VM-C7200/C7100

Owner’s Manual

Notation used in this Owner’s Manual

To make operation procedures easy to understand, the following notation system is
adopted:

* Characters and numbers in square brackets [ ] indicate buttons on the front panel. For
example, [LEVEL METER] represents the LEVEL METER button.

¢ Notes in the right margin of sections marked r@g include information requiring your
attention. Be sure to read these notes.

* Notes in the right margin of sections marked MeMp include information you may find
convenient to know. Read these as necessary.

* g indicates that the paragraph marked contains information related to an operation.
* [Items marked ? indicate terms that are useful to know. Read these as necessary.

¢ If you come across a term in this manual that you don't understand, look it up in the
“Glossary” (p. 232). For answers to questions about the V-Mixing System, read “Q & A”
(p. 264).

¢ If the volume decreases, or if the unit does not operate properly, read
“Troubleshooting” (p. 261).

Before using this unit, carefully read the sections entitied: “IMPORTANT SAFETY
INSTRUCTIONS” (Owner's manual p. 2), “USING THE UNIT SAFELY” (Owner's
manual p. 3), and “IMPORTANT NOTES" (Owner’s manual p. 4). These sections
provide important information concerning 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 manual should be read in its entirety. The manual should
be saved and kept on hand as a convenient reference.

* Al product names mentioned in this document are trademarks or registered trademarks of their
respective owners.

Copyright © 1999 ROLAND CORPORATION

All rights reserved. No part of this publication may be reproduced in any form without the
written permission of ROLAND CORPORATION.




CAUTION

RISK OF ELECTRIG SHOCK
DO NOT OPLN

ATTENTION: risauE DE CHOC ELECTRIQUE NE PAS OUVRIR

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

The lightning flash with arrowhead symbol, within an
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.

The exclamation point within an equilateral triangle is
intended 1o alert the user to the presence of important
operating and maintenance (servicing) instructions in the
literature accompanying the product.

A
A

rINSTRUCTIONS PERTAINING TO A RISK OF FIRE, ELECTRIC SHOCK, OR INJURY TO PERSONSJ

IMPORTANT SAFETY INSTRUCTIONS
SAVE THESE INSTRUCTIONS

WARNING - When using eiectric products, basic precautions should always be followed. including the fallowing:

-

_ Read all the instructions before using the product.

2. Do not use this product near water — for example, near a
pathtub, washbowl, kitchen sink, in a wet basement, or near
a swimming pool, or the like.

3. This product should be used only with a cart or stand that is
recommended by the manufacturer.

4. 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 consult an
audiologist.

5. The product should be located so that its focation or position
does not interfere with its proper ventilation.

6. The product should be located away from heat sources such
as radiators, heat registers, or other products that produce
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.

8. The power-supply cord of the product should be unplugged
from the outlet when left unused for a long period of time.
9. Care should be taken so that objects do not fail and liquids
are not spilled into the enclosure through openings.
10.The product should be serviced by qualified service
personnel when:
A. The power-supply cord or the plug has been damaged; or
B. Objects have fallen, or liquid 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
E. The product has been dropped, or the enclosure
damaged.
11.Do not attempt to service the product beyond that described
in the user-maintenance instructions. Ail other servicing
should be referred to qualified service personnel.

f

electric current to reduce the risk of electric shock.

GROUNDING INSTRUCTIONS

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

This product is equipped with a cord having an equipment-
plugged into an appropriate outlet that is properly installed and grounded in accordance with all local codes and ordinances.

grounding conductor and a grounding plug. The plug must be

DANGER: Improper connection of the equipment-grounding conductor can result 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

For the USA ™

Y electrician. )
— 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 terminals in your plug, proceed as follows:
The wire which is coloured GREEN-AND-YELLOW must be connected to the terminal in the plug which is marked by the
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.
S

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



USING THE UNIT SAFELY

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

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

Keep lithium batteries out of reach of small
children. Tf a child has accidentally swallowed a

About /A WARNING and A\ CAUTION Notices About the Symbols
Used for instructions intended to alert The A symbol alerts the user to important instructions
& the user to the risk of death or severe or warnings.The speciﬁc‘meaning of the symbol is
WARNING injury should the unit be used AN determined by the design contained within the
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 al T o it that "
the user to the risk of injury or material b e .ng ol a ertfs ll;? duser o lhems C} mtl‘j{s ne;rer
damage should the unit be used e carried out (are forbidden). The specific thing that
improperl ® must not be done is indicated by the design contained
& CAUTION property. 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 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 -------------------mommmmommoomo oo
/\WARNING ] /A\WARNING
.

Lithium batteries must never be recharged, heated,
taken apart, or thrown into a fire or water.

@Leo L

* Do not open or perform any internal modifications
on the unit.
A\ CAUTION
» Make sure you always have the unit placed so it is Always grasp only the plug on the power-supply
level and sure to remain stable. Never place it on cord when plugging into, or unplugging from, an
stands that could wobble, or on inclined surfaces. outlet or this unit.
¢ Avoid damaging the power cord. Do not bend it Try to prevent cords and cables from becoming C
excessively, step on it, place heavy objects on it, etc. entangled. Also, all cords and cables should be
A damaged cord can easily become a shock or fire placed so they are out of the reach of children.
hazard. Never use a power cord after ithasbeen s
damaged. Never climb on top of, nor place heavy objects on
............................................................................................................ the lll'lit.
¢ In households with small children, an adult should
provide supervision until the child is capable of [ s - —
following all the rules essential for the safe Never handle the power cord or its plugs with wet ‘7%
operation of the unit. hands when plugging into, or unplugging from, an Qb,
............................................................................................................. Olltlet or this Llnit.
o Drotect the unit from strong impact. A e i
(Do not drop it!) Before moving the unit, disconnect the power plug -
............................................................................................................. from the outlet, and pull out all cords from external =
. . devices.
* Do not force the unit’s power-supply cord to share ¢
an outlet with an unreasonable number of other e i
devices. Be especially careful when using extension Before cleaning the unit, turn off the power and >
cords—the total power used by all devices you have unplug the power cord from the outlet (p. 28). -
connected to the extension cord’s outlet must never
ex:eed' the p ()Y%r rating (vlvat(tjs/amperes) tflo r the Whenever you suspect the possibility of lightning in @
extension cord. Excessive loads can cause the : -
our area, pull the plug on the power cord out of
insulation on the cord to heat up and eventually " pu P8 P
/ the outlet.
melt through.
...... Bfthtftlt Use only the specified type (model no. CR-2032) of
e't‘l:)re Usmgt 'lz;u:; e”; a Orilgnlco:linsl ¥' F::hu & lithium battery (p. 30). Be sure to insert it as directed
with your retailer, earest Roland Servi .
’ to ensure correct polarity).
Center, or an authorized Roland distributor, as (te P y)
listed on the “Information” page. e e - e
............................................................................................................ Used lithium batteries must be disposed of in
compliance with whatever regulations for their safe
L]

disposal that may be observed in the region in
which you live.

battery, see a doctor immediately.




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
gontammg 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
reception. Do not use this device in the vicinity of such
receivers.

To avoid possible breakdown, do not use the unit in a wet
area, such as an area exposed to rain or other moisture.

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
deformation.

Repairs and data

Please be aware that all data contained in the unit’s
memory may be lost when the unit is sent for repairs.
Important data should always be backed up on a memory
card, or written down on paper (when possible). During
repairs, due care is taken to avoid the loss of data.
However, in certain cases (such as when circuitry related
to memory itself is out of order), we regret that it may not
be possible to restore the data, and Roland assumes no
liability concerning such loss of data.

Memory backup

This unit contains a battery which powers the unit’s
memory circuits while the main power is off. When this
battery becomes weak, the message shown below will
appear in the display. Once you see this message, have the
battery replaced with a fresh one as soon as possible to
avoid the loss of all data in memory. To have the battery
replaced, consult with your retailer, the nearest Roland
Service Center, or an authorized Roland distributor, as
listed on the “Information” page.

“Checking BATTERY ... NG.”

Additional precautions

Please be aware that the contents of memory can be
irretrievably lost as a result of a malfunction, or the
improper operation of the unit. To protect yourself against
the risk of loosing important data, we recommend that you
periodically save a backup copy of important data you
have stored in the unit’s memory on a memory card.

e Unfortunately, it may be impossible to restore the contents
of data that was stored on a memory card once it has been
lost. Roland Corporation assumes no liability concerning
such loss of data.

e Use a reasonable amount of care when using the unit's
buttons, 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
connector itself—never pull on the cable. This way you
will avoid causing shorts, or damage to the cable’s internal
elements.

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
headphones, 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.

e Use a cable from Roland to make the connection. If using
some other make of connection cable, please note the
following precautions.

* Some connection cables contain resistors. Do not use cables
that incorporate resistors for connecting to this unit. The
use of such cables can cause the sound level to be
extremely low, or impossible to hear. For information on
cable specifications, contact the manufacturer of the cable.

* 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.

Before using cards

Using memory cards

» Carefully insert the memory card all the way in—until it is
firmly in place.

f— 1 —

h

* Never touch the terminals of the memory card. Also, avoid
getting the terminals dirty.
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Chapter 1 Introduction

Main Features

This multi-function, high-quality all-digital audio mixing system features the
followings:

¢ All-digital mixing of up to 94 input channels (*).
* When two VM-7200 systems are cascaded together using a VM-24C
Cascade Kit.

» Component design with an independent mixing control surface and mixing
processor. These components are connected using two AES/EBU digital
audio cables, eliminating the need to run an expensive, heavy-duty multi-
channel, audio cable from a studio or stage to a mixer. The digital cabling
helps preserve the quality of audio signals that might otherwise degrade
over distance.

¢ The VM consoles are equipped with silent motorized faders.
e Many parameters, including analog input gain, can be controlled or recalled.

* Equipped with multi-purpose Flex buses and a virtual patchbay that enables
user-configurable connections between channels, inputs and outputs.

» Up to eight internal stereo multi-effects processors, plus a stereo insert effect
on the main mix outputs.

* Multiple effect algorithms include a speaker modeling function that
emulates an assortment of popular studio and consumer speakers. Also
included is a microphone simulator that allows signals to sound as if they’ve
been sourced using a variety of popular and classic studio microphones.

¢ 5.1 Surround mixing capability.

¢ EZ Routing allows users to quickly recall one of many pre-defined mixer
setting templates. Each EZ Routing template can invoke settings for a
particular situation—recording, live PA, etc. —or musical genre.

¢ Built-in spectrum analyzer for measuring the frequency characteristics of
input signals, including those produced by users” monitors. By combining
the system with the built-in noise generator or oscillator, the characteristics
of a monitoring or stage speaker system can be tuned for use in a control
room or performance space.

¢ By combining separately-sold VM-24E and DIF-AT, up to six multi-track
tape recorders (48 channels) can be digitally connected to this system as a
whole(*).
* Both ADAT and TASCAM TDIF fornuts are available.

e Equipped with an assortment of powerful features such as Scene memory,

auto-mixing, 24 fader groups, dual channel delays, 4 bands of parametric
equalization per channel and per-channel high-pass filtering.




Chapter 1 Introduction

Names of Things and What They Do

The front panel consists of the following areas:

* Telearn about items on the mixing processor (VM-7200/7100), refer to “Namns
and Functions of Each Part” in the operation manual attached to the processor.
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B. Monitor area (p. 13)
In this area you can make monitor-related

(A Display area (p. 12)

This area contains buttons and knobs that are used to adjust the content settings and adjustments for the person
shown in the display. It contains buttons to access the system screen who is operating the console, or for the
where overall settings are made and to access the EZ routing function. performers in the studio or on stage.

Other buttons access the spectrum analyzer, speaker modeling, and J

effect functions.
\

~\

\
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C. Memory recall area
(p. 15)

This area contains the buttons
that are used to numerically
store and recall scenes, mute
groups, or locate points etc.

7
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D. Transport area (p. 16)

When a digital multitrack
recorder is connected, these
buttons are used to remotely
control the recorder. These
buttons are also used to record
and playback auto-mix data.
Here also are buttons that let
you undo/redo operations and
copy data.

E. Fader parameter/

section select area
(p-17)

In this area you can specify the
parameter that will be modified
by each fader, or select the
object (section) that will be
edited by panel operations.
This area also contains the
[SHIFT] button that temporarily

You may find it convenient to affix a strip of clear changes the function of the

tape (that can be easily peeled off later) to this other buttons.

area, and use a felt-tipped marker to make a note \ ~
of the input sources (instruments or connected N
devices) handled by each channel. F. Channel fader area (p.19)

This area consists of the faders for each channel that adjust
the input level etc., and buttons for each channel (status
button / channel edit button).

1
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B A: Display area
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1...CONTRAST knob

Sets the density (brightness) of the display. Turn the knob to
optimize the display’s visibility for your viewing angle.

2...DISPLAY (L.CD)

Shows a level-meter screen after system is turned on.
Contents of the display change to reflect the current mixing
operation.

3...V1-V6 knobs
The V1-V6 knobs set/ Adjuxt the values of the currently
selected parameters. The function of each knob depends on
the currently displayed screen.

4..LEVEL METER button

Press this button to display the level meter for each channel.

5...ANALYZER/OSC/GEN button

Calls up a screen for setting the attributes of the spectrum
analyzer and its attached oscillator and noise generator.

6...SP MODELING (MASTER FX) button

Calls up a screen for setting the master effect, the insert
effect dedicated to the stereo signal fed to the MAIN OUT
and MONITOR OUT. In addition to speaker modeling, a 10-
band parametric equalizer or 3-band dynamics processor is
also available.

7...EFFECTS 1-8 button

Calls up the main effects screen.

8...EXT SYNC button

Press this button to synchronize the Automix function to an
external time code source.

AH@G 0600 ao0

9...FADER UTILITY button

Calls up a screen for linking pairs of channel faders in stereo.

10...CURSOR buttons

Use these buttons to move the cursor up, down, left or right
on the screen to select a parameter—the currently selected
parameters are outlined on the display. The [LEFT] or
[RIGHT] button changes to a TIME CURSOR button when
[SHIFT}] is pressed, allowing you to select the time field to
be altered using the TIME/VALUE dial.

11...PAGE butions

Press these buttons while the page list is visible in the upper
right area of the display to change pages. Press [PAGE
DOWN] to go to the next page or [PAGE UP] to return to the
previous page.

12...F1—-F6 buttons

Each of these six buttons is associated with a displayed
parameter, and is used for the adjustment of the parameter’s
value. The purpose of each button depends on the parameters
presented in the currently displayed screen. Indicators of
these buttons which are assigned any functions will light.

13...EZ ROUTING button

Calls up an EZ Routing screen menu that allows you to
select or save signal routing templates. When this button is
pressed in conjunction with [SHIFT], the PATCHBAY
screen appears—this screen allows you to view and change
connections between input and output jacks and channels.

14...PROJECT button

Calls up a screen menu for saving, selecting or newly
creating a project that stores all current mixer settings. Press
this button together with [SHIFT] to call up a screen menu
of system-wide parameters (SYSTEM menu).

12
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B B: Monitor area
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1...SOURCE/STUDIO?2 button

Calls up a screen for selecting the source of the STUDIO 1/2 output that typically
feeds studio or stage monitors. Since no knob is provided for STUDIO 2, its level is
also adjusted from the screen.

* The STUDIO 1 and 2 outputs are monitor signals intended for performers in a
studio or on a stage. The STUDIO 1 signals are output in stereo to
ASSIGNABLE OUTs 1 and 2 of the mixing processor, while STUDIO 2's stereo
signal is sent to ASSIGNABLE OUTs 3 and 4.

2..STUDIO 1 LEVEL knob
Adjusts the level of the STUDIO 1 outputs. (Since the same setting can be changed
using a V knob when the source select screen of STUDIO 1 is displayed, the physical
position of this knob may differ from the actual STUDIO 1 setting.)

3...DIGITAL (MASTER) level knob
Master knob for changing the level of signals to be sent to the CONTROL ROOM
monitor output of the console. When this knob is moved, the volume of audio
transmitted via the DIGITAL OUT is also changed.

4...LINE OUT LEVEL knob

Level knob (analog volume) for the LINE OUT jacks on the rear of the console.

5...PHONES LEVEL knob
Volume knob for headphones connected to the PHONES 1 and/or 2 jacks. The
volume of the two headphone jacks cannot be adjusted independently.

6...MIC LEVEL knob
Knob for adjusting the level of the talkback system. The knob also functions as a gain
control for any connected talkback microphone.
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Chapter 1 Introduction

7..INPUT SELECT switch

Selects the microphone input to be used for talkback. According to the position of the
switch, the microphone built into the panel (MIC 1) or an external microphone (MIC
2) can be selected. Set the switch to “48V ON" only when phantom power is required
for an external talkback microphone.

8...MIC 1 (internal microphone
Small microphone built into the panel used for talkback communication with
performers.

9...PHONES (headphone jacks)

Two jacks for connecting stereo headphones. The two jacks share a common stereo
signal.

10...MIC 2 (external microphone connector)
Connector for an external microphone to be used for talkback. You can purchase a
commercially available flexible gooseneck microphone holder for this microphone.

11...Send to ANALYZER button
Press this button to send the talkback microphone signal to the internal spectrum
analyzer. When the button is pressed, [ANALYZER /OSC/GEN] also lights and the
display changes to the analyzer screen.
This feature presumes that an external talkback microphone uses Channel 24. The
built-in talkback microphone’s signal will automatically be routed to the analyzer
via channel 24.

12..TALKBACK/SLATE button
Activates or de-activates the talkback function, according to the setting of the
TALKBACK BUTTON system parameter. This parameter can be set to
MOMENTARY—talkback is on only while [TALKBACK/SLATE] is depressed—or
to LATCH, where talkback is switched on with one [TALKBACK/SLATE] button-
press, and off with another. When talkback is activated, audio from the designated
talkback microphone is injected into the selected bus.

13...DIM button

Dim on/off button lowers the monitor volume to a pre-defined level.

14...O0UTPUT PRESET A/B/C button

Selects any of three user-definable CONTROL ROOM monitor setups—each setup
contains a collection of CONTROL ROOM monitor parameter settings. Every press
of the A/B/C button toggles between setups A and B—to select Setup C, press the
SHIFT button and the A/B/C button.

15...(CONTROL ROOM) SOURCE SELECT button
Calls up a screen from which you can select the source of the signal to be fed to the
CONTROL ROOM monitor output.
Press this button together with [SHIFT] to display the detailed setting screen
associated with the three CONTROL ROOM monitor setups described in “14”
above.
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B C: Memory/Recall area

MEMORY/RECALL

1...MUTE GROUP, SCENE and LOCATE buttons
Press MUTE GROUP, SCENE or LOCATE to set the operating mode of the ten-key
numeric keypad. One of the three buttons is typically lit to indicate the keypad's
current operating mode—this may not be the case, however, during certain
operations, such as character entry. Depending on which of the three buttons is
active, you can use the keypad to control mute groups, or save and recall Scenes or
Locate points. Press any of the three buttons together with [SHIFT] to call up the
corresponding detailed setting screen.

2...0-9 (ten-key keypad)
When [MUTE GROUP] is active, the numeric keypad buttons function as master
mute buttons for the corresponding mute groups. When [SCENE] or [LOCATE] is
active, use these buttons to specify a Scene or Locate point to be stored or recalled.
While [SHIFT] is pressed, the keypad buttons function as macro buttons. The
currently displayed screen, including the current position of the cursor, can be
stored as a numbered macro by pressing any unlit keypad button. Hold [SHIFT] and
press any stored macro’s lit numeric keypad button to jump instantly back to the
screen it invokes.
When entering characters, you can enter numeric values using the keypad buttons.

3...CLEAR button
Clears a stored Scene or Locate point. After pressing Scene or Locate, press [CLEAR]
and then enter the desired number on the ten-key keypad to clear the stored item. To
clear a macro, hold down [SHIFT] and [CLEAR] and enter the macro’s number on
the keypad.

4..ENTER button
Press this button together with [SHIFT] to call up the Time Code Locate (TC
LOCATE) screen. When this screen is displayed, select a locate point using the ten-
key numeric keypad and press [ENTER] to move to the location.

1 Introduction |
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B D: Transport area
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1...COPY/LIBRARY button
Calls up the copy /library screen. When [SHIFT] is
depressed, pressing the button alternately turns automatic
punch-in/out on and off.

2...UNDO/REDO button

UNDO/REDO button for Automix. This button causes the
last operation to be undone, or a just-undone operation to
be redone. The following actions can be undone/redone:

* Real-time recording of Automix data

e COPY, MOVE, ERASE, CUT, GRADATION, EXPAND
and CLEAR Commands

¢ Changing of an event’s time

3...AUTO-MIX button

Switches the operating mode of the Automix function.
Each time this button is pressed, the Automix mode
changes from playback (green) to relative recording
(orange), absolute recording (red), to OFF (off), in that
order.

While [SHIFT] is pressed, press [AUTO-MIX] to call up the
Automix set/edit screen.

16

4...ZERO button
Sets the current system time to zero (00:00:00:00).
While [SHIFT] is pressed, this button functions as a LOOP
button that turns loop play on and off. When loop play is
turned on, a connected remote device—such as a multi-
track recorder—will repeatedly play and rewind a
specified section of the project.

5...REW/PREV button

Moves the current system time backward. (“PREV” is
reserved for future implementation.)

6...FF/NEXT button

Moves the current system time forward. ("NEXT” is
reserved for future implementation.)

7..STOP button

Stops the Automix function, operation of a remote
recorder, etc.

8...PLAY button

Starts the Automix function, operation of a remote
recorder, etc.

9...REC button

Controls recording functions in a remote recorder. When
the recorder is stopped, press this button once to activate
the recorder’s record-standby (REC button will be
blinking) mode. Press the button again in turn to initiate
recording (REC button lights solidly). You can also initiate
recording by pressing [REC] and [PLAY] simultaneously.

10...TIME/VALUE

Turn this dial to change the current time value. This value
is used by the Automix function, and will also be
referenced by any connected remote device, such as a
multi-track recorder. You can use the dial to change any
area within the time readout—the area to be affected is
indicated by the cursor in the current time display. Turn
this dial while pressing [SHIFT] to change the time
quickly.

("VALUE” is reserved for future implementation.)
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B E: Fader parameter/Section select area

2...FLEX BUS 1-6/7-12 buttons

Press any of the FLEX BUS 1-6 buttons to display and
adjust cach Flex Bus’'s settings that correspond to the
currently selected parameter section. To access the
parameters for Flex buses 7 through 12, hold down
[SHIFT] and press the desired 7-12 FLEX BUS button.
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3...PREAMP GAIN button

5 /@ Press this button to set the input preamplifier gain for each

channel using its fader.
After this button is pressed together with [SHIFT], the
depth for the Surround output of each channel can be set

@,— O . using the fader or on the display.
O | 4...(MAIN) CH PAN button
myg‘/® Press this button to activate the adjustment of each
O 6 12 channel’s fixed pan position, according to the currently
PREANE G s—— selected section button. Press this button together with
/@ [SHIFT] use the fader or display to set the pan of the
|

signals to be sent to the Cue bus.

5...(MAIN) CH LEVEL button

jf:) e LS Press this button to activate the adjustment of each

@ channel’s level, according to the currently selected section
button. Press this button together with [SHIFT] to activate
each channel’s fader, or the display, for setting the level of
the channel’s signal being fed to the Cue bus.

6...0n Display bution

1...PARAM VIEW on Fader buttons When [On Display] is pressed—so that it lights up—the
These buttons determine the type of parameters—such as channel faders are locked into controlling the currently
Input, Multi In, Flex Bus, or Multi Out parameters—to be selected parameter. As long as [On Display] remains lit,
displayed. The displayed parameters’ values can be set the faders will continue to control this parameter. When
using the faders and/or a variety of other methods. the display is changed to another screen, [V1] to [V6] can
Press [OTHER PARAMETERS] to present the settings of a adjust the value of any newly selected parameter. This
specific parameter for all channels simultaneously. For allows you to adjust one parameter with the faders and
example, you can display and adjust the EQ HI GAIN another with the V knobs.
parameters values for all 24 input channels at the same
time. When active, the OTHER PARAMETERS button will 7-14...SECTION buttons
light in red. When you press [OTHER PARAMETERS], a These buttons determine the type of parameters to be
selection of parameters appropriate to the currently displayed, and the values that can be changed.
selected section will be displayed. You can use the cursor
to select the parameter you wish to display. Press [OTHER 7...2nd UNIT select button

PARAMETERS] together with [SHIFT] to view a second
display containing the same parameters—you can select
another parameter here and toggle the display between
the two selected parameters by pressing [OTHER
PARAMETERS] or [OTHER PARAMETERS] and [SHIFT].

* These features are available only with certain
parameter sections.

Press this button to activate control of the cascaded (p. 23)

second mixing processor. This button can be turned on in

conjunction with another section-selecting button in order
to display the desired set of parameters on the second
processor.

*The on/off state of this button identifies the processor
whose parameter values are currently being adjusted
“1st LINIT” refers to the processor connected to the
console via the VM link, while “2nd UNIT" refers to
the processor cascading from it.

17
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8...MULTI OUT 1-24 button
Press this button to control the level of the 24 (eight channels times three) digital
multi-outputs using the channel faders or from the display. Press this button
together with [SHIFT] to call up the MIDI control screen.

9...FLEX BUS MASTER 1-12 button
Press this button to control the output level of the 12 Flex buses (p. 86) using channel
faders or from the display.

10...FADER GROUP MASTER 1-24 button

Press this button to control the master level of each of the 24 fader groups (p. 104)
using the channel faders or on the display.

11...MULTI IN CH 1-24 button
Press this button to control the 24 (eight channels times three) MULTI IN digital
multi-inputs on the processor.

12...INPUT CH 1-24 button

Press this button to control the 24 INPUT channels—typically used as analog
inputs—on the processor.

13...CH 13-24 button

— Available on the VM-C7100 only.
Press this button to activate control of the latter 12 channels (Channels 13 to 24).
This button is not available on the VM-C7200 since it has 24 channel faders.

13...CH FLIP button
- Available on the VM-C7200 only.
When [ON DISPLAY] is active and the faders are controlling input channels, press
|FLIP] to assign the faders to the control of the multi-in channels. If [ON DISPLAY]
is lit and the faders are controlling multi-in channels, pressing [FLIP] will assign
them to the input channels. The VM-C7100 has no button for this function.

14...SHIFT button

When [SHIFT] is held down, buttons with dual functions—as shown in green
typeface—perform their secondary function.
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B F: Channel fader (button) area
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1...STATUS buttons

Set of buttons for displaying and selecting the state (mute, solo, audio or Automix)
of each input channel. Every time a button is pressed, the state of the item selected
in [MODE] (“2” below) changes.

2...MODE select buttons
These buttons determine the items to be changed using the set of STATUS buttons
(“1” above). Press one of the four buttons—"MUTE", “SOLO”, “AUDIO” and
“AUTO-MIX"—to select the desired state. Press one of these buttons together with
[SHIFT] to call up each state’s view screen for checking and changing states of
multiple channels simultaneously.

3...CH EDIT (1-24. MASTER) buttons
These buttons call up the screens for editing various settings (e.g., level and
equalizer) of the selected channel. Press another channel’s button to display its
screen.

4...Channel faders

Set multiple values for each channel such as the input level and the amount of signal
sent to the Flex Bus. When a new parameter is selected, a Scene is recalled or the
Automix function is used, the knob is moved to the position of the parameter’s current
value by its internal motor. As a result, the faders function as a current setting indicator.

5...Master fader
Sets the overall master level or stereo balance after each channel has been
individually adjusted. As with the channel faders, its internal motor moves it to
reflect the currently selected level or pan parameter’s setting when the parameter is
first selected or when a new Scene is recalled.




Chapter 1 Introduction

B Rear panel

CAUTION
1=

@ E GPERA TGN MANUAL O CORAECT MCHOPHONE

o Old _ V-MIXING CONSOLE
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e AC IN
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1...CONSOLE INPUTs MIC/LINE L and 5..MEMORY CARD slot
MIC/LINE R Slot for a “SmartMedia”-format memory card onto which
Jacks for inputting a pair of analog audio signals to the you can store various types of mix data: The SmartMedia
console. These TRS jacks—available for both balanced and format is the same one used by many digital cameras. A
unbalanced signals—support a wide range of signals, from memory card must be inserted to use the Scene or Auto-
a microphone level to line level. Typically, these are mixing features.
connected internally to INPUT Channels 23 and 24, though * One memory card is included.

they can be re-patched. When the talkback system is in use,

the right channel “R” (the both L and R channels when
stereo linking) is used exclusively for an external talkback 6...MIDVMETER BRIDGE connectors

microphone and is thus not available for other purposes. Allow for the connection of MIDI devices or the optional
MB-24 meter bridge (sold separately). IN (for inputting)
2..MONITOR LINEOUTs L and R receives MIDI data. The OUT/THRU/METER jack can be

switched between OUT—for MIDI data generated by the

Jacks for outputting analog stereo signals for studio _
console—and THRU, which passes on received MIDI data

monitoring. You can adjust the jacks’ output level using the

DIGITAL/MASTER knob or the LINEOUT LEVEL knob on unchanged. )
the front panel. Level information for an MB-24 meter bridge can also be

transmitted from the OUT/THRU/METER connector.
3 MON ITOR DlGlTAL OUTS 1 and 2 When the jack is switched to THRU, output of level

information to the meter bridge is de-activated.

Jacks for outputting digital stereo signals for studio

monitoring. Signals at these jacks are nominally the same as -
atthe analog LINE OUTs. Their output level can be changed 7...VM-LINK connector

using the DIGITAL/MASTER knob on the front panel. (The Conne'ct:‘s the mi ?<ixig console to the processor. Two AES/
level of the MONITOR DIGITAL OUTs 1 and 2 is not be EBU digital audio cables (3-pin, XLR connectors) are
changed using the front-panel LINE OUT LEVEL knob.) utilized for a two-way connection. Can also be used to daisy
chain multiple consoles.
4...EXT SW jack

Generally connected to a foot switch. Two BOSS FS-5U foot

switches can be connected using a branch cable. The

functions of both switches can be selected on the FADER/ the console.

SW screen. GPT jack-switching (p. 38) is also available. .
9...POWER switch

Turns the entire system on.

Accommodates the power cable that supplies AC power to

20
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Before Operation

B Connections

Connect up the necessary equipment after referring to the connection diagrams on
the next page.

uononpoiy | sejdeyn

4 . .
Precautions on connection A

Be sure to follow the precautions below. Otherwise, you risk causing malfunction or
damage.

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

* The pin assignment for the XLR type connectors is as shown below. Before
making any connections, make sure that this pin assignment is compatible
with that of all your other devices.

(1) GROUND
(3) COLD
(2) HOT

e To connect this console to the processor, use the VM link cable (AES/EBU
digital audio cable) supplied with the processor.

¢ R-BUS is the same standard as RMDB2 or RMDBIL Even if “RMDB2" or
“RMDBII” is indicated on your DIF-AT, it can be used without any
problems.

¢ When connecting a digital multitrack tape recorder like an ADAT or
TASCAM, install the VM-24E beforehand. For details, refer to the operation
manual of the processor (VM-7200/7100).

* When connecting the processor in cascade, install the VM-24C beforehand.
For details, refer to the operation manual for the processor (VM-7200/7100).

¢ Howling could be produced depending on the location of microphones
relative to speakers. This can be remedied by:
1. Changing the orientation of the microphone(s).
2. Relocating microphone(s) at a greater distance from speakers.
3. Lowering volume levels.
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Channel Insert (Effects Processor)
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Digital Multi-track Tape Recorder
(TASCAM/ADAT)
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B Turning the power on/off

Turn each device on in the following sequence. After all devices are turned on, adjust
the volume of each.

[ Precautions on turning the power on A

* Once the connections have been completed (p. 21), 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.

* This unit is equipped with a protection circuit. A brief interval (a few
seconds) after power up is required before the unit will operate normally.

* Turn the power on after lowering the volumes of the console and the
connected audio equipment. If the volumes are raised, the audio equipment
may malfunction due to current overload the instant the power is turned on.

* Even with the volume lowered, a slight amount of sound may be heard
when the power is turned on. This should not be a cause for concern.

1. Digital multitrack tape recorder

2. Processor

The CTRL indicator blinks during startup. After the startup process is completed,
the indicator comes on.

3. Console

After the confirmation message appears, press [F2] (START) to begin the startup
process.

4. Digital-connected equipment (e.g., DAT, MD recorder or hard disk
recorder)

uto af "cal‘ly'stai‘lt the -
onsole startup processin
60seconds. .

5. Analog-connected equipment (e.g., musical instruments, sound modules,
effects, microphone, CD player, MD player or tape recorder)

6. Audio equipment such as amplifiers and speakers

Turning the power off
Turn each equipment off in the opposite sequence in which it was turned on.

-~
Points to check before turning the power off

* Make sure that Automix has been stored in the memory card.
- Although Automix is stored in the console memory, it is, however, lost
after the power is turned off.

* The volumes of the console and the connected audio equipment are at
the lowest level.
> If the volumes are raised, the audio equipment may malfunction due to
current overload the instant the power is turned off.
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B Adjusting the display’s contrast
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TP 00000

The display may be blurred immediately after the power is turned on, after a long
period of operation, or depending on the setup location. In this case, turn the
CONTRAST knob on the lower left of the display to adjust it.

M Adjusting internal clock

This system has a built-in clock. When a project is stored, information on when
operation has been performed (time stamp) is also written automatically. When
turning the power on for the first time after purchase, adjust this internal clock.

1. While holding down [SHIFT], press [PROJECT].
2. Press CURSOR [UP] to move the cursor upward.
3. Press [F5] (DATE).

The internal clock setting screen appears.

TLOCK  |[TATE
FORMAT
DISPLAY :
DD Mem vy (14 Jul *99 15:48:45
s ]
HUDSUST UHIE HUMIIST TiME

oYEHR OMONTH QDHTE OHOUF: oMIN °SEC
7 15 40 33

[ ] [ TJlsEr ¢ [ ——

4, Press CURSOR [DOWN] to move the cursor to [ADJUST DATE/ADJUST
TIME]. '
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5. Set the year, month and date.

After setting the year, month and date using the V1 (YEAR), V2 (MONTH) and V3
(DATE) knobs, press [F1] (SET) to confirm them.

6. Adjust the time.

After setting the hour, minute and second using the V4 (HOUR), V5 (MIN) and Vé
(SEC) knobs, press [F4] (SET) to confirm them.

7. This completes the internal clock setting. After the above setting, adjust the
time as necessary.
Press CURSOR [UP] to move the cursor to [CLOCK ON DISPLAY/DATE
FORMAT].

¢ Display the clock at the upper right of the screen: Press [F1] (ON) to
highlight it.

¢ Change the date display format: Turn the V2 (DATE FORMAT) knob to
select a desired format.

8. Press [LEVEL METER] to call the initial screen.

yed, the current -
of the time code

How to replace the battery

A lithium battery inside the unit powers its time-keeping functions, and provides
the power for maintaining information about certain parameters. Once this battery
gets weak, the unit may no longer be able to reliably perform the time management
functions for data, or return to the state it was in before power was turned off. If you
suspect that the battery has worn down, try switching the console’s power off, then
on again. If you see a message warning that the battery is depleted, promptly change
the battery, following the procedure below.

1. Store the current settings onto a memory card (52).

2. Turn the power off, and unplug the power cable from the outlet.

3. Turn the console upside down, and locate the battery cover.

4. Remove the battery cover as shown below.

i,
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5. The battery should now be visible, as shown in the following.

uonanpoiuy | Jsideyn

6. Replace the old battery with a new one.

7. Put the battery cover back on.
8. Turn the power on and set the time for the internal clock (25).

9. Using the memory card you used for backup in step 1, restore the previous
state (54).

[ IMPORTANT

Following message may appear in the display, for instanse, when you turn on the
console after replacing the battery.

Checking CURREMT SETTING... NG.

CURRENT SETTING were dameged.
UM starts with INITIARLIZED SETTING.

This message is NOT for warning any malfunction or breakdown. In this case, you
need to initialize the internal memory. Please execute the "Factory Reset”
procedure (p. 33).

Implementing factory reset deletes all user settings on the console. Please store the
necessary data (such as user-customized libraries) in the memory card beforhand

\ (p. 44). y
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HIif you get lost

If an unfamiliar screen appears, or you forget to which step you have proceeded,
press [LEVEL METER]. This calls the initial screen. Try again from the beginning on
this screen.
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M Preparing a memory card

Before any operation, be sure to create a new project on the memory card. If no
project is prepared beforehand, scenes, Automix or libraries are not stored. Before
using a new memory card or one that has already been used for other purposes, be
sure to format it.

Formatting a memory card
1. While holding down [SHIFT], press [PROJECT].

2. Press CURSOR [DOWN] to move the cursor downward.

3. Press [F6] MEMORY CARD) and [F2] (FORMAT), in that order.
4, Press [F5] (OK).

5. After the confirmation message appears, press [F5] again.

6. After formatting is completed, press [F6] (EXIT).

Creating new project
1. Press [PROJECT].

2. Press CURSOR [DOWN] to move the cursor downward.
3. Press [F2] (NEW).

4. Press [F2] (CREATE), followed by [F5] (OK).

S

. After creation is completed, press [F6] (EXIT).
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Internal Signal Flow

The diagram below provides an overview of the audio signal flow. For details, refer
to the “Block Diagram” altached to the processor (VM-7200/7100).
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(Multi In Channel 1-24)
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(R-BUS Input)
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Patchbay

Flex Bus 1-12

13! |““ Aigs o Assignable Out
. Digital Out A, B
, FU Multi Out (RBUS)
<. FlexBusQut 512 -
© "Monitor Qut ** . 7

From Flex Bus 1-8 to Cue and Flex Bus 1-12

* This is not available for the MULTI IN channel.
** Only VM-7200

Input channels
@ INPUT...1-24

The following input jacks can be assigned to input channels:
* Twenty analog input jacks on the VM-7200 mixing processor (10 on VM-
7100)
¢ Stereo digital IN on the mixing processor (a choice of A and B stereo inputs)

¢ Two analog input jacks on the console

® MULTIIN...1-24

Multi-channel audio signals can be input from external equipment—such as multi-

track recorders—via these channels. The correspondence between input signal

channel numbers and MULTT IN channels can be re-patched internally.

* Inorder to use MULTI IN channels, a VM-24E (sold separately) must be
connected to the mixing processor in order to add an R-BUS connector 1/0
terminal.
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Buses/output routes
® MAIN OUT

Output of the overall stereo mix containing all desired channels, to be sent to the .
master recorder or the main PA amplifier.

Signals can be sent from all input channels and Flex buses.

In addition to the dedicated output terminals (MAIN OUT and REC OUT), signals
can be directed to any ASSIGNABLE OUT, DIGITAL OUTs A and B and/or any
MULTIOUT.

® Flex Buses 1-12
A Flex Bus is a multi-purpose bus through which signals can be sent to another bus,
to internal effects processors or to external devices. Flex buses are capable of sending
signals from all input channels as well as Flex buses 1 through 8. Any ASSIGNABLE
OUT, DIGITAL OUTs A and B, and MULTI OUT can be selected for outputting Flex
Bus signals to external destinations. In the case of the VM-7200 processor, dedicated
output jacks are also available for Flex buses 5 through 12.

