive).

The SCSI ID number, such as “EXT.ID5,” appears in the
display.

5. Press[ v ]or[ a ]toselect “Source.”

6. Rotate the VALUE/TIME dial to specify the song to be
loaded (01-64 or ALL). When a number is selected,
the song name is also displayed.

7. Press [ENTER/YES] to start the loading process.

8. Press [PLAY] to return to the basic screen.
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You cannot specify the song’s load destination number. The
lowest available number is selected automatically.
Therefore, no preexisting songs are lost by being overwrit-
ten.

Sometimes messages such as “Disk Full.” or “Can’t Make
New Wave.” indicating insufficient memory may appear in
the display. In such instances, you may be able to accom-
plish loading after first deleting any unneeded material on
the disk in the internal drive, and then carrying out the
Cleanup Disk procedure (p. 46). You may also be prevented
from loading all the songs on the disk when the message
“Owver 64 Songs.” is displayed. In this case, load the songs
one at a time until all available song numbers are used.
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Outputting the Sounds on Each
Track Separately

Installing the SP808-OF1 lets you available with stereo
direct output jacks for Tracks A, B, and C (“TRACK
OUTPUT” A-LR, B-LR, C-LR). This is convenient when
you want to use the SP-808 in combination with an exter-
nal audio mixer.

The sounds on each of the three tracks is output at the
levels at which they were recorded.

The channel faders are disabled.

If Track Voice Reserve (p. 137) is turned on, the sounds are
always sent whether the [STATUS] is lit green or not.

The monitor sound recorded at the time of recording is out-
put.

The dedicated Track D direct output jack is not enabled. If
necessary, you can switch the OutJackMode settings so
that the AUX OUT jack is used as the Track D output.

Switching the AUX OUT Connector to Function
as the Track D Direct Output
1. Hold down [SHIFT] and press [MUTE] to call up the

“MIX COMMON?” screen.

2. Press [ + ] repeatedly to select “OutJackMode™ in
“AUX In&Out,” the third screen.

3. Rotate the VALUE/TIME dial to select “TRACK D.”

4. Press [PLAY] to return to the basic screens.

These changes are saved to the disk as part of the song
data.



Chapter 14 Linking with Other MIDI Devices

About MIDI

MID], short for Musical Instrument Digital Interface, is a
universal standard allowing for the exchange of perfor-
mance information among electronic instruments and
computers. The SP-808, which conforms to the MIDI
standard, is equipped with two MIDI connectors, MIDI
IN and MIDI OUT (providing MIDI THRU as well). By
using these connectors to connect to other MIDI devices,
a variety of applications are possible.

About the MIDI Implementation Chart
The MIDI implementation chart (p. 176) allows you to
quickly check the MIDI messages that the SP-808 can
send and receive. Compare the implementation charts of
the SP-808 and other MIDI devices, and use the messages
that both of them are capable of communicating.

For more detailed information on the SP-808's MIDI speci-
fications, please refer to “MIDI Implementation.”

Switching the MIDI OUT/THRU
Connector
Generally there are three types of MIDI connectors.

MIDI IN:
MIDI messages from other MIDI devices are received
here.

MIDI OUT:
MIDI messages from the SP-808 are sent out here.

MIDI THRU:
This sends out MIDI messages received at MIDIIN as is.

On the SP-808, MIDI OUT and MIDI THRU are com-
bined into one connector. Although this connector is set
at the factory to MIDI OUT, it can be changed as needed.

Switching MIDI OUT/THRU

1. Press [SYSTEM/DISK] and then press [ + ] to select
the “Set MIDI Param?”

2. Press [ENTER/YES] to call up the MIDI settings
screen.

3. Press|[w ]or|[ a ]toselect “Out/Thru Select.”

4. Rotate the VALUE/TIME dial to set either “OUT” or
“THRU.”
5. Press [PLAY] to return to the basic screens.

This setting is automatically saved whenever the disk is
gjected, as well as in other situations.

Using MIDI to Control the SP-
808 from Another Device

With the SP-808, you can carry out the following opera-
tions with MIDI messages from another MIDI device.

L]
Playing Samples

You can play the sixteen different samples in the selected
pad bank with MIDI Note Messages sent to the SP-808
from a keyboard, drum pads, or other MIDI device.

To play the SP-808’s samples, one of the MIDI Channels
1-10 is selected. (MIDI Channels 11-16 are used by the
mixer section and parts.)

(MEMD) In general, in the exchange of MIDI messages, it is neces-
sary to match the MIDI channels of the sending and
receiving devices. MIDI channels 1-16 are used for this.

Changing the MIDI Channel Used for Playing Samples

1. Press [SYSTEM/DISK] and then press [ « ] to select
the “Set MIDI Param?”

2. Press [ENTER/YES] to call up the MID! settings
screen,

3. Check to make sure “Pads Rx Ch.” Is selected.

4, Rotate the VALUE/TIME dial to select the channel
(1-10).
If set to “OFF,” then no samples are played, regardless of
the channel.

5. Press [PLAY] to return to the basic screens.

This setting is automatically saved whenever the disk is
ejected, as well as in other situations.

MIDI Note Messages cannot be sent by tapping the SP-
808’s pads.

The following shows the correspondence between the
pads and MIDI Note Numbers (numbers indicating key
position) as set at the factory. These settings determine
which of the SP-808's pads is played when, for example,
a key on a connected keyboard is played.

Pad | 1 213141516178
MIDI | C3 |C#3| D3 [D#3| E3 | F3 |F#3 | G3
Note | 48 | 46 | 50 | 51 [ 52 | 53 {54 | 55
Pad | 9 110111112113 1415116

MIDI | G#3]| A3 |A#3| B3 | C4 |C#4| D3 |D#3
Note | 56 | 57 | 58 | 59 | 60 | 61 | 62 | 63

MIDI Note Numbers use the pads’ 16 numbers in
sequence. You are free to set the key you wish to assign
the first pad (Pad [1]).
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Changing the Correspondence Between
the Pads and Note Numbers

1. Press [SYSTEM/DISK] and then press [ + ] to seiect
the “Set MIDI Param?”

2. Press [ENTER/YES]).
3. Select “Rx Note (Pad1)” by pressing[ a Jor[ = ].

4. Rotate the VALUE/TIME dlal to select the note num-
ber.

5. Press [PLAY] to return to the basic screens.

This setting is automatically saved whenever the disk is
ejected, as well as in other situations.

Switching Pad Banks

Only the sixteen samples in the selected pad bank are
played using MIDI Note Messages. To change the pad
bank, use Program Change Messages.

Program numbers 1-64 are effective when sent to the SP-
808 for this purpose. These numbers are used in
sequence to select Pad Bank 1 through Bank 64. Program
numbers 65-128 are ignored.

SP-808 takes a few short time from receiving program
change to switch the pad banks.

Switching the Effects Patches

You can switch the effects patches in the SP-808 by using
Control Change Message and Program Change
Message in MIDI Channel 11 from other external MIDI
device.

MIDI Channel 11 is the channel used for switching effects
patches. This cannot be changed.

Selecting the Preset Patches (PO1-P99)

1. Send Controller Number 0 with a control change
value of 0 to the SP-808.

N

. Send a program change to the SP-808 with the
effects patch number (1-99) as the program number.

Selecting the User Patches {(U01-U99)

1. Send Controller Number 0 with a control change
value of 64 to the SP-808.

2. Send a program change to the SP-808 with the
effects patch number (1-99) as the program number.

Selecting the Master Filter/lIsolator

1. Send Controlier Number 0 with a control change
value of 64 to the SP-808.

2. Send a program change to the SP-808 with Program
Number 100.

When selecting Preset patches, Program Changes 100-128
are ignored. When selecting Lser patches, program
Changes 101128 are also ignored.

If you send only program changes without sending the
Controller Number 0, effects patches in the currently select-
ed Preset patches or User patches are played.

Playing the Internal Effects
Virtual Synthesizer

You can send MIDI Note Messages from a keyboard or
sequencer to play the internal effects virtual synthesizer.
Select an effects patch that uses Algorithm 20 “VIRTUAL
ANALOG SYNTH” (e. g. P99 “20 » AnlgSyn”). Set the
“Trigger In” is to “On,” the synthesizer sounds are
played. In this condition, when MIDI Note Messages on
MIDI Channel 11 are received, the synthesizer sounds
corresponding to note numbers are played.

MIDI Channel 11 is used for this function. This cannot be
changed.

For more on MIDI messages other than those corresponding
to notes, please refer to the MIDI Implementation Chart.

Changing Mixer Settings

You can change settings in the mixer section with MIDI
Control Change Messages sent from MIDI sequencers or
other MIDI devices.

The MIDI channels as assigned as shown below. The
functions of MIDI Channels 11-16 are fixed and cannot
be changed.

Channels 1-10 are selected for use with the pads (p. 151):
Pad Bank

Channel 11: MASTER OUT

Channels 12-15: Tracks A, B, C, and D, in order

Channel 16: MIC/LINE fader (for input other than

AUXIN)

The volume, stereo balance, and signal levels sent to the
internal effects and AUX OUT can be set with Control
Change Messages.
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The mixer section does not include the following
functions,

* Sending the pad sounds to AUX OUT
+ Sending from MASTER OUT to AUX OUT

+ Sending from MASTER OUT to effects in the Send/Retum
position

Except when set to MASTER OUT, MIDI Channel 11 can
also be used even for switching effects patches. (p. 152)

The following Controller Numbers are use for control-
ling of the mixer.

Controller Number  Control Object

7 Each channel faders
10 Stereo balance
(1 (Left)-64 (Center)-128 (Right))
91 Signal level sent to the internal
effects (Send/Return method)
92 Signal level sent to AUX OUT

For example, if the SP-808 receives a Control Change
Message with a Control Number 91 and a value of 0
through MIDI Channel 13, then the signal level sent to
the channel effects of Track B instantly becomes 0.

When these mixer settings are changed on the SP-808, sim-
ilar Control Change Messages are sent from MIDI OUT.
(You can turn this off when not needed. From
[SYSTEM/DISK], select “Set MID] Param?" to call up the
MIDI screen, and set the “Mixer,D-Beam” parameter to
“STOP.”)

Synchronization with a
Sequencer or Drum Machine

By synchronizing the song tempo with a MIDI sequencer
or other MIDI device, you can add the SP-808’s audio
phrases to MIDI performances. Additionally, you can
also synchronize the SP-808 to MTC-compatible multi-
track recorders or video equipment.

Synchronization Types
(MTC/MIDI Clock)

You can play back and record SP-808 songs while syn-
chronized with a MIDI sequencer or other MIDI device.
There are two ways to achieve synchronization.

= Using MTC (MIDI Time Code) (p. 154, 155)
¢ Using MIDI Clock (p. 154)

With the SP-808 as a slave and another device as a mas-
ter, only MTC synchronization is possible.

The device which controlling synchronization (the machine
sending MIDI messages controlling time or tempo) is
referred to as the master, and the machine which receiving
and following these messages is known as the slave.

What is MTC?

MTC (MIDI Time Code) refers to MIDI messages prepared
for precise synchronization of MIDI devices with such
machines as professional tape recorders and video equip-
ment. The master sends absolute time (Hours/Minutes/
Seconds/Frames from the top), and the slave changes its
time to match. In order of use MTC, the other machine also
must be compatible with MTC synchronization.

Because the slave device (and this can mean a MIDI
sequencer) functions according to its own internal tempo
management, the true measure and beat may not be coin-
cided that which is displayed.

What is MIDI Clock?

MIDI Clock is MIDI information prepared mainly for the
purpose of synchronizing performances of MIDI
sequencers or drum machines. The master device sends
clock messages at intervals conforming to its own tempo,
and the slave acts according to those messages. (Imagine
the master clapping its hands, and the slave performing to
the beat.) The SP-808, based on measure bars, also sends
the MIDI Clock information reflecting tempo changes aris-
ing from use of the Vari-Pitch function. When synchroniz-
ing with the drum machine as slave, the drum machine’s
tempo ends up following the SP-808’s Vari-Pitch.
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When synchronizing with MTC, the 5P-808 can act as
either master or slave. Furthermore, to get the measure
displays of the SP-808 and the other MIDI device to coin-
cide, the measure bars of both devices must be coinci-
dent. The actual progress of the SP-808's measures is
determined by each of the parameters in the Tempo Map
(p. 71), BPM Tune (p. 70), and Vari-Pitch (p. 39). When
aligning the display of the measure bars, first match
these settings to those in the synchronizing device.

The synchronization settings are saved as one part of the
song data and the settings for each song can be recalled
when the song is selected.

Synchronizing Another MIDI Device
to the SP-808 (MTC, MIDI Clock)

Using MTC to Synchronize Another Device
with the SP-808 as Master

1. Confirm that the MIDI OUT/THRU connector is set to
MIDf OUT (p. 151).

2. Connect the SP-808’s MIDI OUT to the MID! IN of the
other device (such as a MiDl sequencer) with a MIDI
cable.

3. Set the SP-808's MiDl-related parameters (including
SyncSource and MTC Type, see next item tfor
details).

4. Set the other device as the slave for MTC synchro-
nization (refer to the owner’s manual for the other
device).

5. Put the other device in standby status so that it is
prepared for synchronized action (refer to the
owner’s manual for the other device).

6. Begin playback of a song on the SP-808.

The song of the other device is started and synchronized
with SP-808.

Setting the SP-808's Parameters about

the MIDI Synchronization

1. Press [SONG/TRACK], then press [ « ] to select “Set
Song Param?”

2. Press [ENTER/YES].

3. Press [ w]or [ .a]to select the “SyncSource” para-
meter, and rotate the VALUE/TIME dial until “INTER-
NAL” appears.

INTERNAL: The SP-808 is set as the master. SP-808 runs
according to its own time management.

EXT.MTC: This makes the SP-808 as the slave. It runs
according to the MTC received from the
other device.

4. Press [ =] to select “(Sync) Out” and rotate the
VALUE/TIME dial until “MTC” appears.
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“(Sync) Out” sets the type of synchronization signal sent

from the MIDI OUT connector.

OFF: Synchronization signals are not sent.
MIDI CLK: MIDI Clock is sent.

MTC: MIDI Time Code is sent.

5. Press [ » ] to select “MTC Type” and rotate the
VALUE/TIME dial to select the type of MTC that
matches the format of the other device.

30: 30 frames per second
Pro audio equipment, NTSC format (U.S. and
Japan) black and white video devices, etc.

29.97N: 29.97 frames per second, non-drop format
NTSC format color video devices and other
machines

29.97D: 29.97 frames per second, drop format
NTSC format color video devices for broadcast
and other machines

25: 25 frames per second
SECOM/PAL format (Europe and elsewhere)
video and audio devices, film, etc.

24: 24 frames per second
U.S. film and other applications

6. Press [PLAY] to return to the baslc screens.
To save the settings, hold down [SHIFT] and press
[ENTER/YES] to call up the Save screen, then save the
song (p. 72).

Be absolutely sure to set the same type of MTC for both
machines.

The MTC sent by the SP-808 has Oh/Om/0s/0f at the begin-
ning of the song. However, when MTC Offset (p. 156) is
selected, this time will follow the setting for the MTC Offset.

Using MIDI Clock to Synchronize Another Device
with the 5P-808 as Master

1. Confirm that the MIiDI OUT/THRU connector is set to
MIDI OUT (p. 151).

2. Connect the SP-808’s MID! OUT to the MID! IN of the
other device (such as a MIDI sequencer) with a MIDI
cable.

3. Press [SONG/TRACK], then press [ + ] to select “Set
Song Param?”

4. Press [ENTER/YES].

5. Press [« ]or[ .a]to select the “SyncSource” para-
meter, and rotate the VALUE/TIME dial until “INTER-
NAL" appears.

INTERNAL: The SP-808 is set as the master. Actions
occur with reference to the SP-808's own
time management.

EXT.MTC: This makes the SP-808 as the slave. [t runs
according to the MTC received from the
other device.
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Setting the SP-808’s MTC-Related Parameters

6.

7.
8.

Press [ v ] to select “(Sync) Out” and rotate the
VALUE/TIME dial until “MIDI CLK” appears.

“(Sync) Out” sets the type of synchronization signal sent
from the MIDI OUT connector.

OFF: Synchronization signals are not sent.
MIDI CLK: MIDI Clock is sent.
MTC: MIDI Time Code is sent.

Press [PLAY] to return to the basic screens.

Set the other device as the slave for MIDI Clock syn-
chronization (refer to the owner’s manual for the
other device).

Put the other device in standby status so that it is
prepared for synchronized action (refer to the
owner's manual for the other device).

10. Begin playback of a song on the SP-808.

Playback of the song is synchronized with the other
device,

To save the settings, hold down [SHIFT] and press
[ENTER/YES] to call up the Save screen, then save the
song (p. 72).

The SP-808's MIDI Clock is sent according to the progress

of the measures determined by the Tempo Map (p. 71),
BPM Tune (p. 70), and Vari-Pitch (p. 39) parameters. First
make these settings so that match those of the phrases on the
tracks.

Synchronizing the SP-808 to
Another MIDI Device (MTC)

At times, MTC messages sent by computer MIDI sequencer

software or similar means may be unstable. Synchronize
with the SP-808 as the master whenever possible.

Using MTC to Synchronize the SP-808
with Another Device as the Master

1.

Connect the SP-808's MIDI IN to the MIDI OUT of the
other device (such as a MIDI sequencer) with a MIDI
cable,

Set the SP-808's MTC-related parameters (inciuding
SyncSource and MTC Type).

Put the other device in standby made to send MTC
(refer to the owner's manual for the other device).

Press [ » ] (PLAYBACK) on the SP-808.

The button flashes, and the SP-808 is put in synchroniza-
tion standby made.

Play back the song on the other device.
The SP-808 is also begins synchronized playback.

1.

2.
3.

Press [SONG/TRACK], then press [ « ] to select “Set
Song Param?”

Press [ENTER/YES].

Press [ « ] to select the “SyncSource” parameter,
and rotate the VALUE/TIME dial until “EXT.MTC”
appears.

INTERNAL: The SP-808 is set as the master. Actions
occur with reference to the SP-808's own
time management.

EXT.MTC: This makes the SP-808 as the slave. It runs
according to the MTC received from the
other device.

Press [ » ] to select “MTC Type” and rotate the

VALUE/TIME dial to select the MTC type matching
that of the other device.

30: 30 frames per second
Pro audio equipment, NTSC format (U.S. and
Japan) black and white video devices, etc.

29.97N: 29.97 frames per second, non-drop format
NTSC format color video devices and other

machines
29.97 frames per second, drop format
NTSC format color video devices for broadcast
and other machines
25; 25 frames per second
SECOM/PAL format (Europe and elsewhere)
video and audio devices, film, etc.

29.97D:

24: 24 frames per second
U.S. film and other applications

Press [PLAY] to return to the basic screens.

To save the settings, hold down [SHIFT] and press
[ENTER/YES] to call up the Save screen, then save the
song (p. 72).

Be absolutely sure to set the same type of MTC for both

machines.

About “Err Level” (MTC Error Level)

With the SP-808 as slave during synchronization, the SP-
808 checks whether or not the MTC is being sent correct-
ly at any time. If MTC is not sent continuously, the SP-
808 determines that there is a problem with MTC syn-
chronization and stops playback of the song. MTC Error
Level sets the basis for this determination.
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Setting “Err Level” (MTC Error Level)
After performing Steps 1-4 above:

5. Press [ « ]to select “(MTC) Err Level” and rotate the
VALUE/TIME dlal to set the value (1-10).
As the value is set higher, the degree of permissible error
becomes increase, so even if there is some degree of
problem with the reception of MTC, slave playback is
allowed to continue.