® Cue
Stereo bus used mainly for monitoring. Signals can be sent to the cue bus from all
input channels and Flex buses.
Cue signals can be output from MONITOR OUT and PHONES jacks to external
monitoring amplification equipment. They can also be routed to any ASSIGNABLE
OUT, DIGITAL OUTs A and B, or any MULTI OUT.

[ Effects A

Internal effects can be inserted into input channels, MULTI IN signals, Flex buses,
the MAIN OUT and MONITOR OUT. Input channels can also send signals to the
internal effects via Flex buses; the outputs of the effects can be routed into the main
mix or to available input channels. For more information, refer to p. 110.

General-purpose effects
A mixing processor is factory-equipped with two stereo effect systems, enabling the
use of 39 types of effect algorithms. Up to three VS8F-2 effect expansion boards (sold
separately) can be added to the system—providing as many as eight stereo effects
processors.

Master effect
One effect processor is provided exclusively for MAIN OUT and MONITOR OUT
insertion. This processor enables the use of three types of effect algorithms, and is
useful for final mastering effects or for speaker modeling.

-
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About Digital Connections and the Master Clocl

M Digital sound device and master clock

To share digital audio signals between this system and any external digital device, a
common master clock signal (word clock) must be used.

uonanponuyy | Jaidey)n

[ Master clock (word clock) )
Digital sound devices such as this system, CDs, DAT recorders and digital multi-
track recorders, generally operate based on internal master clock signals called
“word clocks.”

To exchange digital audio signals between digital devices, word clocks from one of
the devices must be used as the timing foundation of all other connected digital
devices. When a device is successfully receiving timing information from word
clocks generated by another device, it is referred to as being “locked to (or
synchronized with) external word clocks.” Word clocks are supplied via a digital
audio 1/0 or dedicated word clock terminal.

. 7

* Note: If digital devices are not synchronized properly, undesirable digital noise
and/or intermittent unwanted sound may result, preventing the digital audio
signals from being exchanged successfully.

The following seven word-clock sources are available:

INTERNAL.... Internal clock of the first mixing processor (1st UNIT).

MULTI 1-8... Equipment to which the 1st connector (1 to 8) of the R-BUS
is connected.

MULTI 9-16... Equipment to which the 2nd connector (9 to 16) of the R-
BUS is connected.

MULTI 17-24... Equipment to which the 3rd connector (17 to 24) of the R-
BUS is connected.

CASCADE... Second mixing processor (2nd UNIT) connected in cascade.

WORD CLOCKIN...  Clock supplied from the WORD CLOCK IN terminal.

DIGITAL IN... Equipment connected to the IN terminal of DIGITAL A or
B.

INTERNAL word clock is selected by default. This setting can be changed on the
digital I/O screen ([SHIFT] + [PROJECT] - CURSOR [DOWN] — [F1}). For details,

refer to p. 32.
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HMDIGITAL A and B terminals and reception of
word clocks

DIGITAL Ins—the DIGITAL A connector on the rear of the processor and DIGITAL
B jack on its front—can receive digital audio signals from digital equipment to which
they are connected, even when some other device is the source of the system’s word
clocks. When the system’s timing is based on word clocks received, for example,
from a multi-track recorder to which the R-BUS jack is connected, additional digital
audio can still be received at the DIGITAL IN terminal. In such a case—when the IN
terminal of DIGITAL A or Bis used for digital audio only—"DIGITAL IN" need not
be selected as the word clock source.

B Word clock connector

When a word clock output connector is available, it is recommended that the word
clock connector on the rear of the processor be used. Although word clocks can be
supplied from R-BUS or DIGITAL IN A or B via a digital audio cable, audio signals
are more stable when word clocks are supplied directly from the source.

B Checking the overall system

Apart from the aforementioned word clock, there are some important settings
related to digital input/output. When handling audio signals via digital connection
with other devices, make the necessary changes.

Settings on the digital I/O screen
1. While holding down [SHIFT], press [PROJECT].

2. Press cursor [DOWN], then [F1] (DIGITAL 1/0).
This calls up the digital I/O setting screen.

Zz rusrrac T (R
DIGITAL IN

a PAGE v
MENU

MODE
» BACCORXIALY PEOTYPE 1 COPY
BBCXLRY @TyYPE 2 PROTECT
WORD CLOCK
SOURCE

@DIGITAL IN

[*NIERRR TG rate

D48 KHZ
W44, 1kHzZ
@32  kHz
o

© ... Digital input connector selection
Select either DIGITAL A IN (coaxial) on the rear of the processor, or DIGITAL B IN
(XLR connector) on the front. Place the cursor, select with the V1 knob and enter with
[F1] (SET).
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© ... Type 1/2 and copy protect switches
“MODE" specifies whether the digital audio signal to be output is and AES/EBU
broadcasting studio (TYPE 1), or a consumer-use digital audio device (TYPE 2). Place
the cursor, select with the V3 knob and enter with [F3] (SET).
Turning the “COPY PROTECT” on turns on the SCMS, thereby blocking digital
copying of the output signal. Place the cursor and turn the switch on or off with [F4].

uononposyl | Jedey)

© ... Word clock source
Specifies the reference device of the word clock (p. 32). Place the cursor, select with
the V1 knob and enter with [F1] (SET).

O ... Word clock in terminator
This switch needs to be turned on if the system is at the end of the word clock, so that
the word clock is transmitted correctly. Place the cursor and turn the switch on or off

with [F3].

© ... Internal sampling rate
Sets the sampling rate (sampling frequency) internally. Sampling rates of 48 kHz,
44.1 kHz, and 32 kHz can be selected. Place the cursor, select with the V1 knob and
enter with [F1] (SET). After operation, some time may be required to finish changing
the settings.

Restoring the Original Factory Settings
(Factory Reset)

B Factory reset procedure

Implement the following procedures to return all the parameter values to those set
prior to shipping. Note that implementing factory reset deletes all user settings on
the console.

f Y
1. Turn off the console’s power.
2. While holding down [PROJECT] and [F1], turn the power on again.

3. When the factory reset screen is displayed, press [F1].

All the parameter values will be returned to those set prior to shipping.

\. o
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Basic Operations

H Screen descriptions

€@ Screen Title

© Processor currently targeted
© Number of the effect library used (displayed only on the effect setting screen)
© Screen subtitle |
© Current position (time code)

0O Number of scene currently selected

€ Parameter display section

,current txme can albo be
‘showt instead of current
position. Turn on the ©
'CLOCK ON DISPLAY on
the DATE . screen of the
‘ system :

34
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M Setting parameters

Chapter 2 Basic Operations and Their Settings (System/Project)

To set parameter values, move the cursor to the target parameter, then set the
parameter values using the V1 to V6 knobs/fader/[F1] to [F6].
Moving the cursor

The cursor is used for grouping some parameters together as modification targets.
To move the cursor, press either CURSOR [UP], [DOWN], [LEFT] or [RIGHT].

" 1LOK

GAIN FRE 183
HI 1] 0.2 €100k 323
H2 -

h GAIN T FRER @ ufe

HI-MID 2 WP 100k GF 1.12 PstEDR

LO~-MID oG%I.Tg QFR 33 091.12 °TP?F§( '

Lo P o.0 P00 P 20.0

CURSOR
A
up

- LEFT DOWN RIGHT
TmECRsoR] Y [TIMECURSORC-]

Changing values

The method of changing values varies depending on the parameter. The following
rules apply, so keep them in mind.

The value of parameters marked ° can be changed by turning the V1 to V6 knobs.

The value of parameters marked can be changed by switching the [F1] to
[F6] on (highlighted) or off (normal indication).

The value of parameters marked can be set by turning either of the V1 to V6
knobs to select the value and pressing either of the [F1] (SET) to [F6] (SET) having the
same number to determine it.

(You can directly modify some parameters with [F1] to [F6] (SET).)

The value of parameters with a fader indicated can be changed by the fader. When
the cursor is placed at the fader, the value can also be changed by turning the V1 to
V6 knobs.
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Level Meter Settings

The level meter is a screen for checking the level of the input or output signal at each
point. Since this screen always appears right after powering-on, it also functions as
a general screen. If any unfamiliar screen appears or you get lost, press the [LEVEL
METER] to return to the level meter screen and start the operation over again.
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© Level meter 1
Checks level specified at © and @ of each channel if the specified level is
applied.

© Level meter 2
Level of the cue and main buses can be checked by MONITOR and MAIN,

respectively.

© SOURCE

Selects the section (Input, Multi In or Flex Bus) of which the level is checked.

O x1/2 switch
Normally, level changes can be checked within the range of 0 to -40 dB (0 to -64 dB
for Main). Turning this switch on narrows the range by half, enabling level changes
to be checked more precisely. It is just like a zoom-in function.

© POSITION
Determines the point (original sound, sound before or after being passed through
the fader) at which the level is checked.

0O OVER RANGE
In order to prevent sound deterioration, an “OVER” warning indication appears if
the specified value is exceeded. This determines the value.

0 PEAK HOLD
Determines the time (1 to 7 seconds) during which the peak status of the sound level
is continuously indicated when the sound level reaches the maximum value (peak).
To keep the peak status indicated until the sound level reaches the next peak, set this
to “CONTINUE.” With some fast tempo music, the peaks are missed, or cannot be
indicated on time. In such cases, set a larger value or set it to “CONTINUE.”
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Settings for the Panel (Knobs and Display)

Here, you can use the buttons or foot switch to make settings affecting the operation
of the unit.

1. While holding down [SHIFT], press [PROJECT].

2. Press CURSOR [UP], then press [F3] (FADER/BUTTON).
The SYSTEM FADER/SW screen shown below is displayed.

PREAMP® GRIN
ADIUST MODE
MOCENTER-Zde PONOISELESS DEMG

QCENTER Q¢ BDCONT INUOUS e
|
3l T

BTVPE 1
DTYPE 2

Funcnoni&rm_awsmp @NEXT LOCATE
BPLAY,TD TOP GIPREV_LOCATE
@PUNCH I,0¢REC> RETALKBACK/SLATE
ggsxr SCENE
SET REV SCENE

pue suopeiadQ oiseg g Jaideyy

(1sloig/weishs) sBumes eyl

FUNCT IONEBPLAY /STOP @NEXT LOCATE
@PLRYTO TOP @PREV_LOCATE
@PUNCH_1,0¢REC> E@TALKBACK SLATE
ONEXT SCENE
SET. @PREV SCENE

5] 6]

© PAN CURVE TYPE
Depending on the sound location, the volume may be unstable. This setting is used
to correct such unstable sound volumes. Normally, it is set at -3 dB. When it is set at
0 dB, no sound volume adjustment is performed.

LEVEL LEVEL

odB -3dB 0B 0dB

LEFT CENTER RIGHT LEFT CENTER RIGHT

© PREAMP GAIN ADJUST MODE
To ensure high quality sound, input gain is adjusted in this system using an
electronic relay method rather than VCA.
* NOISELESS: Volume is controlled, and noise in relay switching is reduced.

¢ CONTINUOUS: No special processing is carried out when relays are switched,
thus preventing interruption of the sound.

© FADER MOTION DEMO

Performs demonstration to check the fader motion.

@ SHIFT LOCK
Normally, the [SHIFT] button only functions while it is being pressed. When it is set
to “LOCK,” the [SHIFT] button keeps functioning while the [SHIFT] indicator is on.
To release this function, press the [SHIFT] button again to turn the indicator off.

When you frequently need to use [SHIFT], the “LOCK" setting is very convenient.
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© TALKBACK BUTTON
Determines how the [TALKBACK/SLATE] works. To set it so that it only functions
while the button is held down, and is turned off when the button is released, set it to
“MOMENTARY.” To set it so that it is turned on by pressing the button, and is
turned off by pressing the button again, set it to “LATCH.”

O LED TYPE
Normally, the channe! status and [STOP] auto-mixing indicators light in green.
However, it is sometimes difficult to see these green indicators outdoors or in bright
locations. In this case, set the LED TYPE to “TYPE2.” By setting it to “TYPE2,” a red
indicator blinks instead.

@, © EXT SW1/2 (External switch 1/2)
By using the foot switch or GPI connected to the EXT SW jack on the rear panel,
play/stop of Automix, scene changing and talkback can be controlled.

TYPE: Determines whether to use the foot switch or the GPL As for the foot
switch, use a Roland DP-2 (pedal switch) or a BOSS FS-5U. Also, the use
of a branch cable (PCS-31; sold separately) enables two functions to be
controlled.

White (TIP)

Branch Cable:
/
ME PCS-31 (sold separately)
7] \

Red (RIN

What is GPI?

GPI (General Purpose Interface) is a control connector provided on professional/
consumer-use video peripheral equipment, such as editing machines and titling
devices. By connecting a device that supports GPl, the same function as the foot
switch can be controlled from the external device.

FUNCTION: Determines which function to control with the foot switch.

* PLAY/STOP: Starts or stops synchronization.

e PLAY/TOTOP: Starts or returns to the beginning of
synchronization.

¢ PUNCH 1/O (REC): Manual punch-in recording of Automix.

* NEXT SCENE: Switches you to the next scene.

* PREV SCENE: Switches you to the previous scene.

* NEXT LOCATE: Selects the next locate number.

* PREV LOCATE: Selects the previous locate number.

o TALKBACK/SLATE: Performs talkback or slate.
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Connection Setting of Processor and Console

Up to two processors and two consoles can be connected to this system. The
following screens are for checking and setting the overall system.

B Checking the overall system
1. While holding down [SHIFT], press [PROJECT].

2. Press CURSOR [UP], then [F1] (SYSTEM CONFIG).
The System Configuration Screen appears.

1aydeyp

a

SYSTEM CONFI GURRT ION
PREPARED OPTIONS

CONSOLE
PROCESSOR xi
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[MASTER] |R-BUS_BOARD v R-BUS BOARD
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othing... -2 T=
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© Connection status of the console itself
CONSOLE x1 ~ Number of consoles being used by the entire system (1 to 2)

PROCESSOR x1 Number of processors being used by the entire system (0 to 2)
This CONSOLE: Operation of the console (MASTER/SLAVE)

CASCADE: Existence of cascade kits (VM-24C)
(Connected! (present)/Nothing (not present))
VM-LINK: Connection status to the VM link In of the console

(Connected!/Unconnect)

© 1st UNIT... Connection status of the first processor
R-BUS BOARD VM-24E installed /not installed (checked when present)

MULTI 1-8 Existence of devices connected to the first R-BUS (checked when present) »

MULTI 9-16 Existence of devices connected to the second R-BUS (checked when
present)

MULTI 17-24 Existence of devices connected to the third R-BUS (checked when
present)

VS8F-2 (A) Effect expansion (A) installed /not installed (checked when present)

VSS8F-2 (B) Effect expansion (B) installed /not installed (checked when present)

VS8F-2 (C) Effect expansion (C) installed /not installed (checked when present)

© 2nd UNIT... Connection status of the second processor
Same as the 1st UNIT.

@ 1st UNIT... [F1] MASTER (SET)
Button for setting the console as the master (see next section).
The connection status of the console, processors and optional devices are displayed
on this screen. It is checked when the console is turned on. It is also re-checked when
@ [F1]is pressed on the above screen.
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B When using two consoles
Up to two consoles can be used simultaneously by ring connecting the VM link.
Using two consoles enables simultaneous control from two locations, such as a seat
in the audience and stage side.

VM-7200/7100

[ Sy 1

VM-7200/7100
IN ouT

LR ————

VM-LINK

ouT IN ouT IN

VM-C7200/ VM-C7200/
VM-C7100 VM-C7100

When using two consoles, one is used as the Master Console with full functions,
and the other is used as the Slave Console which follows the master. On the slave
console, some functions, such as selection of the level meter source and setting of
synchronization-related parameters are blocked. The “Function is Blocked. (This is a
slave console.)” message appears when operations are blocked and they cannot be
performed.

Basically, the console that is turned on after the other console is the master.
When the master console is turned on, it informs the other console that it is the
master, and also transfers ail the mixer settings belonging to the master console to
the other console and the processors. The other console on receiving such
information functions as the slave.

To re-select the master console, press [F1] MASTER (SET) on the system
configuration screen mentioned earlier. The same console turning-on operation is
performed, and the console becomes the master.

rAudio through function of the console

Audio signals for console-in or talkback are sent via from the console the VM link
line. Generally, with ring connection of the two consoles, such audio signals are
stopped at the first connected device and do not reach the next one. Therefore,
problems such as talkback sound stops at the second console and does not reach the
processor.
To prevent such problems from occurring, consoles are provided with a function to
pass the sound coming through the VM link line to the next connection target (VM
link audio through function). In case of a ring connection, set this function to
“THRU” when necessary. The switch for this is on the screen for settings related to
cascade connection, explained in the next “Settings related to cascade

\, _ connection” section.




M Settings related to cascade connection

The second processor (2nd UNIT) is cascade connected to the first processor,
enabling the number of input channels to be greatly increased. To control the second

processor from the console, press [2nd UNIT] on the panel to turn it on.

Settings related to cascade connection can be made on the following screen.

Settings related to cascade connection
1. While holding down [SHIFT], press [PROJECT].

2. Press CURSOR [UP], then [F1] (SYSTEM CONFIG).
3. Press [PAGE DOWN].

CASCADE SW~ATT
CUE MAIN

CRSCADE
DELAY CORRECT

F-Y

FBUS I FBUS 4 FBUS S FEUS &

C-.0-;
a8 a8

© ... VM link audio through

With two consoles ring connected, the signals of console-in and talkback are stopped
at the first device and do not reach the next one. This switch is used for passing the
sound signal to the next connected device. With ring connection, set this switch to
“THRU” when necessary. Place the cursor, select with the V1 knob and enter with [F1].

©, © ... cascade switch/attenuator

This switch is used for uni-directional flow (2nd UNIT to 1st UNIT) for each cascade
connected bus. Switch 9 is used for setting the cue and main buses, and switch
€ for setting the 1 to 12 Flex Buses. Place the cursor and turn the switch on or off
with [F1] to [F6]. The V1 to V6 knobs are for setting the attenuator level of each bus.
1f sound deterioration occurs on the 1st UNIT bus as a result of cascade connection,

these knobs can be used to suppress the sound level.

@ ... Cascade delay correct

In the case of cascade connection, the 2nd UNIT signal delays for some sample time
from the 1st UNIT signal. Turning this switch on corrects it by also delaying the 1st
UNIT signal for the same amount of time. Place the cursor and turn the switch on or

off with [F3].
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4 . .
Cautions on cascade connection

¢ The signal from the 2nd UNIT is output after passing the level setting (fader).
With cascade connection, normally set the level of the cue, main and Flex Buses
of the 2nd UNIT at 100 (0 dB).

*» The cue from the 2nd UNIT is sent to the 1st UNIT via the monitor signal line.
Select “CUE” as the monitor source of the 2nd UNIT.

\,




Chapter 3 Data Storage and Retrieval

Data inside this system is controlled as shown in the figure below.

(
Internal Memory of the VM-C7200/C7100

— PROJECT — (onyUseR) | (LIBRARY (USER) )

(LIBRARY (PRESET))
(Current Settings) "

E

v

(EZ Routing (EZ Routing h
CoPY TEMPLATE (USER) TEMPLATE (PRESET)
LOAD \ 00-29 )L 00- 09 )

Auto-mix data is erased
after the power is turned off.
Auto-mix data is not recorded in the
console but recorded directly into project
data stored on the memory card.

(
Memory Card (2-16 MB)

PROJECT —— (Beckwel T
(Backup) (LIBRARY (USER) )

\

J
(EZ Routing )
TEMPLATE (USER)
00-19 )

-

The number of storable projects differs depending on the capacity of the memory card
(each project consumes approximately 2MB).
Current project

we  SCENE 00-49 when two processors are in use.

The memory of the console is classified as follows:

* Library/EZ Routing template
A library contains the settings of each input channel, equalizer, delay or effect.
Every library is named and can be reused as desired.

* Project
Combines all settings of the VM system except the library. This also includes
auto-mixing data.
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Copying Libraries Containing Various Settings =~

Four types of libraries are available as follows:

Channel library: Combines major parameter settings of one input channel (user
library only).

Channel delay library: Combines phase delay (p. 69) and feedback delay (p. 81) of
each input channel.

Channel equalizer library: Combines the settings of the parametric equalizer
provided for each input channel.

Effect library: Combines the settings of internal effects 1 to 8 and master effect (p.
113).

M Calling up and saving a library screen
Typically, use [COPY /LIBRARY] beneath the ten-key keypad to select a library and
copy the current settings. Press [COPY/LIBRARY] when the channel edit screen of
each item is recalled to call up the copy/library screen.

Copying a library to each channel
In the following descriptions, the delay library is used as an example. (Since Step 2
differs for the equalizer or channel library, refer to the column on next page.)

1. Make sure that [INPUT] or [MULTI IN] is selected under SECTION.

2. Call up the delay channel edit screen.
While holding down [CH EDIT] of the channel whose library is to be copied or
saved, press the status button marked [PREAMP GAIN] or [DELAY].

3. Press [COPY/LIBRARY].
This opens the channel delay library screen.
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GROUP  NUMBER
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4. Select one of the libraries and check the effect.
First, turn the V1 knob (SELECT GROUP) to select U (“User”) or P (“Preset”). Then
turn the V2 knob (SELECT NUMBER) to select the number corresponding to the
desired library name on the display.
The actual effect can be heard by pressing [F1] (PREVIEW) (highlighted in black). To
initialize the channel delay, turn the button off.

py the effect
he effect
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5. Confirm selection.
After selection, press [F2] (CP/LOAD) to copy the contents of the library to the
channel delay. After this operation, the settings cannot be returned to their state
prior to copying.

”
How to call up the copy/save screen for each library

The following library screens can be called up by pressing [COPY/LIBRARY] in
Steps 2 and 3 on the previous page (press a desired channel in place of [CH EDIT]):

¢ Channel library
Press STATUS [CH VIEW] while holding down [CH EDIT}].

¢ Channel delay library
Press STATUS [PREAMP GAIN] while holding down [CH EDIT].
Press STATUS [DELAY] while holding down [CH EDIT].

¢ Channel equalizer library
Press STATUS [EQ GAIN] while holding down [CH EDIT].
Press STATUS [HPF/LO] while holding down [CH EDIT].
Press STATUS [LO-MID] while holding down [CH EDIT].
Press STATUS [HI-MID/HI] while holding down [CH EDIT].

Screen operations are the same for all libraries.

|eAalioY pue
abeiolg eleg £ Jaideyn
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Saving the current settings into a library
In the following descriptions, the delay library is again used as an example. (Since
Step 2 differs for the equalizer or channel library, refer to the column above.)

1. Make sure that [INPUT] or [MULTI IN] is selected under SECTION.

2. Call up the delay channel edit screen.
While holding down [CH EDIT] of the channel whose library is to be copied or
saved, press the status button marked [PREAMP GAIN] or [DELAY].

3. Press [COPY/LIBRARY].

This opens the channel delay library.
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5.

6.

Select the number of the library to which you want to save the settings.
First, turn the V1 knob (SELECT GROUP) to select U (“User”). Then turn the V2 knob
(SELECT NUMBER) to select the number corresponding to the desired library name
on the display.

To audition a library before it is overwritten (or erased), press [F1] (PREVIEW)
(highlighted in black) to hear the library. To initialize the channel delay, turn the
button off.

After selection, press [F3] (SAVE).
This opens the screen for saving the library. You can name the library on this screen
if necessary (see the next section).

Press [F5] (SAVE) to save the current settings.

After a confirming message appears, press {F5] (ENTER).

The delay settings of the channel are then copied to the selected library. This erases
any existing data in the selected library

Naming a library as it is saved

46

]‘

While saving (see the preceding section), each library can be named using up to 12
characters - this allows is to be easily identified.

Open the save screen of each library (Step 3 in the previous section).

LEVEL PREANE
-
DELAY DAMP  PHASE @MDLY CLEXEUS
o Pl =[2G SAND
i AN il + |
COPY_DELAY LIBRARY b

SAVE DELAY LIBRARY

To Uaisa
NAME ladusr 16

SggSOR lﬁBCDEFGHI Ji KLMNOPQRSTUUWXVZ]
> z
o~ 0 o

(DELETE] [INSERT) (SFACE ] [_SAUE ] (CARCEL)

(Example: a delay library)

Select the character position (digit).
Turn the V1 knob (CURSOR POS) to move the cursor to the desired character
position.

Use the following knobs to enter a character:

Upper-case alphabet (A to Z): V2 knob
Lower-case alphabet (a to z): V3 knob
Values and symbols (1, 2, 3, “!”, “#”, etc.): V4 knob

Functions of [F2] to [F4]

* [F2] (DELETE): Deletes the character at the cursor position and moves the
following characters back to fill the newly created space.

» [F3] (INSERT): Inserts a space at the cursor position and pushes the following
characters forward to make room for the new characters.

* [F4] (SPACE): Replaces the character at the cursor position with a space.
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Storing a Mixing State (Scene)

A Scene is a complete set of mixer settings that can be stored at any given point
during work on a project. One hundred Scenes (numbered 00 to 99) can be stored per
project.

Many items are stored in a Scene, including level and pan settings of input and
multi-in channels, the main channel, Cue and Flex Buses, as well as equalizer and
delay settings and internal patch connections. You can specify or limit the
parameters to be recalled in a Scene (p. 48).

IMPORTANT

The Scene memory function requires the presence of a formatted memory card on
which a project has been created or selected.

|eAsUIaY pue
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B Storing/recalling/erasing a scene

Storing and recalling a scene

1. Press [SCENE] - the ten-key keypad begins to blink.
This indicates that the system is waiting for the first digit of a Scene number to be
entered.

2. Press one of [0] to [9] buttons on the ten-key keypad to enter the first digit.
The selected number is stored as the first digit of the Scene number, and the keypad
stops blinking.

The Scene number is indicated as “SCENE 0_" or “SCENE 3_" in the upper right-
hand corner of the display.

3. Press a currently unlit key on the ten-key keypad.
The button turns on, registering the state of the mixer as a Scene.

4. Press free buttons one by one to store Scenes.
* After all buttons have turned on, return to Step 2 to select a new first digit.

5. After changing the mixer settings, press a lit key on the keypad.
In approximately two seconds, the stored Scene is recalled.

Clearing a scene
With [SCENE] on:

1. Press a currently lit key on the ten-key keypad while holding down
[CLEAR].

This clears the Scene information stored at that location.
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W Selecting which parameters will be recalled

Hold [SHIFT] and press [SCENE] (this is the same as pressing [EDIT]) to open a
screen for detailed Scene-related settings. Every time [PAGE DOWN] is pressed,
screens change as shown below, allowing you to select the parameters to be recalled
with the Scene switching,.

SCENE SELECT/ACTIVE PARAMETER page

SCENE SELECT
NO. NAME

Z1: )
21:48:4
21:258 21
21: 282 2€

D
BRLEFAUL

* Positioning the cursor on the upper section of the screen enables a Scene for
recalling ([F1]), clearing ([F2]) or storing ([F3]). The Scene number can be
selected while checking the name (explained below) using the V1 knob
(SELECT).

¢ Positioning the cursor on the lower section of the screen enables you to access
the active parameters using [F1] to [F6] (black highlight indicates that the Scene
is valid).

SCENE ACTIVE CHANNEL page

ki k-3 3 10 1 i i2
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FLEX BUS MASTER
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EFFECTS 1-3/MASTER
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* Tositioning the cursor on each section of the screen enables a channel whose
settings change according to the Scene selected using [F1] to [F6] (black highlight
indicates that the Scene is valid).

CURRENT SCENE NAME EDIT page

CURRENT SCENE NAME EDIT

ME.
FAULT SCEN

UPDATE
97/10/1999 21:33:92

[BECDEFGRITKLMNOPGRE TUUNR 2]

oﬁsc oabc }ZE

CURSOR

¢ A Scene name (12 characters max.) selected from the list on the top page (SCENE
SELECT/ACTIVE PARAMETER) can be changed. The change will be reflected
in the list.
Screen operations are similar to those for naming an input channel. For details,
refer to “Naming input channels” (p. 83). The differences between them are as
follows:
* No short names (3 characters) can be used.
* The EZ naming function is not available.
¢ Assignments of the V1 to V6 knob functions (except common knobs).
¢ Functions added to [F6] (write-protect on/ off).
The write-protect (on or off) state is also indicated by the letter “P”
(checked or unchecked) in the list on the top page of this operation (SCENE
SELECT/ACTIVE PARAMETER).
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Storing and Recalling All Mixer Settings (Project)

A memory card may be able to hold more than one project.

( IMPORTANT... Please read the following notices: Th “mberf?fz??ﬁbh%y g
s depending .-
* Inorder to successfully save a project on a card, the following steps are required rd éed.'F()t b

before starting a new operation. Otherwise, a project cannot be stored.
1. Prepare a formatted memory card (p. 51).

2a. Create a new project on the card (p. 52).
Or,

2b. Select a project on the card whose contents are to be changed (p. 52).

* Since projects are updated by overwriting them, your current settings cannot be
stored in more than one project. To store several states of a project, use the
Scene-memory function (p. 47).

* Once the project-storing operation has started, do not select another project
without completing the storage procedure. After a project is selected (p. 54), the
current project is changed to the new one and the old project’s current settings
are will be lost.

About the write protect function of the memory card

The Write Protect function protects data stored on the memory card from accidental
erasure. You should affix a supplied Write Protect Sticker onto the Write Protect
Area whenever you do not intend to write data on the memory card.

sSmariMedia
the digital camera * -

Protect Area i

* When affixing the sticker, make sure that it is properly positioned over the Write
Protect Area.

* Affix it securely, so it will not come off. Should they come loose inside the slot,
the card could get stuck.

* Do not use any stickers other than the supplied ones.

* If the sticker is dirty, the Write Protect function may not work properly. When

L the sticker gets dirty, clean it with a soft dry cloth.
.
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M Preparing a memory card for project storage

Before using a new memory card or one that has been used for another purpose, be
sure to format it.

Formatting a memory card

1. Hold [SHIFT] and press [PROJECT] - this is the same as pressing [SYSTEM].
After the menu appears, press CURSOR [DOWN] to display the following screen.

oo

|< 10
. CATIILL

DISPLAY TDATE

L ] Q

2. Press [F6] (MEMORY CARD) and [F2] (FORMAT), in that order E
o

uifl i 5)

[CORRENT CARD 2

CﬂPﬂ%!TY ::::—tg E

NAHE CREATE UPDATE
1
!

[CONF IRM]

Format Card, OK ?

A1l Data in the Card
will ke LOST.

(Eaw) (D j 0 T ) e

3. Press [F5] (OK) by following the displayed directions.

4. After the confirmation message appears, press [F5] again.
Formatting starts. After it is completed, press [F6] (EXIT).

In order to store a project on a formatted memory card, a new project must be created
on the card before starting the storage operation.
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Creating a new project
1. Press [PROJECT].
After a menu appears, press CURSOR [DOWN] to display the following screen.

e —

CARD PROJECT MENU

&) )

SELEC ERASE
| S———

ICURRENT PROJECT MENU

F 0l g &

HE COPY
/PROTECT

2. Press [F2] (NEW).

CREATE NEW PRUJECT

3. Press [F2] (CREATE) and then [F5] (OK).
After the creation process is completed, press [F6] (EXIT).

B Storing a project
The current state of the console can be stored at any time by overwriting and
updating the new project already created on a card.

Updating (storing) a project

1. Press [PROJECT].
After a menu appears, press CURSOR [DOWN] to display the following screen.

CARD PROJECT MENU

SELECT ERRSE

CURRENT PROJECT MENU

& 1 [ [
STORE HEW NAME CoPY

#PROTECT

L

2, Press [F1] (STORE) and then [F2] (STORE).
3. Press [F5] (OK) and then [F6} (EXIT) after storing is completed.
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B Re-naming/erase-protecting a project
A project can be re-named using up to 12 characters as follows:
¢ Name the current project on the project-naming screen.

e When a memory card is used, store the same project on the card to overwrite
and update it.

Naming and adding comments to a project
1. Press [PROJECT] and CURSOR [DOWN], in that order.
2. Press [F3] (NAME/PROTECT).

The project-naming screen appears.

PROJECT NAME&COMMENT -PROTECT
CURR&K;

E COMMENT
New Stase #Z for Live on Aus 8 1939 NYE

CRERTE UPDATE
B7/18-19%3 99:3IT12T A7/18-1993 @91 IT12T
IRE@EFBH I IKLMNORQRSTUVMWKYZ]
c -
AE °abc }'2:
ASCII DELETE INSERT SPACE REVERT] |[PROTEC

CURSOR

The following operation is similar to naming an input channel. For details, refer to
“Naming input channels” (p. 83). The differences between them are as follows:

* A comment (32 characters) can be attached instead of a short name (3
characters).

¢ The EZ naming function is not available.

* Assignments of the V1 to V6 knob functions (the contents are the same).

* Functions added to [F6] (write-protect on/off).

Erase-protecting a project
A project selected on a memory card can be protected from erasure (p. 55). This also
prohibits the accidental overwriting/updating of the project.

When more than one project exists on a card, only the currently selected project is
protected.

Erase-protecting a project
From the project-naming screen:

1. Press [PROJECT], CURSOR [DOWN] and [F3] (NAME/PROTECT), in this
sequence.

2. Turn [F6] (PROTECT) on to highlight it in black.

3. Open the storing screen.
Press [UNDO/REDO] (STORE) under the ten-key keypad while holding down [SHIFT].

MESCOMH [CONF IRM]

Store current ProgJect OK?

EEE——)
= o) (cancer])

4. Press [F6] (OK) to store the project.
After storing is completed, press |F6] (EXIT) on the screen.

Resetting project erase-protection
To reset card protection, follow the above operations in “Erase-protecting a project,”
but turn [F6] (PROTECT) off so that it’s not highlighted in Step 2.
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H Selecting a project
More than one project may be stored on a memory card, allowing you to store
completely different console settings for each project: Select and switch projects by
following the procedure below.
After a project is selected, the console settings are replaced with that of the selected
project, removing the prior settings. Before switching to a new project, make sure to
store the current project on the card if you wish to retain it.

Selecting a project
1. Press [PROJECT], CURSOR [UP] and [F1] (SELECT), in that order.

This calls up the project select screen.
2. Select a project using the V1 knob (SELECT NUMBER).
3. Press [F2] (SELECT).
4, Press [F5] (OK) and then [F6] (EXIT) after selection is completed.

[ The following information can be referred to on the
project list.

NEW PROJECT

02|DEFAULT PROJ

i e [

k|
ek
ek
Badad
NAME: Project name (12 characters max. See p. 53.)
UPDATE:  Date of update (according to internal clock at time of storing)
T: Type (number of consoles used by the project, 1 or 2)
P: Protect (protected from accidental erasure when the letter is checked.

See p. 53.)

“T” is automatically determined by the number of consoles connected when the
project is created. For a Type 2 project, the number of storable Scenes decreases by
half (50).

v,

54




Chapter 3 Data Storage and Retrieval

B Copying a project
A copy of a project can be created on the same card that contains the original. This is
useful when you want to start mixing from default console settings of your own
design. Since the currently selected project will be overwritten when a storage
operation is performed, it's recommended that you create a copy of the default
project on the card and select the copy to ensure that you don’t accidentally
overwrite the original.

Copying a project
1. Select a the project you want to copy.
Refer to “Selecting a project” above.

2. Press [PROJECT], CURSOR [DOWN] and [F4] (COPY), in that order.
This calls up the project-copy screen.

3. Select a project number as a destination for your new copy using the V1
knob (SELECT NUMBER).

4., Press [F2] (COPY) and [F5] (OK).
After a message appears, press [F5] (OK) again.

5. After copying is completed, press [F6] (EXIT).

abeoig

M Erasing a project from a memory card
Since the number of projects storable on one card is limited (8 max. on a 16MB card),
existing projects can be erased as necessary.

Erasing a project
1. Press [PROJECT], CURSOR [UP] and [F2] (ERASE), in this sequence.
This calls the project-erase screen.

2. Select a project using the V1 knob (SELECT NUMBER).
3. Press [F2] (ERASE).
4. Press [F5] (OK) and then [F6] (EXIT) after erasure is complete.
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Copying Data to/from a Memory Card

In this system, the project currently selected on a memory card is designed to reflect
the project on the console. This means that a memory card should always be installed
and should be considered a part of the console’s internal memory that can be
removed and transported to another system.

For this purpose, one memory card is attached to the console (both VM-C7200 and
C7100) at the time of purchase.

e function,a

The method for storing a project on a card is explained in detail in this chapter. The
procedure is important and it is recommended that you review it - see p. 52.

B Moving and returning a set of libraries in a console to
and from a memory card

A memory card can not only store projects, but also back up libraries and EZ Routing
templates of a console’s channels and effects.

Copying a set of libraries from/to a card
From the SYSTEM menu:

1. Hold [SHIFT] and press [PROJECT] (same as pressing [SYSTEM]).

2. Open the LIBRARY page on the memory card.
Press CURSOR [DOWN], [F6] (MEMORY CARD) and [PAGE DOWN], in that

order.
EZ ROUTING
TEMPLATE
3. Determine what you wish to transfer to/from the card. ey
Select [LOAD/SAVE TARGET] - LIBRARY or TEMPLATE - on the upper section M\‘—E-M} (T
using CURSOR [UP] or [DOWN] and turn [F2] to [F5] on (highlighted in black) or ~ “Loading” of library data -
off. Only the items that are turned on will be saved, loaded, or exchanged. means copymg it from “'thg' :
. card to the console,” -+ "
4. Select[COMMAND] using CURSOR [DOWN]. - overwriting the console’s

-~ current library. “Saving”
refers to overwriting data
from the console to the

Ccard. S

5. Perform the function.
Select and press either [F5] (LOAD) or [F6] (SAVE). After the confirmation screen
appears, press [F5] (OK) to perform the selected function.
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M Backing up a memory card
A memory card can be backed up using following procedure.
For backing up, a formatted (p. 51) memory card for copying to (the destination card)
must be prepared in addition to the memory card to be copied from (the source

card).
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IMPORTANT

The console’s auto-mixing memory is used during the memory-card backing-up
process. Therefore, all auto-mixing information which is currently held in the
console’s memory is erased during the back-up process. For this reason, be sure to
save the current project before you begin the back-up procedure.

Backing up a memory card
1. Open the SYSTEM menu.
Hold [SHIFT] and press [PROJECT] (same as pressing [SYSTEM]).

2. Open the UTILITY page on the memory card.
Press CURSOR [DOWN] and [F6] (MEMORY CARD), in that order.

SVE MLCARD ! 2o} 778
ST 2883 e
L IBRAR'

NO. NAME

CREATE UPDATE

(==} ’_D_EFQULT PROJ | 07/10/1999 213283261 07/11/1999 11302824

3. Press [F1] (BACKUP).

After a message requesting the source card appears, make sure that the source card
has been inserted, and then press [F5] (OK). The back-up procedure will begin.

4. After a message requesting the destination card appears, remove the source
card, insert the destination card and press [F5] (OK). Data writing starts.
After writing is completed, return to Step 3 and repeat the above
procedure. Backing up is finished when the “Completed” message appears.
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Storing Frequently Used Screens
(Macro Function)

When switching back and forth between screens to compare and adjust settings
(when editing effect algorithms, for example), various steps must be performed over
and over. In this case, any of the screens can be stored as a “macro” so that you can
jump to the screen simply by pressing a single button. Since the screen and the
current cursor position are both stored in a macro, there’s no need to move the cursor
button after recalling it.

l Storing a screen as a macro

1. Call-up the desired screen.
Move the cursor to a frequently used parameter.

2. Press one of the macro buttons - [MACRO 1] to [MACRO 9] — while
holding down [SHIFT].
The LED of the selected button lights to show that a macro has been stored there.