Offsetting Synchronization by a
Constant Interval (MTC Offset)

MTC sent and received by the SP-808 normally sets the
beginning of a song at Hour 0, Minute 0, Second 0, Frame
00. However, by setting MTC Offset in the following
procedure, you can shift the song’s starting time. This is
convenient when you want the SP-808 to begin playback
of a song at a set time, such as when synchronizing the
SP-808 to moving images.

Setting MTC Offset

1. Press [SONG/TRACK], then press [ + ] to select “Set
Song Param?”

2, Press [ENTER/YES].
3. Press [« ]or[ a ]to select the “(MTC) Offset.”

4. Press [ =] or [~ ] to move to each pilace in
“00:00:00:00” (Hour/Minute/Second/Frame), and
rotate the VALUE/TIME dial to set the time location
for the start of the song (Measure 1, Beat 1, Tick 0).

5. Press [PLAY] to return to the basic screens.

To save the settings, hold down [SHIFT] and press
[ENTER/YES] to call up the Save screen, then save the
song (p. 72).

When MTC Offset is Set

Slave Time: The SP-808 begins playback at the point
reached with reference to the offset time

set in the MTC sent from the other device.

Master Time: When the SP-808 begins playback of the
song, MTC is sent with the offset time
added to it.

Also the time location indicated in the SP-808's display is
added to the offset time.
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Control All Synchronized
Machines by One Specified
Device (MMC)

The SP-808 is compatible with MMC (MIDI Machine
Control). MMC is a kind of MIDI System Exclusive
Message (p. 159) providing control of multiple devices
from the operations of a single machine.

When used in combination with MMC-compatible MIDI
sequencers and hard disk recorders, you can play back,
stop, and advance songs through the operation of just
one machine.

Particulars regarding compatibility with MMC vary with
the device. The SP-808's MMC compatibility is explained
in the included MIDI Implementation Chart.

There is no correspondence between the master (the device
controlling operations, or sending end) and the slave
(receiving end) in MMC and the master (time coordinating
device) and the slave in synchronization.

Preparing for MMC

1. Prepare each machine for MTC synchronization (p.
154, 155).

2. i the MTC slave device is to be the MMC master,
connect the MID! OUT of that device with the MIDI IN
of the other devices (for the transmission of MMC).

3. Set each device to act as either master or slave in
MMC synchronization. For the SP-808's settings,
please refer to “MMC Master and Slave Settings.”

When the MMC master device is run, operation of the
MMC slave devices proceeds according to the master
device.

MMC Master and Slave Settings

1. Press [SONG/TRACK], then press [ « ] to select “Set
Song Param?”

2. Press [ENTER/YES].
3. Press [ « ]to select the “MMC Mode.”

4. Rotate the VALUE/TIME dial to select the master and
the slave in MMC synchronization.

OFF: MMC information is not exchanged.
MASTER: This sets the SP-808 as the MMC master.
SLAVE: This sets the SP-808 as the MMC slave.

5. Press [PLAY] to return to the basic screens.

To save the settings, hold down [SHIFT] and press
[ENTER/YES] to call up the Save screen, then save the
song (p. 72).



Linking with Other MIDI Devices

When making a MIDI connection between two SP-808s, by
moving the faders or turning the knobs on the sending SP-
808, Control Change Messages are then sent, which may
result in the inability of the SP-808 on the receiving end to
make certain independent settings. In such instances, do
not send Control Change Message from the sending SP-
808.

1. Press [SYSTEM/DISK] on the sending SP-808, and
press [ - ] to select “Set MIDI Param?”

2. Press [ENTER/YES] to call up the MIDI settings
screen.

3. Press [ » ] to select “Mixer, D-Beam” and rotate the
VALUE/TIME dial until “STOP” appears.

4. Press [PLAY] to return to the basic screens.

This setting is automatically saved whenever the disk is
ejected, as well as in other situations.

When using the SP-808 in combination with other devices
as well, the same kind of problem can occur due to overlap
in MIDI channels. Thus, in this case as well, stop transmis-
sion of fader or knob information.

When synchronizing with MIDI Clock (this is especially so
with the SP-808 as master), except for MMC, playback,
stop, and other information from MIDI System Realtime
Messages are also sent.

Synchronizing with MultiTrack
Recorders and Video Equipment

When synchronizing with digital multitrack recorders
that cannot send or receive MTC, a dedicated synchro-
nization device is required. These devices are commer-
cially available from each manufacturer of multitrack
recorders and other manufacturers.

To achieve synchronization with professional video
equipment and other machines that use SMPTE time
code, use a commercially available “SMPTE time
code ~— MTC” converter.

With the addition of simple attachments, some consumer
video devices (such as digital video decks) may also be
synchronized with the SP-808.

For more information on such devices for synchroniza-
tion, consult your SP-808 dealer.

Using a MIDI Sequencer to
Record and Playback Mixer

Operation

When synchronizing with a sequencer, you can send
information regarding fader movements and other oper-
ations during the song as MIDI messages. By recording
these messages with the sequencer, you can reproduce
operations such as fader movements during synchro-
nized playback. This allows you to perform Auto Mixing
{Compu Mix).

The MIDI messages that to be sent (MIDI Channel and
Controller Number assignments) are the same as the
received messages that are mentioned in “Changing Mixer
Settings” (p. 152).

Since Realtime Effects knob movements and Step
Modulator operations are not sent and received as MIDI
messages, they cannot be used in Auto Mixing.
Furthermore, the D Beam Controller information similarly
cannot be used (as this information is sent only, not
received).

Preparing for Auto Mixing

1. Make the connections as shown in the figure.
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— |
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2. Press [SYSTEM/DISK] and press [ « ] to select the
“Set MIDI Param?”

3. Press [ENTER/YES] to call up the MIDI settings
screen.

4. Press [ + ] to select “Mixer,D-Beam,” and if set to
“STOP,” rotate the VALUE/TIME dial to select
“SEND.”

5. Hold down [ + ] to select “Out/Thru Select,” and then
as before, rotate the VALUE/TIME dial, this time
selecting “OUT.”

6. Hold down [SHIFT] and press LOCATOR [CLLEAR] to
call up the Mixer View screen.

157



Linking with Other MIDI Devices
—

When these preparations have been completed, put the
MIDI sequencer in standby made for Realtime
Recording, synchronizing the functions of both
machines. As you move the faders and perform other
operations on the SP-808, the information is recorded by
the MIDI sequencer.

When it is time to check the results, you can synchronize
playback of the recorded segment in the Mixer View
screen.

About MIDI Local Control

In general, on devices used in the recording of perfor-
mance or panel information to MIDI sequencers, MIDI
Local Control is set by turning the connection between
the sound generator and the controller (keyboard or
knobs and other controls) on or off. This is to prevent
information from both the controller and from MIDI IN
from coming in at the same time which might happens
when there is a looped MIDI sequencer connection (IN —
QUT, OUT - IN). However, the SP-808 includes no
l.ocal Control setting. This is because there is no func-
tion for recording pad operations to MIDI sequencers
(since they can be recorded to the SP-808’s own internal
tracks) in addition to the fact that overlapping mixer
information still has no great effect on operations. Thus,
the MIDI Local Control setting is unnecessary for Auto
Mixing,.
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Controlling Other MIDI Devices
with the D Beam Controller

The D Beam Controller can convey the movements of
your hand or other objects as MIDI information. It uses
the following messages to do this.

MIDI Channel:

11 (Channel for MASTER OUT) (Fixed)
Coniroller Number D Beam Controller
80 (C5) BL (Left Side)

81 (C6) BR (Right Side)

When controlling other MIDI devices with the D Beam
Controller, set the MIDI Channel on the receiving end
(the other device) to 11 to enable it to respond to the
Control Change Messages as desired. (The Controller
Number cannot be changed.)

If the (MIDI) System setting’s “Mixer, D-Beam” parame-

ter is set to “STOP,” the MIDI messages are not sent. In
this case, use the following procedure to change the setting
to “SEND.”

Press [SYSTEM/DISK] and press [ « ] to select the
“Set MIDI Param?”

Press [ENTER/YES] to call up the MIDI] settings
screen.

Press [ « ] to select “Mixer,D-Beam” and rotate the
VALUE/TIME dial to select “SEND.”
Press [PLAY] to return to the basic screens.

This setting is automatically saved whenever the disk is
ejected, as well as in other situations.

When “STOP” is selected in Step 3 above, transmission of

the D Beam Controller Control Change Messages is
stopped.
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Using the Metronome to Sound
External MIDI Sound Module

Although you can have the SP-808's metronome sound
during recording and at other times (p. 67), you can also
have external MIDI sound module play as the
metronome.

First, connect the SP-808's MIDI OUT with the MIDI IN
of the external MIDI sound module.

Playing the Metronome with an External Sound
Module

1. Press [SYSTEM/DISK] and press [ + ] to select the
“Set System Param?”

2. Press [ENTER/YES] to call up the System settings
screen.

3. Press [+ ] or [ o ] to select “Metro. Sound” and
rotate the VALUE/TIME dial to select “MIDI (REC)” or
“MID! (ALWAYS).”

4. Press [SYSTEM/DISK], then press [ « ] to select “Set
MID! Param?” and press [ENTER/YES].

5. Press [~ ] or [ a]to select “Metronome Ch.”
(Metronome MIDI Channel) and rotate the
VALUE/TIME dial to select the MIDI Channel (1-16)
matching with the connected MIDI sound module.

6. Press [ + ] to select “Accent Note” and rotate the
VALUE/TIME dial to set the note for the accented
sound.

7. Press [+ ] to select “Velocity” (Accent Velocity) and
rotate the VALUE/TIME dial to set the strength of the
accented sound (MIDI Velocity vaiue).

8. Press [ + ] to select “Norma! Note” and rotate the
VALUE/TIME dial to set the note for the unaccented
sounds.

9. Press [+ ] to select “Velocity” (Normal Velocity) and
rotate the VALUE/TIME dial to set the strength of the
unaccented sounds (MIDI Velocity value).

10. Press [PLAY] to return to the basic screens.

These settings are automatically saved whenever the
disk is ejected, as well as in other situations.

If “MIDI (REC)” or "MIDI (ALWAYS)" is selected in
Step 3, the “Metro.Level” (metronome volume) settings is
disabled. In this case, use the volume control of the external
sound module to adjust the volume of the metronome.

If the metronome sound from the MIDI sound device does
not play with the selected note and velocity settings, check
the MIDI Channel setting (Step 5) and the connections
between the MIDI sound device and your audio equipment.

Other MIDI Matters

MIDI System Exclusive

MIDI System Exclusive Messages are messages used for
sending and receiving data particular to one type of
device.

On the SP-808, MIDI System Exclusive Messages are
used for sending and recelving MMC (MIDI Machine
Control — p. 156) and MTC. They are not used for other
functions.

MIDI cannot be used for exchanging data between SP-
808s. This is done by exchanging Zip disks.

Settings that cannot be changed with Control Change and
Program Change Messages thus cannot be changed exter-
nally with MIDL
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Troubleshooting

If you encounter problems with the operation of the SP-
808, first check the following points. If after these steps
the problem is still unresolved, consult your nearest
Roland service center or authorized Roland distributor. If
you have trouble understanding any message that is dis-
played, please refer to the Major Message List (p. 166).

There is No Sound

There is no sound whatsoever

« Is the power of the SP-808 or any connected device turned
on?

Are all of the connections correct? (p. 18)

Is any of the connection cables broken?

Is the amp or mixer volume turned up?

Is the Master fader up?

Is [MUTE] illuminated red?

—  Press [MUTE] to turn off the button light.

There is no sound through the headphones

« |s the headphones knob (PHONES) turned up?

Sounds input from external sources
are not being output

« Are the input sensitivity knobs (INPUT LINE and INPUT
MIC) turned up?

* |5 the MIC/LINE fader up?

- Hold down [SHIFT] and press [SCRUB] so that the
(PAD) indicator is no longer lit, then adjust the
MIC /LINE fader.

» Are the cables connected correctly?

There is no pad (sample) sound

» |s the sample on an assigned pad (one that is illuminated)?
» Was the sound sampled with no signal?
» |s the pad volume (PadsLevel) in the mixer turned up?

— Hold down [SHIFT] and press [SCRUB] so that the

(PAD) indicator is lit, then adjust the MIC/LINE
fader.
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« Is the volume setting (Volume) for the individual samples
turned up?

— Press {LEVEL] in Quick Edit and adjust the volume
level.

« Including tracks, are there four stereo sounds being
played?

If all the tracks’ [STATUS] are illuminated green (PLAY),
then press [STATUS] for any tracks that are not presently
needed.

If Track Voice Reserve (p. 137) is on and all the tracks’
[STATUS] are illuminated green (PLAY), even when the
song is stopped, no pad sounds are played.

— Press [SONG/TRACK] and select “Set Song Param?,”
and then turn the Track Voice Reserve off.

Samples in the same mute group (p. 37) are prevented from
being played simultaneously.

There is no sound from the song (tracks)

= Are the track faders up?
* Are any track [STATUS] illuminated green (PLAY)?
« Are the tracks empty or recorded with no signal?

If extremely short phrases (shorter than about 0.3 seconds)
are created in Event Realtime Recording, then portions of
the preceding and following phrases may not be played back
(depending on the placement of the phrases). (p. 65)

There is no sound only when the effects are in use

« Is there an effects patch inserted which completely cuts off
the sound?

—  Press REALTIME EFFECTS [ON/OFF] to turn the
Realtime Effects off.

« Is the output level of the inserted effects patch raised?

— Hold down [SHIFT] and press [FX INFO}, and then
press [ENTER/YES] to call up the level screen; turn
up the output level of the effects patch.

Sometimes the sound does not play right away

« The disk goes into Sleep mode (stops revolving) if no oper-
ation requiring reading or writing to or from the disk is per-
formed within 30 minutes. Several seconds is required to
produce sound after the sleep made.
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Unintended effects are added to the sound

» Are the internal effects turned on?

~ Press REALTIME EFFECTS [ON/OFF] to turn the
effects off.

Playback of Songs and Samples
(Pads)

The sound from the pad does not stop

« is the sample PlayMode setting set to “DRUM?"

~ Because the sound is played up until the end point, it
may seem that with long samples the sound indeed
does not stop.

If the sample’s loop setting (p. 36) is set to “OFF,” then the
sound stops at the end point, regardless of the “PlayMode”
settings.

Pad sounds start playing suddenly,
even when the pad is not pressed

* |s the D Beam Controller [PAD TRIG] illuminated?

-+ Press [PAD TRIG] to turn off its light.

The song is not played in the right pitch

* Is Vari-Pitch (p. 39) on?
—  Press [VARI PITCH] to turn off its light.
» |s the D Beam Controller [PITCH] illuminated?
—  Press [PTTCH] to turn off its light.

+ Have you added an effect that features pitch changes
(such as Stereo Pitch Shifter)?

- Press REALTIME EFFECTS [ON/OFF] to turn it off.

During playback, the sound is not immediately
produced, even when [STATUS] is switched the
illumination to green (PLAY)

» |s Track Voice Reserve (p. 137) tumned off?

-+ Press [SONG/TRACK] and select “Set Song
Param?”, then turn the Track Voice Reserve on.

The song does not play back, even when

[ » ] (PLAYBACK) is pressed ([ » ] is flashing)
+ |s the song’s “SyncSource” setting (p. 154) set to "MTC?”

—+ Switch the song’s “SyncSource” setting to “INTER-
NAL” (hold down [SHIFT] and press
[SONG/TRACK]).

Regarding Track Audio
Recording and Sampling

The level meters move according to

the sound from external sound input,
but the sound can not be recorded

» |s Event Realtime Recording selected?

— When recording input sounds, hold down [SHIFT]
and press [ @ ] to select Track Audio Recording.

Sampling does not begin, even when
[SAMPLING] is pressed

» |5 the appropriate “Start/w” sefting (p. 43, 44) selected?

The effects sounds can not be recorded or sampled

» Are the effects not being inserted in the MASTER OUT?

- To add effects to the entire sound when recording or
sampling, set the effects position to “INS RECORD.”

* is the “Retum” setting in the MIX COMMON screen set to
“PLAY-ONLY” (when the send/return method is in use)?

—  When the effects sounds are to be recorded, select
“REC(orPLAY).” (Hold down [SHIFT] and press
[MUTE] to call up the MIX COMMON screen, and in
the second screen’s “Return” settings, select
“REC(orPLAY)").

Sound from the AUX IN can not be recorded

» Is “THRU(—LINE)" selected for the “In” setting in the
mixer's “AUX In&Out?”

~»  Hold down [SHIFT] and press [MUTE] to call up the
MIX COMMON screen, and for the “In” parameter
in the third screen’s “AUX In&Out” settings, select
“REC(orPLAY).”
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The sound being recorded right before and after
punching in and out cannot be monitored
* |s the “PrePunch” setting set to “TRACK” (p. 66)?

-+ Hold down [SHIFT] and press [SYSTEM/DISK],
select “SOURCE” for the “PrePunch” setting.

The recorded or sampled sound
is very distorted or noisy

» |5 the input level at the appropriate setting?

—+ Set levels correctly in both the Level Meter screen
and the Sampling screen.

* |s the distortion a result of mixing multiple channeis or
pads?

When bouncing tracks, or in other situations, distortion can
result from excessive levels caused by the addition of the
sounds from multiple channels during mixing.

- Lower the faders or adjust the recording attenuator
(p. 81).

« |s a distortion effect being applied to the sound?
* |s the distortion being caused by equalization?

-+ Hold down {SHIFT] and press [EFFECTS], then
press [ w ] until the Equalizer screen is called up,
and turned the equalizer off.

Depending on the equalizer settings, the sound may be dis-
torted even when not at excessive levels.

« |s any input sensitivity knob not currently in use turned up?

— To avoid additional noise, completely turn down
any input sensitivity knob not in use.

The recording comes out in monaural sound

« |s the sampling or the recording “Type” setting set to
“MONO” (p. 44, 75)7

* |s the mixer “Merge-L&R" setting tumed on? (p. 92)

* Does the effects patch you are using feature monaural out-
put?

When sampling, the very beginning
of the sound is missing

s the “Start/w” setting (p. 44) value “Lev.1-8" set too high?
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When Using the Internal Effects

The effects can not be applied

» |s REALTIME EFFECTS [ON/OFF] turned on (llluminated)?

+ Is the “FXLoc."” setting (determining the arrangement of
effects in the mixer) set appropriately?

— Hold down [SHIFT] and press [MUTE] to call up the
MIX COMMON screen, and change the “FXLoc.”
setting.

Effects using in the send/refurn
method can not be applied
» Are any channel [EFFECTS] on (illuminated)?

—  Press the track [EFFECTS] to turn them on.

Note that the “PAD" and “MIC/LINE"” [EFFECTS] can be
turned on and off independently.

* Is the effects send level for each channel set to 0?

~ Hold down [SHIFT] press the Locator [CLEAR] to
select the Mixer View screen and rotate the
VALUE/TIME dial to increase the value for each
“FX" setting.

The effect period is not correctly synchronized
with the tempo of the song

* Does “?” appear at the left of the “Tempo Sync” settings for
each of the effects?

-+ Proper synchronization cannot be achieved if the
tempo is set beyond the range of tempos that can be
synchronized.

The tempo cannot be synchronized directly with the pad
samples. Match the tempo of the song to the sample, then
synchronize the effects to the tempo.

The effects parameters cannot be controlled

by the Realtime Effects knobs

« [s the parameter you are trying to adjust assigned to the
Realtime Effects knobs? (p. 99)

* |s the changing range of the parameter set correctly? (p. 128)

(NOTE) If the system’s “Knob Control” setting (p. 129) set to
“NULL,” the settings value does not change until the posi-
tion of the Realtime Effects knob is the same as that corre-
sponding to the current value.

— If necessary, switch the setting to “JUMP.”
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« |s the D Beam Controller [EFFECTS] on?

Parameters assigned to the C5 and C6 knobs are influenced
by the operation of the D Beam Controller.

Disks and Memory

Even when sounds on tracks and pads
are erased, the remaining recording time
{remain time) does not increase

+ Have you carried out the Cleanup Disk operation (p. 46)?

When waveforms on the disk are shared by samples created
by copying, dividing, or in other operations, then even if the
Cleanup Disk operation is carried out, remaining recording
time still may not be freed up.

When Using the Step Modulator

The Step Modulator does not work as expected,
even when [STEP MOD] is pressed

« Are the appropriate seftings, such as the “Trig” setting
selected in the Setup screen (p. 132)?

« Have the effects paich parameter assignment and range
settings been carried out correctly (p. 89)?

With analog synth patches, the pitch of the note
played differs from the note that is set
» Are the oscillator tunings properly set?

- Using “Coarse” and “Fine,” set the tuning for each
oscillator correctly (p. 124).

« is Oscillator Key Follow set to off?
- Change the “Pt. KF” setting to “On.” (p. 124)

* Unintended pitches can result from the gently gliding pitch
changes when Portamento (p. 123} is turned on.

When Using the D Beam
Controller

The sensor’s red indicator stays on

« |s something in the vicinity of the sensor blocking the
beam?

« |s the D Beam sensitivity (p. 31) properly adjusted?

— If you Hold down [SHIFT] and press the D BEAM
CONTROLLER [EFFECTS], and then press
[ENTER/YES] without putting your hand in the sen-
sor’s field, the D Beam Controller’s sensitivity setting
is automatically set to the conditions reflecting this.

The right D Beam effect doesn’t come when
multiple SP-808s are in use simultaneously
+ Does more than one SP-808 have the same Beam |D?

- Hold down [SHIFT] and press D BEAM CON-
TROLLER [PAD TRIG], and then select “Beam D"
settings, making the settings so that no two and
more devices have the same ID number.

The Metronome

The internal metronome does not sound

« |5 the metronome off?

— Hold down [SHIFT] and press [ e« ] to turn on the
metronome.

= s the metronome level set to 07

—  After pressing [SYSTEM/DISK] and [ENTER/YES]
in that order, raise the “Metro.level.”

s |s the metronome set to be played by an external sound
device?

—  After pressing [SYSTEM/DISK] and [ENTER/YES]
in that order, and set the “Metro.” setting to “INT.”

The metronome is not being sounded by
the connected external MIDI device
« Is the volume of the external MIDI device turned down?

« Is the SP-808's MIDI OUT connected to the MIDI IN of the
external sound device?

« Are the MIDI channels used for the metronome matched?
(p. 159)
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When Using the SP-808 with
Other MIDI Devices

The overall MIDI performance is poor

* |s the MIDI cable connected properly?
¢ |s the MIDI cable broken?
* is the “Out/Thru Select” setting (p. 151) correct?

When set to “THRLU,” the MIDI OUT/THRU connector
functions as a Thru connector.

The pad sounds don’‘t reflect the note

messages from the external device

» Does the pad receive channel match the send channel of
the extemnal MIDI device that is sending the signals?

—+ Press [SYSTEM/DISK], then select “Set MIDI
Param?” and set the “Pads RX Ch.” setting so that it
matches that of the external MIDI device.

MIDI drum pads {such as the SPD-20) are connected,
but the sound is cut off right after being played, or

repeated striking sounds cannot be played

» |s the “PadPlay” sample parameter setting at “DRUM" (p.
36)?

The SP-808 and the connected external

MIDI device are not well synchronized
» Are the parameters related to synchronization (p. 153-155)
properly set?

Set the slave device so that it receives synchronization mes-
sages, and the master device that it can send the synchro-
nization messages as it plays back the song.

When Augmenting the SP-808
with the SP808-OP1

The input signal from DIGITAL IN is not audible

» |s the system’s “Input Source” setting correct?

~+ Press [SYSTEM/DISK] and [ENTER/YES] in order,
and then set the “Input Source” setting to “DIGI-
TAL1” or “DIGITAL2” (whichever is to be used).

The DIGITAL IN connectors and the MIC/LINE IN cannot
be used at the same time. If you wish to have simultaneous
digital and analog input, use AUX IN.
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« Are digital signals being sent from the external device?

- Some audio devices do not output digital signals
except while in Play mode. In such instances, after
putting the audio device in Standby (Pause) mode,
put the SP-808 in record mode or other desired sta-
tus.

* Is the sample rate compatible?

- When inputting digital signals from CD or MD play-
ers, use a Zip disk formatted at 44.1 kHz.

(NOTE) The SP-808 cannot receive/handle 48-kHz digital signals.
« Are the formats of the digital signals matched?

— Use digital audio devices conforming to the 5/P DIF
format.

Some multitrack recorders using specialized formats cannot
be connected to the SP-808.

Vari-Pitch is turned off when
the digital input is selected

- The Vari-Pitch function cannot be used when digital
input is used.

The external Zip drive is not being recognized

+ Are SCSI connections and terminator seftings correct? (p.
148)

e Are any Zip drive device ID numbers being used by more
than one device? (p. 148)

* s the power to any Zip drive not turned on?

Other Problems

The foot switch is connected,
but it is not working as intended

¢ Have you made the appropriate system “FSW Type” set-
ting?

- Press [SYSTEM/DISK] and [ENTER/YES] in order,
and make the “FSW Type” setting. (p. 140)

Previous data is not being saved on

. .

the Zip disk (when the power is on)

- Carry out the Save procedure before turning the
power off or ejecting the disk. (p. 72, 100)
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The data on the Zip disk is corrupted or damaged

-+ Damaged or corrupted data cannot be restored (data
must be backed up first).

In some cases, by selecting “FULL” for the format type,
such disks may be used as blank disks. However, since these
disks may be damaged or broken, do not store important
data on them.

Damaged data may be caused by the following:
*  Disks reaching the end of useful life
¢ Turning off the power while the disk is running.

*  Subjecting disks to magnetism or strong physical
shocks.

*  Using disks in operating environment other than

those stipulated in “IMPORTANT NOTES” (p. 8) or
in the printed material included with the SP-808.

Viewing the display is difficult because it
is completely white (or completely dark)

- Adjust the contrast.

You can adjust the contrast by holding down the Locator
[CLEAR] and rotate the VALUE/TIME dial.
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Major Message List

(in alphabetical order)

ARE YOU SURE?
Are you sure to delete or change the data?

Audio REC — Track
Audio recording to the track is ready.

Auto Setup Sens?

Start auto-setup the sense of D Beam controller.

Bank is Profected.
Cannot execute because the pad bank is protected.

Canceled.

Procedure is canceled.

Can’t Execute.(Out of 50%~150%)

Time stretch cannot be executed because the stretch ratio
is out of limit (50%~150%).

Can’t Make New Wave (New Song).

Cannot execute because the total number of audio wave-
forms (or songs) exceeds the limit per disk.

T Change? (YES/NO)
Change to the displayed effects patch?

Creating phrase...
New phrase is being created. (for step recording)

D.In Locked.
Digital input received the signal correctly.

D.In Unlock.Use Analog In?

Digital input does not receive the signal. Do you use ana-
log input?

diSc SLEEP... (at SONG POSITION display)

Disk drive fell asleep (stops spinning) with no reading
(writing) command for 30 minutes.

Disk Full.

Procedure is interrupted because the disk memory is
fully occupied.

166

Disk is NOT Ready.
Disk is not inserted in the external drive.

Disk Medium Error.

Read/write from/to the disk is not completed. There
may be some defect on the disk surface.

Drive Too Busy.

Cannot playback completely because phrase is too short
and the location is too close for the disk speed. (p. 65)

Eject Canceled.
Disk eject is canceled.

Eject,(Not Saved) ARE YOU SURE?
Disk is ejected while song is not saved. Are you sure?

Event REC (Realtime)
Realtime event recording to the track is ready.

Finished. Check Result. OK?

Sampling is finished. Please check the result. Press
[ENTER/YES] if you are satisfied.

Hit ENTER to Divide

Hit [ENTER/YES] at the point you wish to divide the
sample. (for manual divide of sample)

Hit ENTER to Set

Hit [ENTER/YES] at the point you wish to set. (for set-
ting start point, etc. of sample)

Hit Pad to REC start.
Hit any of the sample pads to start recording.

KEEP POWER ON!

Data is being saved to the internal memory. Never
switch the power off.

Memory Full.

Cannot execute because of the lack of song event memory.

Metronome ON (OFF)
Metronome is turned on (off).

MTC Sync. master > SLAVE

SP-808 is switched to the slave of MTC synchronization.
Cannot play the song without external device connected.
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MTC Sync. slave — MASTER

SP-808 is switched to the master of MTC synchroniza-
tion.

No Disk Space.

Cannot execute because remaining recording time is not
enough.

No Disk Space for New Phrase.

Remaining recording time is not enough for new phrase.
(for step recording)

No Memory for UNDO, Continue?

Song event memory is not enough and you cannot undo
once you execute. Do you continue to proceed?

Not SP-808 Disk.
Disk on the external drive is not formatted for SP-808.

-.NOT §P-808 disk. Format Now?

Unformatted disk is inserted to SP-808. Are you sure to
format the disk? All the data on the disk will be erased.

Now Sampling...

Now sampling is proceeded. Press [SAMPLING] again to
stop.

Overwrite?

Overwrite OK?

Sample is existed on the pad you selected, and will be
lost by overwriting. Are you OK?

(for sampling and sample editing)

Over 64 Songs.

Total number of songs exceeds the limit (64 songs) and
cannot be executed.

Pre-Punch Menitor source -~ TRACK
Recording monitor source (p. 66) is set to “TRACK.”

Pre-Punch Monitor track ~ SOURCE
Recording monitor source (p. 66) is set to “SOURCE.”

Preset FX Patch used. Overwrite SONG only, ARE
YOU SURE?

Preset effects patch is used in the song, and only song
data but effects setting is overwritten. Are you sure?

Save Current Song? (Overwrite Only.)

Do you save the current song before executing?

$CS1 Checking...
Checking the connection of SCSI device (external drive).

Select One.

Multiple phrases are selected and cannot be executed.
Mark only one phrase.

Song is Protected.

Song is protected and cannot be executed.

Song Protected. Can’t Savel EJECT?

Song is protected and cannot overwrite and save. Do you
gject the disk without saving the song?

Song Protected. Can’t Save! SELECT?

Song is protected and cannot overwrite and save. Do you
select another song without saving the current song?

Verify Error.
Error is found after verifying the duplicated disk.

Wrong Disk.

Wrong disk is inserted. Please insert the correct disk. (for
creating backup disk)

Wrong Sample Rate,

Sample rate on the external drive disk is different from
the internal disk.
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Parameter List

SAMPLE PARAMETER

(ISAMPLE/BANK] “Set Sample Param?”)

Parameter Value Page -

PadPlay

GATE, TRIG, DRUM 36

BANK PARAMETER

(ISAMPLE/BANK] “Set Bank Param?”)

Parameter Value Page
Name (10 characters) 138

SYSTEM PARAMETER
COMMON ([SYSTEM/DISK] “Set System Param?”)

Parameter Value Page
InputSource MIC/LINE, DIGITALT, DIGITAL2 146
Mon{PrePunch) S§OURCE, TRACK 77777 66
Misirg N HEG), IR (ALWAVS], & i8S

MIDI(REC), MIDI(ALWAYS)

PLAY/STOP, DAMPER,
SAMPL TRIG, FX ON/OFF, PUNCH O

MIDI {[SYSTEM/DISK] “Set MIDI Param?”)

Parameter Value Page
OFF, 1-10 151

Pads Rx Ch.

AccentNo!e C(-)—GB I e 159

'Velocity s - o B R

Out/ThruSelect  OUT,THRU . 181
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D-BEAM SETUP ([SHIFT] + D BEAM [PAD TRIG])

Parameter
§ens L{C5)

Value Page

DISPLAY CONTRAST ([SHIFT] + [PLAY])

Parameter Value Page

SONG PARAMETER
SONG PARAMETER ([SONG/TRACK] “Set Song Param?”)

Parameter Value Page

{10 characters) 72

BPM TUNE ([SHIFT] + [VARI PITCH])

Parameter Value Page
BPMRATE .. 50%-200% 70
VARI PITCH 18.1%~-100.0% (44.1kHz), 39

LOCATOR SETUP ([SONG/TRACK] “Locator?”)

Parameter Value Page
LOC1-L0Cs 001-01-00 - 999-04-95 e 32

Parameter Value Page
MasterLevel =~ . a7 e e 25
Balance L63-L01, 0, RO1-R63 ) 92

Ae i
Extoc T o SEND/RETURN, INS MASTER, 49,78,
INS RECORD, INS AUX-OUT, 93, 96,

MIC/L. PRE-EQ, MIC/L PST-EQ, 100
Tr.A PRE-EQ, Tr.A POST-EQ,
Tr.B PRE-EQ, Tr.B POST-EQ,
Tr.C PRE-EQ, Tr.C POST-EQ,
Tr.D PRE-EQ, Tr.D POST-EQ,

i (RXPATCHY
FX PreFx Att 0,-3,-6,-12, -18, -24 dB 94

 THRU(-LINE), REC(orPLAY) =~ 95

L oer %
L. L63-101,0, ROI-R63 .. 96
....Outiackiiode  AUX,PAD CUE, TrackD 42,96
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MIXER TRACK (A"D) SETUP ([SH'FT] + A-D [EFFECTS]) Each of SAMPLE, BANK, and SYSTEM parameters are
written (saved) in the disk (SYSTEM is written in the

internal flash memory) whenever the disk is ejected or other
certain process. You do not need fo perform the saving pro-
cedure like SONG (or the Effects Patches).

Parameter Value
(Track) Level
M

In addition to the SYSTEM PARAMETER described
above, the internal flash memory can memorize the REAL-
TIME EFFECTS (b) FILTER/ISOLATOR settings. (p. 29)

In addition to the SONG PARAMETER described above,
the followings are saved into the disk as each song’s infor-
mation.

Each track’s STATUS settings, Assignment of phrases on

the tracks (p. 87), Tempo Map (p. 71), Master Mute (p. 26),
Effects ON/OFF and Patch selection, etc.

MIXER MIC/LINE & PAD SETUP

About the EFFECTS PATCH PARAMETERS, please refer
SHIFT] + MIC/LINE [E T
(I ] + MIC/LINE [EFFECTS]) to the section of each algorithm (p. 101-128) and STEP
Parameter Value Page MODULATOR (p. 131).
(Input) Level 0-127 75
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MIDI Implementation

Model SP-808 Version 1.00
Mar. 25 1998

1. RECOGNIZED RECEIVE DATA

M Channel Voice Message

@ Note On/Off

Receive the note number which is designated with “RxNote”, in the MID! channel number
which is designated with “Pads Rx Ch.” in the system parameter “2. Set MIDI Param?".
Receive only when the effect patch including VIRTUAL ANALOG SYNTH {algorithm 20) is
selected.

Status Second Third
9nH mmH U

n = MIDI Channel No.:  00H-09H (ch.1-ch.10) (*1}

0AH (ch.11} (*2)

00H-7FH (0-127)

01H~7FH (1-127) / 00H = NOTE OFF

mum = Note No.:
i = Velocity:

*1 Only receive pads.
"2 Only when the effect patch including VIRTUAL ANALOG SYNTH (algorithm 20) is
selected.

@ Control Change
Parameters on the Mixer section can be received and by the control change messages when
“Mixer,D-Beam” in the SYSTEM parameter ("2.5et MIDI Param?”} is set to "SEND.”

Status  Second  Third

BnH mmH iz

n = MID! Channel No.: 0AH-0FH (ch.11~ch.16: see below)
mm = Mixer Parameter No.: (see below)

1l = Mixer Parameter Value: 00H-7FH (0-127)

Mixer Parameter and MID! ChanneVControl Change No.

<Mixer Channel Strip>
e Mas ter

A Track A

Areree——— Track B

Ammmme——— Track C

4—eo—e—-- Track D

e MIC/LINE
MIDI ch. 11 12 13 14 1% 16
Level T => ~> 2> -> ~>
Balance 10 +> => «» > ->
Effects Send Level &1 -> -> => &> >
AUX Send Level 82 -> -> ~> => =>

O Bank select (MSB/LSB)
Switches the effect bank of Preset/User.

Status  Segond  Third

BnH 00H mmH
BnH 20H IH
n = MIDI Channel No.: DAH (ch.11}
mm = upper byte of bank number: 00H, 40H (0, 64)
1l = lower byte of bank number: 00H
Bank Selecr { Program Change Parch Number
us8 | LSB -
a0H oor 00H~62H (0-98) Preset #01-#%9
408 00H 00H~62H {0-98) Preset #01-4599
408 1)1 636 (99) master Isolator/Filter

® Program Change
Works as bank switch when MIDI channel number is set for playing the sample.
Works as Effects patches switch when channel number is set to 0AH.

Status Second

CnH ppH

n =MIDI Channel No:  00H-09H (ch.]-ch.10}
0AH (ch.11)

pp = Program No.. O0H-63H (0-99)
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N System Common Messages

® MIDI Time Code Quarter Frame Messages

The transmitted time counts are summed to “MTC Offset Time" as the song top is
“00:00:00:00". The SP-808 synchronizes with the time counts which are summed to “MTC
Offset Time” as the song top is “00:00:00:00" if the SONG parameter "Sync Source” is
“MTC”,

Stafus Second
FiH mmH (= Onnndddd)
nnn = Message type: 0 = Frame count LS nibble

1 = Frame count MS nibble

2 = Seconds count LS nibble

3 = Seconds count MS nibble

4 = Minutes count LS nibble

5 = Minutes count MS nibble

6 = Hours count LS nibble

7 = Hours count MS nibble
dddd = 4 bit nibble data: OH-FH (0-15)

If the upper and lower 4 bits of the count are combined, these bit fields are assigned as fol-
lows.

Frame Count XXXYYYYY
XXX Reserved (000)
vyyvy Frame No. (0-29)
Seconds Count XXYYYYYY
xx Reserved (00}

YYYYYY Seconds Count (0-59)

Minutes Count XXYYYYYY
*x Reserved (00)
YYYYYY Minutes Count (0~59)

Hours Count XYYZZZZZ.
x Reserved (0)
yy Time Code type
0 = 24 Frames/Sec
1 = 25 Frames/Sec
2 = 30 Frames/Sec {Drop Frame)
3 = 30 Frames/Sec {Non Drop Frame)
27227 Hours

M System Realtime Message

@ Start

Status
FAH

® Continue
Status
FBH

@ Stop

Status
ECH

B System Exclusive Message

Status Data Bytes Status
FOH iiH,ddH, ..., eeH FTH
Byte

FOH Status of System Exclusive Message
iiH Manufacturer ID

41H Roland’s Manufacturer 1D
7EH Universal Non Realtime Message

7FH Universal Realtime Message
drle D’ala: 00H-7FH {0-127)
ecH Data
F7H EOX (End of System Exclusive Message)

O About Model ID
For Data Request (RQ1) and Data Set (DT1), SI'-808 uses 00H OFH as a Model 1D
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® Universal System Exclusive Message

O INQUIRY MESSAGE
& Identity Request

Status Data Bytes Status

FOH 7EH, Dev, 06H, 01H FTH

Byte Desqiption

FOH Status of System Exclusive Message

7EH Universal System Exclusive Message Non Realtime Header
Dev Device ID (10H or 7FH)

06H General Information (sub ID #1)

01H Identify Request {sub ID #2)

7H EOX (End of System Exclusive Message)

‘The message is used to request the particular information of the SP-808.

‘The SP-808 does not transmit the message.