[ B

M Recalling a screen (macro)

1. Press one of [IMACRO 1] to [MACRO 9] while holding down [SHIFT].
The screen stored in the macro appears.

M Clearing a stored macro

1. While holding down [SHIFT] and [CLEAR], press one of [MACRO 1] to
[MACRO9].

The indicator of the button of which a macro has been cleared goes out.
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Calling Up Stored Connections (EZ Routing)

Chapter 4 Useful Functions |

The EZ Routing function allows you to quickly establish a set of saved connections.
EZ Routing can be a connection template or a virtual patchbay setup.

H Routing template

This type of EZ Routing instantaneously calls up one of the pre-defined internal
connection templates, each of which is designed to serve a particular purpose. When
shipped, 9 EZ Routing template presets are stored in the console. The console can
also store up to 30 user-defined EZ Routing templates. The data saved in a template
is the same as that saved in a Scene on a memory card.

Selecting a template

1. Press [EZ ROUTING] and [F1] (TEMPLATE), in that order.
This calls up the template select/save screen.

2. Select the desired template.
Turn the V1 knob (SELECT GROUP) to select P (“Preset”) or U (“User”). Then turn
the V2 knob (SELECT NUMBER) to select a number — P00 to PO09 or U000 to U029
- corresponding to the desired template’s name.

3. Press [F2] (COPY).

This activates the template’s settings, changing the current settings.

suonoun4 jnjasn ¢ Joideyn
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Saving the current connections as a template

1. Press [EZ ROUTING] and [F1] (TEMPLATE), in that order.

This calls up the template select/save screen.

2. Select a user template location in which to save the current connections.
Turn the V1 knob (SELECT GROUP) to select U (“User”). Then turn the V2 knob
(SELECT NUMBER) to select a number (000 to 029) corresponding to the desired
template name on the display.

3. Save the template.
After selecting the template location to which you'll be saving the current settings,
press [F3] (SAVE) and then [F5] (ENTER) to execute the procedure. The location’s
previously saved settings are overwritten and cannot be recalled.

£ L

e =t oru
[SAVE EZ ROUTING TEMPLRTE
To UBit
NAME B

gnglSOR EIBCDEFGH1 J| KLMNOPQRS?UUNXYa

o O 0 O
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ASCIL ) (BELETE SPACE ) [ SAUE_) [CANCEL
] e e e e e

M Virtual patchbay

The virtual patchbay allows you to make connections between input jacks and
assignable output jacks by connecting virtual cables between them on the display.
Since the virtual patchbay also allows you to establish the routing of signals from R-
BUS and multi-in channels, the correspondence between the digitally connected
multi-track recorder tracks (up to 24, 8 tracks x three recorders) and multi-in
channels 1 to 24 can be set up as your needs dictate.

Changing connections using the virtual patchbay

1. Press [EZ ROUTING] to call up the menu screen.

2. Press [F2] (PATCHBAY).
This calls up the input channel patchbay screen.

3. Select the connection to set.
Selectinput channels or output terminals in six pairs using CURSOR [UP], [DOWN],
[LEFT] or [RIGHT].

4. Set the desired connection.
Turn the V1 to V6 knobs to change the patchbay connection.
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Press [PAGE DOWN] to call the multi-in channel patchbay screen. O»n‘this‘screen,
the assignments from multi-in inputs (each input to R-BUS) to multi-in channels can

be changed.
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* For internal connections using the virtual patchbay, signals can also be assigned
to several destinations. Multiple signals, however, cannot be simultancously

assigned to

a single destination.

Possible Impossible
LIN1 | AOUT1] L IN1 [OuT 1]
LIN2 OuUT 2| LIN2 K\[OUT2]
LIN3 | \1OUT 3] [IN3 OuUT3

[IN4

[IN4 ] TouT4]

[ouUT 4]
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Chapter 4 Useful Functions

Directly Calling Up a Screen for Each Channel
(Quick Channel Edit)

“Channel edit” (CH EDIT) refers to the displaying of each input (1-24), multi-in or
Flex Bus channel’s parameters on the screen and the changing of their settings. It
allows you to focus your attention on a single channel.

CH EDIT operation

ANALDG
MIXER .-

v
Q
{ P
L

Select a channel — one of the C7200's 24 vertical columns, or one of the C7100's 12 -
and control the parameters for it using the V1 to V6 knobs or [F1] to [F6].

1. Press [CH EDIT] of the desired channel to change any of its settings.
This calls one of the channel’s parameter screens.

2. Press [PAGE UP] or [PAGE DOWN] to call up the desired parameter’s
screen.

3. Press the cursor button to move the cursor to the target parameter set.

4, Set a value by turning the V1 to V6 knob or pressing [F1] to [F6].
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H Directly jumping to a parameter’s screen

(Quick channel edit)

Using [PAGE UP] or [PAGE DOWN] to move through numerous parameter screens
in order to reach a desired parameter’s screen can be time-consuming. To save time,
you can jump directly to certain parameters using the status buttons of channels 13
to 24. While holding down [CH EDIT] on the channel you're working with, press one
of the status buttons to display the desired parameter screen.

HPFILO EQ LoMD  H-MID/HI 16 BUS 712

DDDDDD*DHE

CH EDIT CH EDIT CH EDIT CH EDIT CH EDIT CH EDIT CH EDIT CH EDIT CH EDIT CH EDIT CH EDIT

Channel Parameter setting screen

13 (1) Preamplifier-related setting

14 (2) Delay-related setting

15 (3) EQ (gain)-related setting

16 (4) EQ (low-range, high-pass filter)-related setting
17 (5) EQ (mid-range)-related setting

18 (6) EQ (high-range)-related setting

19(7) Setting of signals to be sent to Flex Buses 1 to 6
20 (8) Setting of signals to be sent to Flex Buses 7 to 12
21(9) MULTI OUT-related setting

22 (10) Surround depth-related setting

23 (10) Setting of signals to be sent to main/Cue buses
24 (12) General channel parameter list screen

* A bracketed channel number indicates that the VM-C7100 console is used.
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Example: [CH EDIT] + [CH VIEW]
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Chapter 4 Useful Functions

Simultaneously Setting Several Channels’
Parameters (Parameter View on Fader)

When parameters such as levels, pans and the amount of signal sent to the Flex Buses
are to be set, these parameters’ values for all channels can be displayed at the same
time. This display is called the “parameter view on fader.” This view is helpful when
the parameter settings of multiple channels need to be adjusted at the same time.

Operation of [PARAM VIEW on Fader]

Y
L O000000C0
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1 000000000 0000
fhooooo oo0oo
00000 0000 e
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Allows you to view parameter settings for all channels simultaneously, controlling
their value primarily by using the console’s channel faders.

Determining a parameter setting to change

Press any of the numbered buttons under [PARM VIEW on Fader] to view its
corresponding parameter in the currently selected parameter section. Since the types
of parameters differ in each section, the screen may not change when a numbered

button is pressed.

Parameter Setting under PARAM VIEW on Fader

SECTION CH CH CUE CUE PREAMP | SURROUND| FLEXBUS | OTHER
(Signal Line) LEV PAN LEV PAN GAIN DEPTH |sendto 1-12 |PARAMETERS

INPUT YES YES YES YES YES YES YES YES
MULTIIN | YES YES YES YES - YES YES YES

FADER GROUP YES - - - - -
FLEXBUS 1-12 YES YES YES YES YES YES YES
MIDI YES YES - - - - - YES

MULTI OUT YES - — . N

[OTHER PARAMETERS A})/[OTHER PARAME
Sets the equalizer or delay.
To select a parameter, move the cursor to the bottom of the screen, turn the [V1] knob
to select the target parameter and press [F1] (SET).

TERS B]
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[FLEX BUS 1 to 6/[FLEX BUS 7 to 12]
Sets signals to be sent to Flex Buses 1 to 12.

* PAN: Fixed sound position
* LEVEL
* BUSSEND: Activates/de-activates sending of signal to a Flex Bus.

[PREAMP GAIN]
Sets the preamplifier.

¢ GAIN: Analog preamplifier gain
* PHANTOM: Supplies/does not supply phantom power to the microphone.

[CH PANJ/[CH LEVEL]

Sets signals to be sent to the main stereo bus.

¢ PAN: Fixed sound position

* LEVEL

¢ MAIN SEND: Sends/does not send signals to the main stereo bus.

[SURROUND DEPTH]
Sets surround depth.

e PAN: Direction of sound (right/left)
¢ DEPTH: Direction of sound (up/down)
* MAIN SEND: Sends/does not send signals to the main channel.

[CUE PAN)/[CUE LEVEL]
Sets signals to be sent to the Cue bus.

* PAN: Fixed sound position
* LEVEL
¢ CUE SEND: Sends/does not send signals to the Cue bus.
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How to set parameters

oL MOLTL TN 5008 08
virios —{0 0 0 0 0 00 00 6 0 &),
Fader/[Vil{velknobs —fl°H - H - H - H - H - H - H - % 3. % , [? "
12
s I II yo_LEV|

[F1}-F8]

In most cases, the cursor is moved to the desired parameter and the [V1] to [V6]
knobs are used to change the setting of the selected parameter. In addition to this,
parameters can be set using faders in the “parameter view on fader” screens so that
several channels’ parameters can be adjusted at the same time. To set switches such
as BUS SEND and MAIN SEND, the cursor is moved to the target parameter and [F1}
to [F6] is pressed.

[ Separating screen from fader state

When screens are switched, the fader settings typically change as well. When
simultaneously adjusting the levels of both analog and digital signals received via
the R-BUS, screens may need to be switched repeatedly, since both screens cannot be
displayed at the same time. To solve this problem, turn [on Display] on to separate
the screen state from the fader state. This allows the state of screens to be switched
with the state of the faders when [on Display] is turned on. This also allows you to
adjust the analog input levels using the [V1] to [V6] knobs on the screen, and the
digital input levels using the fader.




Chapter 5 Mixing Procedure 1 (Input Channel)

There are two different types of channels for bringing audio into the system:
* INPUT channels handle standard microphone, line and digital audio signals.

* MULTIIN channels handle audio from digital multi-track devices connected to
an optional R-BUS connector. The VM-24E 1/O Expansion board, purchased
separately, adds 24 channels of digital R-BUS inputs and outputs to your

system.

Press [INPUT] or [MULTI IN] to select the type of inputs you want to edit. The
general editing procedure and channel setup screen is similar for both types of input.

Basic Settings by Input Channel

To set up an input channel, press the channel’s [CH EDIT]. When you press a

channel’s [CH EDIT], its setup screen is displayed.

H Selecting an input channel’s signal source

You can select the source of an input channel’s signal from a range of appropriate

options.

Selecting a channel’s input source

1. Press [INPUT] or [MULTI IN] in the SECTION area to select the type of

channel you want to set up.

2. Press the desired channel’s [CH EDIT].

3. Press [PAGE UP]/[PAGE DOWN] to display the channel’s PREAMP page.

‘CH EDIT

_JiEE SN

I PRE AMP LR

D IN
%CONSOLE
IN

S 6 7 & 3101 2I3MISI617

Al

E 6 78 3100 112 SIS IMIRI9202122:
l NP cH

ATT : FHRSE DELAY

LEVEL DELAY TINE »
aio TANCE 2.00 M

................... L8 ¥{I§E 8.88 ms

4. You can select the desired source by turning the V1 (SOURCE SELECT)

knob.

For input channels, you can select:

e MIC or LINE INPUTs 1 to 20 on a VM-7200 processor, or INPUTs 1 to 10 on a

VM-7100 processor.

¢ DIGITAL A/B. To choose DIGITAL IN A or DIGITAL IN B, follow the

procedure on p. 36.

¢ CONSOLE INPUT, L or R. These are the input jacks on the rear of the console.

For multi-in channels, you can select:

* R-BUS inputs 1 to 24. These choices become available only with an installed VM-

24E, purchased separately.
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M Gain, Phantom Power Supply, Phase and Attenuator

Various settings are available for the analog pre-amplifier at each channel’s input
section. These include:

e Gain (not available when DIGITAL A/B is selected as the input source)
e Phantom power supply (not available when DIGITAL A/B is selected as the
input source)
¢ Phase inversion
¢ Digital attenuation level
Setting up an input channel’s analog pre-amplifier
1. Press [INPUT] in the SECTION area.
2. Press [CH EDIT] for the desired channel.

3. Select the PREAMP page using the PAGE UP/PAGE DOWN buttons.

L1k
2122232

H PHASE DELAY
iDELRY TIME

'OSRMPLE 2
B ISTANCE 0.80 n
er. B8 ¥IME 8.98 M

4. Adjust the settings as desired.

GAIN: Turn the V2 (GAIN) knob to match the pre-amp’s input gain to
the output level of the connected microphone or other audio-
producing device. (+4 to -64 dB)

PHASE: Press [F3] to switch the phase inversion function on or off, as
desired. When phase inversion is active, the PHASE parameter
is highlighted on the display.

PHANTOM

POWER SUPPLY: Press F2 (48V) to switch between on (highlighted) and off. A
channel’s phantom power supply should only be turned on
when the channel is handling a signal from a device that
requires phantom power.

ATTENUATOR: Turn the V3 (ATT) knob to set the input attenuation level, from
+6 to -24 dB. Attenuation is the lowering of a signal’s level.
Start by setting the attenuator to "0 dB,” for no attenuation. If
distortion occurs as you boost frequencies in the signal during
equalization, adjust the ATTENUATOR setting to reduce the
signal’s level until the distortion is eliminated.

You can also access these parameters by pressing [CH VIEW] with [CH EDIT} (p. 63).

Setting preamp gain and phantom power in PARAM VIEW on Fader mode
1. Press [PREAMP GAIN] in the PARAM VIEW on Fader area.

2. Set each channel’s preamp gain using its fader. You can also set the preamp
gain for six channels at a time using the cursor and the V1 to V6 knobs.

3. Cursor to the desired channel and activate or de-activate its phantom
power using [F1] to [F6]. When a channel’s phantom power is turned on,
the parameter is highlighted.
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M Correcting a signal’s time delay (PHASE DELAY)

A channel’s input can be delayed to correct phasing problems between the its signal
and the signals of other channels.

When you use more than one microphone on an instrument (or other sound source),
there may be a difference in the amount of time it takes for the sound to reach each
microphone—it takes roughly 3 ms (milliseconds) for sound to travel the distance of
a meter from an instrument to a microphone. When you mix the signals from the
microphones, you may experience the loss of various frequencies in the resulting
signal due to phase differences between the microphones. You can fix such problems
by delaying the signals from those microphones placed closer to the instrument so
that they match the delay in signals from microphones placed further away.

Setting up a channel’s PHASE DELAY

1. Press and select [INPUT] or [MULTI IN] in the SECTION area to select the
type of input you want to set up.

2. Press [CH EDIT] for the desired channel.

3. Select the PREAMP page using [PAGE UP]/[PAGE DOWN].
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H PHASE DELAY
iDELAY TIME
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DISTANCE 9.98 m
TIME 9.08 mns
ON

4. Turn PHASE DELAY on to activate an input delay. Press [F4] (ON). When

PHASE DELAY is turned on, the parameter is highlighted.

Set the desired delay using the V4 knob. PHASE DELAY is measured in samples, the
smallest unit of time in the system. When the current sample rate is:

* 48 kHz, one sample equals about 0.021 ms.

* 44.1 kHz, one sample equals about 0.023 ms.

* The PHASE DELAY parameter works in conjunction with the FEEDBACK
DELAY parameter, which also allows you to delay a channel’s signal. Together,
their delay times cannot exceed 14,400 samples in total.

The current setting is displayed as a DISTANCE in meters from the sound source.

The setting is also displayed in TIME as milliseconds based on the current sample
rate.

Chapter 5 Mixing Procedure 1 (Input Channel)
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Chapter 5 Mixing Procedure 1 (Input Channel)

Setting up ON/OFF, SEND LEVEL and PAN for
a Channel

Signals can be sent from each channel to the main stereo mix or to the cue bus. You
can view the SEND LEVEL and PAN settings for all channels at the same time and
use the faders or the V1 to V6 knobs to adjust them. Signals sent from channels to
Flex Buses can be set in the same manner.

To view and change the ON/OFF, SEND LEVEL and PAN values of multiple
channels at the same time, use PARAM VIEW on Fader. To set a channel’s SEND
LEVEL or PAN to the main mix, for example, follow these steps:

1. Press [INPUT] or [MULTI IN] in the SECTION area to select the type of
input you want to set up.

2. Press the [CH LEVEL] (or [CH PAN]) in the PARAM VIEW on Fader area.

3. Use each channel’s fader to set the SEND LEVEL (or PAN) of the channel’s
signal being sent to the main stereo mix.
Other buttons—pressed together with [SHIFT] in some cases—in the PARAM VIEW
on Fader area select and display different channel parameters that you can adjust
using the faders.

If you prefer, you can use CHANNEL EDIT mode to display and adjust multiple
parameters for a single channel, including send ON/OFF, SEND LEVEL, PAN and
other parameters.

The following section describes how to set a channel’s parameters using CHANNEL
EDIT mode.

B SEND LEVEL and PAN to the main mix and the cue
bus.

Setting a channel’s SEND LEVEL and PAN in CHANNEL EDIT mode:

1. Press [INPUT] or [MULTI IN] in the SECTION area to select the type of
input you want to set up.

2. Press the desired channel’s [CH EDIT].
3. Select the MAIN/CUE page using [PAGE UP]/[PAGE DOWN]}.
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4. If the screen you see is not the same as shown in the figure above, scroll to
the screen shown above using the UP/DOWN buttons.
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5. Set the channel’s SEND LEVEL and PAN to the main mix by adjusting:
* SEND LEVEL using the V1 (MAIN LEVEL) knob. SEND LEVEL can be set
anywhere from - to +6 dB.

¢ PAN using the V2 (MAIN PAN) knob. PAN can be set from L63 (far left) to R63
(far right).

While in CHANNEL EDIT mode, you can also set two other parameters that affect

sending the channel’s signal to the main mix:

e SEND ON/OFF—This sets whether or not the channel’s signal is sent to the
main mix. Press [F1] (ON)—when the channel’s signal is being sent to the main
mix, the parameter is highlighted.

* PAN LINK—Adjacent channels can be stereo-linked in odd/even pairs—
Channels 1 and 2, Channel 3 and 4, Channels 5 and 6, and so on. When channels
are pan-linked, they're locked together at their current pan positions into a single
stereo image. If you lower or raise either channel’s PAN setting, the entire stereo
image will be shifted left or right accordingly. To pan-link two channels, press F2
(PANLINK). When PAN LINK is active, the parameter will be highlighted.

6. Set the channel’s SEND LEVEL and PAN to the cue bus by adjusting:
¢ SEND LEVEL using the V3 (CUE LEVEL) knob. Cue SEND LEVEL can be set
from -ee to +6 dB.
e PAN using the V4 (CUE PAN) knob. This can be set from L63 to R63.

You can also set two other parameters that affect sending the channel’s signal to the

cue bus:

e SEND ON/OFF—This sets whether or not the channel’s signal is sent to the cue
bus. Press [F3] (ON)—when the channel’s signal is being sent to the cue bus, the
parameter is highlighted.

* PAN SLAVE—When this parameter is on—highlighted—the PAN setting for the
cue bus is automatically set to the same value as the PAN setting for the main mix.
Press [F4] CUE PAN SLAVE To MAIN to switch pan slaving on or off.

Switching the send point to the cue bus
You can select the point in the channel’s signal flow from which its signal will be sent
to the cue bus. To do this, return to Step 6 above, press CURSOR [UP] and select the
middle parameter group. Turn the V3 (CUE SEND POSI) knob and [F3] (SET) to
choose from among a selection of locations in the channel signal flow.
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As you turn the V3 (CUE SEND POSI) knob, the setting is switched from PreEQ
(“PRE EQ”) to PreFD (“PRE FADER”) and to PstFD (“POST FADER”). When you've
chosen the desired point, press [F3] (SET) to confirm your selection.

FADER

PRE FADER
¢ POST FADER
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e ) PARAM VIEW on Fader ;
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Bus from all

B Setting a channel’s send level and send point to Flex Buses
Preparing to adjust Flex Bus send levels using PARAM VIEW on Fader

1. Press [INPUT] or [MULTI IN] in the SECTION area to select the type of
input you want to set up.

2. Press one of the FLEX BUS 1 to 6 buttons in PARAM VIEW on Fader to
choose the Flex Bus to which you want to send signal from one or more
channels. To select from Flex Buses 7-12, press FLEX BUS [1] to [6] while
holding down [SHIFT].
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3. Use each channel’s fader to send the desired amount of signal from the
channel] to the displayed Flex Bus. If you don’t want to send a channel’s
signal to the displayed Flex Bus, turn its send all the way down.

Preparing to set Flex Bus sends using CHANNEL EDIT mode

1. Press [INPUT] or [MULTI IN] in the SECTION area to select the type of
input you want to set up.

2. Press the desired channel’s [CH EDIT].
3. Use [PAGE UP]/[PAGE DOWN] to select the FLEX BUS screen.
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4. Using CURSOR [UP]/[DOWN], select the first set of six Flex Buses, as
shown in figure on the left (Flex Buses 1 to 6).

am'tel's send to the
teres m1x To do this, -

5. Turn on the channel’s SEND to any of the first six Flex Buses by pressing
[F1] to [F6]. This toggles the Flex Bus sends on and off—when a send is on,
B1, B2... is highlighted.

6. Set the channel’s send level to each Flex Bus by turning its corresponding
V1 to V6 knob.

‘annm'g of the paxr of Flex :
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7. Choose the point from within the channel’s signal flow from which signal
will be sent to the Flex Buses.
Use CURSOR [UP] to select the region shown in the figure on the right, and then use
the [V1] to [V6] knobs to select the desired points. You can choose PreEQ, PreFD (Pre
Fader) or PstFD (Post Fader). Confirm your choices using [F1] to [F6] (SET).

PRE FADER

PREEQ O POST FADER
®,
FLEX BUS 1(...12)

M PAN and DEPTH for using SURROUND

This system supports surround sound in thee formats: 2+2, 3+1 and 3+2+1.
Surround sound allows signals to be positioned within a two-dimensional, left/
right/rear/front field. You can set each channel’s surround location, or “surround
panning.”

To set up surround panning, begin by activating the surround function on the
SYSTEM SURROUND screen (p. 91) and select a surround format or mode.

Setting up surround panning using PARAM VIEW on Fader

1. Press [INPUT] or [MULTI IN] in the SECTION area to select the type of
input you want to set up.

2. Press [CH PAN]in PARAM VIEW on Fader.

IOO |00 IOZ ‘33 100 IOO IOO IOO

3. Set the left/right position for each channel using its fader.

4. Press [PREAMP GAIN] in PARAM VIEW on Fader while holding down
[SHIFT] and select SURROUND DEPTH.

5. Set the rear/front position for each channel using its fader.

* You can view a graphic display of your surround pan settings from the
SURROUND page in CHANNEL EDIT mode (p. 74).
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Setting surround panning in CHANNEL EDIT mode
* The figure on the screen shot below shows an example of surround with the
3+2+1 system selected. If the 2+2 or 3+1 system is selected, blank space is
displayed for output channels (Flex Buses) not being used.

1. Press and select [INPUT] or [MULTI IN] in the SECTION area to select the
type of input you want to set up.

2. Press the desired channels’ [CH EDIT].

3. Use [PAGE UP]/[PAGE DOWN] to select the SURROUND page.

4. Using CURSOR [UP]/[DOWN], select the region in the figure
(SURROUND PAN and STEREO LINK).

STEREO LINK

BPARALLEL MBOFF
GLINE SYMMETRY
GPOINT SYMMETRY

5. Set the channel’s right/left position using the V1 (PAN) knob, and rear/
front position with the V2 (DEPTH) knob.

6. Set up the desired balance between your surround system'’s front speakers
(“center”: “left and right”) using the V3 (LR: C) knob.
You can set the balance—expressed as a percentage—between the right and left
speakers in your surround system in 3+1 or 3+2+1 mode.
When using surround, adjacent odd/even input channels can be linked and handled
as a stereo pair.

o
STEREQ LINK

GPRRALLEL *GOFF
QL.INE SYMMETRY
NT SYMMETRY
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Linking a channel to its adjacent odd/even partner

1. Move the cursor to STEREO LINK on the screen.
Follow Steps 1 to 4in the previous section, “Setting surround panning in CHANNEL
EDIT mode” to move the cursor to STEREO LINK.

2. Use the V4 knob to select the desired linking method.

OFF: No linking.

PARALLEL: Position of the linked pair is set while preserving the
relative positions of the two channels in relation to each
other.

LINE SYMMETRY: Linked channels are positioned in line symmetry against
the vertical center line.

POINT SYMMETRY: Linked channels are localized in point symmetry against
the center point. '

You can set the output level of a Flex Bus used for surround output independently
from the surround PAN and DEPTH settings. This allows you to make final fine
adjustments.

Fine adjustment of surround output level balance

1. Call up the SURROUND page in CHANNEL EDIT mode.
Follow the Steps 1 through 3 for “Setting surround panning in CHANNEL EDIT
mode” (p. 74) to display the SURROUND screen.

2. Use CURSOR [DOWN] to select the FRONT, REAR and SUBWOOFER.

3. Make the desired fine adjustment to the level using the V1 through V6 knobs
The display shows each knobs’ associated Flex Bus number and speaker.

* You can temporarily turn off the output of a Flex Bus by pressing the
corresponding F1 through F6 button.

Turning the V1 through V6 knobs can cause the surround positioning to disagree
with the settings in the SURROUND PAN section of the display (PAN, DEPTH and
LR:C) and the displayed surround graph. If this occurs, “ACTIVE” in the screen is
automatically switched off.

When you activate MIDI JOYSTICK CONTROL on the SYSTEM SURROUND screen
(p- 91), and you can perform surround panning using a MIDI joystick. The joystick
will control the channel for which [CH EDIT] was most recently pressed. You can use
the joystick even when a screen other than the SURROUND screen is being
displayed.

MW Setting up direct-output channels
Input channel signals 1 through 24 can be sent directly to the corresponding multi-
out channels. When this is the case, signals sent to multi-out Channels 17 through 24
are also sent to ASSIGNABLE QUT jacks 1 through 8, respectively. This makes it
possible to directly access analog signals from the input channels.

It’s also possible to send an input channel’s signal to a number of multi-out channels
at the same time. Note, however, that multiple input signals cannot be directly sent
to a single multi-out channel. Each already-in-use channel is displayed as a broken
line. The direct connection of multi-in channels to multi-out channels is not possible.
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Preparing to send input channels to multi-outs in CHANNEL EDIT mode

1.
2.
3.

Press [INPUT] in the SECTION area.
Press the desired channel’s [CH EDIT].

Use [PAGE UP]/[PAGE DOWN] to select the MAIN/CUE page.
You can jump to this screen by pressing the [MAIN/CUE] STATUS button while
holding down the desired channel’s [CH EDIT].

Use CURSOR [UP] to select the parameters in the upper section.

LEVEL PAN
5 o Le3
0
o8
o]

Select the output channel to which you want to send the input channel’s
signal.

Select the desired MULTI-OUT with the V1 (MULTI OUT SEL) knob, then press [F3]
(SET) to confirm your choice.

Setting the send level and point to a MULTI OUT

To set up SEND LEVEL to MULTI OUT using the V5 (LEVEL) knob, follow Step 5
above and press CURSOR [DOWN] to select the parameters in the middle section.
This allows you to select a point from within the channel’s signal flow from which
its signal will be sent to the selected MULTI OUT.
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Turn the [V4] (SEND POSI) knob to select PreEQ, PreFD (Pre Fader) or PstFD (Post
Fader). Press [F4] (SET) to confirm your selection.
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MULTI OUT 1-24




Chapter 5 Mixing Procedure 1 (Input Channel) -

Switching the Status of a Channel

The STATUS button above each fader switches the status of the corresponding input
channel. The STATUS button can change the following four items:

Mute: When on, silences the channel’s signal.

Solo: When on, isolates the channel’s signal, silencing other
channels.

Audio: Switches the track status of connected external recording
devices.

Auto-mix: Activates or de-activates automation recording of channel-

setting changes.

Press the MODE buttons in the CH STATUS area—[MUTE], [SOLO], [AUDIO] or
[AUTO-MIX]—to select the item you want to set using the STATUS button.

This section describes the operation of the MUTE and SOLO buttons.

B Muting a channel (MUTE)

Signals on input channels—both input and multi-in channels—can be muted using
the STATUS button.

Muting with the STATUS button
1. Press the [MUTE] in the CH STATUS MODE area—the button will light
when muting is activated.

2. Select either [INPUT] or [MULTI IN], depending on the type of channel
you want to mute.

3. Press the desired channel’s STATUS button so that it lights.

Any channels selected with SECTION buttons can be muted using the same
procedure, including [FADER GROUP] (Group 1-24), [FLEX BUS] (Flex Buses 1-12)
and [MULTI OUT] (Multi Qut 1-24).

T

Call up the screen by pressing the MAIN /CUE STATUS button while holding down
the desired channel’s [CH EDIT]. To mute the channel, press [F6] (MUTE)—the
channel’s MUTE indicator in the displayed graph will be shown as a reversed image.
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M Listen to a channel by itself (SOLO)

Channel signals—both input and multi-in—can be set to SOLO mode in which all
the other channels are temporarily muted, allowing you to listen to the channel alone
(SOLO). SOLO mode sends the soloed channel’s signal to the following outputs:

¢ The mixing processor’'s MONITOR OUT jack
* The console’s MONITOR LINE OUT jack
¢ Headphones connected to the console’s PHONES jack

Using the STATUS button to enter SOLO mode
1. Press the [SOLO] in the CH STATUS MODE area so that the button lights.

2. Select either [INPUT] or [MULTI IN], depending on the type of channel
you want to solo.

3. Press the desired channel’s STATUS button so that the button lights—all
other channels are silenced so that you can listen to the selected channel by
itself.

4. If you want to solo additional channels, press their STATUS buttons.
Press [STATUS] again to un-solo a channel—the button’s light turns off. When all
soloed channels have been un-soloed, the SOLO function is switched off.

If IN PLACE (Solo In Place) is selected on the SOLO screen (p. 68), signals are heard
as they are in the main mix, with their main-mix panning preserved, for example.
Otherwise, if PRE EQ or PEL (Pre Fader Listen) is selected, the cue bus is used for
soloed signals.

When IN PLACE is selected, all other signals in the main mix are muted except for
soloed channels. Therefore, when IN PLACE is selected, do not use the SOLO
function during the recording of a mix, when sending the MAIN OUTs to a stage
speaker system or when broadcasting from the MAIN OUTs.

Adjusting Various Channel Settings (Equalizer, etc.)

All input and multi-in channels are equipped with parametric equalizers and HPF
(high-pass-filter) equalizers that allow you to alter the change the frequency
characteristics of the channel’s signal. Each channel also contains a feedback delay
function that allows you to generate echo and comb-filter effects.

B Adjusting frequency characteristics (channel equalizer)
How the channel equalizer works
The channel equalizers (EQ) incorporated in this system parametric equalizers in
which switching between 4-band and 3-band + 1-filter modes is possible. High- and
low-frequency EQ bands are shelving EQs, while the high-middle and low-middle
bands are peaking EQs.

Peaking type .\
— Shelving type _/~
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Setting up equalizers by band

1. Press and select [INPUT] or [MULTI IN] in the SECTION area to select fhe
desired type of input.

2. Press the desired channel’s [CH EDIT].
3. Use [PAGE UP]/[PAGE DOWN] to select the [EQ BAND] page.
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4. Press CURSOR [UP]/[DOWN] to select a frequency band.
You can choose Hl (high-frequency band), HI-MID (high-middle frequency band),
LO-MID (low-middle frequency band) or LO (low-frequency band). In the example
shown in the figure, LO-MID (low-middle frequency band) is selected.

5. Adjust the settings for the selected band.

* [V6] (ATT LEVEL) adjusts the EQ input attenuation level in the same manner
as [V3] on the input channel PREAMP screen.

GAIN: Use [V2] (GAIN) to set the level of the band’s selected
frequency. (-15.0 to +15.0 dB)

FREQ (central frequency):Use [V3] (FREQ) to select a frequency.

Q: Use [V4] (Q or FREQ) to set the band’s bandwidth (Q), the
range of frequencies to be affected above and below the
central frequency. By increasing the value for Q (0.36 to 16),
a narrower range of frequencies is selected. Q is available
only for the HI-MID and LO-MID bands. When the LO band
is being edited, [V4] sets the HPF frequency; see p. 81.

Type: Set using [V5] (TYPE). Available only for the LO-MID.
band. et e

(jsuuey) nduy)
| ainpaooid Buxi g Jeydeyd

* If LPF, BPF, HPF or NOTCH is sclected as the EQ type, the V4 knob controls
RESO (resonance), with settings from 0 to 27. Resonance boosts frequencies
around the filter cutoff frequency—the frequency selected with the FREQ
parameter—adding a edgy, whistle-like character to a signal. When NOTCH is
selected, the range of frequencies boosted using resonance is further narrowed.
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TYPE provides a variety of configuration choices for the LO-MID band:

OFF: Disables the LO-MID band altogether for simpler, three-
band EQ.

LPF: Acts as a low-pass filter (to cut off higher frequencies)

BPF: Acts as a band-pass filter (to cut off all frequencies other
than the selected frequency).

HPF: Acts as a high-pass filter (to cut off lower frequencies)

NOTCH: Acts as a notch filter (to sharply cut off the specified
frequencies)

PEAK: Acts as an ordinary peaking-type equalizer

A\ Level Level

Frequency Frequency
ey

Frequency

Setting up equalizers (gain adjustment for all 4 bands at a time)

1. Press and select [INPUT] or [MULTI IN] in the SECTION area to select the
type of channel you want to edit.

2. Press the desired channel’s [CH EDIT].
3. Use [PAGE UP)/[PAGE DOWN] to select the EQ GAIN page.

4. Setting up parameters for equalizers
Use CURSOR [UP}/[DOWN to select the parameters you want to adjust, and use
[V1] to [V6] to change their settings.

HX-MID HI

FREQ

'Q I;;_mn !o
120m \ 12 | 20.0m

GRIN GRIN FREQ GAIN IN

INPUT ™
l PrekQ
ATT

-,

5,00 lQB‘(lu

+ - E0%1

ISR R0 (BESET)

95.% 2@0\(-- o0 o
Bn

For example, if the cursor is placed on the figure on the left, GAIN for the four bands
can be adjusted at the same time using the V1 (LO GAIN), V2 (LO-MID GAIN), V3
(HI-MID GAIN) and V6 (HI GAIN) knobs. If the cursor is placed on the figure on the ( ,
right, the attenuation level can be adjusted with the V6 (ATT LEVEL) knob. - “Setting up equallzers (by e

band)”f o Re

* The attenuator on this screen operates in the same manner as [V3] on the input
channel PREAMP screen.
* These settings can also be accessed from the CH EDIT VIEW screen (p. 63).
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B Cutting unwanted low frequencies (HIGH PASS FILTER)
HPF (HIGH PASS FILTER) reduces the level of frequencies below a selected cutoff
frequency. Each channel contains a high-pass filter as device separate from the
channel’s EQ. An HPF has only two settings: ON/OFF and Cutoff Frequency.

Setting up a high-pass filter

1. Press [INPUT] or [MULTI IN] in the SECTION area to select the type of
input channel you want to work with.

2. Press the desired channel’s [CH EDIT].
3. Use [PAGE UP]/[PAGE DOWN] to select the EQ BAND page.

4. Turn the high-pass filter on or off.
Press [F2] (HPF ON) to switch between ON and OFF. The function is on if its label is
highlighted in black.

5. Move the cursor to the bottom of the screen, then set the cutoff frequency
for the high-pass filter using [V4].

* You can accomplish a similar ¢ffect with channel EQ, as described on p. 79. Use
CURSOR [DOWN] to move the cursor on the bottom section, and thien establish
the desired setting using the V4 knob.

B Adding an delay-based echo (Feedback Delay)

Each channel offers a feedback delay inserted before the equalizer in the channel’s
signal flow. This delay is a monaural and provides various types of delay effects,
including an echo effect.

Setting up a channel’s feedback delay

1. Press and select [INPUT] or [MULTI IN] in the SECTION area to choose the
type of channel you want to work with.

2. Press the desired channel’s [CH EDIT].
3. Use [PAGE UP]/[PAGE DOWN] to select the DELAY page.
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4, Turn the feedback delay on or off.
Press [F1] (DLY ON) to switch CHANNEL DELAY between on and off—when it's
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5.

on, DLY ON is highlighted in black.

Press CURSOR [DOWN] to access up the parameters in the bottom section
of the display:
Level of the direct sound: Turn [V1](DIRECT) from 0 to 127 to set the amount
of the original, un-delayed signal to be heard.
DELAY TIME: Turn [V4] (TIME) to select an amount of delay from
0 to 14,400 samples.

* DELAY TIME defines the length of the delay and the time interval of repeats.
* “Sample” is the smallest unit of tinie on this systen. One sample represent a time
duration of about 0.021 ms at 48 kHz, or about 0.023 ms at 44.1 kHz.

The current setting is displayed as a DISTANCE in meters from the sound source.
The setting is also displayed in TIME as milliseconds based on the current sample
rate.
In DISTANCE on the screen, the setting is displayed as converted into a distance
from the sound source (in meters). In TIME, the setting is displayed as converted into
time (in ms = 1/1000 second) based on the current sample rate.

Level of delay sound: Turn [V2] (DLYLEVEL) from 0 to 127 to set the level

of the delayed signal.
Feedback level: Turn [V2] (F-B LEVEL) from 0 to 127.

*  Feedback level determines how many times the delay sound is to be repeated.

6. Press CURSOR [UP] to access the parameters in the top section of the

display.

e To set the amount of attenuation below the selected LO DAMP FREQ, turn [V1]
(LO DAMP GAIN) from -30.0 to +6 dB.

e To select the frequency below which attenuation will occur, turn [V2] (LO
DAMP FREQ). You can select any frequency from 20 Hz to 2 kHz.

o To set the amount of attenuation above the selected HI DAMP FREQ, turn [V3]
(HI DAMP GAIN) from -30.0 to +6 dB.

e To select the frequency above which attenuation will occur, turn [V4] (HI DAMP
FREQ). You can select any frequency from 200 Hz to 20 kHz.
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B Naming input channels

You can assign a name to each input channel and multi-in channel—this can make it
easier to identify your individual signals as you work. You can use short names, such
as “Vo3,” with up to 3 characters, and long names, such as “Vocal 03,” with up to 12
characters.

Creating channel names

1. Press [INPUT] or [MULTI IN] in the SECTION area to select the type of
channel you want to name.

2. Press the desired channel’s [CH EDIT] so that the button lights.
3. Use [PAGE UP]/[PAGE DOWN] to select the NAME page
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4. Spell out the channel’s name by selecting each character position and
assigning it the desired character.

Turn [V3] (CURSOR POS) to select the each character position you want to edit.

5. When you've selected the character position, enter the desired character
using the following knobs.
¢ upper-case letters (A~Z) by turning [V4] (ABC).
¢ lower-case letters (a-z) by turning [V5] (abc).

¢ numbers and symbols (1, 2, 3, !, “, #) by turning [V6].

[F2] to [F5] provide additional naming shortcuts:
[F2] (DELETE): Deletes the character at the currently selected position and
moves the following characters forward.
[F3] (INSERT): Inserts a space at the currently selected position and pushes
the following characters back.
[F4] (SPACE): Replaces the character at the currently selected position
with a space.

[F5] (REVERT): Discards names previously created to restore the initial
characters.

rEZ naming function h

Names for the respective channels can be selected from a list of category names
permanently stored in the system’s memory at the factory. This function is referred
to as easy naming (EZ NAMING). You'll find the list on the NAME page. Use [V1]
(CATEGORY) and [V2] (NUMBER) to select and enter the desired name.

¢ Select a category name from the list using [V1] (CATEGORY).

* Select a number to be attached to the end of the name using [V2] (NUMBER).
\_ v
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This system provides a variety of output types: MAIN OUTs, MONITOR OUTs,
ASSIGNABLE OUTs and two stereo digital audio outputs. In addition, when a VM-
24E (purchased separately) is installed, 24 MULTI OUT connections—utilizing three
R-BUS terminals—become available. The VM-7200 mixing processor adds an
additional eight independent Flex Bus outputs.

This chapter describes using these outputs.

Setting Master Mix Levels and Stereo Balance

Each input and multi-in channel can be routed into the main mix, which sends its
audio out of the system through the MAIN OUT outputs. You can adjust the
chanrnel’s send into the main mix, as well as its stereo pan position within the mix.
You can also send the desired amount of signal from each channel to the cue bus.

M Setting the master levels for the MAIN OUTs and cue
bus

The master MAIN OUT and cue bus level and stereo balance controls affect the
overall level and balance of all signals sent to the main mix or cue bus from input or
multi-in channels. They can be set using the master fader—the fader with the red
handle.

Setting the MAIN OUT master level and stereo balance
1. Press [INPUT] or [MULTI IN] in the SECTION area.

2. Call up the MAIN OUT level setting by pressing [CH LEVEL] in the
PARAM VIEW on Fader area so that the button turns red.

3. Use the master fader to set the MAIN OUT master level.
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4. Call up the MAIN OUT stereo balance setting by pressing [CH PAN] in the
PARAM VIEW on Fader area so that the button turns red.

5. Use the master fader to set the MAIN OUT master stereo balance.

Setting the master level of the cue bus
1. Press [INPUT] or [MULTI IN] in the SECTION area.

2. Call up the cue bus master level setting by pressing [CH LEVEL] (CUE
LEVEL) beneath the master fader while holding down [SHIFT].
The CH LEVEL button turns green.

84
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3. Use the master fader to set the cue bus master level.
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4. Call up the cue bus master stereo balance by pressing [CH PAN] (CUE
PAN) in the PARAM VIEW on Fader area while holding down [SHIFT].
The CH PAN button turns green.

5. Use the master fader to set the cue bus master stereo balance.

B Reducing signal distortion (attenuator)

Press the master fader’s [CH EDIT] to set the master attenuators. These attenuators
help control the combined level of all of the signals coming into the main mix and
cue bus.
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Setting the MAIN OUT attenuator
1. Press [INPUT] or [MULTI IN] in the SECTION area.

2. Press the master fader’s [CH EDIT] and CURSOR [UP]), in that order.
3. Turn [V1] (MAIN BUS ATT LEVEL) to set the MAIN OUT attenuator.

Setting the cue bus attenuator
1. Press [INPUT] or [MULTI IN] in the SECTION area.

2. Press the master fader’s [CH EDIT] and CURSOR [UP], in that order.
3. Turn [V3] (CUE BUS ATT LEVEL) to set the cue bus attenuator.
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A Flex Bus and Its Output

A bus is a pathway down which one or more signals can travel to a common
destination. A bus can be routed to an internal effect, an external device or to another
bus.

This system is equipped with Flex Buses and cue buses. (When this book uses the
simple term “bus,” it refers to a Flex Bus.)

What is a Flex Bus?

A Flex Bus is a powerful, general-purpose bus. Each VM mixing processor offers 12
Flex Buses. Flex Buses can be used for various purposes such as sending signal to
external equipment, sending a group of channel signals to internal effects, and
sending audio to separate monitors on a stage.

W Outputting signals directly from a Flex Bus
A Flex Bus's signal can exit the system through an ASSIGNABLE OUT. On the VM-
7200 processor, you can also use the output jacks dedicated to Flex Buses 5 to 12
(FLEX BUS OUT). When an optional VM-24E, purchased separately, is installed, Flex
Bus signals can be routed to digital MULTI OUT connections.

To route a Flex Bus to an output, you must set its mode to EXT, for “external output.”

Setting Flex Bus 1 to 8 to external output mode

1. Press [FLEX BUS] MASTER 1-12 in the SECTION area to configure the
channel strips for the control of Flex Buses.

2. Press the desired Flex Bus channel’s [CH EDIT].
3. Use [PAGE UP] or [PAGE DOWN] to select the [MAIN/CUE] page.
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4. Set the bus mode.
Navigate to the above screen using CURSOR {UP] or [DOWN] and select use [V2]
(BUS MODE) to select EXT. Press [F2] (SET) to confirm the selection.
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The Flex Bus is now set to use an external output.

To use the VM-7100—which does not provide FLEX BUS OUT jacks—or output
signals from Flex Buses 1 to 4, select a MULTI OUT or ASSIGNABLE OUT as
follows:

Selecting a Flex Bus’s output

1. Call up a Flex Bus’s MAIN/CUE page as described in Step 3 in the
previous section.

2. Press CURSOR [UP] to select a parameter in the upper area of the display.

3. Select the desired MULTI OUT using the V3 knob (MULTI OUT SEL) and
press [F3] (SET) to confirm your selection.
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W Sending Flex Bus signals to internal destinations

To send a Flex Bus’s signal to another Flex Bus, the main mix or to the cue bus, set
the Flex Bus’s mode to INT, for “internal destination.”

Setting up Flex Bus 1 to 8 for internal use
1. Press [FLEX BUS] MASTER 1-12 in the SECTION area.
2. Press the desired Flex Bus channel’s [CH EDIT].
3. Use [PAGE UP] or [PAGE DOWN] to select the [MAIN/CUE] page.

4, Set the bus mode.
Use CURSOR [UP] or [DOWN] to select the display’s middle section and use [V2]
(BUS MODE) to select INT. Press [F2] (SET) to confirm the selection.
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Sending signals to MAIN OUT or cue bus
Flex Bus levels or panning can also be set from this screen.
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2. Set the Flex Bus's send level and pan to the MAIN OUT jacks:
Flex Bus send to the main mix Use the V1 knob (MAIN LEVEL) to select
the desired level from infinity to +6 dB.
Flex Bus panning in the main mix Use the V2 knob (MAIN PAN) to choose
the desired pan position, from L63 to R63.

The following parameters can also be set from this display:

On/off switch for sending the Flex Bus to the main mix
Press [F1] (ON) to enable or disable the send. When the
send is active, it’s highlighted.

Pan-linking Set this parameter by pressing |F2] (PANLINK). When Flex
Bus pan-linking is active, it's highlighted on the display.
When pan-linking is in effect, the V2 knob affects the stereo
placement of both linked Flex Buses in the main mix.

3. Set the cue bus send level and panning.
Flex Bus send to the cue bus Turn the V3 knob (CUE LEVEL) to set the Flex
Bus’'s send to the cue bus, from infinity to +6 dB.
Flex Bus pan to the cue bus Turn the V4 knob (CUE PAN) to select the desired
pan position for the Flex Bus, from L63 to R63.

The following parameters can also be set from this display:

On/off switch for sending the Flex Bus to the cue bus
Press [F3] (ON) to activate or de-activate the send to the cue
bus. When the send is active, it's highlighted on the display.
Pan slave Press [F4] CUE PAN SLAVE To MAIN (ON) to activate
pan-slaving; when it’s on, it’s highlighted on the display.
Pan slaving sets the Flex Bus’s panning in the cue bus to be
the same as it is in the main mix.
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B Naming a Flex Bus channel
Each Flex Bus channel can be named. This helps you quickly identify the purpose of
each Flex Bus. Long names (up to 12 characters) such as “Ext.Reverb” and short
names (up to 3 characters) such as “Rev” can be set for each channel.

Calling up the Flex Bus channel name screen
1. Press [FLEX BUS] MASTER 1-12 in the SECTION area.
2. Press the desired Flex Bus channel’s [CH EDIT].
3. Use [PAGE DOWN] to select the [NAME] page.
4. Use [F1] to [F5] and the V1 to V6 knobs to enter a name.

The remainder of the operation is exactly the same as the procedure for naming an
input channel. For details, refer to “Creating channel names” on p. 73.

B Routing a Flex Bus to a surround system output
Signals in Flex Buses 1 to 6 can be used in a multi-speaker surround system, just as
an signals from input channels can.

To use the surround-panning function, enable the surround function on the system
surround screen (p. 91) and select a surround mode.

Setting surround PAN and DEPTH using PARAM VIEW on Fader
1. Press [FLEX BUS] MASTER 1-12 in the SECTION area.

2. Press [CH PAN]in the PARAM VIEW on Fader area.

3. Change each channel’s right/left position using its fader.
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4. While holding down [SHIFT], press [PREAMP GAIN] in the PARAM
VIEW on Fader area to select SURROUND DEPTH.
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5. Change the front/rear position of each channel using its fader.

Calling up the CHANNEL EDIT mode screen

1. Press [FLEX BUS] MASTER 1-12 in the SECTION area.
2. Press the desired Flex Bus channel’s [CH EDIT].
3. Use [PAGE UP] or [PAGE DOWN] to select the [SURROUND] page.
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The following operations and screens are the same as those for surround-panning of
an input channel. For details, refer to p. 74.
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Surround Output

The system supports the use of multi-speaker surround sound. This section gives an
overview of how it works and explains how to use surround outputs.

The surround function
While a stereo system plays sounds through two speakers positioned right and left
in front of the listener, a surround system creates the illusion of a two-dimensional
sound space with the listener located in the middle. Surround uses three to six
speakers positioned in front of and behind the listener. There are several surround
modes, depending on the number and position of the speakers. This system supports
the following three most commonly used surround modes.

2+2: 4 speakers: front right, front left, rear right and rear left

3+1: 4 speakers: front right, front left, front center and rear center

3+2+1: 6 speakers: front right, front left, front center, rear right, rear left, and
a sub-woofer)

rSurround system playing environment A

Surround sound utilizes a multi-channel amplifier and speaker system. Such a
system requires the number of speakers required for the selected surround mode, as
well as an amplifier capable of playing the required number of channels. You can
purchase a surround-type amplifier or several stereo amplifiers for this purpose.

Surround-output connections
When surround is enabled, some FLEX BUS OUTs become dedicated surround
output jacks. The selected surround mode determines the output configuration.
The correspondence between surround speaker positions and FLEX BUS OUT jacks
is as follows:
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Connect these outputs to the appropriate input of your surround amplifier.

. S

N Enabling the surround function and selecting the
desired mode

The surround function can be enabled or disabled and its mode selected using the
procedure below. You can also use this procedure to select whether surround
panning will follow channel pan settings or be set using a joystick, purchased
separately.
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Setting up surround outputs
1. Press [PROJECT] ([SYSTEM) while holding down [SHIFT].

This calls up the system menu screen.

1 RROUN!
| B

‘T%mﬁ MODE SELEC
LEX-BUS ASSIGH(F IXKED)
:

3. Turn on the surround master switch.

Use CURSOR [UP] to select a parameter in the upper section of the display. Press
[F1] (ON) and select [SURROUND CONTROL MASTER SW] on the screen—when
surround is turned on, it’s highlighted in black.

4. Set whether to use a joystick for surround panning, or not.

To control surround pan using an optional MIDI joystick, press [F2] (MIDI
JOYSTICK CONTROL).

5. Set whether or not surround panning will follow channel panning.
A signal’s left/right surround position (PAN) usually follows its channel pan
setting. Press [F3] (SURROUND PAN SLAVE) to disable this behavior—when
surround pan-slaving is turned off, it’s not highlighted on the display.

6. Select the desired surround mode.

Select a parameter in the lower section using CURSOR [DOWN] and press [F1] (2+2),
[F3] (3+1) or [F5] (3+2+1).

Surround panning
In a surround system, each channel’s signal can be separately positioned in two
dimensions, front/rear and right/left. This is called “surround panning.” The
signal’s position is controlled using two parameters, PAN for left/right positioning
and DEPTH for front/rear positioning.

¢ To set surround panning while viewing each channel’s position graphically, call
up the CHANNEL EDIT mode surround page (p. 74).

* To control the surround panning of multiple channels at the same time using
their faders, use PARAM VIEW on Fader (p. 74).
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Routing Signals to MULTI OUTs and
ASSIGNABLE OUT Jacks

You can select the signal to be sent out of the system through each MULTI OUT
connection and ASSIGNABLE OUT jack.

* MULTIOUTs 1to 24
* ASSIGNABLE OUTs 1to 8
* DIGITAL OUTs A and B

The following (e.g. source and level) can be set for the above outputs.

Bl Selecting an output’s signal source
One of the following can be selected as the source of the signal to be sent to each
output:
Input channels 1 to 24, Flex Buses 1 to 12, cue buses L and R, monitors buses L and
R, and main mix buses L and R.
You can set an input or Flex Bus channel’s output from its CHANNEL EDIT screen
(p. 67 and p. 87), or set the output routing for multiple channels at the same time
from the MULTI OUT CHANNEL EDIT screen.

MULTI OUT CHANNEL EDIT screen
1. Press [MULTI OUT] in the SECTION area.

2. Press the desired multi-out channels [CH EDIT].
This calls up the multi-out channel’s editing screen.

3. Use [PAGE UP] to select the [SOURCE] page.
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323
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4. Select a source for the MULTI OUT output using the V1 knob (SOURCE
SELECT).

Straight lines show the connection of 1/0 channels on the screen.
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B Naming each output channel
Each MULTIOUT (ASSIGNABLE and DIGITAL OQUT) channel can be named so that
you can easily identify its purpose. Both long names (up to 12 characters) such as
“ADAT Trl” and short names (up to 3 characters) such as “Tr1” can be set.

Calling up the multi-out channel name screen
1. Press [MULTI OUT] in the SECTION area.

2. Press the desired multi-out channel’s [CH EDIT].
This calls up the multi-out channel EDIT screen.

3. Select the [NAME] page using [PAGE DOWN].

4. Use [F1] to [F5] and the V1 to V6 knobs to enter a name.
The remainder of the operation is exactly the same as the procedure for naming an
input channel. For details, refer to “Naming input channels” (p. 83).

H Setting an output’s level
1. Press [MULTI OUT] in the SECTION area.

2. Use each multi-out channel’s fader to set its overall output level.

M Digital connection output processing (dithering)
MULTI OUT digital signals can be dithered.

[ What is dithering? A
When digital audio signals are sent from one device (or computer program) to
another, some of the lower data bits will discarded if the bit resolution of the
receiving device is lower than that of the sending device. Dithering is a form of
digital processing that adds low-level noise to the signal to mask and reduce any
deterioration in the signal resulting from the lost bits.

To enable dithering, the word (bit) length—also called its “bit depth”—of the sender
must be adjusted to that of the receiver. When a 20-bit input digital multi-track
recorder is to be connected to MULTI OUT, set the word length to 20 on the VM
dither screen. Since dithering changes sound quality slightly, if the results are not

satisfactory, you can disable dithering for the affected channel.
\. v

Setting up dithering
1. Press [PROJECT] (SYSTEM) while holding down [SHIFT].
This calls up the system menu screen.
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2. Press CURSOR [DOWN] and then [F2], and select DITHER.
This calls up the dither-setting screen.

3. Select the set of multi-out channels that contains the one you want to set.
Use CURSOR [UP], [DOWN], [LEFT] or [RIGHT] to select 1 to 6, 7 to 12, 13 to 18 or
19 to 24.

4. Enable or disable dithering and set the word length.
Press [F1] to [F6] (ON) in accordance with the directions on the screen to enable
dithering—when it’s on, it’s highlighted in black. Turn [V1] to [V6] (WORD
LENGTH) to sets the word length.

Setting Up Monitor Sends For Studio Or Stage i’
(STUDIO 1 or 2)

ASSIGNABLE OUTs 1 to 4 can send signal to studio monitors used by a performer
in another room. You can set up two independent studio-monitor systems: STUDIO
1 and STUDIO 2. ASSIGNABLE OUTs 1 and 2 are used as the output jacks for
STUDIO 1 left and right, respectively, and ASSIGNABLE OUTs 3 and 4 for are used
for STUDIO 2.

Connect a studio headphone or monitor speaker amplifier input, or the equivalent,
to each STUDIO output jack.

Each monitor mix can be tailored to the needs of the performer listening to it.
STUDIO 1 has a dedicated level knob. If, for example, STUDIO 1 being used for the
monitoring of vocals on a stage, you can use the knob to quickly lower its level
should the unpleasant howling of feedback occur.

MONITOR OUT jack of VM-7200 processor

The VM-7200’s MONITOR OUT jack can send the signal heard in the CONTROL
ROOM monitors to a studio or stage. It can also be used in conjunction with STUDIO
1 and 2 outputs (ASSIGNABLE OUT jacks 1 to 4) when necessary, as discussed in the
next section.

2 ainpasoid Buxyy g 1eideyn



Chapter 6 Mixing Procedure 2 (Output and Monitor)

Selecting the STUDIO 1 or 2 source signal (source select)

1. Press [SOURCE/STUDIO2].
The STUDIO1/2 screen appears.

STUDIOY SELECT

ETLDTOL T %m; §

IMPUT CH FLEX-BUS
i 37911
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+ 1011 213141516 31219202122232%-R-BUS (RMDE 2>

24 & &7 8rASSIGHABLE OUT
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MULTT OUT LR D OUT A

LEVEL

191

2. Select STUDIO 1 or 2 using [PAGE UP] or [PAGE DOWN].
3. Select the desired source signal for STUDIO 1 or 2.

Turn [V1] (SOURCE SELECT) to select one of the following:

o INPUTCHs1to024

¢ Flex Buses1to 12

¢ CuebusesLand R

¢ Monitors Land R

¢ Mains Land R

Setting the STUDIO 1 and 2 send level

1. Press [SOURCE/STUDIO2].
The STUDIO1/2 screen appears.

2. Select STUDIO 1 or 2 using [PAGE UP] or [PAGE DOWN].
3. Turn [V2] (LEVEL) to set the desired send level.

S

Setting Up a Monitor For the Mixing Engineer

A mixing engineer can monitor the system using a MONITOR jack on the console:
DIGITAL OUTs 1 and 2, or LINE OUT. The same signals can be heard through :
headphones connected to the PHONES jack. They can also be sent to the MONITOR " Youcani
OUT jack of the VM-7200 processor. ik
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B Turning the monitor send to each output jack on or off

You can independently activate or de-activate the sending of monitor signals to the
following three jacks:

¢ MONITOR DIGITAL OUTs 1 and 2 on the console
e MONITOR LINE OUTs L and R on the console
* MONITOR OUT on the VM-7200 processor

Turning monitor signal send on or off

1. Press MONITOR/PHONES [SOURCE SELECT] while holding down
[SHIFT].

This calls up the monitor screen.

2. Use CURSOR [UP] to select the display area shown below.

MO I TOR.“FHOH
DINSBALANCE
/MOND
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21 22 23 Z24
1z
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MONITOR

3. Select a jack and turn its receipt of the monitor send on or off.
Turn the V4 knob (SEND SW) to select MONITOR on the processor, DIGITAL on the
console or LINE OUT on the console. Press [F4] (SET) to turn the selected monitor
output on (highlighted) or off.

M Calling up stored level and monitor output presets
You can store three sets of monitor send assignments and levels—as described in the
previous section—in a project. Pressing the panel OUTPUT PRESET [A/B/C] to turn
the output target equipment on or off restores A, B, and C to the same status as that
obtained by returning each to its original position. In this case, the state of the
DIGITAL MASTER level on the display is also stored and recalled when setting A to
C, respectively.
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e 10| S QL‘%NE ouT O‘g
1 I
PN | — -7 a2 M
E PRI EY Ra ‘&

2 ainpasoid Buxiy 9 Jéxdeu:)




Chapter 6 Mixing Procedure 2 (Output and Monitor)

B Specifying a signal to monitor (source select)

The following types of signal can be selected for monitored: MAIN OUT (the main
mix), cue bus, input channels 15 to 24 and Flex Buses 1 to 12.

Selecting a monitor source, Method 1
1. Press MONITOR/PHONES [SOURCE SELECT].

2. Use [V1] (SELECT) to select the desired signal to monitor using the V1 knob
(SELECT), choosing from INs 15 to 24, FBUSes (1 to 12) MAIN and CUE.

3. Press [F6] (EXIT) to recall the initial screen and to confirm your selection.

Selecting a monitor source, Method 2: checking the current selection

1. Press MONITOR/PHONES [SOURCE SELECT] while holding down
[SHIFT].

This calls up the monitor screen.

2. Use CURSOR [UP] or [DOWN] to select the area of the display containing
MONITOR SOURCE.
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In the above figure, Flex Buses 7 to 12 are selected as source options.

3. Select the desired monitor source using [F1] to [F6].
The selected source is highlighted in black.

B Setting the monitor volume (line, headphones, digital)
Use the LINE OUT LEVEL knob to can set the MONITOR LINE OUT level. The
headphone (PHONES) volume can be set using the PHONES LEVEL knob.

Use the DIGITAL/MASTER knob to set the level for MONITOR DIGITAL OUTs 1
and 2.

| MONITOR/PHONES l
(CONTROL ROOM)

LINE QUT  PHONES
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-0 +6dB 0

G N S
RCE QUTPUT
SELECT PRESET
EDIT A/BIG DIM

O
O




Chapter 6 Mixing Procedure 2 (Output and Monitor)

B To instantaneously lower the monitoring volume (DIM)

Press [DIM] to instantly lower the monitor volume to a pre-set level. Press the button
again to turn dimming off and return the monitoring volume to its normal level.

Pre-setting the dim level

1. Press MONITOR/PHONES [SOURCE SELECT] while holding down
[SHIFT].

This calls up the monitor screen.

2. Use CURSOR [UP] to select DIM/BALANCE/MONO.
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3. Use the V1 (DIM LEVEL) knob to set the level to which monitoring will
drop when dimming is activated.
With a setting of 100, dimming will leave the listening volume as is. Select a lower
number to cause the volume to be reduced when dimming is engaged. Dimming can
also be turned on or off by pressing [F1] (DIM).

H Setting the monitor stereo balance

You can set the stereo left/right balance of the monitor signal.

Setting the monitor stereo balance
1. Press MONITOR/PHONES [SOURCE SELECT] while holding down
[SHIFT].

This calls up the monitor screen.

2, Use CURSOR [UP] to select DIM/BALANCE/MONO in the top section of
the display.
3. Set the monitor stereo balance using the V2 knob (BAL).

The stereo balance can be set from L63 to C to R63. A setting of L63 or R63 silences
the signal in the opposing channel.

M Monitoring in mono
There are times when it can be useful to monitor in mono. Press [F2] (MONO) in Step
2 in “Setting the monitor stereo balance” above to mix the left and right sides of the
monitor signal equally into a single monaural signal.
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Talkback and Slate to Player

The talkback feature allows you to communicate with a performer or assistant on a
stage or in a studio by speaking into a microphone on the console that’s routed to a
monitor speaker or similar device. The slate function operates similarly, except that
it records the signal from such a microphone—a spoken slate, such as “Take 1,”
“Take 2,” and so on, can identify the material being recorded.

M Selecting a talkback/slate microphone

For talkback and slate operations, you can use the microphone built into the console
(MIC 1) or an external microphone connected to the console’s front-panel MIC 2
connector. Set the INPUT SELECT switch on the panel as follows:

INPUT
SELECT MIC 1

1 When MIC 1, the built-in talkback microphone, is to be used.
2 When an external talkback microphone (e.g. a gooseneck microphone)

connected to the MIC 2 connector is to be used. o not set the
3 When phantom power is required by the external microphone in Position ik
2, above.

M Turning talkback/slate on and adjusting its volume
Press [TALKBACK/SLATE] on the console panel to enable the talkback/slate
function and send what's spoken into the talkback microphone to the output
specified in the following section.

Use the LEVEL knob (see the figure below) to set the talkback/slate microphone
volume. If you find that the talkback/slate sounds are distorted, turn the
microphone volume down a bit.

@ Although talkback/slate is usually enabled on only while the TALKBACK/
SLATE button is pressed, it can be configured so that [TALKBACK/SLATE]
becomes a toggle switch for turning the talkback/slate feature on and off, activating
and de-activating the talkback/slate microphone. You can set up the talkback/slate
feature by pressing [PROJECT] together with [SHIFT], then [F3] (FADER/BUTTON)
in the upper section of the screen, and then TALKBACK BUTTON (p. 37).

_~ON




B Turning the talkback and slate features on and off
independently

You can select the talkback and slate destinations for the signal captured by the
talkback microphone by setting the TALKBACK and SLATE parameters.

Turning the talkback and slate features on and off independently
1. Press [TALKBACK/SLATE] while holding down [SHIFT].
This calls up the talkback/slate screen (TALKBACK).

2. Press CURSOR [UP] to select the upper section (MODE, SEND TO MAIN/
CUE).

3. Select either TALKBACK or SLATE.

Turn the V1 knob to select either one and press [F1] (SET) to confirm your selection.
The screen will change to reflect your choice.

4. Turn the talkback or slate send to MAIN OUT, cue bus and MONITOR
OUT on or off.

Press [F3] (MAIN) or [F4] (CUE) to toggle the respective send on or off.

5. Turn the talkback or slate send to MULTI OUTs, (ASSIGNABLE OUT/
DIGITAL OUT A, B) on or off.

Use CURSOR [UP] or [DOWN] to select the desired set of six MULTI OUTs

(ASSIGNABLE OUT/DIGITAL OUT). Press [F1] to [F6] to toggle the send to each
output on or off.

MULTIOUT
<ASSIGNABLE QUT-DIGITAL CUT>
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B :
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6. Turn the talkback or slate send to Flex Buses on or off.

Press CURSOR [UP] or [DOWN] to select FLEX Buses 1 to 6 or 7 to 12 in the lower
section of the screen. Press [F1] to [F6] to toggle the send to each Flex Bus on or off.
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This chapter explains mixing operations, such as those common to inputs (e.g. input
channels and multi-in channels) and outputs (e.g. Flex Buses, cue bus and multi-out
channels).

Simultaneously Controlling the Signals of
Multiple Channels (Link and Group)

The stereo-link and group functions (e.g. mute and fader-group functions) allow you
to control signals from several channels simultaneously.

B Pairing one channel with another (stereo linking)

The stereo-link function lets you control the signals of a odd- and even-numbered
pair of channels as a single stereo entity. When stereo linking is enabied, changing a
parameter on one channel also changes the parameter on the other—with the
exception of panning—facilitating stereo signal processing. You can use stereo
linking for:

¢ Input Channels 1 to 24

¢ Multi-In Channels 1 to 24

¢ Flex Bus Channels 1 to 12

1. Press [FADER UTILITY].
The FADER UTILITY MENU appears.

2. Press [F1] (CHANNEL LINK).
3. Press [PAGE UP] or [PAGE DOWN] to display the link screen.

‘remer uTie i H
CHANNEL. LINK
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4. Press CURSOR [UP] or [DOWN] to select the desired group of six channels.

5. Press [F1] to [F6] to enable the linking of the corresponding channel with its
odd/even partner—when linking is turned on, the linked channels are
highlighted.

To disable linking, press the appropriate F1 to F6 button again.




B Muting several channels (mute group)

Turning Mute Group 1 to 9 on/off

Registering and deleting a channel in or from a mute group

2.
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Each channel can be muted using [STATUS]. To mute several channels at the same
time, use the mute-group function.

This system provides nine mute groups. When a mute group is turned on or off, all
channels registered in the group are muted or un-muted, respectively.

Press [MUTE GROUP] under MEMORY /RECALL and [1] to [9] to turn each group
on and off.

Each channel can be registered in a mute group using the procedure below:
¢ Input Channels 1 to 24

¢ Multi-In Channels 1 to 24

* FlexBus1to 12

¢ Fader Group 1 to 24

Press [MUTE GROUP] under MEMORY /RECALL while holding down
[SHIFT].

This calls up the mute group setting screen.

Use [PAGE UP] or [PAGE DOWN] to select the mute group you want to
work with.
To select Mute Group 2, for example, choose GRP 2.
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3. Use CURSOR [UP], [DOWN], [LEFT] or [RIGHT] to select the desired set of
six channels.
In the above figure, Input Channels 13 to 18 are selected.

4. Changing a channel’s mute-group registration
A channel can be registered in a mute group or deleted from a mute group using its
corresponding F1 to F6 button—when the channel is registered, it’s highlighted on
the display.
Repeat Steps 3 and 4 to set the registration of other channels. To set the registrations
for another mute group, return to Step 2.

B Simultaneously changing multiple channels’ levels
(fader-group master)
The fader (volume) settings for multiple channels can be controlled using a single
“fader-group master.” By raising or lowering this fader, the volumes of all channels
registered in the group are raised or lowered simultaneously.
Press [FADER GROUP] MASTER 1-24 in the SECTION area to call up the fader-
group master screen. You can set up as many as 24 fader groups.
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The following channels can be grouped:
* Input Channels 1 to 24

* Multi-In channels 1 to 24

¢ FlexBus1to12

* MIDI channels 1 to 16

Chapter 7 Mixing Procedure 3 (Settings Common to Input and Output)
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Registering and deleting a fader group

Each channel fader can be registered in a fader group as follows:

1. Press [FADER GROUP] MASTER 1-24 in the SECTION area.
This calls up the fader group master screen and turns the channel strips into fader-
group master channels.

2. Press the desired fader-group master’s [CH EDIT].

This calls up the channel fader registration/deletion screen.

3. Select a set of six channels using CURSOR [UF}, [DOWN], [LEFT] or
[RIGHT]} from GROUP VIEW at the lower right of the screen.

In the above figure, Input Channels 13 to 18 are selected.

4. Registering or deleting a channel fader.
A selected channel fader can be registered or deleted in or from a fader group using
[F1] to [F6]. Repeat Steps 3 and 4 to assign channels to or delete them from the fader
group selected in Step 2. To change the registrations for another fader group, return
to step 2.

Naming a fader-group master
A fader-group master can be named. This can be helpful as a means of identifying
the channels it controls. Both long names (up to 12 characters) such as “AllVocal”
and short names (up to 3 characters) such as “Voc” can be set.

1. Press [FADER GROUP} MASTER 1-24 in the SECTION area.

2. Press the desired fader-group master’s [CH EDIT].
This calls up the channel fader addition/deletion screen.

3. Use [PAGE DOWN] to select the NAME page.
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4. Use [F1] to [F5] and the V1 to V6 knobs to enter a name.
The remainder of the operation is exactly the same as the procedure used in naming
an input channel. For details, refer to “Naming input channels” (p. 83).



Controlling the mute/solo state of each fader-group master fader

A fader-group master can be soloed or muted. This has the effect of soloing or
muting all channel faders registered in the fader group.

T. Press [FADER GROUP] MASTER 1-24 in the SECTION area.

2. Select MUTE or SOLO using the CH STATUS MODE button.
Pressing [MUTE] or [SOLO] turns each indicator on.

CH
STATUS

3. Press the fader-group channel’s [STATUS] button to mute or solo the
corresponding fader group (p. 77).

Registering a fader-group master in a mute grou

A fader-group master can also be registered in a mute group (p. 103). When this
group is muted, it's as if you'd turned down the fader-group’s fader all the way
down.

1. Press [MUTE GROUP] under MEMORY/RECALL while holding down
[SHIFT].
This calls up the mute-group setting screen.

2, Use [PAGE UP] or [PAGE DOWN] to select the mute group you'd like to
work with.

3. Use CURSOR [UP], [DOWN], [LEFT] or [RIGHT] to select the desired set of
six GROUP MASTER channels.

4. Registering or deleting a fader-group channel in or from a mute group
A fader-group channel can be added to or removed from a mute group using [F1] to
[F6].
Repeat Steps 3 and 4 to edit other mute groups’ registrations. To work with another
fader group, return to Step 2.
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Mute- and Solo-Related Settings

Though mute (p. 77) and solo (p. 78) functions can be applied to individual channels,
basic mute and solo behavior for all channels can be set for each project using the
following method:

M Solo volume and setting the channel signal-flow
location to be soloed
Signals can be soloed from various places in their channel’s signal flow to allow you
to hear them at different stages in their processing (e.g. you can listen to the original

signal, or to the signal after it’s gone through an equalizer). The positions are selected
using the SOLO MODE parameter:

PRE EQ: The signal before it has passed through a channel equalizer.
PFL: The signal before it reaches the channel fader, pan, or other stages.

AFL: The signal after it has gone through the channel fader, equalizer,
pan or others stages (post fader).

INPLACE:  The signal as it sounds in the main mix.

rHow to set up the solo feature )

When PRE EQ, PFL or AFL is the selected solo mode, soloed signals are sent only to
the cue bus. For this reason, you must listen to a monitor connected to MONITOR
OUT, or to headphones, to hear the soloed signals. They cannot be heard through
speakers or other devices connected to the MAIN OUTs.

If INPLACE is the selected the solo mode, all non-soloed channels in the main mix
are muted. This means that the MAIN OUTs will contain only soloed signals.

As explained above, use PRE EQ, PFL or AFL to check signals as they work their way
through their channels, or INPLACE to check them as they’ll sound in the MAIN OUTs.
\. o

1. Press [SOLO] under CH STATUS MODE while holding down [SHIFT].
This calls up the SOLO STATUS screen.
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2. Move the cursor to SOLO MODE by pressing CURSOR [UP], [DOWN],
[LEFT] or [RIGHT].

3. Turn the [V6] knob to select a position to output the signal, then enter it by
pressing [F6] (SET).

4. Move the cursor to SOLO LEVEL by pressing CURSOR [UP], [DOWN],
[LEFT] or [RIGHT].

5. Turn the [V6] (SOLO LEVEL) to determine the solo volume.
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M Linking stereo-link-to destination

When a stereo image is spread across two channels, you can use the stereo-link
feature to solo or mute the two channels as a single entity, using a single SOLO or
MUTE button.

1. Press [FADER UTILITY].
The FADER UTILITY MENU appears.

2. Press [F1] (CHANNEL LINK).

3. Press [PAGE UP] or [PAGE DOWN] to display the channel-linking screen.
Linking can be set for the following:
¢ Input Channels 1 to 24
¢ MULTIIN Channels 1 to 24
¢ FlexBus Channels 1 to 12

4. Press CURSOR [UP] or [DOWN] to select the desired set of six channels.

5. Press [F1] to [F6] to turn on the desired channel’s stereo-linking—when
linking is active, the channel is highlighted.
To disable linking, press [F1] to [F6] again.
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How the Internal Effects Are Organized

The system allows you to use the internal effects simultaneously for up to nine stereo
channels per processor. Effects (FX) 3 to 8 require effects expansion boards (sold
separately).

4 Y

Installation of effects
FX1 and FX2 Standard
FX3 and FX4 Added by installing the VS8F-2 to EFFECT A in the processor.
FX5 and FX6 Added by installing the VS8F-2 to EFFECT B in the processor.
FX7 and FX8 Added by installing the VS8F-2 to EFFECT C in the processor.
Master FX Standard. For insertion to MAIN OUT and MONITOR.

Types of effects (algorithms)
Effects 1to 8 39 algorithms
Master effect 3 algorithms

ay) Buisn g Jaideyn

MW Using the Speaker Modeling function

Speaker Modeling is one of the effect algorithms that simulates sounds played back
with a variety of monitor speakers. It is, therefore, applied mainly to MONITOR
OUT using the master effect.

Normally, assign the master effect to MONITOR OUT and then copy the speaker
modeling library, following the procedure described on p. 111. Since the speaker
modeling algorithm can be used in effects 1 to 8, use these effects when you want to
assign them to other positions. Generally, Speaker Modeling is not used in the Send /
Return mode because it does not work properly if mixed with the dry sound.
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Operation for Producing an Effect

B Determining the effect position

You can assign effects to the signal paths shown in the block diagram on a separate
sheet (provided with the processor). Note that the positions to which the effects are
assigned are limited for each effects processor.

You can only assign effects to the locations checked on the chart shown

below.
*1 Either INPUT or MULTIIN can be selected on an expansion board basis.
(Position) €FFECT) --» | FX1| FX2| FX3|{FXa| FX5| Fx6| FX7|FX8| Master FX
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Determining the effect position

1. Invoke the Effect screen menu.
For effects 1 to 8, press [EFFECTS 1-8], or for the master effect, press [SP MODELING
(MASTER FX)].
erFEcTs renuf i [
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2. Select the effect column to use with CURSOR [UP] and [DOWN].
The effects appear on the screen in the following order from top to bottom: 1 to 3, 4

5.

to 6,and 7 to 8.
* This step is not required for the master effect.

Invoke the Edit Effect screen.

Press EDIT for the effect in question. ([F2], [F4] or [F6]. [F2] for the master effect.)
Select the ASSIGN page with [PAGE DOWN].

The display changes to the screen where effect positions are determined.
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Select either L or R of the effect (*).
Select L or R using CURSOR [UP} and [DOWN].
* This step is not required for the master effect.
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6. Specify the position to which the effect is to be assigned.
Using the V2 knob (POSITION), select one of the following. (For the master effect,
you can select OFF, MAIN or MONITOR with the V1 knob.)

L

OFF Not used.
INPUT PRE EQ Inserted to an INPUT channel (pre-equalizer).
INPUT PRE FDR Inserted to an INPUT channel (pre-fader).

MULTI IN PRE EQ Inserted to a MULTI IN channel (pre-equalizer).
MULTI IN PRE FDR Inserted to a MULTI IN channel (pre-fader).

SEND/RTN (INT) To be used in an image of Send /Return to the effect.
INT FBUS Inserted to a Flex Bus (internal mode).

EXT FBUS Inserted to a Flex Bus (external mode).

MAIN Inserted to MAIN OUT.

MONITOR Inserted to MONITOR OUT.

7. Specify the channel to which the effect is to be inserted (*).
Select the channel number with the V1 knob (CHANNEL SELECT) and then press
[F1] (SET) to validate your choice. It is possible to set the channels only when their
numbers are provided (e.g., INPUT, FLEX BUS, etc.)
* This step is not required for the master effect.

Other restrictions

You can only select the following algorithms with effects 1, 3,5 and 7. And since
they require a larger signal processing circuit and, thus, the subsequent one (e.g.,
FX2 for FX1, FX4 for FX3, and so on) cannot be used at the same time.

Voice Transformer
Vocoder2

Mastering Tool Kit
31-Band Graphic Equalizer

When a spectrum analyzer is being used (p. 184), a predefined set of effects, 1
and 2,3 and 4, 5 and 6, or 7 and 8, is not available. This is because the built-in
spectrum analyzer shares the processing circuit with effects 1 to 8. The
unavailable effects are then switched to a bypass state (output as input sound).