If the SP-808 received the message and the device ID of the message is same as 10H or 7FH,
the SP-808 transmits the following Identity Reply message.

< MIDI Machine Control Commands

Status Data Bytes Status

FOH 7FH, Dev, 06H, aaH, ..., bb F7H

Bye

FOH Status of Systemn Exclusive Message

7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

06H MMC Command Message

aa]H C?rmmand

bbH Command

F7H EOX (End of System Exclusive Message}

*  See “2. MIDI Machine Control” section.

< MID! Machine Contro! Responses

Status Data Bytes Status

FOH 7FH, Dev, 07H, aaH, ..., bb F7H

Byte

FOH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

O7H MMC Response Message

o e

bbH Response

H EOX (End of System Exclusive Message)

*  See “2. MIDI Machine Control” section.

® Data Transfer (RQ1, DT1)

O Data Request (RQ1)

Status Data Bytes Status
FOH 41H, Dev, 00H, OEH, 11H, aaH, bbH, ccH, ssH, ssH, ssH, Sum F7H
Byte

FOH Status of Systemn Exclusive Message

41H Manufacturer ID (Roland)

Dev Device ID

Q0HOEH  ModellD (SP-808)

114 Command ID (RQ1)

aaH Address MSB

bbH Address

ccH Address LSB

ssH Size MSB

ssH Size

ssH Size LSB

Sum Checksum

FH EOX (End of System Exclusive Message}

The message is used to request data to the SP-808.

The SP-808 does not transmit this message.

The SP-808 transmits the requested data using Data Set(DT1) under following condition
when it received the message.

1. The requested address correspond to the specified parameter base address of the SP-808.
2. The requested size is over 1 byte.

O Data Set (DT1)
. Status Data Bytes Status
FOH 41H, Dev, 00H, OEH, 12H, aaH, bbH, ccH, ddH, .., eeH, Sum ¥7H

Byte Description

FOH Status of System Exclusive Message
41H Manufacturer I (Roland)

Dev Device ID

OCHOEH  Model ID (SP-808)

12H Command ID (DT1)

aaH Address MSB

bbH Address

ecH Address LSB

d:‘iH Dlata

eeH Data

Sum Checksum

FH EOX (End of System Exclusive Message}

< The message is received under the following condition

If the device ID on the message is same as that of the receive device, and the address on the
message correspond to the specified parameter base address, the received data are stored
from the specified parameter base address.

1f the interval of received messages is shorter than 25 msec, the SP-808 can not work the
receive message procedure correctly.

¢ The message is fransmitted under the following condition
When the SP-808 transmit the data on the requested parameter after receiving the Dat

Request message (RQ1).
*  See “2. Datr Transfer Address Map” for more details of the transfer parameters.

2. MIDI Machine Control
B MID! Machine Control Details

® STOP (MCS)
Status Data Bytes Status
FoH 7FH, Dev, 06H, 01H F7H

Byte Description

FOH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

06H MMC Command Message

01H STOP (MCS)

F7H EOX (End of System Exclusive Message)

If the device ID on the message was as same as that of the receiving 10H or 7FH, the SP-808
stops immediately.

@ PLAY (MCS)

Status Data Bytes Status

FOH 7FH, Dev, 06H, 02H F7H

Byte

FOH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

06H MMC Command Message

m2H PLAY (MCS)

F7H EOX (End of System Exclusive Message)

1f the device [D on the message was as same as that of the receiving 10H or 7FH, the SP-808
goes inio the playback condition.

@ DEFERRED PLAY (MCS)

Status Data Bytes Status
FOH 7FH, Dev, 06H, 03H F7H

Byte  Desciption

FOH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

O6H MMC Command Message

03H DEFERRED FLAY (MCS)

F7H EOX (End of System Exclusive Message)

If the device ID on the message was as same as that of the receiving 10H or 7FH, the SP-808
goes into the playback condition after the locate operation.
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@ FAST FORWARD (MCS)

Status Data Bytes Status

FOH 7FH, Dev, 06H, 03H F7H

Byte

FOH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

06H MMC Command Message

03H DEFERRED PLAY (MCS)

F7H EOX (End of System Exclusive Message)

If the device IID on the message was as same as that of the receiving 10H or 7FH, the SP-808
goes into the fast forward condition.

@ REWIND (MCS)

Status Data Bytes Status

FOH 7FH, Dev, 06H, 05H F7H

Byte Description

FOH Status of System Exclusive Message

7FH Uni I System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

06H MMC Command Message

05H REWIND (MCS)

F7H EOX (End of System Exclusive Message)

If the device FD on the message was as same as that of the receiving 10H or 7FH, the SP-808
goes into the rewind condition.

® RECORD STROBE

Status Data Bytes Status

FOH 7FH, Dev, 06H, 06H F7H

Bye Description

FoH Status of System Exclusive Message

7FH Uni I System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

06H MMC Command Message

06H RECORD STROBE

F7H EOX (End of System Exclusive Message)

If the transport switch [REC] was pressed out of the recording condition, the SP-B08 trans-
mits as the device ID 7FH.

® RECORD EXIT
Status Data Bytes Status
FOH 7FH,Dev,06H,07H  ¥7H

Byte Description

FOH Status of System Exclusive Message

7FH Uni 1 System Exclusive Message Realtime Header
Dev Device 1D (10H or 7FH)

06H MMC Command Message

07H RECORD EXIT

F7H EOX (End of System Exclusive Message)

1f the device TD on the message was as same as that of the receiving 10H or 7FH, the SP-808
exits from the record condition.

® MMC RESET

Status Data Bytes Status

FOH 7FH, Dev, 06H, ODH F7H

Byte

FOH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

06H MMC Command Message

ODH MMC RESET .

FH EOX (End of System Exclusive Message)

If the device ID on the message was as same as that of the receiving 10H or 7FH, the SP-808
resets all communication channels related with MMC.

® WRITE
Status Data Bytes Status
FOH 7FH, Dev, 06H, 40H, ccH, ddH, eeH, .., ffH, ... F/H
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Byte  Description

FOH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

06H MMC Command Message

40H WRITE

ccH Information Bytes follows the command

ddH The name of the writable Information Field

eelH h‘fomaﬁum Field Format

fﬂ|—l Fx'eld names and data

FH EOX (End of System Exclusive Message)

1f the device ID on the message was as same as that of the receiving 10H or 7FH, the SP-808
writes the data to the specified information field.

© MASKED WRITE

Statug Data Bytes Statug
FOH 7FH, Dev, 06H, 41H, 04H, ddH, eeH, {BY, ggH F7H
Byte Description

FOH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)

06H MMC Command Message

41H MASKED WRITE

O4H Number of Bytes follows the command

ddH The name of the masked type writable Information Field
eeH Byte number to write in the Bit Map

#H Bit Jocation of the bit map byte to change

ggH New data to write to the specified bit map byte

F7H EOX {End of System Exclusive Message)

If the device ID on the message was as same as that of the receiving 10H or 7FH, the SP-808
writes the data to the specified bit map byte.

@ LOCATE (MCP)
O Format 1—LOCATE [UF]

Status Data Bytes Status

FOH 7FH, Dev, 06H, 44H, 02H, 00H, nnH ~ F7H

Byte Descriptior

FOH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header

Dev Device ID (10H or 7FH)

O6H MMC Command Message

H“H LOCATE (MCP)

0zH Number of Bytes

O0H “1/F" sub command

nnH Information Field (08H, 09K, 0AH, OBH, 0CH, ODH, OEH, OFH)
FH EOX (End of System Exclusive Message)

If the device ID on the message was as same as that of the receiving 10H or 7FH, the SP-808
locates the selected time location stored to the specified information field.

O Format 2—LOCATE [TARGET]

Stams Dafa Bytes Status
FOH 7FH, Dev, 06H, 44H, 06H, 01H, hrH, mnH, scH, £H, #H F7H
Byte Description
FOH Status of System Exclusive Message
7FH Universal System Exclusive Message Realtime Header
Dev Device ID (10H or 7FH)
06H MMC Command Message
44H LOCATE (MCP)
06H Number of Bytes
0= “TARGET" sub command
heH, mnH, scH, frH, #H
Standard Time with Sub Frame
F7H EOX (End of System Exclusive Message)

If the device ID on the message was as same as that of the receiving 10H or 7FH, the SP-808
locates the specified time location received from the command.

@ MOVE
Status Data Bytes Status
FOH 7FH, Dev, 06H, 4CH, 02H, ddH, ssH  F7H
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Byte Description

FoH Status of System Exclusive Message

7FH Universal System Exclusive Message Realtime Header

Dev Device ID (10H or 7FH)

06H MMC Command Message

4CH MOVE

02H Number of Bytes

ddH Name of the Efficient Destination Information Field
(0BH.09H,0AH,08H,0CH 0DH 0EH,0FH)

ssH Name of the Efficient Source Information Field (01H)

F/H EOX (End of System Exclusive Message)

If the device ID on the message was as same as that of the receiving 10H or 7FH, the SP-808
transfers the data on the selected source information field to the destination Information
Field, if the name of both information fields is efficient.

3. TRANSMITTED DATA

B Channel Voice Message

@ Note On/Off

When “Metro.” in the SYSTEM parameters(1.Set System Param?) is “MIDI", MIDI note
number/ velocity of MIDI channel number which is assigned to the M is i
ted.

Status Second Third

9nH mmH iH

n=MIDI Channel No..  00H-OFH (ch.1-ch.16} (*1)

mm = Note No.: 00H~7FH (0-127)

1 = Velocity: 01H-7FH (1-127) / 00H = NOTE OFF

*1 Only when transmitting Metronome.

@ Control Change
Parameters on the Mixer section can be received and transmitted by the control change mes-
sages when “MIDI Mixer Control Type {*1)” in the SYSTEM parameter is set to “C.C."

Status Second  Thid
BnH mmH IH

n = MIDI Channel No.:
mm = Mixer Parameter No.:
1l = Mixer Parameter Value:

OAM-OFH (ch.ll-ch16:  see below)
(see below)
00H~7FH (0-127)

Mixer Parameter and MiD! Ch
<Mixer Channel Strip>

1/Control Change No.

Master
Ao Track A
Ao Traack B
A PrACK €
Frrree TrACk D
‘ «l———- MIC/LINE
15

MIDI ch.

Level T =3 =3 2> => >
Balance 10 => -> => => >
Effects Send Level 91 -> -> -> -> ->
AUX Send Level g2 -> -> -> => ~>

<Master Block> MIDI ch. = 11

Level 7
Balance 10
D Beamn Controller 180
D Beam Controller R81
Effects Send Level 91
AUX Send Level 92

M System Common Messages

® MIDI Time Code Quarter Frame Messages

MIDI Time Code Quarter Frame Messages can be transmitted while the SP-808 is running
(Playing or Recording) if the SONG parameter “Sync Src” is “INTERNAL” and “Sync Out”
is “MTC". The transmitted time counts are summed to “MTC Offset Time™ as the song top is
*00:00:00:00".

Status Second
F1H mmH (= Onnndddd)

0 = Frame count LS nibble

1 = Frame count MS nibble
2 = Seconds count LS nibble
3 = Secands count MS nibble
4 = Minutes count LS nibble
3 = Minutes count MS nibble
6 = Hours count LS nibble

7 = Hours count MS nibble
dddd = 4 bit nibble data: OH-FH (0-15)

nnn = Message type:

1¢ the upper and lower 4 bits of the count are combined, these bit fields are assigned as fol-
lows.

Frame Count XXXYYYYY
XXX Reserved (000)

yYYYY Frame No. (0-29)

XXYYYYYY
xx Reserved {00)
YYYYYY Seconds Count {0-59)

Minutes Count XXYYYYYY
XX Reserved (00}
YYYYYY Minutes Count {(0-59)

Hours Count Xyyzzz2z
x Reserved (0)
Yy Time Code type
0 = 24 Frames /Sec
1 = 25 Frames/Sec
2 = 30 Frames/Sec (Drop Frame)
3 = 30 Frames/Sec (Non Drop Frame
2222 Hours

@ Song Position Pointer

The current position is transmitted with the Scng Position Pointer Message before the SP-
808 starts to run or after the locate operation, when “Sync Src” is “INTERNAL” and “Sync
Out” is “MIDI CLOCK".

Statws  Second  Thied
F2ZH  mmH  nnH

mmnn = Sang Position Point: 00H O0H-7FH 7FH

M System Realtime Message

Transmitted when "Sync Src” is “INTERNAL" and "Sync Out” is “MIDI CLOCK".

@ Timing Clock

Status
F8H

@ Start

Siatus
FAH

@ Continue

Status
FBH

@ Stop
Status
FCH

B System Exclusive Message

Status Data Bytes Status
FOH iiH, ddH, .., eeH FH
Byte
FOH Status of System Exclusive Message
iH Manufacturer I
41H Roland’s Manufacturer ID
7EH Uni ! Non Realtime M
7FH Universal Realtime Message
d?H Dlata: 00B-7FH (0~127)
eeH Data
F7H EOX (End of Systern Exclusive Message)

173



Appendices
0

O About Model 1D Byte Description
For Data Request {(RQ1) and Data Set (DT1), SP-808 uses 00H OEH as a Model ID. FOH Status of System Exclusive Message
7FH Uni | System Exclusive Message Realtime Header
® Universal System Exclusive Message 7FH Device ID
06H MMC Command Message
O INQUIRY MESSAGE 03H DEFERRED PLAY (MCS)
4 Identity Reply F/H EOX (End of System Exclusive Message)
Status Data Bytes Status . .
FOH 7EH, Dev, 06H, 02, 41H, 7CH, 00H, 00H, 00H, 0GEL 00H, ssH, ssHF7H If the transport switch [PLAY} was pressed, the SP-808 transmits as the device ID 7FH.
Byte Description @ RECORD STROBE
FOH Status of System Exclusive Message Status Data Bytes Shatus
7EH Universal System Exclusive Message Non Realtime Header FOH 7FH, 7FH, 06H, 06H F7H
Dev Device ID
06H General Information (sub ID #1) ﬁ@: e e clusive M
024 Identify Request (sub ID #2) tatus of System Exclusive Message
4aH Manufacturer ID (Roland) M U System Exclusive Messag Header
CEHOIH Device Family Code (SP-808) g Device ID
0OHOOH  Device Family No. MMC Comimand Message
00H 06H RECORD STROBE
0H F7H EOX (End of System Exclusive Message)
ssHssH  Software Revision Level If the transport switch [REC] was pressed out of the recording condition, the SP-308 trans-
F/H EOX (End of System Exclusive Message) mits as the device ID 7FH.
< MIDI Machine Control Commands
® RECORD EXIT
Status Data Bytes Shatus Status Data Bytes Status
FO 7FH, 7FH, 06H, aal{, .., bb]
H aatd, .., bH F7H FoH 7FH,7FH,06H,07H  F7H
Byte Description Bute
FoH Status of System Exclusive Message .
7FH U 1 System Exclusive M Realtime Header FOH Status of System Exclusive Message
77 Device ID x Um\llexsalmSyshem Exclusive Message Realtime Header
O6H MMC Command Message 06H MMC G d Mes
aaH Command it sage
| | 07H RECORD EXIT
bbH Command F7H EOX (End of System Exclusive Message)
F7H EOX (End of System Exclusive Message)
If the transport switch {REC) was p d while ding, the SP-808 as the
*  See “4. MIDI Machine Control” section. device ID 7FH.
4 MID! Machine Control Responses ® MMC RESET
Status Data Bytes Status Status Data Bytes Status
FOH 7FH.7FH,07H,aaH, ..., bbH F7H FOH 7FH, 7FH, 06H, 0DH F7H
Byte Description Btz
FOH Status of System Exclusive Message FOH Status of System Exclusive Message
7FH Universal System Exclusive Message Realtime Header 7FH Uni ] System Exclusive Message Reaitime Header
7FH Device 1D 7FH Device ID
07H MMC Response Message 06H MMC Command Message
aaH Response ODH MMC RESET
| ! F7H EOX (End of System Exclusive Message)
bbH Respanse
F7H EOX (End of System Exclusive Message) When powered on and song loaded the SP-B08 transmits as the device ID 7FH.
*  See “4, MIDI Machine Control” section,
e &-onrol section ® LOCATE (MCP)
4. MIDI Machine Control O Format 2—LOCATE [TARGET]
Status Data Bytes Status
B MIDI Machine Control Details FOH 7FH, 7FH, 06H, 44H, 06H, 01H, hrH, mnH, scH, frH, ffH
® STOP (MCS) Bue  Desstiption .
. FOH Status of System Exciusive Message
Status Data Bytes Status 7FH i I . .
FOH 7FH, 7FH, 06H, 01H H Lm\.rersa System Exclusive Message Realtime Header
7FH Device ID
- 06H MMC Command Message
Byte Description 33
FOH Status of System Exclusive Message uH LOCATE (MCP)
7FH Universal System Exclusive Message Realtime Header 06H Number of Bytes
7FH Device ID 01H “TARGET” sub comunand
06H MMC Command Message heH, moH, sc, frH, #H
01H STOP (MCS) Standard Time with Sub Frame
F7H EOX (End of System Exclusive Message) F7H EOX (End of System Exclusive Message)

If the transport switch [STOP) was pressed, the SP-808 transmits as the device ID 7FH.

® DEFERRED PLAY (MCS)
Status Data Bytes Status
FOH 7FH,7FH,6H,3H  F/H
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@ The efficient information Field
The followings are the efficient Information Field on the SP-808.

The name of the efficient destination Information Field:
01H SELECTED TIME CODE
08H GP0 / LOCATE POINT
09H GP1
0AH GP2
0BH GP3
OCH GP4
ODH GP5
OEH GP6
OFH GP7
4FH TRACK RECORD READY

5. Appendices

@ Decimal and Hexadecimal table

(Hexadecimal number is shown with H.}

In MIDI documentation, data values and addresses/sizes of system exclusive messages ec.
are expressed as hexadecimal values for each 7 bits.

The following table shows how these ¢ pond to decimal numb
| dec | hex || dec | hex || dec | hex || dec | hex |
[ Q0H iz 20H 64 40H 96 60H
1 01H 33 21H 65 41H 87 61H
2 02K 34 228 66 424 98 62H
3 03H 35 23H 67 43H 99 63H
4 04H 36 24H 68 448 100 64H
5 O5H 37 25H 69 458 101 65K
[ O6H a8 26H 70 468 102 66H
7 OTH a8 27H 71 478 103 87H
8 0BH 40 28H 72 488 104 88K
9 09H 41 28H 73 48H 105 89K
10 GARH 42 2AH 74 4AH 106 6AH
1l OBH 43 2BR 75 4BH 107 BEH
12 OCH 4 2CH 76 4CH 108 8CH
13 ODH 45 2DH 77 4DH 109 &DH
14 OEH 46 2EH 78 4EH 110 6EH
15 OFH 47 2FH 18 4FR 111 6FH
16 10K 48 30H 80 508 112 T0H
17 11H 45 31" 81 51H 113 T1H
i8 12H 50 32H 82 S2H 114 2R
19 13H 51 33" 83 53" 115 738
20 14H 52 340 84 S54H 116 74H
21 15H 53 A5H 85 55H 117 TSH
22 16H 54 3I6H 86 56H 118 T6H
23 17H 55 37H 87 57H 118 TIH
24 18H 56 388 88 58H 120 78H
25 19H 57 3sH [3:4 S9H 121 79H
26 1AH 58 3AH 90 SAH 122 7AH
27 1BH 59 3BH 91 5BH 123 TBH
28 1CH 60 acH 82 SCH 124 7CH
29 1iDH 61 oy 93 SDH 125 TDH
30 1EH 62 3EH 94 SEH 126 TEH
31 1FH 63 3Fy 95 SFH 127 TFH

*  Decimal values such as MIDI channel, bank select, and program change are listed as one
(1) greater than the values given in the above table.