The effect processing circuit to be shared with the analyzer is set in the SETUP
page on the Analyzer screen. Use [ANALYZER/OSC/GEN] and {[PAGE
(DOWN, UP)] to invoke the screen (p. 185).




decrease (0 dB).
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M Setting input/output levels
In the Assign Effect page, you can specify the input level for each effect unit and
output levels from the effects.

The levels are set with the V4 (SEND LEVEL) and V5 (RETURN LEVEL) knobs after
selecting L or R with CURSOR [UFP] and [DOWN]. (For the master effect, use the V3
and V4 knobs. The setting range is 0 to 127; a value of 100 provides no increase/

M
SEND

M Selecting the effect library

A selection of 200 preset libraries (P000 to P199) are provided for the effects. You
can select a library that suits your purpose, and copy it to an effect from 1 through 8

or the master effect.
Selecting a library

1. Invoke the Effect screen menu.
For effects 1 to 8, press [EFFECTS 1-8], or for the master effect, press [SP MODELING

(MASTER FX)].
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Select effect column to use with CURSOR [UP] and [DOWN].
The effects appear on the screen in the following order from top to bottom: 1to 3, 4

to 6,and 7 to 8.
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(This step is not required for the master effect.)
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3. Open the effect library list.

Press LIBRARY for the desired effect. ([F1], [F3] or [F5]. [F1] for the master effect.)

The sub-window for the library list opens.
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4. Select a library to check its effect.

First, turn the V1 knob (SELECT GROUP) to select U (User) or P (Preset). (On
shipment, the user library contains the same data as in the preset library.) Then turn
the V2 knob (SELECT NUMBER) to select a number (000 to 199), referring to the

library names appearing on the screen.

Pressing [F1] (PREVIEW) to turn it on (displayed in reverse video) allows you to
hear its effect. Turning it off causes the effect to return to its previous state.

5. Validating your choice

After selection, press [F2] (CP/LOAD) and then copy the contents of the library to
validate your choice. Once validated, however, you cannot restore the original effect

setting.
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Editing Effects

B Determining the Algorithm

The basic operation of each effect is based on the algorithm selected. When starting
to set effects from the beginning, first select an algorithm. You can do this by
choosing a prototype library having the same name as the algorithm from the
preset effect library.

¢ Effects 1 to 8... Effect libraries between P000 and P038
e Master effect... Effect libraries between P039 and P041

H Editing effects

After selecting a library, edit the effect to suit your purpose.

Invoking the Edit screen
(Steps marked * are not required for the master effect.)

1. Invoke the Effect screen menu.
For effects 1 to 8, press [EFFECTS 1-8], or for the master effect, press [SP MODELING
(MASTER FX)}.
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2. Select the effect column to use with CURSOR [UP] and [DOWN] (*).
The effects appear on the screen in the following order from top to bottom: 1to 3,4
to6,and 7 to 8.

3. Invoke the Edit Effect screen.
Press EDIT for the desired effect. ([F2], [F4] or [F6]. [F2] for the master effect.)
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4, Select [PARAM-1] or [PARAM-2] with PAGE DOWN.
The Edit Parameter page opens. (The Edit Parameter page may not contain the
[PARAM-2] page.) The parameter pages vary from algorithm to algorithm. (The
illustration below shows an example of Mic Simulator). For descriptions of the on-

screen parameters, see Algorithm List on and after p. 119.

Mic Converter B
InFPut QutrPut Phase
@ or-ze [ Dsniny b onorn ]
IIny T .
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& -
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O%— Time =2
o LRLR
2 IR/0UT
cn EFFECTS1
ASSIGN
Attack Release Deﬁggt Ll
50 0 59 ;i'ﬂ'rhr u || SEND 1
Bz T3
; SEND 1

The [FLOW /SW] area at the top of the screen indicates the order in which the effects
are assigned in the algorithm. In this example, the effects are assigned on two signal
paths (A and B) in the following order: Cnv, BCut, Dstan, and Lmt. You can turn the
effects on and off separately by positioning the cursor as shown in the illustration
and pressing the F buttons that are lit ([F1] to [F4] in this example).

Settings within the Edit Effect screen

You set the effect parameters by positioning the cursor and using the [V1] to

[V6] knobs and [F1] to [F6] buttons.
For example, you can set the parameters as shown below when [F1] and {F3] are lit

with the cursor selected as shown in the figure.

oy
[NAME
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[F1] (ON) Turns the effect of the Mic Converter
section on and off.

V1 (INPUT) and V2 (OUTPUT) knobs Change the parameter settings when
necessary.

V3 (PHASE) knob and [F3] (SET) Select Norm or Inv by turning the V3
knob and then press [F3] to validate your

choice.
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Saving an Effect State (Effect Library)

You can save up to 200 edited effects in the main unit as user libraries (U000 to
U199) (p. 43). To save the user libraries, use [F3] (SAVE) on the Select Library screen.

Saving edited effects as user libraries (SAVE)

1. Return to the Effect menu screen.
After you have edited effects, you can return to the menu screen by pressing [PAGE
UP] repeatedly in the [PARAM-1] and [PARAM-2] pages on the Edit screen.

2. Open the library list.
Press LIBRARY on the menu screen for the desired effects. ([F1], [F3] or [F5]. [F1] for
the master effect.) (For effects 1 to 8, make sure the cursor is in the column of the
effect that was edited before pressing the relevant button.)

seydeyn

3. Select the user library in which the effects are to be saved.
First, turn the V1 knob (SELECT GROUP) clockwise to select U (User). Then turn the
V2 knob (SELECT NUMBER) to select a number (000 to 199), referring to the hbrary
names appearing in the window. Since the names of effects indicated as “ e
in the list appear near the icon on the right the screen, you can easily confirm them.

4, Carrying out Save
After selecting the library, press [F3] (SAVE) and then [F5] (ENTER) to save it (the
previously saved setting will be erased and cannot be restored).
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5. Press [F6] (EXIT) to close the list.
You cannot carry out the following operations unless you press [F6].
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B Naming effects libraries

You can also name the effect libraries. We suggest that you give them meaningful
names which allow you to readily know their intended use or effect.

Calling up the screen for setting effect library names
(Steps marked * are not required for the master effect.)

1. Invoke the Effect screen menu.
For effects 1to 8, press [EFFECTS 1-8], or for the master effect, press [SP MODELING

(MASTER FX)].
EFFECTE H
FX-1 Reverb Z X-2 StereoPhaser
P020 Raverb2 U814 51, Phaser
B 3..3 i 4 My LETT
ﬁ 1i INPUT 1}
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i oFF “ioFF i orE
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OFF QFF. OFF. GEN MASTER
EDIT_) | |[CIERARY ( (.,)
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i, Fx-8 Fx BOARD SETTING
T P P R
oFF oFF AT,
RE——— RE———
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2. Select the effect column to use with CURSOR [UP] and [DOWN] (*).

The effects appear on the screen in the following order from top to bottom: 1 to 3, 4
to6,and 7 to 8.

3. Invoke the Edit Effect screen.
Press EDIT for the desired effect. ([F2], [F4] or [F6]. [F2] for the master effect.)

4. Select NAME with [PAGE DOWN].

A page for naming the effect libraries opens.

DIRECT BOX|NARRATION |SOLO
EFFECTS NOISE
ELECTRIC JORGAN
FLUTE QUERTOP STRINGS
GROUP PERCUSSION|SUB MIX
GUIDE PIANO SYNTH
GUI TRR RECORDER |TANOR
HQ REED TRPE
RHYTHM TROMEONE
KEYBORRD SAMPLER TRUMPET
KICK AX UOCAL
LEAD SECTION UOICE
MIC «E. UIOLIN
MULTITRACK|SNARE VIDEQ

CURSOR IHBCDEFGH 1J1 KLMNOPQRSTUUNXYZ!

opoc oRBC oabc o% gi

CATEGORY NUMBER

The subsequent operations are identical to those used to name the input channels.
For details, see “Naming input channels” (p. 83).




Algorithm List

This section describes the effects associated with the respective algorithms and internal terminations. Read this
section when you need to check the algorithms in the built-in library (pre-set library) or before creating a new

library.

@ To add reverbs (Reverb-related)

REVETD oot
Gate Reverb...
ReVEID 2 oot sttt (p

® To add delayed sounds (Delay-related)
DElaY oot (p. 122)
Stereo Pitch Shifter Delay ..o (p. 126)
Multi Tap Delay
Tape Echo 20T oot

® To expand sounds (Chorus-related)
Stereo Delay Chorus . iieiecsnesss s (p. 124)
Space CROTUS ....ooovrieeiriieisies s ene (p. 154)

® To swing sounds (Modulation-related)
Stere0 Phaser......cccneecrecr et e
Stereo Flanger ...

Analog Flanger ...

Analog Phaser. ..o (p. 169)
@ To alter the volume increment (Compressor-related)

Dual Comp/Limiter ..o (p. 144)

Stereo 2-Band Dynamics..... e (p. 176)

Dual Mono DynamicS.....ccensiesnnmnnsissesnnes (p. 178)

® To increase/decrease levels by frequency band
(Filter-related)

4Band Parametric Equalizer ... (p. 156)
10Band Graphic Equalizer -

@ To add effects suited for the guitar/bass
Guitar Multi 1
Guitar Multi 2
Guitar Multi 3 -
Guitar Amp SImulator ..o

® To add effects suited for vocals
Vocal Multi ...
Vocal Cancel ............ .
Voice TransfOrMeT .....oocveivvireeieereereneeseeesesseaessesseseens

@ To add movement to sounds

® To give three-dimensional location

20 RS oot (p- 129)
Delay RSS.....oiirineietinsssseseese e (p.131)
Chorus RSS (p-132)
® Others
VOCOAET .orvenreriiereriere st rarneaen (p. 128)
Stere0 MUt .vevevc e (p. 150)
HUm Canceler ...ttt seseeenenes (p. 158)
Mic SINUIALOT .ot e (p. 164)
VOCOAET 2 iiviimmivininriesnrinesis st sssnasssss s cssecns (p- 162)
Speaker MOAEliNg..........ovvrermereermssesevncmnennieicnicennae (p. 170)
Mastering Tool Kit......cociiriienrnssinessenens (p. 172)

@® Special effects for MAIN OUT/MONITOR OUT
(Master effects)

31Band Graphic Equalizer Speaker MOdeling........c.oovvvmiremecnierisiinseinneenisnnes (p. 180)
3Band IS0lator ...t 10Band Parametric Equalizer....c.coooroeevninrnnnncnnnns (p. 180)
3Band Dynamucs .......o.ovvveemcreressistnescniciaenicnins (p. 182)
@ To make sound quality rough (Lo-Fi-related)

LO-Fi PrOCESS ccvucvucrrieeccrecieicmceciecinanseensssnecsss s (p. 154)

[___: Effect block

LTI ' Parameters within the same effect

B 4 (left/right channels linked)

R s Audio signal

~—————£>  Controf signal

119
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Q@@ Reverb

This feature adds reverberation to the sound to simulate the size of space such as a hall and a room.

Input L Direct Level Output L
> »G >
>

A
@] sBANDEQ || Rever
A )
—>- -—>
Input R Direct Level Qutput R

- N
Sound types

Sounds around us can be analyzed and categorized into three types: direct sounds, early reflections and
reverberation. A direct sound is the sound that reaches the listener directly from the source. An early reflection is
the sound that has rebounded from the wall once, twice or several times. A reverberation is the sound we hear

after sound reflections are repeated many times.

«_ Early reflections

. Later
', reverberation

Listener

Relationship between sound and time

Reflected sound reach the listener in the following sequence. The pre-delay is the time from when the direct
sound is heard until the reverb is heard. The reverb time is the time over which the reverb decays to silence.

Level

Direct sound

“

Early reflections
t | | I Later reverberation )
Time

J
8

Pre Delay Reverb Time

Reverb sound quality

The sound quality of a reverb is affected by materials of the walls and other members from which the sound is
rebounded. This is because the degree of attenuation in the high and low frequency bands varies. HF-Damp Gain
and LF-Damp Gain are provided so that you can adjust such attenuation degrees. The smaller the value becomes,
the steeper the degree of attenuation of the reverberation becomes severer in the high and low frequency bands.
In addition, in order to obtain softer reverberation, make the frequency lower by using HF-Damp Frequency
(HiFreq-Damp Freq). In order to obtain harder reverberation, make the frequency higher by using LF-Damp
Frequency (LoFreqg-Damp Freq).

120



Chapter 8 Using the Internal Effects

Parameter (full name) Setting Function

3 BAND EQ (Equalizer)

Sw (Switch) On, Off Turns the equalizer on or off.
Hi Gain (High Gain) -12-+12dB Sets the boost/cut amount in the high frequency band.
Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.
Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings.1 “1
Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type). o
Mid Gain (Middle Gain) -12—+12dB Sets the boost/cut amount in the middie frequency band. §§
32
Mid Freq (middle frequency) 2008000 Hz Sets the center frequency in the middle frequency band. §_) i
Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middle frequency that g gc
will be affected by the gain settings. aa
Lo Gain (Low Gain) -12- +12dB Sets the boost/cut amount in the low frequency band. &
Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band.
Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that
will be affected by the gain settings.1 *1
Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer
{shelving type or peaking type).
Output Level (Output Level) 0-100 Sets the volume after passing through the equalizer.
Reverb: Adds reverberation.
Room-Size (Room Size) 5-40 m Sets the size of the room.
Time (Reverb Time) 0.1-32.0 sec. Sets the time length of the reverb sound.
Pre-Delay (Pre-Delay) 0-200 ms Sets the time until the reverb sound appears.
Difusi (Diffusion) 0-100 Sets the extent of diffusion of the early reflection sound.
Density (Density) 0-100 Sets the density of the reverb sound.
LoFreq-Damp Gain (LF-Damp Gain) -36-0 dB Sets the degree of attenuation of the reverb in the low
frequency band.
LoFreq-Damp Freq (LF-Damp Frequency)  50-4000 Hz Sets the frequency on which the reverb starts attenuating in
the low frequency band.
HiFreq-Damp Gain (HF-Damp Gain) © -36-0 dB Sets the degree of attenuation of the reverb in the high
frequency band.
HiFreq-Damp Freq (HF-Damp Frequency)  1.0-20.0 kHz Sets the frequency on which the reverb starts aftenuating in
the high frequency band.
HiCut Freq (High Cut Frequency) 0.2-20.0 kHz Sets the frequency for which the high frequency band
elements of the reverb are cut.
Effect Level (Effect Level) -100-100 Sets the volume of the reverb sound.
Direct Leve! (Direct Level) -100-100 Sets the volume of the direct sound.
ErlyRef Level (Early Reflection Level) 0to100 Sets the volume of the early reflection.

*1: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

?

Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Equalizer (p. 236), Reverb (p. 244)
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b))) Delay

Delay is a feature to add a delayed sound to the direct sound in order to add thickness to the sound or to yield a
special effect.

Input L Direct Level oot 1 OutputL
> 3BAND EQ
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[ Delay sounds and the spread of sound A
As a delay is output in the stereo mode, it sounds from the right and the left sides. These delay sounds can be
adjusted by setting Delay Shift (Shift). Set it to the value on the L side to cause the left-side delay sound lag behind
and to the value on the R side to cause the right-side delay sound lag behind. Set Shift to “0” to make the delay
sounds on the both sides simultaneously. Setting the right and left delay times to different values yields more
spreading effect.

* The sum of the Delay Time value and the Delay Shift value should not exceed the setting range of Delay Tine.
For example, if the setting range of Delay Time is 0 to 1200 ms and Delay Time is set to 1000 ms, the setting
range of Delay Shift should be L200 to R200 mis.

Delay repetition
Delay feedback means to return the delay sound to the Delay input. The amount of feedback is set with Feedback
Level (Feedback Level). The greater this value becomes, the more times the delay sound is repeated. Setting this
level to a negative value inverts the phase. Excessively large values may cause oscillation.

. v,

Parameter (full name) Setting Function

Delay: Adds a delayed sound to the direct sound, adding depth to the sound or creating special effects.

Sw {Switch) On, Off Turns the delay on or off.

Time (Delay Time) 0-1200 ms Sets the time from direct sound until when the delay sound
is heard. "1

Shift (Delay Shift) L1200-0-R1200 ms  Sets the delay time difference between the right and left
delay sounds.

Feedback Level Lch (Lch Feedback Level) -100-100 Sets the amount of the left-side delay should be returned to
the delay input.

Feedback Level Rch (Rch Feedback Level) -100-100 Sets the amount of the right-side delay should be returned
to the delay input.

LoFreq-Damp Gain (LF-Damp Gain) -36-0 dB Sets the degree of attenuation in the low frequency band for
the delay sound fed back.

LoFreqg-Damp Freq (LF-Damp Frequency)  50-4000 Hz Sets the frequency at which attenuation in the low
frequency band starts to the delay sound fed back.

HiFreg-Damp Gain (HF-Damp Gain) -36-0dB Sets the degree of attenuation in the high frequency band
for the delay sound fed back.

- HiFreq-Damp Freq (HF-Damp Frequency)  1.0-20.0 kHz Sets the frequency at which attenuation in the high

frequency band starts to the delay sound fed back.

Effect Level Lch (Lch Effect Level) -100-100 Sets the volume for the left-side delay sound.

Effect Level Rch (Rch Effect Level) -100-100 Sets the volume for the right-side delay sound.

Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.
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3 BAND EQ (Equalizer)

Sw (Switch) On, Off Turns the equalizer on or off.
Hi Gain (High Gain) -12-+12 dB Sets the boost/cut amount in the high frequency band.
Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.
Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. *2
Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).
Mid Gain (Middle Gain) -12-+12 dB Sets the boost/cut amount in the middle frequency band.
Mid Freq (middie frequency) 200-8000 Hz Sets the center frequency in the middle frequency band. o
Mid Q (Middie Q) 0.3-10.0 Sets the width of the area around the middle frequency that %g
will be affected by the gain settings. 3 3
Lo Gain (Low Gain) -12—-+12 dB Sets the boost/cut amount in the low frequency band. ng
o=
Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band. & L;
Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that ®
will be affected by the gain settings. 2
Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer
(shelving type or peaking type).
Output Level (Output Level) 0-100 Sets the volume after passing through the equalizer.

O

*1: The sum of the Delay Time (Time) value and the Delay Shift (Shift) value should not exceed the setting range of
Delay Time. For example, if Delay Time is set to 1000 ms, the setting range of Delay Shift is L200 to R200 ms.

*2: If Low Type (Lo Type) or Hi Type (High Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

’

®
Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Delay (p. 234), Equalizer (p. 236),
Feedback Level (p. 236)
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¢y DO

«ff) StDly-Chorus (Stereo Delay Chorus)

Delay and Chorus can be combined to create spaciousness.

Input L

Cross FB Level Lch

Cross FB Level Rch

Input R

‘ . Output L

—{ 3BAND EQ [—

Cross FB Level Lch

Cross FB Level Rch
<

—»~ 3BAND EQ n

' . OutputR

[ How feedback works for Delay and Chorus

(CrossFB Level).
inverts the phase.

Setting this level to a negative value inverts the phase.

\..

Feedback is the feature to return the effect sound to its input. The amount of feedback is set with Feedback Level
(Feedback Level). Cross-Feedback is the feature to return the effect sound from the right input to the left input
and the effect send from the left input to the right. The amount of cross-feedback is set with Cross-Feedback Level

The greater this value becomes, the more times the delay sound is repeated. Setting this level to a negative value

For feedback of chorus, the greater the value becomes, the more spaciousness and thickness is added to the sound.

*  Excessively great values muay cause oscillation, leading to abnormal noise.

Parameter (full name) Setting

Function

Delay: Adds a delayed sound to the direct sound, adding depth to the sound or creating special effects.

Sw (Switch) On, Off Turns the delay on or off.

Time (Delay Time) 0-500 ms Sets the time from direct sound until when the delay sound
is heard. *

Shift (Delay Shift) L500-0-R500 ms Sets the delay time difference between the right and left

delay sounds.

Feedback Level Lch (Lch Feedback Level)  -100-100

Sets the amount of the left-side delay shouid be returned to
the left delay input.

Feedback Level Rch (Rch Feedback Level) -100-100

Sets the amount of the right-side delay should be returned
to the right delay input.

Effect Level (Effect Level) -100-100

Sets the volume of the delay sound.

Direct Level (Direct Level) -100-100

Sets the volume of the direct sound.

CrossFB Level Lch (Leh Cross-Feedback Level)-100-100

Sets the amount of the left-side delay should be returned to
the right delay input.

CrossFB Level Rch(Rch Cross-Feedback Level)-100-100

Sets the amount of the right-side delay should be returned
to the left delay input.
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Chorus: Adds spaciousness and depth to the sound.
Sw (Switch) On, Off Turns the chorus on or off.
Rate (Rate) 0.1-10.0 kHz Sets the rate of modulation.
Depth (Depth) 0-100 Sets the depth of modulation.
Feedback Level Lch (Lch Feedback Level)  -100-100 Sets the amount of the left-side chorus sound should be
returned to the left chorus input.
Feedback Level Rch1 (Rch Feedback Level)  -100-100 Sets the amount of the right-side chorus sound should be

returned to the right chorus input.

Pre-Delay (Pre-Delay) 0-50 ms Sets the time delay from when the direct sound begins until
the processed sound is heard.
0
Effect Level (Effect Level) -100-100 Sets the volume of the chorus sound. 53
Direct Level (Direct Level) -100-100 Sets the volume of the direct sound. § 2
CrossFB Level Lch (Lch Cross-Feedback Level)-100-100 Sets the amount of the left-side chorus sound should be s
returned to the right chorus input. 55
CrossFB Level Rch(Rch Cross-Feedback Level)-100-100 Sets the amount of the right-side chorus sound should be 8

returned to the left chorus input.

3 BAND EQ (Equalizer)

Sw (Switch) On, Off Turns the equalizer on or off.

Hi Gain (High Gain) -12-+12dB Sets the boost/cut amount in the high frequency band.

Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.

Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. 2

Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer

_ {shelving type or peaking type).

Mid Gain (Middie Gain) -12-+12dB Sets the boost/cut amount in the middie frequency band.

Mid Freq (middlie frequency) 200 - 8000 Hz Sets the center frequency in the middle frequency band.

Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middie frequency that
will be affected by the gain settings.

Lo Gain (Low Gain) -12-+12dB Sets the boost/cut amount in the low frequency band.

Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band.

Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that
will be affected by the gain settings. 2

Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer

(shelving type or peaking type).

Output Level (Output Levet) 0-100 Sets the volume after passing through the equalizer.

O

*1: The sum of the Delay Time (Time) value and the Delay Shift (Shift) value should not exceed the setting range of
Delay Time. For example, if the delay time is set to 300 ms, the setting range of Delay Shift is L200 to R200 ms.

*2: If Lo Type (Low Type) or Hi Type (High Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q

is invalid.

,

® .
Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Delay (p. 234}, Chorus (p. 233),
Equalizer (p. 236), Feedback Level (p. 236), Phase (p. 242)
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B

StPS-Delay (Stereo Pitch Shifter Delay)

Changes the pitch of the direct sound. Corrects vocals out of tune or adds thickness to the sound by mixing the
direct sound and a sound at a shifted pitch.

Input L Direct Level g ( Output L
> »@—>| 3BANDEQ [
4 , !
@) > || Pitch Shifter L ,' : .
B s ' X
(1) > anch Shifter R [ ' ;
Yy
> »=@—>{ 3BANDEQ |—
Input R Direct Level e eeeomeeee--a.-t OutputR

Setting up pitch

Chromatic Pitch (Cromatic) is used for major pitch variation while Fine Pitch (Fine) is used for fine adjustment.
Setting up slightly different pitches for the right and left gives thickness to the sound.

Parameter (full name)

Setting

Function

Pitch Shifter Delay : Shifts the pitch.

Sw (Switch) On, Off Turns the pitch shifter on or off.

Cromatic <Rch> (Rch Chromatic Pitch) -12-12 Sets the right-side pitch variation (by semitone).

Fine <Rch> (Rch Fine Pitch) -100-100 Sets the right-side pitch variation (by cent).

Pre-Delay <Rch> (Rch Pre-Delay) 0-50 ms Sets the time from when the direct sound is output until
when the right-side sound at a shifted pitch is output.

Feedback Delay Time <Rch>

(Rch Feedback Delay Time) 0-500 ms Sets the feedback repetition cycle for the right-side delay sound.

Feedback Delay Level <Rch>

(Rch Feedback Level) -100-100 Sets the amount of the right-side sound at a shifted pitch
should be returned to the right-side pitch shifter input.

Cromatic <L.ch> {(Lch Chromatic Pitch) -12-12 Sets the left-side pitch variation (by semitone).

Fine <Lch> (Lch Fine Pitch) -100-100 Sets the left-side pitch variation (by cent).

Pre-Delay <Lch> (Lch Pre-Delay) 0-50 ms Sets the time from when the direct sound is output until
when the left-side sound at a shifted pitch is output.

Feedback Delay Time <Lch>

(Lch Feedback Delay Time) 0-500 ms Sets the feedback repetition cycle for the left-side delay sound.

Feedback Delay Level <Lch>

(Lch Feedback Level) -100-100 Sets the amount of the left-side sound at a shifted pitch
should be returned to the left pitch shifter input.

Effect Level (Effect Level) -100-100 Sets the volume of the sound at a shifter pitch.

Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.

CrossFB Level Lch

(Lch Cross-Feedback Level) -100~100 Sets the amount of the left-side sound at a shifter pitch
should be returned to the right-side pitch shifter input.

CrossFB Level Rch

(Rch Cross-Feedback Level) -100-100 Sets the amount of the right-side sound at a shifted pith
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Chapter 8 Using the Internal Effects

3 BAND EQ (Equalizer)

Sw (Switch) On, Off Turns the equalizer on or off.
Hi Gain (High Gain) -12-+12dB Sets the boost/cut amount in the high frequency band.
Hi Freq (high frequency) 1.4 - 20.0 kHz Sets the center frequency in the high frequency band.
Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. "1
Hi Type {High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).
Mid Gain (Middle Gain) -12-+12dB Sets the boost/cut amount in the middle frequency band.
Mid Freq (middle frequency) 200-8000 Hz Sets the center frequency in the middie frequency band. o
Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middie frequency that %%
will be affected by the gain settings. = a
Lo Gain (Low Gain) -12 - +12dB Sets the boost/cut amount in the low frequency band. ne
=
Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band. 5 ‘;
Lo Q{Low Q) 0.3-10.0 Sets the width of the area around the low frequency that ®
will be affected by the gain settings. "1
Lo Type (Low Type) Shelv, Peak Seis the type of the low frequency band equalizer
(shelving type or peaking type).
Output Level (Output Level) 0-100 Sets the volume after passing through the equalizer.

*1: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

,

®
Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Pitch Shifter (p. 242),
Equalizer (p. 236), Feedback Level (p. 236)
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i Vocoder

The vocoder creates “talking instrument” effects. To use Vocoder, input an instrumental sound into the left
channel and a vocal sound into the right channel. The instrumental sound is split into ten frequency bands to be
processed according to its frequency components.

OQutput L
Input L
(Instrument)
—‘“Vli 0 Band Vocoderl———Vi Chorus
Input R (Mic) Output R

O

Instrumental sounds are input into the L-channel side of the effect. Therefore, it is required to insert and connect
“Lch” of the effect to the channel handling instrumental sounds. Similarly, vocal sounds are input into the R-
channel side of the effect. Insert and connect “Rch” of the effect to the channel handling vocal sounds.

Tips for using Vocoder

Itisa good idea to choose instrumental sounds containing a lot of overtones. Recommended sounds include those
with saw-tooth waveforms such as strings and distorted guitar sounds.

Parameter (full name) Setting Function

10 Band Vocoder: The pitch is specified with the instrumental sound while the tone is output in vocals.

Character 1-10 (Voice Characters) 0-100 Sets the volume by frequency band. These are used to
change the vocoder tone.

Chorus: Adds spaciousness and depth to the sound.

Sw (Switch) On, Off Turns the chorus on or off.

Rate (Rate) 0.1-10.0 Hz Sets the rate of modulation.

Depth (Depth) 0-100 Sets the depth of modulation.

Feedback Level (Feedback Level) -100-100 Sets the amount of the chorus sound should be returned to
the chorus input.

Pre-Delay (Pre-Delay) 0-50 ms Sets the time delay from when the direct sound begins until
the processed sound is heard.

Effect Level (Effect Level) -100-100 Sets the volume of the chorus sound.

Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.

,

o
Vocoder (p. 247), Chorus (p. 233), Feedback Level (p. 236)
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R
¥ 2ch RSS

Gives each of the sounds input into the respective channels three-dimensional locations.

input A ~ Outputi.
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Input B Output R
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¢ Input A is input into the L-channel side of the effect. Therefore, it is required to insert and connect “Lch” of the
effect to the channel handling Input A. Similarly, Input B is input into the R-channel side of the effect. Insert and
connect “Rch” of the effect to the channel handling Input B.

* Do not output the direct sound.

i What is RSS?

It stands for Roland Sound Space. This is one of the Roland’s proprietary effect technologies that enables three-
dimensional location of the sound source on the ordinary stereo system. Not only control on effect for the front
and the sides of the audience, this technology provides controls on directions (azimuth) such as up, down and
rear as well as control on distance to localize the sound source.

Up

Elevation

Azimus

Parameter (full name) Setting Function
2ch RSS: Gives sounds three-dimensional locations.

Azimuth <Ach> (Ach Azimuth) -180-180° Sets output directions, front, back, right and left, for the
Input A channel.

Elavatn <Ach> (Ach Elevation) -90-90" Sets output directions, up and down, for the Input A
channel.

Azimuth <Bch> (Bch Azimuth) -180-180° Sets output directions, front, back, right and left, for the
Input B channel.

Elavatn <Bch> (Bch Elevation) -90~-90" Sets output directions, up and down, for the input B
channel.

-3 Continued...
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rPrecautions for using RSS

In order to obtain the maximum effect from the RSS, observe the following points.

» Acoustically “dead” rooms are most suitable.

* A single-way speaker is suited. However, a multi-way type will do if it incorporates the coaxial or virtual
coaxial system.

* Place the speakers as far as possible from the walls on the sides.
* Do not separate the right and left speakers too much.

* Recommended sweet spots for listening are as follows:

Labeling on RSS product package
In order to allow RSS to demonstrate its maximum performance, it is important to specify listening environment.
For sale, we recommend that you should attach the following labeling on the packages of your products produced
by using RSS patches.

imasani sz FOT Stereo Speakers

This sound is made to be played specifically through speakers.
The proper effect cannot be obtained if listened to through headphones.

Less reflections from the wall
or floor are better. Speaker should be placed

as far away as possible from

If a hard wall is close to it, the wall or floor.

draw a curtain.

—
24 to 30 deg.
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= Delay RSS

The right-side, left-side and center Delay sounds can be set separately. As RSS is connected to both the right and
left outputs, the sound image of the sound from the left-side channel is localized at 90° to the left and that of the
sound from the right-side channel at 90° to the right. The center Delay output can receive the Feedback effect.

input L Direct Level Output L
N -t .
1= P -

K

Feedback Level

R ch Deiay RSS
\]
N > >
17 7 >
Input R Direct Level Output R
The location is fixed; no azimuth or elevation can be specified.
Parameter (full name) Setting Function
Delay RSS: Gives three-dimensional location to Delay sounds.
Time (Delay Time) 0-1200 ms Sets the time from direct sound until when the left and right
delay sound is heard.
Shift (Delay Shift) L1200-0-R1200 ms  Sets the balance of the right and left delay times.
Feedback Level (Feedback Level) -100-100 Sets the amount of the center delay sound should be
returned to the delay input.
Center Delay Time (Center Delay Time) 0-1200 ms Sets the time from direct sound until when the center delay
sound is heard.
Center Delay Level (Center Level) 0-100 Sets the volume for the center delay sound.
LoFreq-Damp Gain (LF-Damp Gain) -36-0 dB Sets the degree of attenuation in the low frequency band for
the center delay sound returned to the input.
LoFreq-Damp Freq (LF-Damp Frequency)  50-4000 Hz Sets the frequency at which attenuation in the low
frequency band starts for the center delay sound returned
to the input.
HiFreg-Damp Gain (HF-Damp Gain) -36-0 dB Sets the degree of attenuation in the high frequency band
for the center delay sound returned to the input.
HiFreg-Damp Freq (HF-Damp Frequency)  1.0-20.0 kHz Sets the frequency at which attenuation in the high
frequency band starts for the center delay sound returned
to the input.
RSS Levl (RSS Level) 0-100 Sets the volume of the RSS sound.
Eftect Level (Effect Level) -100-100 Sets the volume of the delay RSS sound.
Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.

,

[ J
RSS (p. 244), Delay (p. 234), Feedback Level (p. 236), Damp (p. 234)
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AY
X% Chorus RSS

RSS is connected to the Chorus output. The sound image is defined with the sound from the left-side channel
located at left 90° and the sound from the right-side channel at right 90°.

Input L Direct Level Output L
N~ i) .
> D, >

A

B

\ i
N /1) -
1> > >
Input R Direct Level Output R

WO

Location is fixed; no azimuth or elevation can be specified.

Parameter (full name) Setting Function
Chorus RSS : Locates chorus sounds three-dimensionally.
Rate (Chorus Rate) 0.1-10.0 Hz Sets the rate of modulation.
Depth (Chorus Depth) 0-100 Sets the depth of modulation.
Effect Leve! (Effect Level) -100-100 Sets the volume of the chorus RSS sound.
Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.

,

e
RSS (p. 244), Chorus (p. 233)
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%ﬂ %ﬂ %ﬂ GuitarMulti 1-3

These provide multi-effects for guitar sounds suited for rock. Guitar Multi 1 through 3 differ in the degree of
sound distortion. Guitar Multi 1 provides the highest degree of distortion and Guitar-Multi 3 the lowest.

Input L
w Not Output L
CE »{Compressort-#= Heavy Metal —»Supg;sezsm—»- Auto Wah -1 GAmp Simf» Flanger | Delay - :H
j utput
Input R
Input L
Noi Output L
@—»{Compressor Distortion o 1€ Ly ! Auto Wah e GAmp Sim-] Fianger [~ Delay >
1 uppressor, OutputVR
Input R
Input L
L 4 o Output L
Ot > : oise : -
\‘ Lf »1Compressor OverDrive +Sup pressor* Auto Wah (1 GAmp Sim}#- Flanger | Delay — ;R
utpu
Input R
~

( Usage of Guitar Multi 1 through 3

The basic configuration is almost identical for all of Guitar-Multi 1 through 3. The only difference is the type of
the second effect (heavy metal, distortion, and overdrive). Select Guitar Multi 1 to add severe distortion to the
sound, and select Guitar Multi 3 for soft distortion as that achieved with the vacuum tube amplifier.

Adding Wah effect by changing input volume

Typically, Auto-Wah provides an automatic wah effect at the cycle set with Rate (Rate).

Alternatively, you can give wah effect according to changes of input volume. For example, you can apply the wah
effect so that it reflects changes in picking on the guitar. First, adjust sensitivity for changes in input volume by
using Sense (Sens). Set it to a larger value for finer subtlety. After that, you simply decide the direction into which
the filter should be moved by entering a setting for Polarity (Pol).

Selecting Guitar Amplifier

You can select which type of Guitar Amplifier to use with Mode (Mode) under Guitar Amplifier Simulator.

Small: Small-sized amplifier

Built In: Built-in type amplifier

2 Stack: Large-sized two-deck stacked amplifiers
3 Stack: Large-sized three-deck stacked amplifiers

Compressors used in Guitar Multi 1 through 3
Compressors used in Guitar Multi 1 through 3 are designed to accommodate playing of the guitar, providing a
slightly different effect from ordinary compressors. Compressors for the guitar unifies volumes by suppressing
signals at high levels and enhancing signals at low levels.
Unlike these, ordinary compressors simply suppress signals at high levels.

A )
=3 Continued...
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Chapter 8 Using the Internal Effects

Parameter (full name) Setting

Function

Compressor: Compresses the entire output signals when the input volume exceeds a specified value.

Sw (Switch) On, Off Turns the compressor on or off.

Output Level (Level) 0-100 Sets the volume of the compressor sound.

Sustain (Sustain) 0-100 Sets the time over which low level signals are boosted to a
constant volume.

Attack (Attack) 0-100 Sets the strength of attack when a sound is input.

Tone (Tone) -50-50 Sets the tone color.

Heavy Metal/Distortion/Overdrive: Gives distortion to the sound.

Sw (Switch) On, Off Turns the metal, distortion or overdrive on or off.

Output Level (Level) 0-100 Sets the volume of the metal, distortion or overdrive sound.

Gain (Gain) 0-100 Sets the degree of the distortion.

Lo Gain (Low Gain) -100-100 Sets the boost/cut amount in the low frequency band.
(only for Metal)

Mid Gain (Middle Gain) -100-100 Sets the boost/cut amount in the middle frequency band.
(only for Metal)

Hi Gain (High Gain) -100-100 Sets the boost/cut amount in the high frequency band.
(only for Metal)

Tone (Tone) 0-100 Sets the tone color. (for Distortion/Overdrive only)

Noise Suppressor:

Mutes noise in the silent mode.

Sw (Switch) On, Off Turns the noise suppressor on or off.

Thresh (Threshoid) 0-100 Sets the level to start muting noise.

Release (Release) 0-100 Sets the time over which the volume will drop to O after the '
noise starts being muted.

Auto Wah: Adds the wah effect.

Sw (Switch) On, Off Turns the auto wah on or off.

Rate (Rate) 0.1-10.0 Hz Sets the rate at which the wah effect will be cyclically modulated.

Depth (Depth) 0-100 Sets the depth at which the wah effect will be cyclically modulated.

Sens (Sense) 0-100 Normally “0.”

Sets sensitivity for input volume changes for adding the
wabh effect according to input volume changes.

Freq (Frequency) 0-100 Sets the frequency at which the wah effect starts working.

Peak (Peak) 0-100 Sets the degree of the wah effect applied at around the
frequency.

Output Level (Level) 0-100 Sets the volume of the wah sound.

Mode (Mode) LPF, BPF Set to “BPF” for the wabh effect in a narrow range of
frequencies and to “LPF” for wah effect in a broad range of
frequencies.

Polarity (Polarity) Up, Down Activated only for adding the wah effect according to input

volume changes. Set to “Up” for moving the filter to a higher
frequency and “Down” for moving it to a lower frequency.

GAmpSim (Guitar Amplifier Simulator): Simulates Guitar Amplifier.

Sw (Switch)

On, Off

Turns the guitar amplifier simulator on or off.

Mode (Mode)

See the column on
the previous page.

Type of the guitar amplifier.

134



Chapter 8 Using the Internal Effects

Flanger: Adds effects similar to ascending/descending sound of a jet.
Sw (Switch) On, Off Turns the flanger on or off.
Rate (Rate) 0.1-10.0 Hz Sets the rate of modulation for the flanger.
Depth (Depth) 0-100 Sets the depth of modulation for the flanger.
Manual (Manual) 0-100 Sets the center frequency subject to application of the
flanger effect.
Reso (Resonance) 0-100 Enhances frequency components at around the center

frequency set with Manual.

Delay: Adds a delayed sound to the direct sound, adding depth to the sound or creating special effects.