* A 7-bit byte can express data in the range of 128 steps. For data where greater precision is
required, we must use two or more bytes. For fwo decimal aa

‘3

bbH expressing two 7-bit bytes would indicate a value of aa x 128 + bb.

b

* In the case of values which have a * sign, 00H = -64, 40H = 10, and 7FH = +63, 50 that the
decimal expression would be 64 less than the value given in the above chart, In the case
of two types, 00 00H = -8192, 40 00H = 20, and 7F 7FH = +8191.

* Data marked "nibbled" is expressed in hexadecimal in 4-bit units. A value expressed as a
2-byte nibble Ja ObH has the value of ax 16 + b.

<Ex.1> What is 5AH in decimal system?
5AH = 90 according to the above table.

<Ex.2> What in decimal system is 12034H in hexadecimal of every 7 bit?
12H = 18, 34H = 52 according to the above table. So 18 x 128 + 52 = 2356.

<Ex.3> What in decimal system is 0A 03 09 0D in nibble system?
OAH = 10, 03H = 3, 09H = 9, ODH = 13 according to the table.
So{(10x16+3)x 16 + 9) x 16 + 13 = 41885.

<Ex. 4> What in nibble system is 1258 in decimal system?

1611258

16) 78 ... 10

186} 4 ... 14
o ... 4

0=00H, 4 =04H, 14 = OEH, 10 = 0AH According to the table.
So it is 00 04 OF 0AH.

@ Example of system exclusive message and Checksum

calculation
On Roland system exclusive message (DT1), checksum is added at the end of transmitted
data (in front of F7) to check the message is received correctly. Value of checksum is defined
by address and data {or size) of the system exclusive ge to be itted

< How to calculate checksum (Hexadecimal number is shown with H)
Checksum is a value which lower 7 bit of the sum of address, size and checksum itself turns
o be 0.

If the address of the system exclusive message to be transmitted is aa bb ccH and data or
size is dd ee ffH,

aa + bb + cc + dd + ee + ff = sum

sum / 128 = quotient and odd

When odd is 0, 0 = checksum

When odd is other than 0, 128 - odd = checksum

MID! Machine Contro! (MMC) Command, information Field / Response
Reference

® Commands Recognized

Command Action

01H STOP STOP

02H PLAY PLAY

03H DEFERRED PLAY PLAY

04H FAST FORWARD FF

05H REWIND REW

06H RECORD STROBE REC/PUNCHIN

07H RECORD EXIT PUNCH OUT

O0DH MMC RESET RESET

40H WRITE Write to Information Fields
41H MASKED WRITE Set Track Status Information Fields
44H 00H LOCATE I/F LOCATE (Read Locator)
44H 01H LOCATE TARGET  LOCATE (Designated Time)
4CH MOVE Move between Information fields
@ Commands Transmitted

Command Action

01H STOP STOP

03H DEFERRED PLAY PLAY

06H RECORD STROBE REC/PUNCH IN

07H RECORD EXIT PUNCH OUT

0DH MMC RESET RESET

44H 01H LOCATETARGET LOCATE

@ Valid Information Fields / Response

Information Field Interpret Valid Commands

01H SELECTED TIME CODE Current Time  MOVE (FROM)

08H GPO/LOCATE POINT Locator 1 MOVE (FROM), MOVE (TO), WRITE
09H GP1 Locator 2 MOVE (FROM), MOVE (TO), WRITE
0AH GP2 Locator 3 MOVE (FROM), MOVE (TO), WRITE
O0BH GP3 Locator 4 MOVE (FROM), MOVE (TO), WRITE
OCH GP4 Locator 3 MOVE (FROM), MOVE (TO), WRITE
O0DH GPS Locator 6 MOVE (FROM), MOVE (TO), WRITE
OEH GP6 Locator 7 MOVE (FROM), MOVE (TO), WRITE
O0FH GP7 Locator 8 MOVE (FROM), MOVE (TO), WRITE
4FH TRACK RECORDREADY  TrackStatus  MASKED WRITE, WRITE

* SP-808 transforms the Information Fields GPU-GP7 which are written by the MMC
WRITE COMMAND (40H) to MEASURE/BEAT/TICK format data which accord with
current tempo and time sig and then them to the | 1-8.

1
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Groove Sampler Date: May. 6, 1998

MIDI implementation Chart

Model SP-808 Version: 1.01
Function ... Transmitted Recognized Remarks
Basic Default 1-16 1-16
Channel Changed 1-16 *5 1-10 *6
Default Mode 3 Mode 3
Mode Messages X X
Altered ATEE AT AN R, X
Note . 0-127 0127
Number True Voice HARTARR SR IA AL 0-127
. Note ON 1-127 o
Velocity Note OFF x9n,v=0 x
After Key's X X
Touch Ch's X X
Pitch Bend X X
0,321 o o Bank Select (Effects)
7{ o o Level
10| o ] Balance
Control 80| o X D Beam Controller L
Change 811 o X D Beam Controller R
91 ] o o] Effects Send Level
921 o o AUX Send Level
X o] *1
PI’Ogl‘am True # FRRREWH R SRRAr 0"'63 Pad Bank
Change TR AR RAEARTE S o_gg Effects Patch
System Exclusive X X
Quarter Frame o *2 o] *3
Common Song Position o} 4 X
Song Select X X
Tune X X
System Clock o X
Realtime  Commands o o
All Sounds OFF | x o
A Reset Ali Controllers | x X
ux Local ON/OFF X x
Messages All Notes OFF X o (123-127)
Active Sensing o o
System Reset X X
*1 Change Pad Bank when MIDI CH = 1-10.
Change Effects Patches when MIDI CH = 11,
*2 “SyncSource” = “INTERNAL” and "SyncOut” = “MTC Only.”
Notes *3 “SyncSource” = “MTC Only.”
*4 “SyncSource” = “INTERNAL” and “SyncOut’ = “MTC Only.”
*5 Only the MIDI channel used for metronome can be changed. (The others are fixed.)
*6 Only the MIDI channels used for switching pad bank and triggering samples can be
changed. (The others are fixed.)

Mode 1: OMNI ON, POLY
Mode 3: OMNI OFF, POLY

176

Mode 2: OMN! ON, MONO
Mode 4: OMNI OFF, MONC

o: Yes
x: No
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Specifications

SP-808: Groove Sampler

Audio Data Format
SP-808 Original Format (R-DAC)

Maximum Polyphony
Stereo x 4 (Total)

Number of Tracks
Stereo Track x 4

Simultaneous Recordable Tracks
One stereo pair of tracks

Sample rate
44.1 kHz/32.0 kHz (When Vari-Pitch is off.)

Sampling Memory Capacity
Zip disk 100 M Bytes

Sampling (Recording) Time
46 min. approx. (Sample rate: 44.1 kHz, Monaural)
64 min. approx. (Sample rate: 32.0 kHz, Monaural)
* Varies by Vari-Pitch status and other conditions.

Signal Processing
AD Conversion: 20 bit, 64 times oversampling
DA Conversion: 20 bit, 128 times oversampling
Internal Processing: 24 bit (Digital Mixer section)
Internal Memory
System Setup: 1
Zip disk
Song: 64
Sample Bank: 64
Sample: 1024
Effect Patch: 99 Presets, 99 Users
Track Recording Method
Event Recording (Realtime, Step)
Audio Recording
Phrase Event Memory
Approx. 2000 Phrase Events per song

Channel Equalizer
3-band Parametric x 5 (Tracks A-D, Input)

MIDI Sync Method

Master: MIDI Clock, MTC & MMC
Slave: MTC & MMC

Frequency Response

44.1 kHz: 10 Hz-21 kHz (+0/-3 dB)
32.0 kHz: 10 Hz-15 kHz (+0/-3 dB)

Nominal input Level

Mic: "50~"20 dBu
Line In, AUX In: "10-*4 dBu

Input Impedance

Line, AUX In: 47 k ochms
Mic: 100 k ohms

Nominal Output Level
AUX Send, Master Out: -10 dBu

Output Impedance

AUX Send, Master Out: 2 k ohms
Headphones: 10 ohms

Recommended Load Impedance

AUX Send, Master Out: 10 k ohms or greater
Headphones: 4-600 ohms

$/N Ratio
AUX Send, Master Out: 92 dB (Line, A/D-D/A, IHF-A, typ.)

Display
69.0 x 25.0 mm (backlit LCD)

Connectors
Mic Input Jack (1/4 inch phone type)
Line Input Jacks, L, R (RCA phono type)
AUX Input Jacks, L, R (RCA phono type)
Master Output Jacks, L, R (RCA phono type)
AUX Output Jacks, L, R (RCA phono type)
Headphones Jack (Sterec 1/4 inch phone type)
Footswitch Jack (1/4 inch phone type)
MIDI Connectors (In, Out/Thru)

* Available with SP808-OP1 Multi 1/O Expansion is installed.
SCSI Connector (25-pin D-SUB type)
Coaxial Digital In Connector
Coaxial Digital Out Connector
Optical Digital In Connector
Optical Digital Out Connector
Track Direct Out x 3, L, R (RCA phono type)’

Power Supply
AC117V,230V,240V

Power Consumption
nw

Dimensions

394 (W) x 343 (D) x 99 (H) mm

15-9/16 (W) x 13-9/16 (D) x 3-15/16 (H) inches
Weight

4.3kg/ 9 Ibs 8 oz (excluding SP808-OP1)

Accessories

AC Cord, Owner’s Manual, Effects Patch List, Stickers,
"Let's Try” leaflet, Demo Zip disk

Options
Multi I/O Expansion SP808-OP1

(0 dBu = 0.775 V rms)

In the interest of product improvement, the specifications
and/or appearance of this unit are subject to change without
prior notice.
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Index
4bC (4-button Chorus) 113
A,B,C,D 13
ACIN 18
ALWAYS (Metronome) 67
ASSIGN (Foot Switch) .. 140
AUDIO REC —~+Audio Recording
AUX 12,18, 21, 25, 26, 42,96
Switching the ~ OUT Connector to Function
as the Track D Direct Qutput......ccomorcrcersenscrnnes 150
Using ~ IN/OUT 95
Using ~ OUT as an Auxiliary Output....ceceeeeecreniennes 96
Accent Note (Metronome) 159
Adjust Timing 87
AnC (Analog Chorus) 111
AnD (Analog Delay) 111
Analog
~ Chorus 111
~ Delay 111
~ Flanger 113
~ Sequencer 131
~ Synthesizer 123, 130, 135
~type Phaser 116
Attack ... 103, 106, 125
Attenuator 81,94
Audio Recording 74
Auto (AUTO)
~ DIVIDE 45, 58
~ Mixing 157
~ New Phrase 69
~ Trim (When Sampling is Finished).......ccusrcoscersenens 45
~ Wah 117
BAL/EQ/FX (Each Channel Settings).........ccccovmuenvennn. 12
BANK/BNK ...16,22, 26, 35,41
Copy ~ 57
Erase ~ 56
~ Param 138
~ Protection 138
BASE (Create New Song) 62
BEAM —+D BEAM Controller
BEAT..ccoimimnccrnaes 15,22, 31,60
BIG TIME ... et rsaarsns evasaassvensas 22
BOUNCE 49, 75,79
BPF reoteeeeeansnanas 101,117,122, 125
BPM e 10,12, 52, 60,71, 133, 144
~ Base Note...... 50
~ TUNE .ceotemrrneerieomenreneirennees 70
BS ...138
Balance (Stereo Balance).......c.ocorveerurene 38,80
Bank ...c.ovcveivireeere e .16, 26, 35, 41

Adding Protection for Pad ~s 138
Copy ~ 57
Erase ~ 56
Naming a Pad ~ 138
Base Note 50
Beam (D Beam Controller) 16, 30, 31
~ (Effect) 129
~ (MIDI) 158
~ (Pitch Down) 30
~ (to Play Samples ) 41
Beam Assign 41
Beam ID 31
Beat 31
Big Time 22
Bouncing Tracks 79
C/F (Chorus/Flanger) 127
C1,C2,C3,C4, C5,C5BL, C6, COBR ....crnnnrriariinned 99, 100
CAPSLOCK 138
CHANGE PITCH 53
CLEAR REGION/MARK.............. —To completely cancel
these settings for a segment
CLIPBOARD 17, 54, 55
COAXIAL 145, 146
COMMON
MIX ~ 27,40,48,77,78
SYSTEM ~ 168
CONTRAST 13,21, 22
COFPY
DIGITAL ~ 146
~BANK 57
~ DISK 144
~ Disk All 148
~ FX Only 143
~ From (Step Modulator) 133
CtC (CENTER CANCELER). 102
CTL (Effect) 99
CUE
AUXOUT 25, 96
PAD ~ 42
CUT (TRACK) - 84
CUTOFF (Freq) 102,125
Center Canceller 102
Change Pitch 53
Changing the Shading of the Display (Contrast Setting)21
Cho (Stereo Digital Chorus) 112
ChOLUS c.voovrinrrecrs it s seses s ssnesnse 111,112, 113, 127
Cleanup Disk. 46,142
Clear
(Locator) 37
(To delete marks) 83
Cmp (Comp Limiter) 103
Coaxial.....ceecemrecrcaroreseinesessns 145, 146
Com (Common/Synth) 123
COMUNON <.ttt enacee e eresseae s ere s e sensecnesnancon 123




Comp/Limiter ..103
Confirm .142
Connecting the Zip Drive 147
Connection 19
CONLTASE covorrsrsmsssensenencesersenns 13 ([SHIFT] + [PLAY])), 21,22
Control 99, 129
Controller 30, 129
Copy
Digital ~ Protect 147
~ (Bank) 57
~ (Sample) 56
~ (Step Modulator) 133
~ Disk All 148
~ Effects Only 143
Counting in (Event Realtime Recording).....ccoccocoreevuenens 63
Create
~ New Song (Create New Song) 62
~ Reversal 59
Create New Song .62
Create Reversal .59
Creating Songs

Arranging Samples to Create SOngs .......coecseenee
Create New Song (Creating New Songs)
Creating a Song with Measure Bars and Tempo

that Conform to a Sample 62

Creating a Song with the Reference Sample
Already Included 63
Ctrl 75
Cue 42, 96
Cut 84

D BEAM/D BEAM CONTROLLER ....16, 31, 41, 129, 158
D Beam Controller

(PITCH) 30
Assigning Functions to the Effects (EFFECTS)............ 129
Controlling Other MIDI Devices with the ~................ 158
Playing Designated Samples 30
Setting the ~ Sensitivity 31
D.Copy Protect 147
DAMPER 139
DEL (Delet) ....covemecemcerriissisenseeninciessinns s vesessesssnrenss 138
DIGITAL 112, 146
DISK 14,21, 46, 142, 144, 148
DP-2 —+Foot Switch
DRUM 36, 44
DRs (Delay RSS) 110
DUCK (Reverb) 106
Damper Pedal 140
Delay
Analog ~ 111
EZ ~ 108
Simple ~ 127
Tape ~ (Echo) 107
When using Vari-Pitch 39
~RSS 109, 110

Appendices

[ )

Delete
~ Sample 55
~ Song 73
Digital
Applying ~ Copy Protect 147
Using the ~ IN and OUT Connectors ........c.eueeevsecsreess 146
~ Chorus 112
~ Delay 108
Disk 14, 46, 144
Before Using Zip ~s 8
Checking the Remaining Memory on Zip ~5 «.cocvcennee 25
Copy (Copy Disk All) 148
Creating a Backup ~ 148
Disable Indicating the Saving
Confirmation Message at ~ Ejection ......cc.cc.c..... 142
Format ~ 24
If “Disk Full” Appears in the Display.......cceeeeesmemsnesn 46
Increasing Remaining System Memory
(Cleanup Disk) 142
Inserting and Removing a ~ 21
Maximum Sampling Times and Data Storage
Available on Zip ~s 24
Display the Song Position in Hours, Minutes
and Seconds 32
Distortion 118
Divide 45, 57,58
Dly
~(EZ DELAY) 108
~ (Simple Delay/Synthesizer) 127
Drive 8, 17,20
Drive Too Busy. 65
Dsk (PHONOGRAPH) 120
Dst (Stereo Distortion) 118
Ducking Reverb 106
Duration........ 68, 69, 87, 88
EDIT 14
EDIT (Processing/Editing) 14
SAMPLE/BANK (Processing/Editing samples)....50-59
TRACK (Editing Recorded Tracks).....co.eremereeeaneens 82-90
EFFECTS 12,16
~ (D Beam) 129
~ (Recorder/Mixer) ........coucveee. 27,29, 48, 77,93, 94, 95,97
EMPTY (Create New Song) 62
END (LOOP) 36, 51, 88
ENTER/YES 15
EQ (Equalizer) ........ccoervrrerneenns 47,78,94, 102, 104, 105, 118
ERASE 56
EVENT REC
REALTIME 63-67
STEP.. 68-73
EXIT ... 14
EXT
~ 1D (Zip) 143, 148, 149
e MTC et s rsasess s saensenie 155
EXTN (Step Modulator) 136
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Editing
(processing/ ~ samples) 50
(~ Recorded Tracks) 82, 87
~ Effects 98
Editing Selected Segments 84-86
Effects 12,27,29,48,77,93
Adding Internal ~ During Mixdown......c...c.... .93

Applying ~ Using the Insert Method.... .
Changing ~ with Three Knobs (Realhme Effects) ......... 28
Copying ~ Patches to Other Disks .

Editing and Saving ~
Playing the Synthesizer with the Realtime ~ Knobs
(Analog Synthesizer) 130
Returning the User ~ Patches to the Factory Settings
(Same as Preset Patches) 34
Saving ~ Patches 100
Selecting the Type of ~ (Algorithm)......cociiiinnnes. 98
Setting Pre- and Post-Fader for the ~ .
Switching the ~ Patches (MIDI).....ccoooeermneccrenrions 152
The Algorithms and ~ 101-128
To Fix the Positioning of the ~ 27
Turning ~ On and Off 140
Using the External ~ (Send/Return).........cecoeeccrmcmuscss 95
Using the Realtime ~ Section 128
Using the ~ as an Analog Synthesizer ... 130
~ Location Register Screen 100
~ Pre Attenuator 94
Electric Guitar (Connections) 20
End
Wave ~ Point (Track) 88
~ M (the Number of the Last Measure) 63
~ Point (Sample) .45, 51
End M e —the Number of the Last Measure
End Point (Sample Loop) 45, 51
End Step (Step Modulator) 132
Enh (Enhancer).. 103, 104
Enhancer - 104
Equalizer (EQ)...ccoourecenrenns 47,77-79, 94, 102, 104, 105, 118
Erase 56, 84
B S P .84
~ Bank 56
Erase Bank 56
Error Level.. 155
Error Level (MTC) 155
Event 63
~ Realtime Recording 63
~ Step Recording 68
Expression......... 36, 87
External Zip Drive 147-150
FILTER ..oooiincinicircmeescsrssasssesenssssnns 28,101, 117, 125, 134
FOOT SWITCH/FSW (Foot Switch)....18, 66, 76, 139, 140
FROM (from)......cccocovmvvrenerns 13,33
FULL ot reness s st ansssssssssssssssnssacsssniesstrsssssnssren 24
FX
~ EDIT corviremerienserenrons ~+Editing and Saving Effects
~INFO 15
e LOC. ittt s e 93

~PATCH .... 100
~ Signal 49
Fader 25,75,94
Fader Ctrl 75
Fil (Filter) .oocoveeersrnsenerenenes 28,101,117, 122,123,125, 134
Filter 28,101, 122
Final Step Number (Step Modulator) ......c.ccscrssusmsiannes 132
3 BNt SO RO PR 113,114,127
Flg (Flanger) 114
Foot Switch w18
Designating the Samples to Be Played in
Each Pad Bank with the ~ 140
Switching Functions with the ~ 139
Using a ~ to Punch In and Out 66, 76
Using the ~ Jack as a GPI Jack (DP-2/GPl).....cocornennnne. 140
Format 20, 24
;Format Type 24
;Sampling Rate 24
;Target Drive 24
Format Disk 24
Frequency (Freq) ....102-106, 108, 110, 116, 117, 119, 120, 125
From 33
GATE (Reverb) 105
~T (Step Modulator) 133
GPI 140, 141
GROUP 37
GT (Gate) 106
GUIDE 63
Gate 105, 133
Group —MUTE GROUP
Guide Sample 63
L+
HEIGHT (BEAM) 30
HOLD 17,37,144
Headphones 12,18, 25, 42
2 103 1 HSS OO 17,37,144
How to Return to the Basic Screens.......ocoeeicennieneesd 23
L
D
Beam ~ 31
SCSI ~ 147-149
INS 138
INS AUX-OUT .......coenes 96
INS MASTER.....ocoviircriernmnrnnrsntnsnssnsssnsssssssnaness 27, 40,93
INSRECORD. .... 48,78
INSERT
~ {Tempo Map) 71
~ (Track Insert) 85, 86, 90
INTERNAL/INT .ooiciinensresnniesinsens 143, 154
JISOLATOR. ...ttt cecs s cneannas 16,28, 101
INTIME oottt e ens 89, 90




I OLMAHON . e cvevercrrresseraseseessensrsrmsssarssssserssessensaesessrssevenses 15
Init System Param 34
Initialize
~ (Disk) ~+Format
~ (Restoring the Settings to Factory Condition)............ 34
Input Source (Digital In) 146
Insert 85,90
~ (Effect) 40, 48,77
~ (Track) 85,96
~ (Tempo Map) 71
Iso (3-band isolator) 101
Isolator 28,101
JUMP 129
Jump 129
Jumping to the Beginning of Songs 33
K |
Keep Mst.Fil&lso 29
Knob (Effect Knob) 129
Knob Control 129
L |
L+*R (D Beam Controller) 30
LBs (Low Booster) 102
LENGTH 53
Scrub/Preview ~ 33
~(=+End) 51
LEV. 4’
LEVEL 14,50
LEVEL METER (Level Meter Screen) .......cccccnemuecnssd 21
LFO (SYNTH LFO) (Low Frequency Oscillator) ......... 123
LINE 12,13, 38,75,95, 146
INPUT ~ 12
MIC/ ~ 13, 38, 75, 146
THRU (— ~) 95
LOC/LOCATOR ...ocrmnenrsscnestssssesansesssessens 12,32,33
LOOP-END 36,51, 88
LOW BOOST 28
Length . 33,51, 53
Level
Sample ~ 14,50
~ Meter 21
Line 12,13, 38,75,95
MIC/LINE Fader 75
~In 13,38,95
Lo-Flvrennnns 121
LoF (Lo-Fi Processor) 121
Load..eceeecee et 149
Load Ext.Sample............ 149
Load Ext.Song . 149
Loc (FxLoc.) v 93
Locator 12,32,33
Changing the Locator’s Position 32
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Registering Song Positions (Time Locations)

to the Locator Buttons 32

Loop

Setting the ~ Mode 36

~ End (LOOP-END) 36, 51, 88

~ Point 51
Loop Mode 36
Loop Point 51
Low Booster 102
Lower (D Beam) ...ocoovverveecrvnenes . 42

|~ |

M

Cntl~, Cnt2~ 63,75

End ~ 63
MANUAL 58
MARK ON/OFF 14, 55, 83
MASTER

(MMC) 156

(MTC, MIDI Clock) 154

INS ~ 27,40,93
MASTER OUT 18

Inserting Compressor/EQ to ~ 94

Insertion for the ~ 40
MEAS (MEASURE) ...c.coereremimsererssrusesaree 31, 65, 69, 75, 132
MEASURE 31
MEDIUM (D BEAM/PITCH) 30
METER (Level Meter Screen) 21
METRONOME (Metronome) ........... 15, 63, 64, 67, 74, 159
MIC 12, 13, 20, 38, 75, 146

INPUT ~ 12,20
MIC/L PRE-EQ/PST-EQ 78
MIC/LINE 13, 38,75, 146
MIDI 18, 151, 153, 154, 157, 159
MIX COMMON ([SHIFT]+[MUTE])........ 27,40,48,77,78
MIXER VIEW (Mixer View Screen) 22
MMC 156
MONO " 44,75
MOVE 89 .
MTC 153-157
MUTE 13
Marnual .. 113,114
Mark

~ On/Off (select/delete) 83

~ Phrase 55, 83
Master (Synchronization) 153-158
Master Filter/Isolator 28
Match/w 53
Memory (Zip Disk) 25
Merge-L&ER .c.cviriecrrennriereierisrsiscnann 92
MetronoOmE .....ocoeearemreieeienceemecnsesnvennens 15, 63, 64, 67,74, 159

Having the ~ Play AIWays...cc..coeoeermeecniienncaniinannss 67

Playing and Stopping the ~ 67

Setting the ~ Volume 67

Using the ~ to Sound External MIDI Sound Module......159
Microphone (Mic) 12,13, 20, 38,75
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MIC/LINE .o rreereenesresseeresaesncas sensoreenes
MIC/LINE Fader......cccovoecreranreserserresaenes
~s That Can Be Used with the SP-808...
Mix Down

MIXET...cmceeisimrncinisiencsssrcescsnine

Changing ~ Settings (MID])........ceccovvvene

~ View screen

The Location of the Internal Effects in the ~......cceoeeunee. 93

The ~ Setup (Image) 91
Mode

AUXOUTJACK ~ 9

LOOP ~ (LOOP =) ceoeeivriemrassaneesncesemccssisnnanees 36, 51

Out Jack ~ 96
Mon (Pre Punchj).. 66
Move 54, 89
Multi I/O EXpansion......eisimmssesensssssssiessrescas 145
Multi-purpose Effects 29
MULE...cotiiccc ettt nre e e s 26

MASTER OUT ~ 13,26

Starting the Sound with Releasing the Track ~

Simultaneously 137

~ Group 37
Mute ([STATUS] indicator off) ...cvvcrvnvrisnccenrasinsencnans 26
NARROW (D Beam/Pitch) 30
NEXT crerericrnriesressssanasnsssssens ~The Beginning of the Phrase
NO ([EXIT/NO}) 14
NOTCH (Filter) 101
NS (Noise Suppressor). 104, 122
NULL ctvreeriersensennsmssssassesssssnsssesessssssrssnssssssssssessassssoce 129
Name

~ (Song) 72

~ (Effects Patch) 100

~ (Pad Bank) ....138
New BPM......ovcemirennan .52
New Phrase . 69
NeWw PHCH .ot cnre e snssesnnnee 53
Noise Suppressor 104, 122
Normal Note....coevmirencnsncieicrnrnscnnarens 159
Note

(type and number of ~s) 50

BPM BESE ~...cer ettt snssi s ne 50

Normal/Accent ~ (Metronome) .......cceecoeecssesrisensnn. 159

Playing Effects with the ~ Messages

(Analog Synthesizer) ..ot 130

Playing Samples (MIDI) 151

Rx ~ (Pad 1) 152
INUH et eseeessessess s eeasesn s s s st ensneseseanmsssassseeesmennen 129
INUMDBET Of BEALS ...corverericrersriereeraersniemessssiessnermssesinsenas 50
Number of the Last Measure ... 63

| 0 |

ON/OFF

REALTIME EFFECTS {~]
ONCE ([SHIFT))....
OPTICAL ..o,
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OUT Jack mode (AUX OUT)......... 96
OUT Time . 89, 90
OUT/THRU (MIDI) ..ocvemeeeerrccerncrenenenns 151
Offset 87,156

(MTC) ~ 156

Wave ~ 87
On Off (Effect) .16, 99
Optical 145, 146
Out Jack MOGE....cuvevecoreemeeneiressisasesseceessssssmsessesssenesssasins 96
Out/Thru Select (MIDI). 151

Outputting the Sounds on Each Track Separately.......150

P.Fine 53
PAD
~BANK 16, 35
~CUE 42
~ Play 36
~ TRIG (D BEAM) 30, 41
~s RX Ch 151
Panel Descriptions 12
PASTE . 85, 89
PATCH (Effect Patch) . 27,97-100
PHONES 12,18
PHONOGRAPH 120
PITCH
(D BEAM) ~ 16, 30
CHANGE ~ 53
Lch/Reh ~ 115
VARI ~ . 15,39
PLAY 13
PLAY LIST 12,14,21,22
PLAY-ONLY 49,78,97
PLAY/STOP (Foot SWitch) .....ccovmirmeccnnernisncicninne 139
PLAYBACKbutton [ » J.ecveeeeverernnn. 15
POWER .... .18
PRE-F/PST-F....ccoooornirnirannns 94
PREVIEW......cocovmmrrmmnrans 13,33
PREVIOUS.........coommrimrncns —+The Beginning of the Phrase
PSf Stereo Pitch Shifter) .. 115
PUNCH 1/0 (Foot Switch)
Pad..........
Between the ~s and Note Numbers (MID]).......c........ 152
Changing the Way Samples Are Played and
Stopped with the ~5 (~ Play).....c.corennniccnnncnsd 36
Having the Sound Continue Even After
Releasing the ~ (Hold Function}.......ccceeerernennee 37
Rearranging Samples To Prevent Empty ~s in
the Pad Bank (Renumber).. ..138
Recording Your ~5 Performance .........cueeceansieesnnd 63
Setting the Overall Volume and Stereo
Balance of the ~s ............... 38
~Cue.... A2
Pad BankK ......coveceeeeerenmrerencsseoinisissccseesenseonisssessasne 16, 35
Adding Protection for ~5 .......ccceorcinmeeeeie e 138

Can Samples from Different ~s Be Played Together?.......35
Copying All of Samples in a Banks to Other Banks .....57



Deleting All the Samples ina ~ At Once....cccrvomeeveereeas 56
Designating the Samples to Be Played in
Each ~ with the Foot SWitch.......cc.ommenminnninns. 140
Naming the ~s 138
Selecting ~s 26
Switching ~s (MIDI) 152
Pad Play 44
Paral. (STEP MOD) .....orieiererereeenenees ~Parallel Motion
Parallel Motion (Step Modulator) .......ocverecnvinerssniernnnes 132
Paste (Track) 85, 89
Patch (Effect Patch) 98-100
Patch Loc (FxLoc.)...~+To Fix the Positioning of the Effects
Phaser.......... 116
Phrase
Top and end of the ~ (PREVIOUS/NEXT) ......ovcevnrvvee. 83
Changing the Volume of Each ~ 88
Finely Adjusting the Timing of Each ~ (Adjust Timing) .87
New Phrase 69
Playing Stereo ~s in Monaural 92
Phs (Stereo Phaser) 116
Pitch 15, 16
Changing the Width of the ~ Down
(D Beam Controller) .......... 30
Grade (Change Pitch) 53,115
Vari ~ 39
~ Shifter 115
Pitch Width (D Beam) 30
Play 13
~ List 13,21-22
Playback..... 25, 33,139
Position 102
Power 20
Pre-Fader........ 94
Pre-Trigger . cvmsrreiensrimrernisnisssiierassssnens 45
39 =) 30 Q=X < 2SO 94
PrePunchi.. e eenneecsnsnens 66
PreTrig 45
Preview 13,33
Preview Length 33
Protect
Digital Copy ~ 147
~ (Bank) 138
~ (Song) 72,73
Protection . 73,138
Punch In/Out
Auto ~.......... 66, 76
Monitoring the Sound DUring ~........coervemmersenren 66, 77
Using a Foot Switch to ~ 66, 76, 140
~ (Event Realtime Recording) 65
~ (Track Audio Recording) 76
QUICK (FOrmat) .o veeevceceenneneieenieccsscsesemscssnasenene 142
QUANIHZE ettt scsnaessennssemeas 65
Quick Edit 14,82
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REALTIME (EVENT REC) 63-67
REALTIME EFFECTS...coioiimnrcenrnerenicrsirsanes 28, 29, 97-130
REC 12, 6368, 75, 78, 81
REC (orPLAY) ..49,78
RECALL (EFFECTS PATCH) 28
REGION IN/QUT 14, 82,83
Rad (AM Radio Simulator) 121
Radio Tuning wererrensnnaniess 121
Realtime 28, 63,128
Event ~ Recording 63
~ Effects 28,128
~ Effects ("a” or “b”) 16
Rec Att .. 81
Recorder
Recording to an External ~ 91
Recording
Adding Effects Only to the Sounds Being Recorded....78
Bouncing Tracks 79
1f the Recorded Sound is Distorted .......cocecesiseserseiseains 81
Maximum ~ Times (Sampling) 24
Monaural ~ 75
Recording Directly to the Tracks 74
~ Through AUX IN 81
~ to an External Recorder (Mix Down)......ccccocvvmvevncreas 91
~ with the Channel Equalizer 78
~ with the Internal Effects 77
Region In/Out (Selecting a Segment).....c.oe.eu..e 14,82,83
Remain 22,25, 46
Renumber 139
Repeat Times (Insert) 90
Repeat Times (Paste) 89
Restoring the Settings to Factory Condition.......c..ceeveen. 34
Rev (Reverb & Gate) 105
Reverb 105
Reversal
Create ~ 59
Reversal (Reverse) 59
Rx Note (Padl) 152
s |
SAMPL TRIG (Foot SWItch) cveeecreenescneniseesecesnsenns 139
SAMPLE 14, 35, 149
SAMPLING .oovreerrererrcncssrrresemssessssanssassiasssassssennssasssnseases 17
SAVE 72,100
SCRUB . 13,33
............................................................................. 147, 148
—Realtime Effect (“a” or “b”)
SELECT ROW ....16,128
SEND/RETURN ..o eeretrccerrcresirnsesssasasaraonsans 48,77,78,93
SET UP
~ (D Beam) ... 30
~ (Step Modulator) ... ...133
SHIFT . 15,141
SINGLE (Step Modulator).....c.coemesriserrinessensseineseneeenns 132
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SLAVE (MMO)convriimerrcnssrmmsmsssssasissssss s sassssssssssssesses 156
SLAVE (MTC) 155
SONG POSITION .31, 63
SONG/SNG 14, 26, 60-73, 149
SONG/TRACK........... 14, 87-90
STANDARD 46
START-END 36
START/STOP..c.urcierrmnseirereirsessssissssessssssssassssscsasesssnac s 43
STATUS ..ot iremrsersssersssisssnsssssrssssssassssssssssassssssssans 12
STEP MOD (Step Modulator) 131-133
STEP REC (Step Recording) ..o ecevereessscssenesessisasensd 68-70
STEREOQ....coumreisienssensssssssnssssnessssssssssssmssssssessosrssastassons 44,75
STOP

PLAY/~ (Foot Switch) 139
STRETCH 14,52
SWITCH (Foot SWitch) .....eenveenenevsrsnees 18, 66, 76, 139, 140
SYSTEM 34
SYSTEM/DISK 14
Sample

Adding Effects 40

Automatically Dividing ~s at Silent Portions................ 58

Basic Method for Playing ~s 35

Changing a ~’s Pitch 53

Changing the Length and Tempo (Stretch Time) -........ 52
Changing the MIDI Channel Used for Playing ~s......151
Copy ~ 56
Delete ~s 55
Displaying ~ Tempo (Specifying the Number of Beats)...50
Distributing a ~ Among Multiple Pads (Divide Sample)..57

Hold 37
Load External ~ 149
Loading ~s from an External Zip Drive ......coocnveuenc. 149
MUTE GROUP 37
Matching the Length or Tempo with Another ~’s One......53
Moving ~s to Other Pads 54
Pad Cue Function 42
Processing (Editing) 50~59
Rearranging ~s (Renumber) .....c.ceoenrrrniinsrnssccrnnes 139
Reversing the ~ Like a Tape Backwards

(Create Reversal) ..o 59
Setting Sample Volume (Sample Level)

(QUICK EDIT LEVEL) wccoorirrtrnimnremninnsssssnissssnssnnnas 50
Setting the Overall Volume and Stereo Balance

of the ~s........ .38

Storing a ~ Out of the Pads Temporarily (Clipboard) ...54
The Number of ~s That Can Be Played Simultaneously

(Track-Related Information). 35

Using the D Beam Controller t0 Play.....cccovvoveerccreeas 30, 41

~ Rate 24

~ Trigger (Foot SWitch} ..o, 139
SAMPUNEG ...oevrireireet et 17
Assigning the Sections to Multiple Pads (Auto Divide)...45
Automatically Beginning ~ with Sound Input............. 44
Resampling 49
The ~ Procedure 43

~ After Making Loop and Play Settings...........co.covoocuneus 44

~ Song (Track) Phrases 49

~ Stereo and Monaural Settings 44

~ While Adding Effects . 48
Sampling Rate bt bt e e 24
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Save
~ (Effect Patch) 100
~ (Song) 72
Scrub 13,33
Scrub Length ...... 33
Select Song.... 26
Select Song (Switching Songs) 26
Selecting a Segment 82,83
To completely cancel these settings for a segment .......83
Send Ch.Mute 78
Send Return 48, 78,93
Sens (D Beam) 31
Sensitivity 31
Sensitivity (D Beam Controller) 31
Series —~Series Motion
Series Motion (Step Modulator) 132
Set MIDI Param ...151, 152, 157-159
sAccent Note ..., 159
;Metronome Ch. 159
Mixer, D-Beam 157,158
;Normal Note.....ccoereenne 159
;Out/Thru Select 151
;Pads RX Ch. 151
;Rx Note (Padl) 152
;Velocity 159
Set Song Param 72,137, 154-156
;Err Level (MTC Err Level) 155
;MMC Mode 156
MTIC Type.. 154
;Name . 72
;Offset reeeeveeerresesessane 156
;Syne Source/Out 154, 155
;Tr.Voice Reserve 137
Set System Param ...31, 33, 67, 129, 139, 141, 142, 146, 147
;D.Copy Protect 147
;FSW Func/Type (Foot Switch) ...cveneuicioeeneeiecnnennd 66, 139
;Input Source 146
;Knob Control 129
;Metro. 67
;Metro.Level 67
;Mon (PrePunch} ......... 66
;Preview Length 33
;Scrub Length .33
;Shift Lock 141
:Song Save Confirm 142
;Time Disp. 32
Set Up
~ (D Beam Controller) 30
~ (The Step Modulator settings 5CTeen)....owwvecrecereseucn: 132
Setting AUX OUT for Each Channel 95
Setting Track’s Effect Send Level 93
SHftuveeeeereirecreceerrecenesre e sseneisbessrsnesssnsnsseasansssas s senesaen 15, 141
SRt LOCK ottt eermssssie et ensss s arenene rets e snsssensens 141
Signal
FX-~.....~The Location of the Internal Effects in the Mixer
FX-~...... 49
Slave (Synchronization)........cueiececeessnesnenns 153, 156
SIOPE (OCE) corvrrrermimireeeisrreasieenisssssssssscsassasss s 101, 122,125



Song
Adjusting the Tempo of the Entire ~ ......cccoovcceciarrienians
Calling Up a Different ~ (Switching ~s). .
Changing the Tempo and Rhythm of Each Measure

(Tempo Map) 71
Changing the ~ Tempo 70
Copying Part of a ~ to a Pad 55
Delete ~ 73
Loading ~s from an External Zip Drive .....coevconnvuncs 149
Preventing Accidental Erasure of Songs (Protect)....... 72
Saving ~ Data 72
Starting and Stopping ~ Playback (Foot Switch) ........ 139
To Change the Name of a ~ 72
SoNg Protection ... ecceccsissicserne e ensestsesccenssecnee 73
Song Save Confirm . 142
Source