Sw (Switch) On, Oft Turns the delay on or off.

Time (Delay Time) 0-1000 ms Sets the time from direct sound until when the delay sound
is heard.” "1

Shift (Shift) L1000-0-R1000 ms  Sets the delay time difference between the right and left
delay sounds.

Feedback Time (Feedback Delay Time) 0-1000 ms Sets the feedback repetition cycle.

Feedback Level (Feedback Level) -100-100 Seis the amount of the delay sound should be returned to
the delay input.

Effect Level (Effect Level) -100-100 Sets the volume of the delay sound.

Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.

O

*1: The sum of the Delay Time value and the Delay Shift value should not exceed the setting range of Delay Time.
For example, if Delay Time is set to 800 ms, the setting range of Delay Shift is L.200 to R200 ms.

,

®
Compressor (p. 233), Metal (p. 239), Distortion (p. 235), Overdrive (p. 241), Noise Suppressor (p. 240),
Auto Wah (p. 232), Guitar Amplifier Simulator (p. 238), Flanger (p. 236), Delay (p. 234), BPF (p. 233), LFF (p. 239),
Feedback Level (p. 236), Resonance (p. 243)
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&

Vocal Multi

This feature provides a multi-effect suited for vocals.

Input L
{’ Output L
@D—p]  Noise . Limiter/ L»- Enhancer [-»{3BAND EQ[-»{ Pitch Shifter |~ Delay [#- Chorus [ 4
N Suppressor De-esser
4 Output R
Input R
Y

rCutting distortion in vocals

below:

Mode (Mode):
Limiter Threshold (Thresh):
Limiter Release (Release):

Limiter Level (Level):

Limiter
Sets the volume at which sound distortion starts being suppressed.

Determines the time that elapses before the input level hecomes off after it drops
below the Limiter Threshold.
Decides the volume after passing through Limiter.

Cutting the sibilant sounds of a voice.

this, follow the steps below:

Mode (Mode):
De-esser Sense (Sens):
De-esser Frequency (Freq):

De-esser
Sets the degree of the De-esser effect.

Sets the frequency at which De-esser effect starts working.

Limiter can be used to suppress signals at a high level to prevent sound distortion. To do this, follow the steps

De-esser can be used to cut off sibilant sounds contained in vocal sounds to achieve softer sound quality. To do

Parameter (full name)

Setting

Function

Noise Suppressor:

Mutes noise in the silent mode.

Sw (Switch) On, Off Turns the noise suppressor on or off.
Thresh (Threshold) 0-100 Sets the level to start muting noise.
Release (Release) 0-100 Sets the time over which the volume will drop to 0 after the

noise starts being muted.

Limiter/De-esser: Suppresses signals at high levels to control distortion/
Suppresses the annoying s-consonant.
Sw (Switch) On, Off Turns the limiter/de-esser on or off.
Output Level (Limiter Level) 0-100 Sets the volume of the limiter sound.
Thresh (Limiter Threshold) 0-100 Sets the volume at which sound distortion starts being
suppressed.
Release (Limiter Release) 0-100 Sets the time until when the limiter will turn off after the input

level falls the limiter Threshold (Thresh).

Mode (Mode) Limiter, De-esser Selects limiter or de-esser.
Enhancer: Accentuates the sound and push the sound forward.
Sw (Switch) On, Off Tums the enhancer on or off.
Output Level (Level) 0-100 Sets the volume of the enhancer sound.
Mix Level (Mix Level) 0-100 Sets the amount of the enhancer sound should be mixed
into the direct sound.
Sens (Sense) 0-100 Sets the degree of the enhancer effect desired.
Freq (Frequency) 1.0-10.0 kHz Sets the frequency at which the enhancer effect starts working.
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3 BAND EQ (Equalizer)

Sw (Switch) On, Off Turns the equalizer on or off.
Hi Gain (High Gain) -12-+12dB Sets the boost/cut amount in the high frequency band.
Hi Freq {high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.
Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. *1
Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).
Mid Gain (Middie Gain) -12-+12dB Sets the boost/cut amount in the middle frequency band.
Mid Freq (middle frequency) 200-8000 Hz Sets the center frequency in the middle frequency band. o
Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middle frequency that %fg
will be affected by the gain settings. g i
Lo Gain (Low Gain) -12-+12dB Sets the boost/cut amount in the low frequency band. %‘ &
Lo Freq (low frequency) 20-2000 Hz Sets the center frequency in the low frequency band. ?’é_
Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that ®
will be affected by the gain settings. . "1
Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer
(shelving type or peaking type).
Output Level (Output Level) 0-100 Sets the volume after passing through the equalizer.
Pitch Shifter: Shifts the pitch.
Sw (Switch) On, Off Turns the pitch shifter on or off.
Effect Level (Effect Level) -100-100 Sets the volume of the pitch shift sound.
Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.
Cromatic (Chromatic Pitch) -12-12 Pitch variation (by semitone)
Fine (Fine Pitch) -100-100 Pitch variation (by cent)

ADelay: Adds a delayed sound to the direct sound, adding depth to the sound or creating special effects.

Sw (Switch) On, Off Turns the delay on or off.

Effect Level (Effect Level) -100-100 Sets the volume of the delay sound.

Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.

Time (Delay Time) 0-1000 ms Sets the time from direct sound until when the delay sound
is heard.

Feedback Level (Feedback Level) -100-100 Sets the amount of the delay sound should be returned to
the delay input.

Chorus: Adds spaciousness and thickness to the sound.

Sw (Switch) On, Off Turns the chorus on or off.

Rate (Rate) 0.1-10.0 Hz Sets the rate of modulation.

Depth (Depth) 0-100 Sets the depth of modulation.

Pre-Delay (Pre-Delay) : 0-50 ms Sets the time delay from when the direct sound begins until
the processed sound is heard.

Effect Level (Effect Level) -100-100 Sets the volume of the chorus sound.

Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.

*1: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.
®
Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Noise Suppressor (p. 240),

Limiter (p. 238), De-esser (p. 234), Enhancer (p. 236), Equalizer (p. 236), Pitch Shifter (p. 242), Delay (p. 234),
Chorus (p. 233)
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3
'1‘[25]’) Rotary

Simulates a rotary speaker. Behaviors of high and low frequency band Roters can be set up separately, allowing
realistic modeling of unique surging sensation. This effect is suited for organ sounds.

inputL
v Qutput L
ED—F[ Noise SuppressorJ——>{ Over Drive l———*{ﬁotary Speakeﬂ::
) Qutput R
input R
Parameter (full name) Setting Function

Noise Suppressor:
Sw (Switch)

Mutes noise in the silent mode.
On, Off

Turns the noise suppressor on or off.

Thresh (Threshold)

0-100

Sets the level to start muting noise.

Release (Release)

0-100

Sets the time over which the volume will drop to 0 after the
noise starts being muted.

Overdrive: Adds distortion to the sound.
Sw (Switch) On, Off Turns overdrive on or off.
Qutput Level (Level) 0-100 Sets the volume of the overdrive sound.
Gain (Gain) 0-100 Sets the degree of sound distortion.
Rotary Speaker: Simulates a rotary speaker.
Lo-Rate (Low Rate) 0.1-10.0 Hz Sets the rotary frequency of the low frequency band roter.
Hi-Rate (High Rate) 0.1-10.0 Hz Sets the rotary frequency of the high frequency band roter.

y ]

Noise Suppressor (p. 240), Overdrive {p. 241), Rotary (p. 244)

GuitarAmpSim (Guitar Amplifier Simulator)

Simulates a guitar amplifier.

Input L

y

Input R
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f e

Pre-amplifier
Simulates the pre-amplifier section of a guitar amplifier. 14 types of pre-amplifiers that can be simulated are listed
below: The type can be set with pre-amplifier Type.

JC-120: The sound of a Roland.
Clean Twin: The sound of standard built-in type vacuum tube amplifier.
Match Drive: The sound of a recent vacuum tube amplifier widely used in blues, rock and fusion.
BG Lead: The sound of a vacuum tube amplifier representative of the late 70's through 80's.
MS1959<1>: The sound of the large vacuum tube amplifier stack that was indispensable to the British

hard rock of the 70's, with input I connected. .9
M51959<11>: The same amplifier as MS1959 <I>, but with input II connected. fﬁ%
MS1959<1+11>: The same amplifier as MS1959 <I>, but with input I and II connected in parallel. 8o
SLDN Lead: The sound of a vacuum tube amplifiet usable in a wide variety of styles. Z z
Metal 5150: The sound of a large vacuum tube amplifier suitable for heavy metal. & ‘f}
Metal Lead: A metal lead sound with a distinctive mid-range. ®
OD-1: The sound of the BOSS OD-1 compact effector.
OD-2Turbo: The sound of the BOSS OD-2 compact effector with the Turbo switch on.
Distortion: Distortion sound
Fuzz: Fuzz sound

* With JC-120, Clean Twin or BG Lead is selected, turning Bright (Bright) on generates clear-cut bright sound.

Speaker simulator

Simulates a speaker. The 12 types of speakers as listed below can be simulated: The type is set with Speaker Type.
The type can be set with Speaker Type.

Type Cabinet Speaker Microphone
(size (in inch), number of units)

Small Small open-back enclosure 10 Dynamic microphone
Middle Open back enclosure 12x1 Dynamic microphone
JC-120 Open back enclosure 12x2 Dynamic microphone
BuiltIn1 Open back enclosure 12x2 Dynamic microphone
BuiltIn 2 Open back enclosure 12x2 Condenser microphone
BuiltIn 3 Open back enclosure 12x2 Condenser microphone
Built In 4 Open back enclosure 12x2 Condenser microphone
BG Stack 1 Sealed enclosure 12x2 Condenser microphone
BG Stack 2 Large sealed enclosure 12x2 Condenser microphone
MS Stack 1 Large sealed enciosure 12x4 Condenser microphone
MS Stack 2 Large sealed enclosure 12x4 Condenser microphone
Metal Stack Large double stack 12x4 Condenser microphone

Recommended combinations of Pre-amplifier and Speaker
Pre-amplifier Type Speaker Type

BG Lead BG Stack 1, BG Stack 2, Middle
MS195911 BG Stack 1, BG Stack 2, Metal Stack
MS19591+11 BG Stack 1, BG Stack 2, Metal Stack
SLDN Lead BG Stack 1, BG Stack 2, Metal Stack
Metal 5150 BG Stack 1, BG Stack 2, Metal Stack
Metal Lead BG Stack 1, BG Stack 2, Metal Stack
OD-2 Turbo BuiltInl -4

Distortion Built In1 -4

Fuzz Builtin1-4

— Continued...J
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Parameter (full name) Setting Function
Noise Suppressor: Mutes noise in the silent mode.
Sw (Switch) On, Off Turns the noise suppressor on or off.
Thresh (Threshold) 0-100 Sets the level to start muting noise.
Release (Release) 0-100 Sets the time over which the volume wili drop to 0 after the

noise starts being muted.

G-Amp (Pre-Amplifier): Simulates the pre-amplifier section of a guitar amplifier.

Sw (Switch) On, Off Turns the compressor on or off.

Volume (Volume} 0-100 Sets the volume and degree of distortion of the amplifier.

Master (Master) 0-100 Sets the volume of the entire pre-amplifier

Gain (Gain) Low, Middle, High Sets the degree of sound distortion on the pre-amplifier.

Type (Pre-amplifier type) See the column on

the previous page. Sets the type of the guitar amplifier.

Bass (Bass) 0-100 Sets the tone of the low range.

Middie (Middle) 0-100 Sets the tone of the middle range. *2

Treble (Treble) 0-100 Sets the tone of the high range.

Presence (Presence) 0-100 {-100-0) Sets the tone of the ultra-high range. *3

Bright (Bright) On, Off You can set this on to generate clear-cut bright sounds.  *1

Speaker Simulator: Simulates a speaker.

Sw (Switch) On, Oft Turns the speaker simulator on or off.

Mic Level (Microphone Level) 0-100 Sets the microphone volume.

Setting (Microphone Setting) 1,23 Sets the location of the microphone that is recording the
sound of the speaker.This can be adjusted in three steps,
with the microphone becoming more distant in the order of
1,2, and 3.

Direct Level (Direct Level) 0-100 Sets the volume of the direct sound.

Speaker Type (Speaker Type) See the column on

the previous page.

Sets the speaker type.

O

*1: Can be set only when JC-120, Clean Twin or BG Lead is selected for Pre-amplifier Type.

*2: Cannot be set when Match Drive is selected for the Pre-amplifier Type.

*3: The setting range is -100 to 0 when Match Drive is selected for the Pre-amplifier Type.

L

Noise Suppressor (p. 240), Pre-amplifier (p. 243), Speaker Simulator (p. 245)
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1'?‘?—'? k
%\' Stereo Phaser

A phaser adds a phase-shifted sound to the direct sound, producing a twisting modulation that creates
spaciousness and depth.

Phaser and Flanger

The effects obtained with Phaser and Flanger are very similar. Both add twisting modulation effects to the sound,
creating spaciousness and depth. In other words, they create something like strongly accentuated chorus.
Phaser provides a unique surge sounding like bubbles coming up. Flanger works mostly in the same mechanism
as for Chorus. Besides that, it can create SE-type sounds like ascending/descending sounds of a jet.

(@]
—
I
g%
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Parameter (full name) Setting Function
Phaser: Adds a sound with a shifted phase to the direct sound to add spaciousness to the sound.

Sw (Switch) On, Off ) Turns the phaser on or off.

Rate (Rate) 0.1-10.0 Hz Sets the rate at which the phaser will modulate.

Depth (Depth) 0-100 Sets the depth of modulation.

Manual (Manual) 0-100 Sets the reference frequency for adding the surging effect
to the sound.

Reso (Resonance) 0-100 Enhances frequency components at around the center
frequency set with Manual. “1

Mode (Mode) 4,8,12,16 Sets the number of stages in the phaser (p. 169).

Sets the effect level (Effect Level). -100-100 Sets the volume of the phaser sound.

Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.

CrossFB Level (Cross-Feedback Level) 0-100 Sets the amount of the phaser sound to be returned to the
channel opposite to the one used for input. *2

Polarity (Polarity) Sync, inv Sets the right and ieft phases of modulation. "3

= Continued...
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3 BAND EQ (Equalizer)

Sw (Switch) On, Off Turns the equalizer on or off.

Hi Gain (High Gain) -12-+12dB Sets the boost/cut amount in the high frequency band.

Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.

Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. *4

Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).

Mid Gain (Middle Gain) -12- +12dB Sets the boost/cut amount in the middle frequency band.

Mid Freq (middle frequency) 200-8000 Hz Sets the center frequency in the middle frequency band.

Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middle frequency that
will be affected by the gain settings.

Lo Gain (Low Gain) -12-+12.dB Sets the boost/cut amount in the fow frequency band.

Lo Freq {low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band.

Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that
will be affected by the gain settings. *4

Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer
(shelving type or peaking type).

Output Level (Output Level) 0-100 Sets the volume after passing through the equalizer.

*1: An excessively great values for Resonance (Reso) may cause oscillation.
*2: An excessively large value for Cross-Feedback level may cause oscillation.

*3: When a mono source has been input, set “Inv” to provide spaciousness to the sound. Set “Sync” for inputting a
stereo source.

*4: 'If Fowl"l;i/pe {Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Phaser (p. 242), Equalizer (p. 236),
Resonance (p. 243), Feedback Level (p. 236)

) \,
4

N
K

Stereo Flanger

Input L . :

—| FlangerL |————>[ 3BAND EQ ]——>
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Parameter (full name) Setting Function
Flanger: Adds effect similar to ascending/descending sound of a jet.
Sw (Switch) On, Off Turns the flanger on or off.
Rate (Rate) 0.1-10.0 Hz Sets the rate at which the flanger is modulated.
Depth (Depth) 0-100 Sets the depth of modulation.
Manual (Manual) 0-100 Sets the center frequency subject to application of the
Flanger effect.
Reso (Resonance) 0-100 Enhances frequency components at around the center
frequency set with Manual. 1
Effect level (Effect Level). -100-100 Sets the volume of the flanger sound. E)
Direct Level (Direct Level) -100-100 Sets the volume of the direct sound. g‘_ z
CrossFB Level (Cross-Feedback Level) 0-100 Sets the amount of the flanger sound to be returned to the ; §
channel opposite to the one used for input. *2 oa
Polarity (Polarity) Sync, inv Sets the right and left phases of modulation. *3 g
3 BAND EQ (Equalizer)
Sw (Switch) On, Off Turns the equalizer on or off.
Hi Gain (High Gain) -12—-+12dB Sets the boost/cut amount in the high frequency band.
Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.
Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. *4
Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).
Mid Gain (Middle Gain) -12—-+12dB Sets the boost/cut amount in the middle frequency band.
Mid Freq (middle frequency) 200-8000 Hz Sets the center frequency in the middle frequency band.
Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middle frequency that
will be affected by the gain settings.
Lo Gain (Low Gain) -12- +12dB Sets the boost/cut amount in the low frequency band.
Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band.
Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that
will be affected by the gain settings. *4
Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer

(shelving type or peaking type).

Output Level (Output Level) 0-100 Sets the volume after passing through equalizers.

*1: An excessively great values for Resonance (Reso) may cause oscillation.
*2: An excessively large value for Cross-Feedback level may cause oscillation.

*3: When a mono source has been input, set “Inv” to provide spaciousness to the sound. Set “Sync” for inputting a
stereo source.

*4: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for-Lo Q or High Q
is invalid.

Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Flanger (p. 236), Equalizer (p.236),
Resonance (p. 243), Feedback Level (p. 236)
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A
Aﬁ: Dual Compressor/Limiter

Compressors suppress signals at high levels. Limiter is used to control excessive input. Each of the above is used
to prevent sound distortion or to control dynamics.

Input A Output L
"'—————'——>[ Compressor/Limiter A Noise Suppressor A [=————————%
A

V V

-—*l Compressor/Limiter BJ-——'>| Noise Suppressor B !'—‘—"‘>

Input B Output R

e

Input A is input into the L-channel side of the effect. Therefore, it is required to insert and connect “Lch” of the
effect to the channel handling Input A. Similarly, Input B is input into the R-channel side of the effect. Insert and
connect “Rch” of the effect to the channel handling Input B.

e —
Difference between Compressor and Limiter
Behaviors of Compressor and Limiter are very similar. Both of them compress the entire output signals if input
signals exceed a certain level (threshold level), according to the input level.
Compressor automatically drops the amplitude to suppress all levels in the exceeding section. Limiter suppresses
only the maximum level of input signals.

Using as Limiter

Threshold Level (Thresh): Relatively high
Ratio (Ratio): 100:1

Attack Time (Attack): Relatively short
Release Time (Release): Relatively short

Using as Compressor

Threshold Level (Thresh): A level that does not cause distortion of output sounds.
Ratio (Ratio): 1.5:1, 2:1, 4:1

Attack Time (Attack): Adjusted according to the input sound type.

Release Time (Release): Adjusted according to the input sound type.
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Parameter (full name) Setting Function
Compressor: Compresses the entire output signals when the input volume has exceeded a
preset value.
Limiter: Suppresses the volume of the section where the input volume has exceeded the
preset value.
Sw (Switch) On, Off Turns the compressor/limiter on or off.
Ratio (Ratio) 1.5:1,2:1,4:1,100:1  Sets the compression ratio applied when threshold level
(Thresh) is exceeded.
Thresh (Threshold Level) -60 - 0 dB Sets the level at which the compressor/limiter starts taking _9Q
effect. 28
ER
Attack (Attack Time) 0-100 Sets the time from when the input level exceeds the >
threshold level to when the effect begins to apply. g &
D 5
Release (Release Time) 0-100 Sets the time from when the input level drops below the & g
threshold level to when the effect ceases to apply. @
Detect (Detect In) A, B, Link Selects Input A or B for controlling compressor/limiter. Set
this to “Link” for controlling by the input at a greater level.
Output Level (Output Level) -60-12 dB Sets the volume of the compressor/limiter sound.
Noise Suppressor: Mutes noise in the silent mode.
Sw (Switch) On, Off Turns the noise suppressor on or off.
Thresh (Threshold) 0-100 Sets the level to start muting noise.
Release (Release) 0-100 Sets the time over which the volume will drop to 0 after the
noise starts being muted.
Detect (Detect In) A, B, Link Selects the input (Input A/lnput B) for controlling Noise

Suppressor. Set this to “Link” for controlling by the input at
a greater level.

x|

®
Compressor (p. 233), Limiter (p. 238), Noise Suppressor (p. 240)
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-
1M Gate Reverb

This is a reverb in which the reverberation is muted during its decay. Its reverse mode can be used in conjunction
with Accent sounds to obtain sounds like from reverse playback of a tape.

Input L Direct Level ‘ i Output L
@ ~p=! 3BAND EQ ;
A : X
Y '
@ Gate Reverb ' :
A ' :
4 '
® “»- 3BAND EQ -
Input R Direct Level P ¢ OutputR

rGate Reverb

Level

A Direct sound (DirLvl)

Accent sound
ES
Accent
Reverb Level
Level (AcLvl)
(EfxLvI)

Time
5

>

Gate Time
(Time)

< =l< e

Accent Delay Time
(AcDLY)

Pre Delay
(PreDLY)

Reverb applications
You can select how reverb sounds can be applied by setting up Gate Mode (Mode).

Normal: Ordinary Gate Reverb

L->R: The Gate Reverb sound moves from the left to right side.
R->L: The Gate Reverb sound moves from the right to left side.
Reversel: Reverse Gate (effect as if reverb are replayed backward.)
Reverse2: Reverse Gate that causes the reverb sound to decay midway.
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Parameter (full name) Setting Function
Gate Reverb: Mutes the revert sound midway.

Sw (Switch) On, Off Turns the gate reverb on or off.

Time (Gate Time) 10-400 s Sets the time from when the reverb sound begins until it is
muted.

Pre-Delay (Pre-Delay) 0-300 ms Sets the time until the reverb sound appears.

Thick (Thickness) 0-100 Sets the thickness of the reverb sound.

Density (Density) 0-100 Sets the density of the reverb sound.

Mode (Gate Mode) See the column on

the previous page. Defines how the reverb sound is applied.

Effect Level (Effect Level). -100-100 Sets the volume of the gate reverb sound.

Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.

Accent Delay (Accent Delay Time) 0-200 ms Sets the time from when the reverb sound is muted until the
accent sound appears.

Accent Level (Accent Level) 0-100 Sets the volume of the accent sound.

Accent Pan (Accent Pan) L63-R63 Sets the pan of the accent sound.

3 BAND EQ (Equalizer)

Sw (Switch) On, Off Turns the equalizer on or off.

Hi Gain (High Gain) -12-+12dB Sets the boost/cut amount in the high frequency band.

Hi Freq (high frequency) 1.4-20.0 Hz Sets the center frequency in the high frequency band.

Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. “1

Hi Type {High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).

Mid Gain (Middle Gain) -12—+12dB Sets the boost/cut amount in the middle frequency band.

Mid Freq (middle frequency) 200-8000 Hz Sets the center frequency in the middle frequency band.

Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middle frequency that
will be affected by the gain settings.

Lo Gain (Low Gain) -12- +12dB Sets the boost/cut amount in the low frequency band.

Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band.

Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that
will be affected by the gain settings. "1

Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer
(shelving type or peaking type).

Output Level (Output Level) 0-100 Sets the volume after passing through the equalizer.

*1: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

v

L 4
Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Equalizer (p. 236), Gate Reverb (p. 237)
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M
3% MultiTapDly (Multi-Tap Delay)

This is a Delay feature that can set 10 delay sounds separately.

Input L Diret Level o N Output L
> D | 3BANDEQ |-
'y ' .
Pan 1 ! : :
> M— ; :
Pan 2 ) '
»>) 1 : \
Feedback Level v ‘ '
> - | 3BANDEQ |
Input R Diret Level S, ' Output R
Parameter (full name) Setting Function
Multi-Tap Delay: Issues 10 delay sounds separately.
Time Ch1 - Ch10 (Delay Time 1 - 10) 0-1200 ms Sets the time from the direct sound until when the delay
. sound for channels 1-10 is heard.
Level Ch1 - Ch10 (Delay Level 1 - 10) 0-100 Sets the volumes of delay sounds for channels 1-10.
Pan Ch1 - Ch10 (Pan 1 - 10) L63-R63 Sets the pan of the delay sounds for channels 1-10.
Effect Level (Effect Level). -100-100 Sets the volume of the delay sound.
Direct Level (Direct Level) -100-100 Sets the volume of the direct sound.
Feedback Delay Time (Feedback Delay Time) 0-1200 ms Sets the repetition frequency for feedback.
Feedback Delay Level (Feedback Level) -100-100 Sets the amount of the delay sound should be returned to

the delay input.
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3 BAND EQ (Equalizer)

Sw (Switch) On, Oft Turns the equalizer on or off.
Hi Gain (High Gain) -12- +12dB Sets the boost/cut amount in the high frequency band.
Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.
Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. "1
Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).
Mid Gain (Middle Gain) -12-+12dB Sets the boost/cut amount in the middle frequency band.
Mid Freq (middle frequency) 200-8000 Hz Sets the center frequency in the middie frequency band. o
Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middie frequency that é
will be affected by the gain settings. E)
Lo Gain (Low Gain) -12- +12dB Sets the boost/cut amount in the low frequency band. &
Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band. ‘?i_
Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that °
will be affected by the gain settings. *1
Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer
(shelving type or peaking type).
Output Level (Output Level) 0-100 Sets the volume after passing through the equalizer.

*1: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

,

[ ]
Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Equalizer (p. 236), Feedback (p. 236),
Delay (p. 234), Feedback Level (p. 236)
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.| Compressor/ C L N
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Parameter (full name) Setting Function
Noise Suppressor: Mutes noise in the silent mode.
Sw (Switch) On, Off Turns the noise suppressor on or off.
Thresh (Threshold) 0-100 Sets the level to start muting noise.
Release (Release) 0-100 Sets the time over which the volume will drop to 0 after the
noise starts being muted.
Compressor: Compresses the entire output signals when the input volume exceeds a

specified value.

Sw (Switch)

On, Off

Turns the compressor on or off.

Output Level (Output Level)

-60-12 dB

Sets the volume of the compressor sound.

Ratio (Ratio)

1.5:1, 2:1, 4:1, 100:1

Sets the compression ratio applied when the threshold level
is exceeded.

Thresh (Threshold Level) -60-0 dB Sets the level at which the compressor starts taking effect.

Attack (Attack Time) 0-100 Sets the time from when the input level exceeds the
threshold level to when the effect begins to apply.

Release (Release Time) 0-100 Sets the time from when the input level drops below the
threshold level to when the effect ceases to apply.

Enhancer: Accentuates the sound and push the sound forward.

Sw (Switch) On, Off Turns the enhancer on or off.

Output Levei (Level) 0-100 Sets the volume of the enhancer sound.

Mix Level (Mix Level) 0-100 Sets the amount of the enhancer sound should be mixed
into the direct sound.

Sens (Sense) 0-100 Sets the degree of the enhancer effect desired.

Freq (Frequency) 1.0-10.0 kHz Sets the frequency at which the enhancer effect starts

working.
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3 BAND EQ (Equalizer)

Sw (Switch) On, Off Turns the equalizer on or off.

Hi Gain (High Gain) -12—-+12dB Sets the boost/cut amount in the high frequency band.

Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.

Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. *1

Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).

Mid Gain (Middle Gain) -12-+12dB Sets the boost/cut amount in the middle frequency band.

Mid Freq (middle frequency) 200-8000 Hz Sets the center frequency in the middle frequency band.

Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middle frequency that
will be affected by the gain settings.

Lo Gain (Low Gain) -12—+12dB Sets the boost/cut amount in the low frequency band.

Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in.the low frequency band.

Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that
will be affected by the gain settings. "1

Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer

(shelving type or peaking type).

Output Level (Output Level) 0-100 Sets the volume after passing through equalizers.

*1: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

,

o
Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Equalizer (p. 236), Noise Suppressor
(p. 240), Compressor (p. 233), Enhancer (p. 236)
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(((J\J)) Reverb 2

This gate reverb works in either of two modes of gate operation (Gate/Ducking). In the Gate mode, the gate opens
when a certain volume (Threshold Level) is exceeded while in the Ducking mode, the gate opens when the
volume becomes as low as or lower than Threshold Level. Either of FX-1 through FX-8 can be used. For each of
FX-1 through FX-8, two types of reverbs with different settings can be used or a combination of reverbs can be

used.

Input L

————

oDt

Input R

Qutput L

Direct Level

3BANDEQ |—

|

3BAND EQ N

Direct Level [ U Output R

rReverb types

There are five reverb types: You can choose the type with Reverb Type.

Room1:
Room2:
Halll:
Hall2:
Plate:

Ordinary room reverb

Room reverb with a softer tone compared with Room1
Ordinary hall reverb

Hall reverb with a softer tone compared with Halll
Plate reverb

Selecting Gate type

Reverb sounds have different effects depending on the gate operation types. Use Gate Mode to select the type.

Gate:

Duckn:

The gate opens when the volume of the direct sound exceeds the value set with
Threshold Level (Thres). The gate closes when the volume drops below the Threshold
Level value.

Operates in the opposite manner as in the “Gate” mode. The gate closes when the
volume of the direct sound exceeds the value set with Threshold Value. The gate opens
when the volume becomes as low as or lower than the Threshold Level value.
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Parameter (full name) Setting Function
Reverb 2: Gate reverb with two modes of gate operation
Sw (Switch) On, Off Turns the reverb on or off.
Type (Reverb Type) See the column on
the previous page. Sets the reverb type.
Time (Reverb Time) 0.1-10.0 sec. Sets the length (time) of the reverb sound.
Pre-Delay (Pre-Delay) 0-200 ms Sets the time until the reverb sound is output.
Density (Density) 0-100 Sets the density of the reverb sound.
Effect Level (Effect Level). 0-100 Sets the volume of the reverb sound. o
Direct Level (Direct Level) 0-100 Sets the volume of the direct sound. :i“-t;z
LoPass Freq (Low Pass Filter) 1.0~20.0 kHz, Thru Sets the frequency at which LPF starts taking effect. £ o
Set this to “Thru” if LPF is to be disabled. %”a §
HiPass Freq (High Pass Filter) Thru, 20 - 2000 Hz Sets the frequency at which HPF starts taking effect. & cg
Set this to “Thru” if HPF is to be disabled. ©
Gate (Gate) On, Off Opens or closes the gate.
Gate Thresh (Threshold) 0-100 Sets the reference volume for controlling gate operations.
Gate Attack (Attack) 1-100 Sets the time from when the direct sound level exceeds the
threshold level until when the gate is completely open.
Gate Release (Release) 1-100 Sets the time from when the hold time has elapsed until the "
sound is completely muted.
Gate Hold Time (Hold Time) 1-100 Sets the time from when the input falls below the threshold
level untit when the release begins.
Mode (Gate Mode) Gate, Duckn Sets the gate operation type.

3 BAND EQ (Equalizer)

Sw (Switch) On, Off Tums the equalizer on or off.

Hi Gain (High Gain) -12-+12dB Sets the boost/cut amount in the high frequency band.

Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.

Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. "1

Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).

Mid Gain (Middle Gain) -12-+12dB Sets the boost/cut amount in the middle frequency band.

Mid Freq (middie frequency) 200-8000 Hz Sets the center frequency in the middle frequency band.

Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middle frequency that
will be affected by the gain settings.

Lo Gain (Low Gain) -12- +12dB Sets the boost/cut amount in the low frequency band.

Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band.

Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that
will be affected by the gain settings. *1

Lo Type {Low Type) Shelv, Peak Sets the type of the low frequency. band equalizer
(shelving type or peaking type).

Output Level (Output Level) 0-100 Sets the volume after passing through the equalizer.

*1: 1f Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or HighQ
is invalid.

®
Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Equalizer (p. 236), Reverb (p. 244),
HPF (p. 238), LPF (p. 239)

w
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Space Chorus

This is a chorus effect simulating Roland SDD-320. The effect to be changed can be reproduced by turning the four
buttons 1 to 4 on or off.

Input L Output L
Input R Output R
Parameter (full name) Setting Function
Space Chorus: Adds a chorus effect simulating SDD-320.
Sw (Switch) On, Off Turns the space chorus on or off.
Mix Bal (Mix Balance) 0-100 Sets the volume balance between the chorus sound and
the direct sound.
Mode (Space Mode) 1,2, 3,4, 1+4, 2+4, 3+4  Sets the chorus variation style.
Input Mode (Input Mode) Mono, Stereo Specifies whether the input signal is stereo or mono.

,

®
Chorus (p. 233)

Wi
Lo-Fi Process (Lo-Fi Processor)

This allows you to create a “lo-fi” sound by lowering the sample rate and/or decreasing the number of bits.

Inout L s S R S R T o1 T 8

nputt Lo-Fi ' .| Realtime © | Noise : _
‘ Processor Lo "1 Modify Filter .+ | Suppressor ! v
L Lo-Fi Co Realtime + | Noise | _
: Processor B Modify Filter + ., | Suppressor i w

InputR Vo Vo ‘Output R

é Creating lo-fi sounds

Follow the steps below to create lo-fi sounds essential to dance music including hip-hop and DJ music.
Lo-fi Processor
e Turn Pre Filter and Post Filter off. This provides powerful lo-fi sounds containing digital distortion.

¢ Set Rate and Bit to relatively low values. Note, however, an excessively low value for Bit may cause big
noise even in the silent mode. In that case, increase Threshold (Thresh) of Noise Suppressor.

Realtime Modify Filter

¢ Increase resonance to add a twist to the sound. Note that excessive resonance may cause oscillation.
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Parameter (full name) Setting - Function
Lo-Fi Processor: Creates lo-fi sounds.
Sw (Switch) On, Off Turns the lo-fi processor on or off.
Effect Level (Effect Level). 0-100 Sets the volume of the lo-fi sound.
Direct Level (Direct Level) 0-100 Sets the volume of the direct sound.
Rate (Rate) Oft, 1/2 - 1/32 Sets the sample rate.
Set Rate to “Off" if no change is desired.
Bit (Bit) Off, 15 bits - 1 bit Sets the number of bits in data.
Set Bit to "Off” if no change is desired. o
PreFilt (Pre Filter Switch) On, Off Turns the filter to reduce digital distortion on or off. 3 g
PstFilt (Post Filter Switch) On, Off Turns the filter to reduce digital distortion due to § 3
modification to lo-fi sounds on or off. ne
Realtime Modify Filter: Creates sounds with a twist. ?g
Sw (Switch) On, Off Turns the realtime modify filter on or off.
Gain (Gain) 0-24 dB Sets the volume of the realtime modify filter.
Cutoff Freq (Cutoff Frequency) 0-100 Sets the cutoff frequency.
Reso (Resonance) 0-100 Enhances the frequency components around cutoff
frequency.
Type (Type) LPF, BPF, HPF Sets the filter type.
Noise Suppressor: Mutes noise in the silent mode.
Sw (Switch) On, Oft Turns the noise suppressor on or off.
Thresh (Threshold) 0-100 Sets the level to start muting noise.
Release (Release) 0-100 Sets the time over which the volume will drop to O after the

noise starts being muted.

2

[ J
Lo-Fi Processor (p. 239), Realtime Modify Filter (p. 243), Noise Suppressor (p. 240), LPF (p. 239), BPF (p. 233),
HPF (p. 238), Resonance (p. 243)
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4
»
3

ParametricEQ (4-Band Parametric Equalizer)

This is an equalizer that can freely change the cutoff frequency or the band width (Q). With this equalizer, you

can create sounds with subtlety.

Input A

Link

: 4Band EQ A '

' Output A

rCutting noise.

4-Band Parametric Equalizer can freely change the cutoff frequency or the band width (Q) at four points, that is,

in the high, high middle, low middle and low frequency bands.

Capitalizing on this feature, you can precisely capture the point where any noise or howling is occurring,. To find
such point, the first step is to increase the gain for easier identification of sound variation and move the cutoff
frequency little by little. Then, perform filtering by sharpening “Q.”

Controlling Channels A and B separately

\.

Setting Link On enables simultaneous control on the 4-Band Parametric Equalizer via Channel B according to the

settings on the Channel A side. To control Channels A and B separately, turn Link off.

Parameter (full name)

Setting

Function

Link:

Makes Channel B follow the settings for Channel A.

Link (Link Switch)

On, Off

Specifies if Channel B follows or does not follow the
settings for Channel A.

4 Band EQ A/4 Band EQ B (4 Band Parametric Equalizer): Parametric equalizer with four bands.

156

Sw {Switch) On, Oft Turns the parametric equalizer on or off.

Input Level (Input Level) -60- +12 dB Sets the overall volume before passing through the equalizer.

Hi Gain (High Gain) -12—-+12dB Sets the boost/cut amount in the high frequency band.

Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.

Hi Q (High Q) 0.3-10 Sets the width of the area around the high frequency that
will be affected by the gain settings. *1

Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).

High Mid Gain (High Middle Gain) -12- +12dB Sets the boost/cut amount in the high middle frequency band.

Hi Mid Freq (High middle frequency) 200-8000 Hz Sets the center frequency in the high middle frequency band.

Hi Mid Q (High Middle Q) 0.3-10 Sets the width of the area around the high middle frequency
that will be affected by the gain settings.

Low Mid Gain (Low Middle Gain) -12- +12dB Sets the boost/cut amount in the low middle frequency band.

Lo Mid Freqg (Low middle frequency) 200-8000 Hz Sets the center frequency in the low middie frequency band.

Lo Mid Q (Low Middie Q) 0.3-10 Sets the width of the area around the Low middie frequency
that ill be affected by the gain settings.

Lo Gain {Low Gain) -12-+12dB Sets the boost/cut amount in the low frequency band.

Lo Freq (low frequency) 20 - 2000 Hz Sets the center frequency in the low frequency band.

Lo Q (Low Q) 0.3-10 Sets the width of the area around the low frequency that
will be affected by the gain settings. "1

Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer
(shelving type or peaking type).

Output Level (Output Level) -60- +12dB Sets the overall volume after passing through the equalizer.
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*1: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

v

Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Parametric Equalizer (p. 241)

Graphic EQ (10-Band Graphic Equalizer)

This Equalizer sets the boost/cut amount by each segment of the frequency divided into ten bands. In performing
PA at a live, this feature is useful to prevent howling by cutting the site-specific resonance frequency.
fig.08-57

i . .

Preventing howling
While performing PA at a live, follow the steps below to prevent howling. First, identify the site-specific
resonance frequency to cut its gain.

Controlling Channels A and B separately
Setting Link On enables simultaneous control on the 10-Band Parametric Equalizer via Channel B according to
the settings on the Channel A side.

To control Channels A and B separately, turn Link Off. p

Parameter (full name) Setting Function
Link: Makes Channel B follow the settings for Channel A.
Link (Link Switch) On, Off Specifies if Channel B follows or does not follow the

settings for Channetl A.

10 BAND EQ ch A/10 BAND EQ ch B (10-Band Graphic Equalizer): Simulates a 10-band graphic equalizer.

Sw (Switch) On, Off Turns the parametric equalizer on or off.

INPUT LEVEL (Input Level) -60-+15dB Sets the overall volume before passing through the
equalizer.

OUT LEVEL (Output Level) -60- +15 dB Sets the overall volume after passing through the equalizer.

31.2- 16 k (Gain) -15- +15dB Sets the boost/cut amount at the respective frequencies.

NEMD

¢ To switch the band, turn the V3 (BAND) knob, or press [F3] (BAND-) or [F4] (BAND+).
e When returning the input level, the output level, and the gain of each band to 0, press [F2] (ALL RST).
*  When returning the gain of the band selected currently to 0, press [F5] (RESET).

?

e
Graphic Equalizer (p. 237)
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'y
1651 Hum Canceler

Eliminates annoying hum (or “surge” sounding “boon”).

inputA Lo Nowe ‘Output A
- > — i s
——-—-—-:-> Hum Canceler T Suppressor ;
; : Noise .
. > EaE—
-———-:—~> Hum Canceler ;= Suppressor "
InputB . Lo 'Output B
4 . A
Removing hum ,
Hum is a noise with a certain low frequency. Hum is generated mostly due to ingression of part of alternating
current into signals as alternating current is converted into direct current in the power circuit. Sets Frequency
(Freq) to that according with the frequency of the power source (50 Hz/60 Hz), and hum with that frequency and
frequencies of its multiples can be removed.
Range Lo and Rage Hi can be used to specify the frequency band of hum to be removed.
\, S
Parameter (full name) Setting Function
Hum Canceler: Removes hum.
Sw (Switch) On, Off Turns the hum canceler on or off.
Freq (Frequency) 20.0-800.0 Hz Sets the frequency of hum to be removed.
Width (Width) 10-40% Sets the width of the filter which will remove the hum.
Depth (Depth) 0-100 Sets the depth of the filter which will remove the hum.
Thresh (Threshoid) 0-100 Sets the level at which the hum is to be removed.
Range Lo (Range Low) Unlimit, 20 - 2000 Hz  Sets the lower limit of the frequency of hum to be removed.
. "1
Range Hi (Range High) 1.0 - 20.0 kHz, Unlimit Sets the upper limit of the frequency of hum to be removed.
2
Noise Suppressor: Mutes noise in the silent mode.
Sw (Switch) On, Off Turns the noise suppressor on or off.
Thresh (Threshold) 0-100 Sets the level to start muting noise.
Release (Release) 0-100 Sets the time over which the volume will drop to 0 after the

noise starts being muted.

Ol

,
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*1: Setting to “Unlimit” means that the frequency that can be played back on this unit is the lower limit.

*2: Setting to “Unlimit” means that the frequency that can be played back on this unit is the upper limit.

Noise Suppressor (p. 240), Hum Canceler (p. 238)
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Vocal Canceler

When a stereo source is being input from CD or DAT and so on, this cancels the sound which is located in the
stereo center, such as the vocal or bass.

! . Output L

3BAND EQ
3BAND EQ

e \Output R

Input L
R —

Vocal Canceler

Input R

e

Depending on the music source, sounds that vou do not wish to be canceled may be canceled as well. In
particular if the musical source has heavy reverb or if the sound that you wish to delete is not located in the
center, the vocal canceler may not produce the desired result.

T
o
3
=
m
=
o
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Canceling the vocals alone
Vocal Canceler cancels the sound located in the center. That means it cancels sounds such as the bass and sounds
of the lead instrument along with vocal sounds. To cancel vocals only to create music for karaoke, for example,
set Range Lo to around 100 Hz and Range Hi to around 1 kHz.

Parameter (full name) Setting Function
Vocal Canceler: Cancels sounds located in the center such as vocals and the bass.

Sw (Switch) On, Off Turns the vocal canceler on or off.

Range Lo (Range Low) Unlimit, 20 - 2000 Hz  Sets the lower limit of the frequency band to be canceled.
*1

Range Hi (Range High) 1.0 - 20.0 kHz, Unlimit Sets the upper limit of the frequency band to be canceled.
2

Balance {Balance) 0-100 If the sound that you wish to cancel is not located in the

center, find the point at which it is most effectively cancelled.

3 BAND EQ (Equalizer)

Sw {Switch) On, Off Turns the equalizer on or off.

Hi Gain (High Gain) -i2-+12dB Sets the boost/cut amount in the high frequency band.

Hi Freq (high frequency) 1.4-20.0 kHz Sets the center frequency in the high frequency band.

Hi Q (High Q) 0.3-10.0 Sets the width of the area around the high frequency that
will be affected by the gain settings. *3

Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).

Mid Gain (Middie Gain) -12- +12dB Sets the boost/cut amount in the middle frequency band.

Mid Freq (middle frequency) 2008000 Hz Sets the center frequency in the middle frequency band.

Mid Q (Middle Q) 0.3-10.0 Sets the width of the area around the middle frequency that
will be affected by the gain settings.

Lo Gain {Low Gain) -12—-+12dB Sets the boost/cut amount in the low frequency band.

Lo Freq (low frequency) 20-2000 Hz Sets the center frequency in the low frequency band.

Lo Q (Low Q) 0.3-10.0 Sets the width of the area around the low frequency that
will be affected by the gain settings. *3

Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer

(shelving type or peaking type).

Output Level (Output Level) 0-100 Sets the volume after passing through equalizers.
= Continued...

S —
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O

*1: Setting to “Unlimit” means that the frequency that can be played back on this unit is the lower limit.
*2: Setting to “Unlimit” means that the frequency that can be played back on this unit is the upper limit.

*3: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Vocal Canceler (p. 247),
Equalizer (p. 236)
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L5

Ly
) Voice Transformer

You can convert male voice into female voice, female voice into male voice, and human voice into mechanical
voice to create sounds of various qualities by controlling the base pitch and the formant separately.

input L
v Qutput L
D> Tanstomer [—L_Rever> ]
\“J " | Transformer m::
Output R
input R
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*  Voice Transformer can be used only with FX-1, FX-3, FX-5 and FX-7.

*  When inputting voice, use voice of one person only. Inputting voices of more than one person disables normal
operation.

*  Be sure that sound from a speaker does not enter the microphone you are using. This will have the same effect
as if several voices were input to the unit.

* A undirectional microphone is recommended for use. It is also recommended that the person should speak
standing as close to the microphone as possible.

Parameter (full name) Setting Function
Voice Transformer: Creates various voice characters.

Sw (Switch) On, Off Turns Vocal the transformer on or off.

Robot (Robot) On, Off When this is on, the audio will be output at a fixed pitch
regardiess of the pitch that is input.

Mix Bal (Mix Balance) 0-100 Sets the volume balance between the output voice and the
input voice.

Pitch Cromatic (Chromatic Pitch) -12-+12 Sets the pitch variation of the voice to be output (by
semitone).

Pitch Fine (Fine Pitch) -100-100 Sets the pitch variation of the voice to be output (by cent).

Formant Cromatic (Chromatic Formant) -12- +12 Sets the formant variation of the voice to be output (by
semitone).

Formant Fine (Fine Formant) -100- +100 Sets the formant variation of the voice to be output (by
cent).

Rev (Reverb): Adds reverberation.

Sw (Switch) On, Off Turns the reverb on or off.

Effect Level (Effect Level). 0-100 Sets the volume of the reverb sound.

Time (Reverb Time) 0.1-32.0 sec Sets the length (time) of the reverb sound.

Pre-Delay (Pre-Delay) 0-200 ms Sets the time until the reverberation appears.

Density (Density) 0-100 Sets the density of the reverb sound.

,

[ J
Formant (p. 237), Reverb (p. 244)
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b

P Vocoder 2 (19)

This is a 19-band vocoder. Provides clear sounds that used to be impossible with the previous vocoders.

Input L

(Instrument) Output L
VOCODER D ¥ 51 Chorus

Input R(Mic) A Output R

Noise
Suppressor

Instrumental sounds are input into the L channel side of Effect. Therefore, it is required to insert-connect “Lch”
of Effect to the channel handling instrumental sounds. Similarly, vocal sounds are input into the R channel side
of Effect. Insert-connect “Rch” of Effect to the channel handling vocal sounds.

Vocoder?2 can be used only with FX-1, FX-3, FX-5 and FX-7.

7

Difference between Vocoder and Vocoder 2

Compared to Vocoder, Vocoder 2 has a significant number of frequency bands as points. It also makes it possible
to make fine adjustment including adjustment of the input sensitivity of the microphone and location of sounds
as well as setting the input level for instrumental sounds and removing noise. Al this yields clear human voices.

“Envelope” for defining sound characteristics

162

Each sound has its own envelope. An envelope gives characteristics to the sound and functions as a significant
factor for the human ear to distinguish different sound types. On Vocoder 2, you can use Envelope to give the
following characteristics.

Sharp: Enhances human voice.
Soft: Enhances instrumental sound.
Long: Vintage sound with long reverberation.

Sound location
Pan Mode (PanMode) can be used to specify how Vocoder sounds should be located.

Mono: Locating in the middle.
Stereo: Stereo (Odd-number frequencies are located to the left and even-number frequencies to
the right.)

Sounding instrumental sounds with the formant fixed

While inputting voice through the microphone, instrumental sounds can be sounded at the same vocal formant.
For example, when saying “a-i-u-e-0” into the microphone, set “Hold” On at the moment the speaker is on the

e

“i” sound to issue an instrumental sound with the formant of the “i” sound.
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Parameter (full name) Setting Function

Vocoder: The pitch is specified as in the instrumental sound while the tone is output in
the human voice.
Character Cht - 19

(Voice Character Channels 1 - 19) 0-100 Sets the tone of the vocoder.

Syninput level (Synthesizer In Level) 0-100 Sets the input level of the instrumental sound.

MicSens (Microphone Sensitivity) 0-100 Sets the input sensitivity of the microphone.
Microphone Mix level (Microphone Mix) 0-100 Sets the amount of the sound after passing through the

microphone HPF should be mixed into the Vocoder output.

Q
Microphone PAN (Microphone Pan) L63-R63 Sets the panning of vocal sounds through the microphone. 55
Microphone HPF Freq (Microphone HPF) Thru, 1.0-20.0 kHz Sets the frequency at which HPF on the vocal sounds % ‘i
through the microphone starts taking effect. mc
Sets this to “Thru” if HPF is not desired. T é
Envelope (Envelope) Sharp, Soft, Long Defines characteristics of the sound. ? e
PanMode (Pan Mode) Mono, Stereo Defines how the sound is located.
Hold (Hold) On, Off Specifies that an instrumental sound is or is not issued with
the formant fixed.
Noise Suppressor Threshold 0-100 Sets the volume to start muting noise on the instrumental
sound input.
Chorus: Adds spaciousness and depth to the sound.
Sw (Switch) On, Off Turns the chorus on or off.
Rate (Rate) 0.1-10.0 Hz Sets the rate of modulation.
Depth (Depth) 0-100 Sets the depth of modulation.
Pre-Delay (Pre-Delay) 0-50 ms Sets the time delay from when the direct sound begins until

the chorus sound is heard.

Mix Bal (Mix Balance) 0-100 Sets the volume balance between the chorus sound and
the direct sound.

MEMD

» To switch the Voice Character Channels 1-19, turn the V1 (BAND) knob, or press [F1] (BAND-) or [F2] (BAND+).

?

Chorus (p. 233), Vocoder (p. 247), HPF (p. 238)
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%

MicSimulator (Microphone Simulator)

This modifies sound that was recorded by a conventional dynamic mic, lapel mic or direct line, causing it to sound
as though it had been recorded by an expensive condenser mic or a special studio mic. The mic simulator can add

effects of proximity or distance.

\ Output A
| MiiC ConveﬁerA‘——P{ BassCut A }-—>‘ Distance A J——»{ Limiter A }»———*

: I
! \ Link .
: } Mic Converter B I——P{ Bass Cut BJ——»I Distance B }—»I Limiter B l———-—-—-——»

InputB | ' Output B

4 . . .
Selecting the microphone used for recording.
Input of Mic Converter selects the type of microphone to be used recording.
DR-20: Roland DR-20 (dynamic microphone from Roland)
SmiDy: Small Dynamic Microphone (dynamic microphone used for instruments and vocal)
HedDy: Head-worn Dynamic Microphone (headset-type dynamic microphone)
MinCn: Miniature Condenser Microphone (very small condenser microphone)
Flat: Line input

Microphone types that can be simulated
The characteristics of the low-end general-purpose microphone are converted into the characteristics of the high-
end microphone for studio application. You can add sound quality changes to already recorded sounds just as if
a different type of microphone were used or if they were recorded at a different distance. In addition, it is possible
to add microphone characteristics to line-recorded instrumental sounds. These characteristics can be set up by
selecting the relevant value for Out of Mic Converter.

SmlDy:  Dynamic microphone for general musical instruments and vocal sounds. Ideal for a guitar
amplifier and snare drums.

VocDy:  Dynamic microphone for standard vocal sounds. Characterized in middle frequency band sounds
with tension. Suited for vocal.

LrgDy:  Dynamic microphone with a extended low frequency band. For bass and tom drums.

SmICn:  Small condenser microphone for musical instruments. Characterized in bright high frequency
band sounds. For metal percussion and acoustic guitars.

LrgCn:  Condenser microphone with flat characteristics. For vocal, narration and live musical instruments.

VntCn:  Vintage condenser microphone. For vocal and live musical instruments.

Flat: Microphone with flat frequency response. For removing peculiarity of the microphone used for
recording sounds.

* When a condenser-type mic is selected in OUT, low-range noise transmitted through the mic stand may be
accentuated due to the mic's low range characteristics. In such instances, cither cut out any unnecessary low end
with bass cut filter, or equip the mic stand with an isolation mount (a mic holder with rubber or other shock
absorbing material).

Proximity effect of microphone

In nature, a microphone tends to extend the low frequency band characteristics when placed close to the sound
source. This is called proximity effect. This effect can be simulated in Proximity Effect (Prox-Efect). Set the
parameter to a positive (+) value for a shorter distance to the sound source and a negative (-) value for a longer
distance to the sound source. Time of Distance simulates the time difference due to distance from the sound

source.

Controlling Channels A and B separately

Setting Link On enables simultaneous control on the 4-Band Parametric Equalizer via Channel B according to the
\ settings on the Channel A side. To control Channels A and B separately, turn Link Off. y

5
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Parameter (full name) Setting Function
Link: Channel B follows the settings for Channel A.
Link (Link Switch) On, Off Specifies if Channel B follows or does not follow the
settings for Channel A.
Mic Converter A/B: Converts the characteristics of the low-end general-purpose microphone into
the characteristics of the high-end microphone for studio application.
Sw (Switch) On, Off Turns the microphone converter on or off.
Input (input) See the column on
the previous page. Sets the microphone type used for recording. 0
Output (Output) See the column on %‘%
the previous page. Sets the microphone types to be simulated. i
Phase (Phase) Norm, Inv Sets the microphone phase. %g
7=
BassCut A/ (Bass Cut Filter): Cuts off undesired low frequency band sounds such as pop noise. s
Sw (Switch) On, Off Turns the bass cut filter on or off.
Freq (Frequency) Thru, 20 - 2000 Hz Sets the frequency for cutting off undesired low frequency
band sounds such as pop noise.
Distance A/B: Simulates the frequency characteristics and time difference due to distance
difference.
Sw (Switch) On, Off Turns the distance on or off.
Prox-Efect (Proximity Effect) -12- +12 Corrects the low frequency band characteristics due to the

distance from the sound source.

Time (Time) 0-3000 cm Simulates the time difference due to the distance from the
sound source.

Limiter A/B: Prevents distortion by suppressing signals at high levels.
Sw (Switch) On, Oft Turns the limiter on or off.
Thresh (Threshold) -60-0 dB Sets the volume level to start suppressing excessive input.
Attack (Attack Time) 0-100 Sets the time from when the input level exceeds the

threshold level to when the effect begins to apply.

Release (Release Time) 0-100 Sets the time from when the input level drops below the
threshold level to when the effect ceases to apply.

Detect HPF (Detect HPF Frequency) Thru, 20 - 2000 Hz Normally, sets “Thru"”.
Sets the cutoff frequency of the level detection section.

Output Level (Output Level) -60- +12 dB Sets the volume of the compressor sound.

,

[ ]
Microphone Converter (p. 239), Bass Cut Filter (p. 233), Distance (p. 235), Limiter (p. 238)
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ﬂ 3Bndisolater (3-Band Isolator)

Sharply cuts off components by frequency band to eliminate undesired sounds. Useful to eliminate undesired
sounds and take out only specific sounds from a CD. Isolator can make sounds completely perish, unlike ordinary
equalizers that leave some sounds even with the gains of the respective frequency bands set to the minimum.

InputL ! 3 Band ' Output L
' Isolater L .
. 5| 3Band ' .
. Isolater R :
InputR 'Output R
o w
Muting the bass
Set up as follows to eliminate low frequency band sounds such as bass sounds.
Anti-phase Low Mix Switch (Lo-Mix Sw): On
Anti-phase Low Level (AntiPhase Lo Level): Relatively high
Muting vocals
Set up as follows to eliminate middle frequency band sounds such as vocal sounds.
Anti-phase Middle Mix Switch (Mid-Mix Sw): ~ On
Anti-phase Middle Level (AntiPhase Mid Level): Relatively high
Muting noise
Identify the frequency band of the noise and set the relevant Level (Lo Level, Mid Level or Hi Level) to -60 dB. py

Parameter (full name) Setting Function

Isolator (3-band Isolator): Divides the input sound into three frequency bands to abstract or eliminate the

sound.

Sw (Switch) On, Off Turns the 3-band isolator on or off.

Lo-Mix Sw (Anti-phase Low Mix Switch) On, Off Mutes or leaves the low frequency band sound.

Mid-Mix Sw (Anti-phase Middle Mix Switch) On, Off Mutes or leaves the middle frequency band sound.

Lo Level (Low Level) -60— +4 dB Increases or decreases frequency bands in the low
frequency band.

Mid Level (Middle Level) -60- +4 dB Increases or decreases frequency bands in the middie
frequency band.

Hi Level (High Level) -60—- +4 dB Incr or decr frequency bands in the high
frequency band.

AntiPhase Lo Leve! (Anti-phase Low Level) 0-100 Sets the amount of the low frequency band sound should
be muted.

AntiPhase Mid Level (Anti-phase Middle Level) 0-100 Sets how much of the middie frequency band sound should
be muted.

,

[ ]
Isolator (p. 238)
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J’}j.l TapeEcho201

Simulates the tape echo section of the Roland RE-201 Space Echo. Capable of reproducing very subtle behavior at
the measuring instrument level as well as adding subtle changes in pitch due to deterioration of the tape or
inconsistency in tape rotation

Input L Output L
—] ——
TapeEcho201
| —
Input R Output R

About replay head

RE-201 is equipped with three heads for creating sounds with different delay times (short, middle and long delay
sounds). A desired combination of heads for use can be selected with Mode Selector (Mode).
In addition, separate panning features for the three replay heads not included in RE-201 are added.

5
)
L
g
9—

ay) Buisn g saideyd

Parameter (full name) Setting Function

Tape Echo 201: Simulates the tape echo section of the Roland RE-201 Space Echo.
Sw (Switch) On, Off Turns the tape eche on or off.
Mode (Mode Selector) 17 Selects a combination of the three replay heads.
Repeat Rate (Repeat Rate) 0-100 . Sets the tape speed.
Intensity (Intensity) 0-100 Sets the number of repeated the delay sound.
Tone Bass (Tone Bass) -100- +100 Sets the low frequency band tone of the tape echo sound.
Tone Treb! (Tone Treble) -100- +100 Sets the high frequency band tone of Tape Echo sound.
Pan Head-S Level (Pan Head S) L63-R63 Sets the pan settings for the short delay playback head.
Pan Head-M Level (Pan Head M) L63-R63 Sets the pan settings for the middle delay playback head.
Pan Head-L Level (Pan Head L) L63-R63 Sets the pan settings for the long delay playback head.
Tape-Dist (Tape Distortion) 0-100 Adds tape-specific distortion.
Effect Level (Effect Level). 0-100 Sets the volume of the tape echo sound.
Direct Level (Direct Level) 0-100 Sets the volume of the direct sound.
Wah-Flutter Rate (Wah-Flutter Rate) 0-100 Sets the fluttering rate of pitch due to deterioration of the

tape or inconsistency in the rotation.

Wah-Flutter Depth (Wah-Flutter Depth) 0-100 Sets the fluttering depth of pitch due to deterioration of the

tape or inconsistency in the rotation.

,

®
Tape Echo (p. 246)
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TR

-~

7%y AnalogFilnger (Analog Flanger)

Simulates Roland SBF-325 Analog Flanger. Provides three types of flanger effects as well as chorus-like effect.

InputL , Output L
N Analog . >
' Flanger L .
Analog '
. Flanger R '
InputR 'Output R
~ A
Types of Flanger Effect
Analog Flanger provides a variety of flanger effects or chorus effects. Selecting the desired flanger effect type in
Mode.
FLIL: General monaural flanger
FL2: Stereo flanger that allows stereo location of the direct sound to take effect.
FL3: Cross mix flanger that provides more powerful effect
CHO: Chorus effect
\. v,
Parameter (full name) Setting Function
Analog Flanger: Simulates SBF-325 Analog Flanger.
Sw (Switch) On, Off Turns the analog flanger on or off.
Modulation Freq (Modulation Frequency) 0-100 Sets the center frequency subject to application of the
flanger effect.
Modulation Rate (Modulation Rate) 0-100 Sets the flanger's modulation rate.
Modulation Depth (Modulation Depth) 0-100 Sets the depth of the flanger modulation.
Feedback Level (Feedback Level) 0-100 Sets the amount of the delayed sound should be returned
to the flanger input. 1,2
Mode (Mode) FL1, FL2, FL3, CHO *  Sets the type of flanger effects. .
ChB Inv (Channel B Inverse) On, Off “On” indicates that the Flanger effect on Channel B should
be inverted. “Off" indicates that it should not be inverted.
Mix A Inv (Mix A Inverse) On, Off “On” indicates that the phase shouid be inverted for mixing
Channel A Flanger sound into the direct sound.
“Off” indicates that the phase should not be inverted.
Mix B Inv (Mix B Inverse) On, Off “On” indicates that the phase should be inverted for mixing

Channel B Flanger sound into the direct sound.
“Off" indicates that the phase should not be inverted.

*1: This feature is disabled when Mode is set to “CHO.”

*2: Excessively large values may cause oscillation.

?

®
Feedback (p. 236), Flanger (p. 236)
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ORG
%}ﬁ AnalogPhaser

Two units of analog phasers are placed in parallel to accommodate stereo sounds. Surges unique to Phaser is
created by adding sounds with the phase shifted periodically.

Input L . Output L
Analog )
; Phaser L ,
. Analog :
' Phaser R ' )
inputR 'Output R 5B
R ERLLIETTFRPRE - e%
I
¢ ™\ G
Number of stages of Phaser £a
As the number of sages of Phaser increases, the number of frequency points suppressed increases as well, ®
generating sharper effect.
Level
' 4 stage
> Frequency
Level
4R 8 stage
> Frequency
b, .
Parameter (full name) Setting Function
Analog Phaser: Two units of analog phaser are placed in parallel to accommodate stereo
sounds.
Sw (Switch) On, Off Turns the analog phaser on or off.
8STAGE (8 Stage) On, Off Sets the number of stages of phaser
(On: 8stage, Off: 4Stage).
LFO1/2 Rate (LFO1/2 Rate) 0-100 Sets the phase effect cycle length.
LFO1/2 Depth (LFO1/2 Depth) 0-100 Sets the depth of the phase effect cycle.
LFO1/2 ChB Inv (LFO1/2 Channel B inverse) On, Off “On” indicates that the surge phase should be inverted and
“Off” indicates that it should not be inverted.
Reso (Resonance) 0-100 Enhances frequency components at around the center
frequency set with Frequency. ’
Freq (Frequency) 0-100 Sets the center frequency to which the phase effect is
applied.

>

[
Phaser (p. 242), Resonance (p. 243)
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Speaker Modeling

Models a variety of speaker characteristics ranging from those of high-end professional monitor speakers used as
the standard at studios around the world to those of speakers of small-sized TV sets and portable radios.

! ! Output L

: BassCut Frqu—*,—-:—b-{ Lo Freq Trim l—‘-—j-»( Hi Freq Trim J—-;—-—»-[ Limiter ’-——-—-»

'
‘ '
.

.

: .
: '
.

[
'
«

: BassCut Freq ].__.._..[ Lo Freq Trim I——-—‘—P{ Hi Freq Tim H Limiter J—.-—————>

Qutput R

'
'

Speaker Modeling is adjusted so that its optimal effect is achieved when a Roland Powered Monitor DS-90 is
used in digital connection. Its effect may not be fully achieved with other types of speakers.

rSgeaker types applicable for modeling

The characteristics of the following types of speakers can be modeled. Set the desired type for Model.

THRU: No modeling is to be performed.

Super FLAT: DS-90 is corrected by modeling to produce wider-range and untwisted sounds.

Pwd GenBlk: Typical model of powered monitor (two-way type, the woofer diameter = 170 mm (6-1/
2 inches))

Pwd E-Bas: Powered monitor characterized in delightful sound quality

Pwd Mack: Powered monitor characterized in well-extended low frequency band sounds

Small Cube: Small-sized full-range speaker widely used in recording studios

White Cone: Enclosed-type two-way speaker widely used in recording studios, characterized in
white woofers.

WhiteC +Tisue: Mild sounds from “White Cone” Tweeter covered with tissue paper

Small Radio: Pocket-type small-sized radio

Small TV: Speaker attached to the 14-inch TV set

Boom Box: Radio cassette recorder

B-Box LBoost: Radio cassette recorder with the low frequency band enhanced

Pwd SR: The US-made powered speaker widely used at concerts

Pwd SR Stack: Sounds simulating “Powered SR” equipped with additional sub-woofers.

* Use “THRU" for clear comparison between sounds with and without modeling.

Selecting speakers that actually generate sounds

Speakers are specifically designed to generate sounds with respective characteristics. Therefore, it is likely that
the expected effect cannot be achieved if the speakers actually used to generate sounds and the modeled speakers
are considerably different in characteristics. This is the reason for specifying the speaker actually used to generate
sounds with Output Speaker. This assures that the characteristics of the modeled speaker are extracted as much
as possible.

DS-90: Roland Powered Monitor “DS-90”
MS-50: Roland Monitor Speaker “MS-50"
SST-151: Roland Speaker System “SST-151"
SST-251: Roland Speaker System “SST-251"
151+351: S5T-151 and Roland Sub-Woofer “SSW-351"
251+351: S5T-251 and Roland Sub-Woofer “SSW-351"
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Parameter (full name) Setting Function

SP Modeling (Speaker Modeling): Selects the speaker subject to characteristics modeling.

band sounds such as pop noise.

Model (Model) See the column on
the previous page. Specifies the type of the speaker subject to characteristics
modeling.
Output Speaker (Output Speaker) See the column on
the previous page. Specifies the speaker actually generating sounds.
Phase (Phase) NRM, INV Sets the phase of the speaker. “NRM” for the same phase,
and “INV” for the inverted phase.
. . . Q
BassCut Freq (Bass Cut Filter): Cuts off undesired low sounds such as pop noise. B
Sw (Switch) On, Off Turns the bass cut filter on or off. i
Freq (Frequency) Thru, 20 - 2000 Hz Sets the frequency for cutting off undesired fow frequency &
a

Lo Freq Trim (low frequency Trimmer): Adjusts the low frequency band sounds.

Sw (Switch) On, Off Turns the low frequency trimmer on or off.
Gain (Gain) -12- +12dB Sets the boost/cut amount.
Freq (Frequency) 20-2000 Hz Sets the center frequency of the trimmer.

Hi Freq Trim (high frequency Trimmer): Adjusts the high frequency band sounds.

Sw (Switch) On, Off Turns the high frequency trimmer on or off.
Gain (Gain) -12—- +12dB Sets the boost/cut amount.
Freq (Frequency) 1.0-20.0 kHz Sets the center frequency.
Limiter: Prevents distortion by suppressing signals at high levels.
Sw (Switch) On, Oft Turns the limiter on or off.
Level (Level) -60- +24 dB Sets the volume after passing through the limiter.
Thres (Threshold) -60-0 dB Sets the volume at which the limiter starts working.
Release (Release) 1-100 Sets the time from when the input level drops below the

threshold level to when the effect ceases to apply.

,

®
Speaker Modeling (p. 245), Bass Cut Filter (p. 233), Low frequency trimmer (p. 239),

High frequency trimmer (p. 238), Limiter (p. 238)
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<sw Mastering Tool Kit

This Kit is a compressor that splits sounds into different frequency band to unify their volumes. With this feature,
you can perform mastering at the optimized level when mixing down into an MD or a CD or when producing
your original audio CD using the CD-R disk.

H
R Vmm e R Expander Compressor P ——— R '
input L * o ' ! Ve 1 Output L
]

Enhancer Expander H Compressor Limiter

Expander H Compressor

Expander Compressor

Expander H Compressor Mixer Limiter = QOutput

, Output R
Expander I—»{ Compressor

'
‘
'
)
'
'
'
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Mastering Tool Kit can be used only with FX-1, FX-3, EX-5 and FX-7.

(" Effect of “Detect Time” under Input h
With ordinary compressors, a moment of delay occurs to suppress a level over instance after it has been detected.
With this algorithm, this problem is bypassed by using the input sound only for level detection and adding a
specified length of delay to the sound for processing and output. “Detect Time” under Input is the setting of the
delay time for this purpose. Note that supplying Detect Time causes time difference between input and output of
audio signals, requiring due considerations if used for operations other than mastering (ex. channel insertion).

Splitting into frequency bands
To'splxt into 'high., middle af’\d low'freq}xency' bal?ds, l.dow Split Level L-SplitP H-SplitP
Point (LoSplit Point) and High Split Point (HiSplit Point) under a . .
Input are used to specify frequencies. : :
Low >,< Mid >< High
' ' Freq
Y .
Parameter (full name) Setting Function
4 Band EQ (Equalizer)
Sw (Switch) On, Off Turns the equalizer on or off.
Input Level (Input Level) -30- +15dB Sets the overall volume before passing through the equalizer.
Hi Gain (High Gain) -15—-+15 dB Sets the boost/cut amount in the high frequency band.
Hi Freq (high frequency) 1-20 kHz Sets the center frequency in the high frequency band.
Hi Q (High Q) 0.36-16 Sets the width of the area around the high frequency that
will be affected by the gain settings. *1
Hi Type (High Type) Shelv, Peak Sets the type of the high frequency band equalizer
(shelving type or peaking type).
High Mid Gain (High Middle Gain) -15—- +15dB Sets the boost/cut amount in the high frequency band.
Hi Mid Freq (High middle frequency) 20~20 kHz Sets the center frequency in the high middle frequency band.
Hi Mid Q (High Middle Q) 0.36-16 Sets the width of the area around the high middle frequency
that will be affected by the gain settings.
Low Mid Gain {(Low Middle Gain) -15-+15dB Sets the boost/cut amount in the low middle frequency band.
Lo Mid Freq (Low middie frequency) 20~-20 kHz Sets the center frequency in the low middle frequency band.
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Lo Mid Q (Low Middle Q) 0.36-16 Sets the width of the area around the low middle frequency
that will be affected by the gain settings.
Lo Gain (Low Gain) -15-+15dB Sets the boost/cut amount in the low frequency band.
Lo Freq (low frequency) 20-2.00 kHz Sets the center frequency in the low frequency band.
Lo Q (Low Q) 0.36-16 Sets the width of the area around the low frequency that
will be affected by the gain settings. *1
Lo Type (Low Type) Shelv, Peak Sets the type of the low frequency band equalizer
(shelving type or peaking type).
Output Level (Level) -30- +15dB Sets the overall volume after passing through the equalizer.
BassCut (Bass Cut Filter): Cuts off undesired low frequency band sounds such as pop noise. o
Sw (Switch) On, Off Turns the bass cut filter on or off. gé’.
Freq (Frequency) Thru, 20 - 2000 Hz Sets the frequency for cutting off undesired low frequency % ECD‘
band sounds such as pop noise. § é
[z
Enhancer: Accentuates the sound and push the sound forward. s
Sw (Switch) On, Off Turns the enhancer on or off.
Mix Level (Mix Level) -24- +12dB Set the amount of the enhancer sound to be added to the direct sound.
Sens (Sensitivity) 0-100 Sets the degree of the enhancer effect desired.
Freq (Frequency) 1.0-10.0 kHz Sets the frequency at which the enhancer effect starts working.

Input: Splits the direct sound into three frequency bands, that is, low, middie and high
frequency bands.

Gain (Input Gain) -24—- +12dB Sets the overall volume before entering expander/compressor.

Detect Time (Detect Time) 0-10 ms Sets the length of delay to add to the direct sound input.

LoSplit Point (Low Split Point)  20-800 Hz Sets the frequency at which the direct sound is split into three bands (on the
low frequency band side).

HiSplit Point (High Split Point)  1.6-16 kHz Sets the frequency at which the direct sound is split into three bands (on the
high frequency band side).

Expander: Expands the dynamic range at a certain ratio.

Sw (Switch) On, Off Turns the expander on or off.

Hi Thres (High Threshold) -80-0 dB Sets the volume at which the expander for the high frequency band starts
working.

Hi Ratio (High Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output in the high frequency band is increased
when the input level has dropped below the high threshold level.

Hi Atck (High Attack) 0-100 ms Sets the time until when the high frequency band expander starts working
after the input level dropps below the high threshold level.

Hi Rel (High Release) 50-5000 ms Sets the time until when the high frequency band expander stops working
after the input level exceeds the high threshold level.

Mid Thres (Middle Threshold)  -80-0 dB Sets the volume at which the expander for the middle frequency band starts working.

Mid Ratio (Middie Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output in the middie frequency band is increased
when the input level has dropped below the middle threshold level.

Mid Atck (Middle Attack) 0-100 ms Sets the time until when the middle frequency band expander starts working
after the input level dropps below the middle threshold level.

Mid Rel (Middle Release) 50-5000 ms Sets the time until when the middle frequency band expander stops working
after the input leve! exceeds the middte threshold level.

Lo Thers (Low Threshoid) -80-0 dB Sets the volume at which the expander for the low frequency band starts working.

Lo Ratio (Low Raito) 1:1-16:1, INF:1 Sets the ratio at which the output in the low frequency band is increased
when the input level has dropped below the low threshold level.

Lo Atck (Low Attack) 0-100 ms Sets the time until when the low frequency band expander staris working
after the input level dropps below the low threshold level.

Lo Rel (Low Release) 50-5000 ms Sets the time until when the high frequency band expander stops working

Chapter 8 Using the Internal Effects

after the input level exceeds the low threshold level.

==» Continued...
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Compressor: Compresses the entire output signals when the input volume exceeds a specified value.

Sw (Switch)

On, Oft

Turns the compressor on or off.

Hi Thres (High Threshold)

-24-0 dB

Sets the volume at which the compressor for the high frequency band starts
working.

Hi Raito (High Ratio)

1:1-16:1, INF:1

Sets the ratio at which the output in the high frequency band is suppressed
when the input level has exceeded the high threshold level.

Hi Atck (High Attack)

0-100 ms

Sets the time until when the high frequency band compressor starts working
after the input level has exceeded the high threshold level.

Hi Rel (High Release)

50-5000 ms

Sets the time until when the high frequency band compressor stops working
after the input level has dropped below the high threshold level.

Mid Thres (Middle Threshold)

-24-0 dB

Sets the volume at which the compressor in the middle frequency band
starts working.

Mid Ratio (Middle Ratio)

1:1=16:1, INF:1

Sets the ratio at which the output in the middie frequency band is
suppressed when the input level has exceeded the middle threshold level.

Mid Atck (Middie Attack)

0-100 ms

Sets the time until when the middle frequency band compressor starts
working after the input level has exceeded the middle threshold level.

Mid Rel (Middle Release)

50-5000 ms

Sets the time until when the middle frequency band compressor stops
working after the input level has dropped below the middle threshold level.

Lo Thers (Low Threshold)

-24-0 dB

Sets the volume at which the compressor for the low frequency band starts working.

Lo Ratio (Low Raito)

1:1-16:1, INF:1

Sets the ratio at which the output in the low frequency band is suppressed
when the input level has exceeded the low threshold level.

Lo Atck (Low Attack)

0-100 ms

Sets the time until when the low frequency band compressor starts working
after the input level has exceeded the low threshoid level.

Lo Rel (Low Release)

50-5000 ms

Sets the time until when the low frequency band compressor stops working
after the input level has dropped below the low threshold level.

Mixer: Adjusts the volume by frequency band.
Lo Level (Low Level) -80~ +6 dB Sets the volume in the low frequency band after passing through the
expander and compressor.
Mid Level (Middie Level) -80- +6 dB Sets the middle frequency band volume after passing through the expander
and compressor.
Hi Level (High Level) -80- +6 dB Sets the volume in the high frequency band after passing through the
expander and compressor.
Limiter: Prevents distortion by suppressing signals at high levels.
Sw (Switch) On, Off Turns the limiter on or off.
Thres (Threshold) -24-0 dB Sets the volume at which the limiter starts working.
Attack (Attack) 0-100 ms Sets the time untii when the limiter starts working after the input level has
exceeded threshold level.
Release (Release) 50-5000 ms Sets the time untit when the limiter stops working after the input level drops
below the threshold level.
Output Level: Provides settings concerning overall output.
Soft Clip (Soft Clip) On, Off Suppresses conspicuous distortion that may occur when the effect of
compressor/limiter has been applied excessively.
Output Level (Level) -80— +6 dB Sets the overall volume after passing through the limiter.

O

With Compressor, the level is automatically adjusted to the optimal with the settings for Threshold (Thres) and
Raito (Ratio). Setting Attack (Atck) to a relatively long time may cause distortion. For this reason, a margin of -6
dB is provided. Adjust the Mixer (Mix) level as required.

*1: If Low Type (Lo Type) or High Type (Hi Type) is set to “Shelv (Shelving Type),” the setting for Lo Q or High Q
is invalid.

y ]

Frequency (p. 237), Q (p. 243), Shelving Type (p. 244), Peaking Type (p. 242), Equalizer (p. 236),
Bass Cut Filter (p. 233), Enhancer (p. 236), Expander (p. 236), Compressor (p. 233), Limiter (p. 238)
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4 31 Band Graphic Equalizer

This Graphic Equalizer allows setting at 31 points. Each point is a frequency of a multiple of 20, 25 or 31.5 within
the range from 20 Hz to 20 kHz.

Input A ! . Output A
————#{ BAS-CUTA |—{31BAND EQ A| [——>

T :
\ Link ;

--—-—-r-a>{ BAS-CUTB |—-{31BAND EQ B| |-

O
6
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L oo
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B
=
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31-Band Graphic Equalizer can be used only with FX-1, FX-3, FX-5 and FX-7.

Controlling Channels A and B separately

Setting Link On enables simultaneous control on the 31-Band Graphic Equalizer via Channel B according to the
settings on the Channel A side.
To control Channels A and B separately, turn Link Off.

Parameter (full name) Setting Function
Link: Channel B follows the settings for Channel A.
Link (Link Switch) On, Off Specifies if Channel B follows or does not follow the

settings for Channel A.

BassCut ch A/ch B (Bass Cut Filter): Cuts off undesired low sounds such as pop noise.

Sw (Switch) On, Off Turns the bass cut filter on or off.
Freq (Frequency) Thru, 20 - 2000 Hz Cuts off undesired low frequency band sounds such as pop
noise.

31 Band EQ ch A/ch B (31-Band Graphic Equalizer)

Sw (Switch) On, Off Turns the 31-band graphic equalizer on or off.