Input ~ 146
StM1, StM2 (Step Modulator) ........eiciiaecane 99, 100, 134
Start 36,43, 63, 74
SEArt POINE ...osvsiieiiisresensnsesssisessraensmcessrsensecsaisensrseraseon 51
Start/W

~ (Sampling) 44,45

~ (Song Recording) 63, 64, 74,79
Status .12
Step Modulator 131

An Example of the Producing Values from the ~.......132
Changes in the Performance of the ~ Made

with the “Trig” Setting 132
Copying and Using ~ Settings from Another Patch...133
Determining the Tempo/Synchronizing with a Song ...133

Playing Effects with the ~ (Synthesizer)........cccccoecuu... 130
Step Recording 68-70
Stereo/Monaural 44,75
SLOP coreeieimerrancrinine et ettt nen st ecasen st 139
Stretch (Time ~)...... .14, 52
Stretch Time.......cocveoeen. 14,52
Switch 66,76, 139, 140
Switching the Basic Screens w2l
Sync Out - 154, 155
SYNC SOULCL....oceoemiricritect e scen e cess s er e 154
Synchronization 153-158
Synth - . 123,130, 135
Synth COMUNON c..cecveveceeceerrcreens e ssesesssessossessrssensssesens 123
System .. . 14, 34
T-MAP (TEMPO MAP). 71
11« o OO 71
T.Sync 117
TAP et e st 144
TEMPO (Tempo)........... 53,71,108, 114, 115,117, 127, 128
TICK prerea s 31
TIME coo.oectrcrnsrnsssenssinsiennens 15,22, 52, 89, 90
TIME CODE . 32
TIMING

ADJUST mocsrcscrsssstssssnsssssnisnssssasssssassessssssnsssssesmsas 87
TRACK cocrrriencrenns 14, 82-90
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TRACK OUTPUT 150
TRACK SELECT...~+More Than One Track can be Selected
TRIG ~+PAD TRIG
TRIGGER (TTig) ..vveenserssemsconsesseans 36, 41, 45, 123,132, 136
TRIM 14, 36, 45
TUNE
BPM ~ 70
Tap.. 144
Tape Echo 107
Target Drive 24
Target Pad ~+Delete (Sample)
Tempo.....orcreiaecrerrnnenn 52,71,108, 114, 115, 117,127,128
Tempo Map 71
The Beginning of the Phrase 83
The Different Uses of the Send/Return and
Insert Methods 97
Tick 60
Time 22,52
MIDI ~ Code (MTC) 153-156
~ Code (Display) 32
~ Stretch 14, 52
Time Disp 32
Timing 87

Recording While Correcting Shifts in ~ (Quantize)......65
To Have a Stereo Track Played Back in Monaural ........ 92

TpE (Tape Echo) 107
Tr.Voice Reserve 137
Track 14, 82-90
Track Voice Reserve 137
Trigger
Pre ~ 45
~ (D Beam) 41
~ (Effect/Synthesizer) 123
~ (Pad Play) 36
~ (Step Modulator) 132-136
Trim
Auto ~ 45
~ (Quick Edit) 14
Tune (Tempo) 70
Type. 24,75, 140, 154
FSW ~ 140
Format ~ 24
MTIC ~ 154
U |
UNDO/REDO....... 15
Undo..... 15
Unlock (D.in ~). 166
Upper (D Beam) 42
Upper/Lower (D BEAM} ........ccoenee. 42
Using the VALUE/TIME Dial ..o 31
VALUE (Step Modulator)...e...oveccccsnneens 132
VARI-PITCH ottt se e sesessesnnens 15

185
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VCA (Virtual VCA) 126
VCF (Virtual VCF)........ 125
VCO (Virtual VCO + Ring Modulator) ......c.cooceeceveruenne 124
VIEW (Mixer View screen) 22
Value (Step Modulator) 132
Vari-Pitch ....ococooreennnnes 15, 39
Velocity ...covnimmnesnnanns 123, 159
Velocity (Effect/Synth) 159
Volume
(Overall ~ of the Pads) 38
(~ of Each Phrase)
(~ of Each Sample) 50
~ (AUX Qut Level) 96
~ (Metronome) 67
~ (Overall/Headphones/Each Track) ......ceereurnereoniennns 25
Volume for Each Track (Track Faders).....ccocsuiennseannes 25
VtF (Vintage Flanger)............ 113
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WaR.. ot .117
Wabh (Stereo Auto Wah) 117
Wave
~End 87
~ Offset 87
YES 15
YES ([ENTER/YES]) 15
Zip....... .17
~ DISK 8,20
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For EU Counlries—w

C E This product complies with the requirements of European Directives EMC 89/336/EEC and LVD 73/23/EEC.
v

4

For the USA -~

FEDERAL COMMUNICATIONS COMMISSION
RADIO FREQUENCY INTERFERENCE STATEMENT

This equipment has been tested and found to comply with the limits for a Class B digitai device, pursuant to Part 15 of the
FCC Hules. These limits are designed to provide reasonable protection against harmful interference in a residential
installation. This equipment generates, uses, and can radiate radio frequency energy and, if not installed and used in
accordance with the instructions, may cause harmful interference to radio communications. However, there is no guarantee
that interference will not occur in a particular installation. If this equipment does cause harmful interference to radio or
television reception, which can be determined by turning the equipment off and on, the user is encouraged to try to correct the
interference by one or more of the following measures:

-~ Reorient or relocate the receiving antenna.

—~ Increase the separation between the equipment and receiver.

- Connect the equipment into an outiet on a circuit different from that to which the receiver is connected.

— Consult the dealer or an experienced radio/TV technician for help.

Unauthorized changes or modification to this system can void the users authority to operate this equipment.
This equipment requires shielded interface cables in order to meet FCC class B Limit.

.

For Canada ™

NOTICE

This Class B digital apparatus meets all requirements of the Canadian Interference-Causing Equipment Regulations.

AVIS

Cet appareil numérique de la classe B respecte toutes les exigences du Reéglement sur le matériel brouilleur du Canada.




Information

When you need repair service, call your nearest Roland Service Center or authorized Roland distributor in your country as

shown below.

EGYPT

Al Fanny Trading Office
P.O. Box 2904,

El Horrieh Heliopolos, Cairo,
EGYPT

TEL: (02) 4185531

REUNION

Maison FO - YAM Marcel
25 Rue Jules MermanZL
Chaudron - BP79 97451

Ste Clotilde REUNION

TEL: 282916

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

Faul Bothner (PTY) Lid.
17 Werdmuller Centre Claremont

SINGAPORE
Swee Lee Company
150 Sims Drive,
SINGAPORE 387381
TEL: 748-1669

CRISTOFORI MUSIC PTE
L

Blk 3014, Bedok Industrial Park E,
#02-2148, SINGAPORE 489980
TEL: 243 9555

TAIWAN

ROLAND TAIWAN
ENTERPRISE CO., LTD.
Room 5, 9. No. 112 Chung Shan
N.Road Sec.2, Taipei, TAIWAN,
ROC.

TEL: (02) 2561 3339

THAILAND

Theera Music Co., Ltd.
330 Vemng NakomKasem, Soi 2,
Bangkok 10100, THAILAND
TEL: (02) 2248821

VIETNAM

Saigon Music

PANAMA

Productos Superiores, S.A.
Apartado 655 - Panama 1

REP. DE PANAMA

TEL: (507) 270-2200

URUGUAY

Toda Musica

Cuareim 1488, Montevideo,
URUGUAY

TEL: 5982-924-2335

VENEZUELA
Musicland Digital C.A.
Av. Francisco de Miranda,
Centro Parque de Cristal, Nivel
C2 Local 20 Caracas

VENEZUELA
TEL: (02) 285 9218

AUSTRIA

Roland Austria GES.M.B.H.

Siemensstrasse 4, P.O. Box 74,
A-6063 RUM, AUSTRIA

700 g: ;mr; Quang Khai St., TEL: (0512) 26 44 260 Calle Botivis 235 08020 Barcelon,
Republic of SOUTH AFRICA H Cl:: ik C SPAIN
VI‘;:_KNAMM“Q ity BEBIUM/HGJ.AN)/ TEL: (93) 308 1000
P.O. Box 23032 LUXEMBOURG
Claremont, Cape Town TEL: (08) 844-4068 Roland Benelux N. V. SWEDEN
i tiiore i H 3B.2260 Cevel Roland Scandinavia A/S
AUSTRALIA/ (Westerlo) :Ergcwm SWEDISH SALES OFFICE
: (014) 575811 Danvik Center 28, 2 t.
@ NEW ZEALAND 5131 30 Nacka SWEDEN
DENMARK TEL: (08) 702 0020
Roland Scandinavia A/S
CHINA AUSTRALIA Nordhavnsvei 7, Fostbon 880 SWITZERLAND
Beijing Xinghai Musical Australi ‘;,"P"’I‘_ ;“ DK-2100 Copenhagen Roland (Switzerland) AG
Instruments Co,, Ltd. ustralia Pty., Ltd. DENMARK Musitronic AG
& Huangmuchang Chao Yan, 38 Campbell Avenue TEL: (039)16 6200 Gerberstrasse 5, CH-4410 Liestal,
ngTIMChang 6 Dee Why West. NSW 2099
District, Beijing, CHINA Y . SWTTZERLAND
TEL: (010) 6774 7491 ALSTRALLA FRANCE TEL: (061) 921 1615
TEL: (02) 9982 8266 Roland France SA
HONG KONG NEW Z ND 4, Rue Paul Henri SPAAK UKRAINE
Tom Lee Music Co., Ltd. EALAF Parc de ['Esplanade F 77 462 5t. TIC-TAC
Service Division Roland Corporation (NZ) Ltd.  Thibault Lagny Cedex FRANCE Mira Str. 19/108
22-32 Pun Shan Street, Tsuen 97 Mt. Eden Road, Mt. Eden, TEL: 01 600 73 500 P.O. Box 180
Wan, New Territories, Auckland 3, NEW ZEALAND 295400 Munkachevo, UKRAINE
HONG KONG TEL: (09) 3098 715 FINLAND TEL: (03131) 41440
TEL: 2415 0911 Roland Scandinavia As,
INDIA CENTRAL/LATIN)]  Filial Finland UNITED KINGDOM
. . . Lauttasaarentie 54 B olan g
Rivera Digitec (India) Pt Ltd. | AMERICA Fir00201 Helsinki, FINLAND ~ Atlantic Close, Swansea
Flat's Compound Off. Dr. Edwin TEL: (9) 682 4020 52:;;;;?% Park SWANSEA
K"Sﬁ Road, Mumbai-400011, ARGENTINA GERMANY UNITED KINGDOM
TEL: (022) 498 3079 Instrumentos Musicales S.A.  Roland Elektronische TEL: (01792) 700139
) Florida 656 2nd Floor Musikinstrumente
Office Number 206A
INDONESIA Butnge Aes Handelsgesellschatt mbl. — ((MIDDLE EAST)
PT Citra Inti Rama ARGENTINA, CP1005 96, 228441
- ! . GERMANY
J1. Cideng Timur No. 15)-150 TEL: (54-11) 4- 393-6057 TEL: (040) 52 60090
Jakarta Pusat {040) BAHRAIN
TEL: g%‘sg;zmo oy iL GREECE Moon Stores
@zn) Roland Brasil Ltda. STOLLAS S.A. Bab Al Bahrain Koad,
R. Coronet Octaviano da Siiveira Music S d Ll P.O. Box 20077
203 05522-010 usic Sound Light State of BAHRAIN
Sap Paulo BRAZIL 155, New National Road TEL: 211 005
KOREA TEL: (011) 3743 9377 26422 Patras, GREECE
Cosmos Corporation TEL: 061435400 CYPRUS
Service Station CHILE Radex Sound Equipment Lid.
261 2nd Floor Nak-Won Arcade Comercial Fancy S.A. E‘tjezfsA:YLt d 17 Diagorou 5“[1-::_}0. gﬂx 2046,
Jong:Ro ku, Seoul, KOREA Avenida Rancagua #0330 Warb o e \DEPO" PLES Nicosia CYPRUS
TEL: (02) 742 8844 g:i;;nda ziannago, CHILE H-2046 Torokbalint, HUNGARY  TEL:(02)453426
: 56-2-373-9100 '
MALAYSIA 3 TEL: (23) 511011 ISRAEL
Bentley Music SDN BHD EL SALVADOR IRELAND o
140 & 142, Jalan Bukit Bintang OMNI MUSIC Roland Ireland ;l:'l‘lshll“l’d-‘GIEQRSPOO“ “
?’E‘fo{é‘;azlﬁgp urMALAYSIA 75 Avenida Notre y Alsmeda Audio House, Belmont Court, 8 Retzif Fa'aliya Hashnya St.
. IS‘;;HSI:&I:; 2 NEDI;;O;EV ADOR Donnybrook, Dublin 4. Tel-Aviv-Yaho ISRAEL
PHILIPPINES TEL (503) ;6"2 0788 Republic of IRELAND TEL: (03) 6823666
GA.Y fa g TEL: (01} 2603501
. upangco & Co. Inc. JORDAN
3Gl Puyat Avenue MEXICO ITALY AMMAN Trading Agenc
y;rzg’ggtg Manila 1200, Casa Veerkamp, s.a. de c.v. Roland Italy S. p. A, Prince Mohammed S% P g Bni'
TEL: (02 559, 980 Av. Toluca No. 323 Cal. Olivarde  Viale delle Industrie, 8 §25 Amman 11118 JORDAN
(02) 855 9801 los Padres 01780 Mexico D.F. 20020 Arese Milano, ITALY TEL: (06) 4641200
MEXICO TEL: (02) 937-76300
TEL: (525) 668 04 80 NORWAY KUWAIT
La Casa Wagner de Roland Scandinavia Avd, ~ E2sa Husain Al-Yousifi
Guadalajara s.a. de c.v. Kontor Norge ) P.O. Box 126 Safat 13002
Av, Corona No. 202 5.]. : Org KUWAIT
G . ) . Lilleakerveien 2 Postboks 95 =
uadalajara, Jalisco Mexico Litleaker N-0216 Oslo TEL: 5719499
C.P.44100 MEXICO NORWAY
TEL: (3) 613 1414 TEL: 2 0074

POLAND

P. P. H. Brzostowicz

UL. Gibraltarska 4.

PL-03664 Warszawa POLAND
TEL: (022) 679 4419

PORTUGAL

Tecnologias Musica e Audio,
Roland Portugal, S.A.

RUA SANTA CATARINA

131 - 4000 Porto -PORTUGAL
TEL: {02) 208 44 56

ROMANIA
FBS LINES

Plata Libertatii 1.
RO-4200 Cheorgheni
TEL: (066) 164-609

RUSSIA

Slami Music Company
Sadojava-Triumialnaja st., 16
103006 Moscow, RUSSIA
TEL: 095 209 2193

SPAIN
Roland Electronics
de Espafia, 5. A.

Roland Corporation

01349089

LEBANON

A. Chahine & Fils

P.0. Box 16-5857 Gergi Zeidan St.
Chahine Building, Achrafieh
Beirut, LEBANON

TEL: {01) 335799

OMAN

OHI Electronics & Trading
Co. LLC

P.O. Box 889 Muscat

Sultanate of OMAN

TEL: 959085

QATAR

Badie Studio & Stores
P.O. Box 62,

DOHA QATAR

TEL: 423554

SAUDI ARABIA
aDawliah Universal
Electronics APL

P.O. Box 2154 ALKHOBAR 31952,
SAUDI ARABIA

TEL: {03) 898 2081

SYRIA

Technical Light & Sound
Center

Khaled Tbn Al Walid St,

P.O. Box 13520

Damascus - SYRIA

TEL: (011) 2235 384

TURKEY

Barkat Muzik aletleri ithalat
ve ihracat limited ireketi
Siraselviler Cad. Billurcu Sok.
Mucadelle Cikmeze No. 11-13
Taksim. Istanbul. TURKEY

TEL: (0212) 2499324

U.A.E.

Zak Electronics & Musical
Instruments Co.

Zabeel Road, Al Sherooq Bldg.,
No. 14, Grand Floor DUBAL
UAE.

P.O. Box 8050 DUBAL U.AE.
TEL: (04) 360715

(NORTH AMERICA)

CANADA

Roland Canada Music Ltd.
(Head Office)

5480 Parkwood Way Richmond
B.C., V6V 2M4 CANADA

TEL: {0604) 270 6626

Roland Canada Music Ltd.
(Toronto Office)

Unit 2, 109 Woodbine Downs
Bivd, Etobicoke, ON

MOW 6Y1 CANADA

TEL: {0416) 213 9707

U.S. A.

Roland Corporation U.S.
5100 S. Eastern Avenue

Los Angeles, CA 50040-2938,
U.5. A,

TEL: (323) 890 3700
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@) Listening to the Demo Songs

Choosing a Demo Song ( [ s ] A

1. Press [SONG/TRACK]. --[{7
Highlight “Select Song?” -- &7
with the VALUE/TIME dial.

Press [ENTER/YES]. --BF

2. Highlight the desired song
with the VALUE/TIME dial. -- &7

Song Edit Menu

Press [ENTER/YES]. -- &7 )
Try “01 CHIMERA.” N
3. Press [ENTER/YES] according to
the message displayed. --[E7
Playing the Song
4. press[>] --@TF
to play the song. J
Press [m] --
to stop.
Press [~] --@B%
to go back to the beginning of the song.
H Play phrases
@ Playlng Phrases by pressing the pads.
1. Press the pads that are lit in red. --T% (¢ S ANPLE PALETE )
* No phrases are recorded on the pads that are not lit.
|13| [1a]|15] 18]
2. To have samples continue to play, AR TweT e s
hold down the pad and, --[F 9 wol ][22
press [HOLD]. --EZ7 I ml I ...I f Wl L,rmrl
Press [HOLD] again to stop the sound. | 5 | | 6 | | 7 | | 8 l
0000
A ENERR N
1




1.

2.

(3 Switching the Pad Bank

Pad Bank
A pad bank consists of 16 pads,
and the SP-808 has 64 pad banks.
So, the SP-808 can contain
up to 1024 phrases per disk.

Press [PAD BANK]. --07F
Press any of pads 1-14 --[Z7

which contain demo phrases.
You can directly select the first 16 of the 64 pad banks.

Press the pads --37
and play phrases.

16 pads x 64 pad banks = 1024 pads

Try more samples by switching
the pad bank.

s ™

SAMPLE PALETTE

2] Loa] [os] e

CAPS LOCK

[__“10”11”12]

° vz o . (1323

Lsilellz](s]

MNC 6

ETRER]|

) L=l L) L L= e
2 3 y

* When you choose a demo song, a pad bank containing phrases that fit the song is selected automatically.

@ Applying Effects
1.

To have samples continue to play,

hold down the pad, --O7
and press [HOLD]. --EZ7
Hold down [FX INFQO], --EF

&7

and press any of pads 1-16.

You can directly select the first 16 of the 99 effect patches.

Effect parameters which can be controlled
by three knobs are displayed. --(5)

Turn the effect on.
Press REALTIME EFFECTS [ON/OFF]
and turn on the light.

Press [EFFECTS] on PAD and TRACK A/B/C/D

B

Apply effects and
control them from the panel.

and turn on
the light.

Turn the knobs  --E%
and control the effects in real time.

Try the Step Modulator.
Press [STEP MOD] --[B7
and turn on the light.

Effects parameter values are changed by the step modulator.

Press [STEP MOD] again to stop.

To recall the original effects settings,
hold down [SHIFT]  --

and press REALTIME EFFECTS [ON/OFF].--

patch name
ct C3
***\Q ***@ O
parameters
] /')

00 == D

000

ALUE]
TIME é’ﬁ‘é&

f

Eﬁ?



(B) Playing Phrases and Controlling the Pitch with the D Beam

Playing Phrases with the D Beam

and turn on the light. U

2. Move your hands over the controller, --E7 () [Jeseamcontrovien
and play the phrases.

1. Press[PAD TRIG] --07F ! [E'] J

Controlling the Playback Pitch with the D Beam

1. To play the phrase, — @ %
hold the pad, and press [HOLD]. w
2. Press[PITCH] --G7

==
and turn the light. Py

3. Move your hands up and down over the controller. --E7

You can lower the overall playback pitch by the height of your hand.

s '

1. To play the phrase, hold down the pad, 2,8

and press [HOLD]. , |2
2. To tumn the effects on, Pﬁe 3 [ pesam conmorien

press [ON/OFF]  --{F FX INFO OF

and turn on the light. . [ | a )
3. Press [EFFECTS] --B7

and turn on the light. ﬁ

Press [EFFECTS] on the PAD --(EF === Jooo

and turn on the light. ITRETRN g o
4. Move your hands over the controller. --E7 \\

You can controi two effects parameters "~ m ce mesorce

SAMPI.E PALETTE

g%@@

with the left and right beams.

Controlling the Synthesizer Sound with the D Beam

1. While holding [FX INFO], -- B
press pad 14 --[E7
1o select the effect patch “SY:Beam #1."

2. To turn the effect on,
press [ON/OFF] --Z7
and turn on the light.

3. Press[EFFECTS] --BF
and turn on the light.

4. Move your hands over the controller --[E&
to change the pitch of synthesizer sound.



(@) Sampling |

1.

To select a blank pad bank, =
press [PAD BANK], --0OF |
and press pad 150r 16. --[E25 ooo0
To go into sampling mode, -H
press [SAMPLING]. --EF 7/
The pad at which the sample will be stored lights in red.

, L
Press [SAMPLING] again -- 5 SAMPLE PALETTE

to start sampling.

Press [SAMPLING] once more
to stop sampling.

-BF

Press thepad --[67
to check the resulit.

If the result is OK, press [ENTER/YES] --EF

and next sampling is ready.
If not OK, press [EXIT/NO]  --
to cancel, and try again from 3.

Press [EXIT/NO] --[EF
to get out of sampling mode.

Auto Divide Function

[r==22a]

Auto Divide Function
if the sound source to be sampled includes

silent partitions of a certain length, the SP-808 can divide
the sample at the silent parts and assign each of them to
different pads. This makes it convenient to sample audio sources,

including lots of sample phrases such as those on a

sample library CD, and play each phrase with a different pad. Eic?gs ""‘"“‘l ["“"’“I I"’“"’l l""””“J
T A
To go into sampling mode, Pad Play GATE
press [SAMPLING]. --@& Loop ON(S-E)
Auto Trim X OFF
Press[v] --[E7 Auto Dmdw

sound source

(library CD, efc.) silence silence silence

oosl b med
VA

LY L)

several times to highlight “Auto Divide.”
\-

2

Set the length of the silent part

(OFF, 0.5/1.0/1.5/2.0 seconds) to be detected with

VALUE/TIME dial. --[BF

Proceed with sampling according to the above “Sampling.”

Press [UNDO] to retry sampling. --[d5

01670580 '99-8-A3-22K



SP-808 Effects Patch List /T 7 x % k /Xy F - UX B

[DL] ECHO/DELAY (Za~/F 4L 1)

Number Patch name algorithm Description
A JAVE -] PhIUZL B
. Distinctive digital d .
PO1 (U17)  DL:Digi? <EzD> ol A TN

Distinctive tape echo.
.................................................................................................... Fo7 IR RESNORGEPOILERE,
Echo pattern with three tape heads.
................................................................................................... 3Ay FERTREARROT =T TI70 e
Compact Analog delay.

A7 b PFOT Ty L],

Long delay (max. 2.4 sec.). For sound-on-sound
T L BRSO ITEED S Pl S K A Y FRRE,

Various delay pattern with sang BPM sync. For dub.
VSENLTEREI Y SY T - 39 2 XBF LT,

Number Patch name algorithm Desecription
f 2] Ny Fg FHIY XA BiH
ol Isolator canceling high range.
Pos(uzs)  ISHiCandl ... 80 e TATETE BRI
Stereo anti-phasing at I 3
PI0(U24)  ISlow-Phs  <iso> ERNDAT LA PoT T

X Cancels the center of stereo
P11(U25)  CC:VoCancl <C.C> Kol k4t~ (RFLAANDBREEUT S ERT),

[CHI CHORUS (-3 )

Number Patch name algorithm Description
e Ny F$ FRAIVXL ol
. Clear wide-range digital chorus.
Pi2(uzg)  CHMFCho O TUP-CBRMETIAN A5,
. BOSS CE-1 + analog delay.
L OHCELDl OB BOSSCE1+7F07 ZoLADRSIVRe ...
. Vibrato on CE-1
CH:CE1Vib BOSSCEANETI— b F—Fa i,
Beverse-phased sterec chorus on BOSS CE-3.
- CESDEMMBRET =T Ro oo asanmssseeessereecesseras e
Chi ode on Roland SBF-325 fi .
Plo(Uzg)  CHSBF325  <SBF> SBrS7 227 =039 Bk ..
. Roland SDD-320 (buttons 3 + 4).
Pi7(U30)  CHSDDB+4 <SDD> 073 FSOD-R20, #2OLADMBML,
. Surround effect by RSS for monaural sources.
PreWsY) | ChRssumd ...8% RSSCX3¥37> KRR, B/ SNOANBHTN TR,
[PT] PITCH SHIFTER (EvF « 274 —)
Number Patch name algorithm Description
42 ISy FE FPRAYZL L]
. Stereo detune for thickening the source.
Pz PTSTDmn AZVA A<y BREERE,
Pitch shifter with an octave down.

S, Makes a chord from a singie note, Major/minor selectable with knob.
P21(U33)  PT:TradCd <Psh> MBEFI- FEY . DERTAYv—/71F~ 6L THE

[FL] FLANGER (75 >% v —)

Number Patch name algorithm Description

2 NeFE FIAUXL BiR

P22(U0s)  FLardlet ~ <BF2> Ry osise-,

P3(USY)  FLHiBand  <BF2> BOSSOHE ST X I
P24(U3s) ~ FLSBF#3  <8BF> e el S T
P25(U3e)  FLStepBm  <SBF> e ioghyilit b
P26 (U37) R, L AR E BT

[WA]WAH (777)

Number Patch name algorithm Description

58 JAVE i -] FAY XL B
- Touch sensitive wah triggered with the input level over threshold.

Pz o7y WATHgWah N e TEANRREBASECEBMCIRIT Y0
. . LFO-controlled wah

P28 (U38) WA:Cyclic <Wah> LFOTERBRITIET 379,

. Opens/closes to input level change as well as D Beam.
P29 (U3s)  WA:Envelop <Syn> ANERCEEL TE? RMATSTY. DE—LHT,



[PH] PHASER (7 x —¥%—)

Number Patch name algorithm Description

a8 AP < FafyxL [ L]
Vintage four-stage phaser.

PO0(U40) | PHAstage NS e HDABIIFo
See-saw phasing between L/R (eigmastage type).

P31(U03) ~ PH:See-Saw <Phs> EETLR - FREEDY~ Y~ 71— %~ (88),

[LFJLO-FI (O— - 7 7(1 %)

Number Patch name algorithm Description
&8 K FAIYRA BE

fing modulator.
P34 (U13)  LF:RingMd1 <Syn> e T Mo

Ring modulator’s variation.
........................................... Uzl i BZal=Bo@SUInya%0 e
........................................................ OO e
.............................................................. PHOJBBENOEAEMM. s
""""""""""""""""""""" Stereo distortion for io-fi breakbeats.

K3 ADLo-FILEEo AXF LA - FAA =YL,

Sound of smalk-sized bulthomn.

SREMERDHE,

Lo-Fi processor, low
oy bEEL/Y TN L= bEELICEBLO-Fi 7> K,

AM radio noise. Tuning with knob.
AMS $d, LT TFa~22F,

SP meordplayedbamboostykxs
EMSPLO~F, Mt 7L—F—g

[RV] REVERB (1 /{—7)

Pl vl v P

P43(Us8)  RVMidRoom  <Rev> Sesoommom,

""""" CRVUGHIl  <Revs Lo csimenen

............................. RVCathal  <Rev> o
RV:SoftAmb <Rev> wg,‘;"f@mﬁ :"f’"“ with minimal wal raflsctions.

...... AvRoomarb  <Rev  avmmw
P4S(UOB)  RVLCWb  <Rev> . e
P49 (US3)  RV:CIbFIr  <Rev> ,S,ﬂ';“ﬁ';“.;;”;";,“;‘:‘:‘f’_'_f’f"dmm' ...........
P50 (US4) RV:LngCave <Rev> ;"[‘:’;‘;",;;“;’ff’f‘m”"”"ms N
PSI(USS)  RVGaage  <Reve TS immemesenies
PS2(USE)  RViPiate <Rev> %“é’t‘f““ﬂ"-""“‘-"‘-ﬁ"ﬁ'f?? ......................................
PS3(US7)  RviGated  Rev> eV crstemermeme.
P54 (USB)  RV:Revers <Rev> yriieaaie S
T -

[DN] STEREO DYNAMICS PROCESSOR (AFLHF - 414 F 39X - AL vH-)

yamber Pshane  sgorte | Descrptn

P56 (UBD)  DNDamcoEQ Dy e
PS7(Us1)  DNioues ~ <Oyn- e
PEO(UOY)  DNHaGT Dy e
PES(US  DNTOWG) Dy e
PBO(UB)  DNimiter Dy
P61(U64)  DN:Enhance  <Dyn> Sewowtaner

[SY] VIRTUAL ANALOG SYNTHESIZER (E¥E7+0¥J

Number Patch name algorithm
&5 AR ) PAIYXL

P62 (U14)

Synth bass pattemn 1 (with step moduiator pattem).
Yot R=X1 (RFy T - EFalb~8~),



Number Patch name algorithm Description

&5 Ry 3f PRITYZXL i)
. Synth bass pattemn 2 (with step moduiator patiemn).
P65 (U66) SY:StepBs2 <Syn> S e R2 (RF 5T+ BT 2 b—Gi—),

................................................................ e Sy
.............................................................. N e FIL YA (AP ST ET A= E

s Techno sequence 2 {with slep modulator pattem).
<oyn> FIS el X2 (AFy T B abmt =),

PEI(UES)  SYStepTke Sy R AT BTt s e
P70(UT0)  SYStepTks  <Sym> I—fz"ﬂ""—i““’;“‘fié’“’&’;”‘:';”i”’é’;"ﬁ“"z" \

. 70's synth sequence 2 (wm step modulator pattem).
Prary .Svrosep2 | s SV"’7o$f€n~+zw—z<zvvfu»—s~> 2

80's synth sequence 1 (with step modulator patiem).

Pralurs) ..Sveosepl . Y SRR bty AT T Bab T ) e,
Frours) .52 .. RS St ey A ag Da b

" Storm simu} ith noise d filter.
P76 (U76)  SY:StpWind <Syn> oyl sl

[SL] SLICER (X5 1 #—)

Number Patch name algorithm Description
f_acA NoFg FITYXL

P77 (U77)

P79(U79)  SL+Delay <EzD> it cm el

[WA] Template (P TUXLRIRA VL) - see owners Manualp. 8. ¥ REBHNP.SHH,

»

3

-

Number Patch name algorithm Description
f Ky 58 PhIUXL RE
PEO(UBD)  OfolsoRFl  dsor K rivkasi7anss,
0>CLCane - <C.C> il
............................. 03>CompEtc <Dyn> R0y o e
04>Rev&Gat  <Rev> ';.".’ég_:_’;‘ﬁ'b;g:z b
........... 05>Tapefch 201> e ez T za e,
06>ezDelay <EzD> o j‘f'f"?.;.{ et
07>DleyRSS  <RSS> SRRRBATUAFouas
08>AnigD&C  <CE1> it b
09>DigiCho  <Cho> il
............................. Odne 00> BTSRRIy,
1>Fingaes  <SBR> e
it TR iR -y byt
1SSt <Psh P ETUR NSy
PO (U9 1BOSPhas PhS e e
P94 (US4)  15>2xAWah S s,
POS(USS)  162Dist e TeRbovare
P96 (U9B) g’n;‘gg;m‘:d;"ﬂ’m:~ oo Jous SR
POT(UOT)  teRado Fad> M s,
P9B(UB)  19-LoFl o> iofpossrioiove amping e,
Po9 (U99) <Syn> iy bt oy

The PB0-P99 in this list lets you know the meaning of the each algorithm indicated by the abbreviated three letters.
SUFOEBEROENENSRIPLIY LR, COYRDPEBO~PISTERETZEY,

Please note; the user area {(U01-U99) at the factory settings is the same as the preset Patch, but the different order.
WEEOL~Y— - TUF U01~U89) B. ABRTI Uty NyFELALUTYTH. BESRBYETDTITRBRIIIE L,

The effects patches P(U)77-79 called “Slicer” change the volume full to zero rhythmically with the step modulator. When the step modulator is stoped,
these patches make one of two performances the sounds are continued or stopped. So for live performance or such situations, it is more convenient
that you prepare the “sliced” samples on the other pads by resampling with slicer.

Ioxs k- NuF P U) M7~10DRSA4—d, EREATYT - EValb—4—TUXZHALCEEBATIHNRTY, BEE, XRFvY - EValb—%
~HIEDIFIIVICEHT, BHBUYBEIBEE . LEZPENBUET. COLBDSAT - N5 —TVRGBETR. RS F—ODP > BEHS
BLHUHBYTYLILT. ROY T ILERRONNY FICHBEL THEEHTT.



Top 16 Patches of User Area (Hold down [FX INFO] and press PAD [1]-{16].)
A—H¥— TYUPDO%TEI6/Sy F ([FXINFO] %L %%PAD [1] ~ [16] &£#7.)

Number Patch name aigorithm Description
B

&2 NoFH FRIUZXA
i ds.
UD1(PO3)  DL:3hSPACE  <201> Pyl araibniinby el

uo02 (P0B) DL:RSS Alt

uo3 (P31) PH:See-Saw

SP racord played bamboo stylus.
e e T S BESPLO R T L Ty

Distinctive ring modulator.

U14(P62)  SY:Beam#1  <Syn> = o emcemmesssib@,
U15 (P64) Sy:StepBs1  <Syn> oo b nozi (RFyT EYal=F-),
U16 (P68) SY:StepTk3

Contents of the Pad Banks of the Accessory Disk/{1BF 1 A9 DNy F - NV DRE

Bank01,02: The phrases used in the demo-song “CHIMERA” and some | /AV%01,02  FEah [CHIMERA) (C#bNA DL —~X& [CHIMERA]

phrases /sound-FX matched with the tempo (1350 BPM). | DOF M (1350 BPM) (L& 7L— X OHREE,

Bank 03,04: The ph used in the d g “deep cavity” and some 103,04 FEEB [deep cavity] (CEHNz7L—X& [deep cavity)
phrases/sound-FX matched with the tempo (161.5 BPM). DFR (1615 BPM) C8- 7L~ XPUREE.

Bank 05,06: The phrases used in the demo-song "Effective” and some 505,06 FEE [Effective) CfDHL DL —X& [Effective) O
phrases/sound-FX matched with the tempo (170.0 BPM). FrR (1700 BPM) (TR —~ZPHRES.

Bank 07: Sound-FX. N 507 SFX (SRHRE).

Bank 08: Guitars & Basses. 408 FhR— N—=2,

Bank09:  Synth & Keyboards. 1 509: YA~ R F

Bank 10-14: Rhythm phrases divided in tempo groups. Nr210~14 FURITECHITYZL - 2L X%,

Others:  Blank banks. Do BENVT,

SP-808 Demo Song List/TEVY>T-URDB

x

ot

% .

1. CHIMERA HEIGO TANI HHF Copyright @ 1998, Roland Corporation
2. deep cavity Ryeland Aflison SALATLF P Copyright © 1998, Silver Outlet Music, BMI
3. Effective Roland Corporation B3 > K&t Copyright © 1898, Roland Corporation
4. CHIMERA (Extended Mix) HEIGO TANI BEF Copyright © 1998, Roland Corporation
5. Effective (Extended Mix) Roland Corporation  0—% > KRR S Copyright © 1988, Roland Corporation
T T T TR T TP LT PP e P TR Y P PR PP PP R RPN
HEIGO TANI (# P3%F) HEIGO TANI (# %)
Heigo Tani is 2 DJ, musician and musical instrument freak, who shares a DJ WADAEATOM/Co-Fugion/AS TWO MENEULWDFH /212w b %
techno unit called ATOM/Co-Fusion/AS TWO MEN with D} WADA, BH. SETEBE B TSALLI~F) NY (SN PAUD)
and has released records from Japan (Subrim Records), New York (Tribal RAY ATSRAFaw YT 1), UK (HMIF 1 UK BEDL AN
America), Germany (Plastic City), UK (Positiva UK), etc. BEL I~ FEY U=~ATE0IRZ 2~V v Y RUEBSBL<,
He is also a member of the two-man techno unit called “urn” which has Flo AV a2y FERDICERTSUn (952 EOD2AEHTH
been using the Internet for their activities. They use the Internet for live J2Zy R0, 26OMC-303EBRBEH T2 —Ry FEXR
performances while synchronizing two MC-303's. LA ERFT>TLS.
Web site: www.softbank co.jp/music/um/ URL: http://www.softbank.co.jp/music/urn/
O T T T T N T L T T T T P T N P P O PP P TP
Ryeland Allison (Z4 32K 7Uv) Ryeland Allison (543K -FUVZ)
Ryeland makes electronics groove at the speed of sound, including OB ENAEPHCERELTOBNGR, FH/RP~-F4 Ak [%
computer controlled transistor thythm. Busy Bee on the Quake Coast ~FA IV2DRE/ESDLOTKBTROTS/ - 4OV FTHRE
fashioning Distorted Reality, Cyberian sounds, and during twilight: his ACEBMLICL ! ] BFRRICBIT SR, CORO—HIETL
dynamism plunders vibrancy at once among peace-loving frequencies. ERDHERE-ATHZ<OALBLTEEITELTHS,
He jiggles remote to youth righ losing his to
brosial positive relatives, buzzing all serviceable results.

He is honored to introduce this to you.

L T T T R T LR R Y R YNy

Some phrase patterns from the MC-505 such as P125 (Ryeland Allison) are used in the demo songs (3 and 5) as well as phrase samples in the SP-808 demo disk.
SP-BOBOEMET « RO TR, P125 (5450 - PUVY) i, LKDOHOMC-E0507L—X - Ne—V%, FEH (3. 5) BLUIL~X - $UFLELTHEALTLET.
When shipped from the factory, the demo songs No. 1-5 and the pad banks No. 1-14 are protected.

HEHE. TT - YT1~5, Ny P N 1~1UN8T70F0 PENTLET,

The track D of the demo song “CHIMERA” is not in used. The track B of “Effective” has phrases but it is muted, you can here the sound when you turn the [STATUS] in green (PLAY).
[CHIMERA] D +5 v oDIEREBTY. (Effective] D FS5vIBREIU—XHFBYETHTa—F (BB) EnTHY. [STATUS] 8L TRILSNE BB CBITET.

All rights reserved. Unauthorized use of this material for purposes other than private, personal enjoyment is a violation of applicable laws.
Ch5NTE -V 7EBATRELCISHOBHIBORRB < BRETA LR, Z2TRLUONTLET,.
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