Input Level (Input Level) -30.0- +15.0 dB Sets the overall volume before passing through the
equalizer.

Output Level (Output Level} -30.0- +15.0dB Sets the overall volume after passing through the equalizer.

Band 1 - 31 Gain (Bands 1 - 31 Gain) -15.0- +15.0dB Sets the boost/cut amount by frequency.

MEMD

¢ To switch the band, turn the V4 (BAND) knob, or press [F4] (BAND-} or [F5] (BAND+).
*  When returning the input level, the output level, and the gain of each band to 0, press [F3] (ALL RST).

>

e
Bass Cut Filter (p. 233), Graphic Equalizer (p. 237)
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M= Stereo 2-Band Dynamics

Enhances signals to further reduce low-level signals such as noise and to further increase high-level signals by
using Enhancer, Expander, Compressor and Limiter. Noise involved in recording in a tape is reduced while the
dynamic range of tapes and wireless microphones is expanded.

Output L

Expander HCompresso G ogTTmmeenens '

Expander I—blCompresso

Expander I-—){Compresso

Output R

Expander l—b{Compressor . ;

Parameter (full name)

Setting

Function

BassCut (Bass Cut Filter): Cuts off undesired low sounds such as pop noise.

Sw (Switch) On, Off Turns the bass cut filter on or off.
Freq (Frequency) Thru, 20 - 2000 Hz Cuts off undesired low frequency band sounds such as pop
noise.
Enhancer: Accentuates the sound and push the sound forward.
Sw (Switch) On, Off Turns the enhancer on or off.
Mix Level (Mix Level) -24-12 dB Sets the amount of the enhancer sound should be mixed
into the direct sound.
Sens (Sense) 0-100 Sets the degree of enhancer effect desired.
Freq (Frequency) 1.0-10.0 kHz Sets the frequency at which the enhancer effect starts
working.
Input: Splits the direct sound into three frequency bands, that is, low, middle and high
frequency bands.
Gain (Input Gain) -24- +12dB Sets the overall volume before entering expander/
compressor.
Detect Time (Detect Time) 0-10ms Sets the length (time) of delay to add to the direct sound input.
Split Point (Split Point) 20-800 Hz Sets the frequency at which the direct sound is split into low
and high frequency bands.
Expander: Expands the dynamic range at a certain ratio.

Sw (Switch) On, Off Turns the expander on or off.

Hi Thres (High Threshold) -80-0 dB Sets the volume at which the expander for the high frequency band starts
working.

Hi Raito (High Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output in the high frequency band is increased
when the input level has dropped below the high threshold level.

Hi Atck (High Attack) 0-100 ms Sets the time until when the high frequency band expander starts working
after the input level has dropped below the high threshold level.

Hi Rel (High Release) 50-5000 ms Sets the time until when the high frequency band expander stops working
after the input level has exceeded the high threshold level.

Lo Thres (Low Threshold) -80-0 dB Sets the volume at which the expander for the low frequency band starts
working.

Lo Ratio (Low Raito) 1:1-16:1, INF:1 Sets the ratio at which the output in the low frequency band is increased
when the input level has dropped below the low threshold level.

Lo Atck (Low Attack) 0-100 ms Sets the time until when the low frequency band expander starts working
after the input level has dropped below the low threshoid level.

Lo Rel (Low Release) 50-5000 ms Sets the time until when the low frequency band expander stops working

after the input level has exceeded the low threshold level.
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Compressor: Compresses the entire output signals when the input volume exceeds a
specified value. 4
Sw (Switch) On, Off Turns the compressor on or off.
Hi Thres (High Threshold) -24-0 dB Sets the volume at which the compressor for the high
frequency band starts working.
Hi Raito (High Ratio) ‘ 1:1-16:1, INF:1 Sets the ratio at which the output in the high frequency

band is suppressed when the input level has exceeded the
high threshold level.

Hi Atck (High Attack) 0-100 ms Sets the time until when the high frequency band
compressor starts working after the input level has
exceeded the high threshold level.

Q
Hi Rel (High Release) 50-5000 ms Sets the time until when the high frequency band %@1
compressor stops working after the input level has dropped 3 <
below the high threshold level. me
Lo Thres (Low Threshold) -24-0 dB Sets the volume at which the compressor for the low gg
frequency band starts working. 3

Lo Ratio (Low Raito) 1:1-16:1, INF:1 Sets the ratio at which the output in the low frequency band

is suppressed when the input level has exceeded the low
threshold level.

Lo Atck (Low Attack) 0-100 ms Sets the time until when the low frequency band
compressor starts working after the input level has
exceeded the low threshold level.

Lo Rel (Low Release) 50-5000 ms Sets the time until when the low frequency band
compressor stops working after the input level has dropped
below the low threshold level.

Mixer: Adjusts the volume by frequency band.

Lo Level (Low Level) -80- +6 dB Sets the volume in the low frequency band after passing
through expander and compressor.

Hi Level (High Level) -80- +6 dB Sets the volume in the high frequency band after passing
through expander and compressor.

Limiter: Prevents distortion by suppressing signals at high levels.
Sw (Switch) On, Off Turns the limiter on or off.
Thres (Threshold) -24-0 dB Sets the volume at which the limiter starts working.
Attack (Attack) 0-100 ms Sets the time until when the limiter starts working after the

input level has exceeded threshold level.

Release (Release) 50-5000 ms Sets the time until when limiter stops working after the input
level drops below the threshold level.

Output: Provides settings concerning overall output.
Output Level (Output Level) -80- +6 dB Sets the overall volume after passing through the limiter.
Sft Clip (Soft Clip) On, Off Suppresses conspicuous distortion that may occur when
the effect of compressor/limiter has been applied
excessively.

y ]

®
Bass Cut Filter (p. 233), Enhancer (p. 236), Expander (p. 236), Compressor (p. 233), Limiter (p. 238)
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Although its configuration is almost the same as that of Stereo 2-Band Dynamics, it is monaural, designed for
channel insert. However, as the Link feature is provided, it can be used in the stereo mode with Link set On.

g \l Link

_""""l Bass Cut I-——b-l EnhancerH Input HExpanderJ——b-{Compressorl-*l LimiterH Output_}--v———-—>

Controlling Channels A and B separately

Setting Link On enables simultaneous control on the 4-Band Parametric Equalizer via Channel Baccording to the

settings on the Channel A side.
To control Channels A and B separately, turn Link Off.

Parameter (full name) Setting Function
Link: Channel B follows the settings for Channel A.
Link (Link Switch) On, Oft Specifies if Channel B follows or does not foliow the

settings for Channel A.

BassCut A/B (Bass Cut Filter): Cuts off undesired low sounds such as pop noise.

Sw (Switch) On, Off Turns the bass cut filter on or off.
Freq (Frequency) Thru, 20 - 2000 Hz Cuts off undesired low frequency band sounds such as pop
noise.
Enhancer: Accentuates the sound and push the sound forward.
Sw (Switch) On, Off Turns the enhancer on or off.
Mix Level (Mix Level) -24—+12 dB Sets the amount of the enhancer sound shoutd be mixed
into the direct sound.
Sens (Sense) 0-100 Sets the degree of the enhancer effect desired.
Freq (Frequency) 1.0-10.0 kHz Sets the frequency at which the enhancer effect starts working.
Input: Splits the direct sound into two frequency bands, that is, low and middle
frequency bands.
Gain (Gain) -24- +12dB Sets the overall volume before entering expander/
compressor.
Detect Time (Detect Time) 0-10ms Sets the length (time) of delay to add to the direct sound input.
Detect Point (Detect Point) A, B, Link Selects the input (Input A/input B) for controlling Noise

Suppressor. Set this to “Link” for controlling by the input at
a greater level.
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Expander: Expands the dynamic range at a certain ratio.
Sw (Switch) On, Off Turns the expander on or off.
Thres (Threshold) -80~0 dB Sets the volume at which the expander starts working.
Ratio (Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output is increased when the

input level has dropped below the threshold level.

Attack (Attack) 0-100 ms Sets the time until when the expander starts working after
the input level has dropped below the threshold level.

Release (Release) 50-5000 ms Sets the time until when the expander stops working after
the input level has exceeded the threshold level.

Compressor: Compresses the entire output signals when the input volume exceeds a Q
specified value. 5t
Sw (Switch) On, Off Turns the compressor on or off. ‘-n: @
Level (Level) -80—-+6dB Sets the volume of the compressor sound. ? é
Thres (Threshold) -24-0 dB Sets the volume at which the compressor starts working. v El
Ratio (Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output is suppressed when the

input level has exceeded the threshold level.

Attack (Attack) 0-100 ms Sets the time until when the compressor starts working
after the input level has exceeded the threshold level.

Release (Release) 50-5000 ms Sets the time until when the compressor stops working after
the input level drops below the threshold level. )

Limiter: Prevents distortion by suppressing signals at high levels.
Sw (Switch) On, Off Turns the limiter on or off.
Thres (Threshold) -24-0 dB Sets the volume at which the limiter starts working.
Attack (Attack) 0-100 ms Sets the time until when the limiter starts working after the

input level has exceeded threshold level.

Release (Release) 50-5000 ms Sets the time until when the limiter stops working after the
input-level drops below the threshold level.

Output: Provides settings concerning overall output.
Output Level (Level) -80- +6 dB Sets the overall volume after passing through the limiter.
Sft Clip (Soft Clip) On, Off Suppresses conspicuous distortion that may occur when
the effect of compressor/limiter has been applied
excessively.

>

o
Bass Cut Filter (p. 233), Enhancer (p. 236), Expander (p. 236), Compressor (p. 233), Limiter (p. 238)
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Master Effect

What is master effect?

Besides ordinary FX-1 through FX-8 effects (FX-3 through FX-8 can be activated only when VS8F-2 is installed,
which is sold separately), a stereo effect of a different category referred to as Master Effect, is available. This is an
insertion effect specially developed for processing sounds output from MAIN OUT and MONITOR OUT of VM-
7100/7200 as well as for sounds output from PHONES (head set) of this equipment.

This Effect is useful, for example, to make final adjustment using “3-Band Dynamics” or “10-Band Parametric
Equalizer” while mixing down into an MD or a DAT as well as to simulate and check variations of sounds from
different speakers using “Speaker Modeling.”

Master Effect can be used only for sounds output from MAIN OUT of VM-7100/7200 or MONITOR OUT or
PHONES of the main equipment body.

Speaker Modeling

The effect algorithm is the same as ordinary speaker modeling. This effect works well when applied on sounds
output to MONTTOR OUT. It is useful, for example, to check actual feel of a sound when output through different
speakers prior to mixing down.

**# 10-Band Parametric Eqalizer

This is an equalizer that can freely change the cutoff frequency or the band width (Q) at 10 points. Furthermore,
as Expander and Compressor are linked, sufficient dynamics can be obtained while suppressing noise.

Input L Pl . | Outputt
- BASS CUT [ EQ | EXPANDER [H—#COMPRESSOR -——
Input R | P - ¢ Output R
H BASSCUT [— EQ w1 EXPANDER [—#{COMPRESSOR—#
Parameter (full name) Setting Function

BassCut (Bass Cut Filter): Cuts off undesired low sounds such as pop noise.

BCUT Sw (Switch) On, Off Turns the bass cut filter on or off.
Freq (Frequency) Thru, 20 - 2000 Hz Cuts off undesired low frequency band sounds such as pop
noise.
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EQ A/B (10-Band Parametric Equalizer)

Sw (Switch) On, Off Turns the 10-band graphic equalizer on or off.
Input Level (input Level) -30.0- +15.0 dB Sets the overall volume before passing through the
equalizer.
Band 1 - 10 Gain (Bands 1 - 10 Gain) -15.0- +15.0 dB Sets the boost/cut amount by frequency.
Band 1 - 10 Freq (Bands 1 - 10 Frequency)  -20- +20 kHz Sets the center frequencies in the respective bands.
Band 1-10Q (Bands 1-10Q) 0.3-16 Sets the width of the area around the center frequency that
will be affected by the gain settings.
Output Level (Output Level) -30.0- +15.0dB Sets the overall volume after passing through the equalizer.
Expander: Expands the dynamic range at a certain ratio. 5.—5@
Sw (Switch) On, Off Turns the expander on or off. §’§'
Thres (Threshoid) -80-0 dB Sets the volume at which the expander starts working. E g
Ratio (Ratio) ) 1:1-16:1, INF:1 Sets the ratio at which the output is increased when the %%
input level has dropped below the threshold level. 3

Attack (Attack) 0-100 ms Sets the time until when the expander starts working after
the input level has dropped below the threshold level.

Release (Release) 50-5000 ms Sets the time until when the expander stops working after
the input level has exceeded the threshold level.

Caompressor: Compresses the entire output signals when the input volume exceeds a
specified value.
Sw (Switch) On, Off Turns the compressor on or off,
Level (Level) -80- +6 dB Sets the volume of the compressor sound.
Thres (Threshold) -24-0 dB Sets the volume at which the compressor starts working.
Ratio (Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output is suppressed when the

input level has exceeded the threshold level.

Attack (Attack) 0-100 ms Sets the time until when the compressor starts working
after the input level has exceeded the threshold level.

Release (Release) 50-5000 ms Sets the time until when the compressor stops working after
the input level drops below the threshold level.

MEMD

*  When returning the gain, the frequency, and Q of all bands to the default values, press [F3] (ALL RST). And when
returning the gain, frequency, and Q of the band selected currently to the default values, press [F5] (RESET). (FARAM-

1, 2 screen)

*  When returning the input level and output level to 0, press [F3] (ALL RST). (PARAM-3 screen)

2

[ ]
Q (p- 243), Frequency (p. 237), Bass Cut Filter (p. 233), Parametric Equalizer (p. 241), Expander (p. 236),

Compressor (p.233)
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il 3-Band Dynamics

With this, the frequency band can be split into three bands (low, middle and high frequency bands) and
Compressor can be applied on these bands respectively (frequency-independent compressor). This makes it
possible to achieve a variety of effects such as enhancing the low frequency band only and suppressing the high
frequency band only. In addition, Expander or Limiter can be used to expand or suppress the dynamic range. It
works effectively when used as a mastering tool.

Expander }—b-l Compressor

Expander }—PrCompressor

Expander H Compressor

Expander I'—b-l Compressor D

. X . « Output L

Output ]————»

Input L

Expander H Compressor

Expander I—-b{ Compressor

Qutput R

Parameter (full name)

Setting

Function

Input: Splits the direct sound into three frequency bands, that is, low, middle and high frequency bands.

Expander: Expands the dynamic range at a certain ratio.

Sw (Switch) On, Off Turmns the expander on or off.

Hi Thres (High Threshold) -80-0 dB Sets the volume at which the expander for the high frequency band starts
working.

Hi Raito (High Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output in the high frequency band is increased
when the input level has dropped below the threshold level.

Hi Atck (High Attack) 0-100 ms Sets the time until when the high frequency band expander starts working
after the input level has dropped below the high threshold level.

Hi Rel (High Release) 50-5000 ms Sets the time until when the high frequency band expander stops working
after the input level has exceeded the high threshold level.

Mid Thres (Middle Threshold)  -80-0 dB Sets the volume at which the expander for the middie frequency band starts
working.

Mid Ratio (Middle Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output in the middle frequency band is increased
when the input level has dropped below the Middle Threshold level.

Mid Atck (Middle Attack) 0-100 ms Sets the time until when the middle frequency band expander starts
working after the input level has dropped below the middle threshold level.

Mid Rel (Middle Release) 50-5000 ms Sets the time until when the middie frequency band expander stops working
after the input level has exceeded the middle threshold level.

Lo Thres (Low Threshold) -80-0 dB Sets the volume at which the expander for the low frequency band starts working.

Lo Ratio (Low Raito) 1:1-16:1, INF:1 Sets the ratio at which the output in the low frequency band is increased
when the input level has dropped below the low threshold level.

Lo Atck (Low Attack) 0-100 ms Sets the time until when the low frequency band expander starts working
after the input level has dropped below the low threshold level.

Lo Rel (Low Release) 50-5000 ms Sets the time until when the low frequency band expander stops working

182

Gain (Input Gain) -24~ +12dB Sets the overall volume before entering expander/compressor.

Detect Time (Detect Time) 0-10 ms Sets the length of delay to add to the direct sound input.

LoSplit Point (Low Split Point)  20-800 Hz Sets the frequency at which the direct sound is split into three bands {(on the
high frequency band side).

HiSplit Point (High Split Point)  1.6-16 kHz Sets the frequency at which the direct sound is split into three bands (on the

high frequency band side).

after the input level has exceeded the low threshold level.
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Compressor: Compresses the entire output signals when the input volume exceeds a specified value.

Sw (Switch) On, Off Turns the compressor on or off.

Hi Thres (High Threshold) -24-0 dB Sets the volume at which the compressor for the high frequency band starts
working.

Hi Raito (High Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output in the high frequency band is suppressed
when the input level has exceeded the high threshold level.

Hi Atck (High Attack) 0~-100 ms Sets the time until when the high frequency band compressor starts working
after the input level has exceeded the high threshold level.

Hi Rel (High Release) 50-5000 ms Sets the time until when the high frequency band compressor stops working
after the input level has dropped below the high threshold level.

Mid Thres (Middle Threshold)  -24-0 dB Sets the volume at which the compressor for the middle frequency band
starts working. )

Mid Ratio (Middle Ratio) 1:1-16:1, INF:1 Sets the ratio at which the output in the middle frequency band is
suppressed when the input level has exceeded the middie threshold level.

Mid Atck (Middle Attack) 0-100 ms Sets the time until when the middle frequency band compressor starts
working after the input level has exceeded the middle threshold level.

Mid Rel (Middle Release) 50~-5000 ms . Sets the time until when the middle frequency band compressor stops
working after the input level has dropped below the middle threshold level.

Lo Thres (Low Threshold) -24-0 dB Sets the volume at which the compressor for the low frequency band starts
working. :

Lo Ratio (Low Raito) 1:1-16:1, INF:1 Sets the ratio at which the output in the low frequency band is suppressed
when the input level has exceeded the Low Threshold level.

Lo Atck (Low Attack) 0-100 ms Sets the time until when the low frequency band compressor starts working
after the inputievel has exceeded the low threshold level.

Lo Rel (Low Release) 50-5000 ms Sets the time until when the low frecjuency band compressor stops working

after the input level has dropped below the low threshold level.

Mixer: Adjusts the volume by frequency band.
Lo Level (Low Level) -80~ +6 dB Sets the volume in the low frequency band after passing through the
expander and compressor.
Mid Level (Middle Level) -80- +6 dB Sets the middie-range volume after passing through the expander and
COMmpressor.
Hi Level (High Level) -80- +6 dB Sets the volume in the high frequency band after passing through the
expander and COmpressor.
Limiter: Prevents distortion by suppressing signals at high levels.
Sw (Switch) On, Off Turns the limiter on or off.
Thres (Threshold) -24-0 dB Sets the volume at which the limiter starts working.
Attack (Attack) 0-100 ms Sets the time until when the fimiter starts working after the input level has
exceeded the threshold level.
Release (Release) 50-5000 ms Sets the time until when the limiter stops working after the input level drops
below the threshold level.
Output: Provides settings concerning overall output.
Sft Clip (Soft Clip) On, Off Suppresses conspicuous distortion that may occur when the effect of
compressor/limiter has been applied excessively.
Output Level (Level} -80- +6 dB Sets the overall volume after passing through the limiter.

,

Expander (p. 236), Compressor (p. 233), Limiter (p. 238), Frequency (p. 237),
Frequency-independent compressor (p. 237)
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Chapter 9 Using the Spectrum Analyzer

This system provides a built-in spectrum analyzer with which you can measure the
frequency content of audio signals. This spectrum analyzer—referred to simply as
the “analyzer” for the remainder of this chapter—divides input signals into narrow
frequency bands and displays the momentary level of each band on a graph in real
time. This allows you to visually inspect the frequency content of signals and the
acoustic space in which you're working, and to see how accurately your stage-
speaker system or control-room monitoring system is reproducing the entire
frequency spectrum. This can also help you pinpoint problem frequency ranges that
may be causing feedback during a live performance.

Basic Configuration and Operation
Press [ANALYZER/OSC/GEN] to call up the ANALYZER screen (VIEW page).

4 PAGE w
¢ MAIN EQ
SETUP
201 GEN/OSC
ol | I
LH

ES

;'§| 301 H.2R1 12.5R1 1E.0RE 110K} )20
200 00 300 ! iR 3.2K 6.3): 128
$0K 16K

ANALYZER R | — S SSCILLATOR

oLEUEL QSOURC H TIMES ngITE °BFIND °LEU§15.
CPaUsE]) Beacmoy) | o

Analyzer-related settings are made primarily from this screen. The individual
parameters can be selected using [PAGE UP] or [PAGE DOWN].

~
( The relationship between the analyzer and internal effects

The analyzer operates by using a pair of general-purpose signal-processing
circuits—effect circuits 1/2,3/4,5/6 or 7/8. In an unexpanded system in which only
the factory-installed effects exist, the internal effects are disabled when the
ANALYZER screen is displayed since the analyzer must use Effects 1 and 2, the only
available general-purpose effect circuits.

When one or more optional VS8F-2 Effect Expansion Boards are installed, you can
specify the pair of effect circuits to be used by the analyzer. Since Effects 1 and 2 can
be routed to more locations than other effects, it's recommended that you allocate
other effects for analyzer use (p. 110).
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B Specifying an effect to used by the analyzer

1. Press [ANALYZER/OSC/GEN].
This calls up the VIEW page of the ANALYZER screen.

2. Press [PAGE DOWN] to call up the SETUP page.
3. Using CURSOR [DOWN] to select FX UNIT FOR ANALYZER.

4. Select the desired effect pair—1/2,3/4,5/6 or 7/8—using the V1 knob and
[F1] (SET).

TURVE RDJUST

MBOFF
OMIC DR-28

FX UNIT FOR ANRLYZER
PEADISABLE

81/2 @5,6

E/é @73

H Selecting a signal to analyze
The following signals can be selected for analysis using the V2 knob (SOURCE) on
the VIEW page of the ANALYZER screen—this appears after [ANALYZER/OSC/

GEN] has been pressed:
INPs 1 to 24 input channels, 1 to 24
FBUSes 1to 12 Flex Buses, 1 to 12
MainL, MainR main mix outputs, L and R
Cuel, CueR cue bus outputs, L and R
MonL, MonR monitor outputs, L and R

M Changing the analyzer display format (peak-hold, etc.)

The analyzer graphic display provides a set of features for analyzing various types

of signals in a variety of ways:

* Analyzer level — By turning the V1 knob (ANALYZER LEVEL) from -64 dB to
+63 dB, you can raise or lower the vertical scaling of displayed frequency levels
to improve visibility.

¢ Pause — Press [F1] (PAUSE) to freeze the graphic display, allowing you to
scrutinize a moment in time at your leisure. Press [F1] again to release the
display back to normal operation.

¢ Peak-hold - The peak-hold feature displays short horizontal lines that show the
maximum level attained by each frequency. To activate peak-hold, press [F2}
(PEAKHOLD). Press [F2] a second time to return to normal display operation.

* Average — V3 knob (AVERAGE TIMES), The averaging feature reduces the
number of level fluctuations displayed in order to make the analyzed signal’s
overall frequency distribution easier to discern. To activate this feature, press
[F3] (ON); press the button again to turn it off. You can set the analyzer’s
responsiveness to signal fluctuations from 1 to 128—the higher the setting, the
greater the amount of averaging, and the slower the display.

AVERAGE
TIMES
R CEL aysouRcE g tines | BPIHK Ol OR o e @ - o
: s P
] { @WHITE
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W Using a test signal (generator/oscillator)

By playing reference signals into an acoustic space—such as a concert hall or control
room—and analyzing them, you can determine the frequency characteristics of the
space. For this purpose, the built-in analyzer has a noise generator/ test oscillator.

You can select the type of waveform to be generated—pink noise, white noise, or
sine wave at a specified frequency.

Selecting and generating a reference signal

1. Press [ANALYZER/OSC/GEN]. :
This calls up the ANALYZER screen’s VIEW page.

2. Press [F4] to select the desired type of reference signal.

PINK: Noise in which all frequencies are produced at a equal level on
display.

WHITE: Noise in which all frequencies are produced at a perceptually equal
level.

SINE: Sine wave containing only the specified frequency.

3. Turn the V5 knob (OSCILLATOR BAND) to select a sine-wave frequency.
This setting applies only to a sine-wave reference signal.

4. Press [F6] (ON) to turn on the reference signal.
5. Turn the V6 knob (LEVEL) to set the reference signal’s level.

ALYEER msoURCE | BT inES | EPINK SRAND - il EVEL
? i QWHITE

o 4 W 1 ° 88 | @SINE ° 1.0 o 25
[(PAUSE] [PERKmoLY) {_on ] i SET ]

Fine-tuning of the sine wave frequency

1. Switch to the GEN/OSC page.
From the VIEW page above, press [PAGE DOWN] several times.

2. Use CURSOR [UP] or [DOWN] to cursor to SINE WAVE FREQ in the
middle of the display.
The V1 knob (BAND) serves the same purpose as the V5 knob on the VIEW page.
You can also use the V2 knob (REF) to select a frequency in finer Hz increments.

3. Select the sine wave frequency.
Press either [El]_ (BAND) or [F2] (REF) to determine at which frequency reference
signals are generated.

SINE WRVE FREQ
Q.o Qiooce
Hz HZ

:
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B Specifying the bus to which reference signals are sent
Reference generator/oscillator signals can be sent to one of the Flex Buses (1 to 12),
Cues Lor R, or MAIN OUT Lor R.

Specifying the output reference signal output

1. Press [ANALYZER/OSC/GEN].
This calls up the ANALYZER screen’s VIEW page.

2. Switch to the GEN/OSC page by pressing [PAGE DOWN] several times.

3. Use CURSOR [DOWN] to cursor toa OUTPUT ASSIGN in the lower section
of the display.
Set the cursor as shown in the figure below and turn [F1] to [F6] on.
Several buttons can also be selected at the same time.

- sawn o s
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Checking the Frequency Characteristics of a
Hall or a Signal

This section describes some typical uses of the spectrum analyzer.

M Checking the frequency characteristics of a signal

The analyzer function can be used during the creation of a final mix. You can use the
analyzer to help ensure a balanced frequency distribution in the mix by analyzing
each signal used in the mix, and the final mix itself.

W Measuring and correcting the characteristics of an
acoustic space

You can use the spectrum analyzer to find out, and compensate for, the frequency
characteristics of a concert hall or other performance or listening space as follows:

Using the built-in noise generator in a concert hall

1. Press [ANALYZER/OSC/GEN].
The ANALYZER screen’s VIEW page appears.

2. Proceed to the GEN/OSC page using [PAGE DOWN],
3. Set OUTPUT ASSIGN to MAIN L or R.

4. Return to the VIEW page, and use [F4] to select PINK. Press [F6] (ON) to
activate the generator/oscillator.
Pink noise is sent from the MAIN OUT jacks to a speaker system in the concert hall.

5. Set up a microphone in the center of the hall pointed at the stage, and
connect the microphone to an optional input channel.
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6. Use [V2] to set the analyzer source to the input channel to which you
connected the microphone.

7. The microphone capttres the sound of the pink noise in the hall, and this is
displayed on the VIEW page.
The graph shows the frequency characteristics of the concert hall.
For a relatively small room, such as a meeting room, you can use your own voice and
amicrophone instead of pink noise. Connect the microphone to one of the inputs and
speak into it. By changing the tone of your voice and watching the display, you can
detect, the point at which unwanted room resonation occurs.

Correcting acoustic problems using an equalizer
Press [PAGE UP] or [PAGE DOWN] from the ANALYZER to display the MAIN EQ

page.

ANRLYZR |FRED
1] 1) 200
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The MAIN EQ page opens only under the following conditions:
e A pair of effects (1 to 8) are set up as insert effects for the MAIN OUT.
e The 31-band graphic equalizer is selected as the effect algorithm.

o The selected effects are enabled as the FX UNIT FOR ANALYZER on the
analyzer’s SETUP page.

This page allows you to monitor and correct frequency problems using the 31-band
graphic equalizer together with the analyzer. When correcting problems in a sound-
reinforcement (SR) site, such as the concert hall described above, you can use the
equalizer in the lower section of the screen to flatten the site’s frequency-
reproduction characteristics while viewing the analyzer in the upper section of the
screen.

The following operations are available on this screen:

* Analyzer level - By turning the V1 knob (ANALYZER LEVEL) from -64 dB to
+63 dB, you can raise or lower the vertical scaling of displayed frequency levels
to improve visibility.

¢ Pause — Press [F1] (AUSE) to freeze the graphic display, allowing you to
scrutinize a moment in time at your leisure. Press [[1] again to release the
display back to normal operation.

* Bass cut — This filter cuts the level of any frequencies below a specified

frequency. Press |[F2] (BASSCUT) to turn this feature on and turn [V2] (FREQ) to
set the threshold frequency.

: the SETUP page, and use oot
set CURVE ADIUST oo

‘middle of the screen iy
» MIC DR-20. Press [F1]to
' ycur seiechon
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» Equalizer band select -> Select a frequency band by turning [V3] (BAND) or
using [F3] (BAND-) and [F4] (BAND+), The black triangle shows the currently
selected frequency.

» Equalizer gain -* Turn [V4] (GAIN) to boost or cut the level of the selected band.

e Gain reset > Press [F5] (RESET) to reset the boost or cut for the selected band to
+0 dB, or [F6] (ALL RST) to reset the boost or cut for all bands.

¢ Equalizer 1/0 level - Use [V5] (SEND) to set the level of signal sent into the
equalizer, and [V6] (RETURN) to set the equalizer’s output level. These
parameters can be set from 0 to 127—a setting of 100 (0 dB) means that the signal
is not being cut or boosted.

M Measuring outputs using the talkback microphone

Signal from the talkback microphone connected to the MIC 2 connector on the
console can also be sent to the analyzer. Use [Send to ANALYZER], located next to
the MIC 2 connector for this purpose. As with normal talkback, this will use the
CONSOLE IN R signal channel (CH 24).

What happens after [Send to ANALYZER] is pressed:
¢ [Send to ANALYZER] lights.
« [ANALYZER/OSC/GEN] also lights and the display presents the ANALYZER
screen, just as if you had pressed [ANALYZER/OSC/GEN].
o The source setting temporarily changes to INP 24 on the screen, since the
talkback microphone is assigned to Input Channel 24.

Pressing [Send to ANALYZER] again reverts the functions to the state of right after
pressing [ANALYZER /OSC/GEN]. You can change the input source while [Send to
ANALYZER] is lit.

(The channels selected after changing the input source are not muted automatically.
Change the analyzer source to CH 24 again returns to the initial state.)
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Remotely Controlling a Recorder

This system can be connected to digital multitrack recorders made by TEAC
(TASCAM DA-98/88/38) and Alesis (ADAT series) via the R-BUS connector. When
this connection is complete, you can control the recorders remotely using the
Transport Area or the system'’s status button. A single processor allows up to three
recorders to be connected, as shown below.

(sold separately)

VM-7200/7100 Recorder (TASCAM/ADAT)

Track 1-8 ~» Channel 1-8

C€7100 Recorder (TASCAM/ADAT)

Track 1-8 — Channel 9-16

VM-C7200/ — VM-24E (sold separately)
R-BUS R-BUS R-BUS
I

Recorder (TASCAM/ADAT)
Track 1-8 - Channel 17-24

4 ot -
Notes on connection
'R-BUS (RMDB2) of this system > to DIF-AT “RMDB2”

TASCAM DA series
REMOTE IN/SYNC IN » to DIF-AT “SYNC”
DIGITAL I/O TDIF-1 - to DIF-AT “TDIF-1”

Alesis ADAT
OPTICAL IN/OUT - to DIF-AT “ADAT OUT/IN"”
SYNC IN - to ADAT “SYNC” of DIF-AT

When the connections are complete, select either the “ADAT” or “TASCAM DA
series.”

The DIF-AT is equipped with two sets of connectors, each designed specifically for
the ADAT or the TASCAM DA series. On this system, however, you can’t use both
at the same time. Select one or the other using the following procedure.

Selecting recorder type
1. While holding down [SHIFT], press [PROJECT] (SYSTEM).

2. Press CURSOR [UP] to select the top of the menu.
3. Press [F1] (SYSTEM CONFIG) to open the screen.
4. Select pages 1 to 3 of R-BUS using [PAGE UP] and [PAGE DOWNI].

DIF-RT CONTROL TARGET

»®ADAT
BDA-88

Open the page of the bus, R-BUS 1, R-BUS 2, or R-BUS 3, to which the recorder (DIF-
AT) is connected.

5. Using the V1 knob, select either “ADAT” or “DA-88 (TASCAM DA
series).”

6. Validate your selection by pressing [F1] (SET).
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Note about time code

Before implementing remote control of the multitrack recorder, you need to specify
the device that will provide the time standard (time code master). When the built-in
auto-mixing function is not used, this setting may not be compulsory. Depending on
recorders, however, remote control may not be available if the parameter is not set.
Normally, the multitrack recorder is selected as the master because of its mechanical
arrangement. Select MULTI 1-8, MULTI 9-19 and MULTI 17-24 from “SYNC MODE”
described on “Settings related to synchronization” (p. 224).

H Preparations for remote control (MMC settings)

Before implementing remote control, you must specify the master device, the one
that will be transmitting the operational information.

This parameter is called “MMC” master selection, however, this parameter always
should be set to select the master of all other equipment when the remote control is
turned on. Whenever implementing remote control, set this parameter even if any
MIDI devices are not used.

Selecting the MMC master (See p. 224; “Settings related to synchronization”)
When unidimensional control is provided from this system...
Select “ON” for MMC CONTROL and “INT” for MMC MASTER.

¢ Set up the external recorder so that it is ready to receive operational information
from this system.

When unidimensional control is provided from one of the external devices...
Select “ON” for MMC CONTROL.

Select MMC MASTER as described below.

Select the device connected to MIDI IN as the master » “MIDI”

Select the recorder connected to R-BUS as the master > Select either “MULTI 1-8,”
“9-16,” or “17-24.”

¢ Set up the selected master so that it transmits operational information.

M Playing or stopping recorders
The multitrack recorders can be played or stopped from the Transport Area situated
in the lower right-hand corner of the panel (see p. 11 “Names of Things and What

They Do”).
[ZERO] Moves the current time to the top position {00:00:00:00).
[REW/PREV] Moves the current time backward (rewind).
[FF/NEXT] Moves the current time forward (quick feed)
[STOP] Stops.
[PLAY] Starts playing (starts recording when [REC] is blinking).
[REC] Turns on the recording standby mode.

TIME/VALUE dial Changes the current time sequentially.

An underlined column of a time display that appears in the upper right-hand corner
of the screen represents the position where the time can be changed from the dial.
You can turn on quick feed of a displayed time using the dial while holding down
SHIFT. (Tape recorders require a certain amount of response time.)
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B Changing track status (Audio status)

Track by track status of the multitrack recorder (recording, playing, mute, etc.) can
be selected by switching the system’s audio status.

If you turn SECTION [MULTI OUT 1-24] on, the same function as that of the
remotely controlled recorder becomes available from the audio status button. With
each press of the button, the status is toggled as follows:

Litin red Recording
Lit in green Play

o When muting a track, turn the audio status off (indicator extinguished) by
selecting the mute for the mute status (indicator lights in red) or by switching
SECTION to [MULTI IN 1-24].

M Registering/canceling points in a song (Locate)

Locate denotes the function used for storing tape progress time and auto-mixing
implemented in synchronization with tape progress. You can save up to 100 locate
points (Nos. 00 through 99) per project.

Current time is normally displayed in the upper right-hand corner of the screen in
hours, minutes, seconds and frames.

¥ 008140.0:07

NHER (itiFR NHER |

If the buttons (numerical keys) have the current time registered using the locate
function, you can return to that position without fail from some other time location
(another position on the tape).

Registering and recalling locate points

1. Press [LOCATE] and it will start blinking.
The button indicates that the system awaits entry to the top column of the location
number.

2. Using one of the numerical keys [0] to [9], enter the first number.

The number you specified is selected for the second place of the scene number.
[LOCATE] will stop blinking.

3. Select a numerical key currently not lit.

The button will light up, indicating that the current time has been registered as the
locate point.

4. Continue registering the current time, one by one pressing the as yet
unused buttons.

5. Change the mixer setting, then press the lighted numerical keys.
The locate point already registered will be recalled.

Clearing registered locate points
While the above [LOCATE] is lit:

1. Press [CLEAR].

2. Press lighted numerical keys.
The locate point registered for the numerical keys will be cleared.
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B Naming a locate point

Call a naming screen for iocate points

l.

2.

M Editing a locate point and pre-rolling

Editing locate points

1.

Chapter 10 Combining Recorders |

While holding down [SHIFT], press [LOCATE] (EDIT).
A list of currently registered locate points will be displayed.

Select a point number you want to give a name.
You can select the name using the V1 knob (SELECT NUMBER).

Press [F3] (NAME) to open the screen.

Ho. 2
NAME € cT Ji
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H
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(|CESETT) (DECETE) (TRSERT) (SPACE ) (REURRT)

From this screen, you can change the locate point name selected in step 2 above (up
to 12 characters).

The screen operation is essentially the same as that required for naming an input
channel. For details, see “Naming input channels” (p. 83). Functionally, though,
there are the following differences.

* A short name (3 characters) is not available.

¢ The EZ naming function is not provided.

» Functions assigned to V1 to V6 (functions of the common name knobs remain
the same).

After specifying the name, press [F6] (EXIT) to return to step 2 above. The locate
point will be listed in the newly selected name.

You can change the registered time of a currently registered locate point, or specify
its pre-roll time (described later).

While ho]ding down [SHIFT], press [LOCATE] (EDIT).
A list of locate points will be displayed.

SELECT  TIME PRE
NUMBER

00:14:36.25 g
° T ow.es
C
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2. Select a location number to be edited.
You can select the number using the V1 knob (SELECT NUMBER). If you press [F1]
(RECALL) at this time, the number will be located at the registered time.

3. Changing registered contents.

[F4] (CLEAR) Used to Clear registered contents.
[F5] (REGIST) Used to register Current Time.
V2 knob (TIME) Used to correct current settings on a column basis.

(You can move through columns using CURSOR
[LEFT] and [RIGHT] while holding down [SHIFT].)
V4 knob (PRE ROLL) Used to specify a Pre-roll time.
Pre-roll denotes the function used for rewinding a tape
slightly further than the specified time. When this
function is turned on, the current time will be moved
forward of the time of the recalled locate point (within
0 to 10.0 seconds).
[F6] (PROTECT) Used to turn on Protect for a locate point.

W Specifying a point by direct entry of time
You can advance or return the time set on a remote controlled recorder or Automix
by the hour, minute, second or frame from the numerical keypad (Time Code Locate
function).

Locating by entering time code

1. While holding down [SHIFT], press [ENTER] (TC LOCATE).
The [TIME CODE LOCATE] screen appears.

F Y VW VY VYV VYW
¢ ¢ ¢ ¢ ¢

3 c c c

T -

TIME CODE LOGATE

{Set uP with 18 kews and ENTER»

e 86:14:26.28
1

2. Using numerical keys [0] to [9], specify the hour, minute, second and frame.

Specify the time as an 8-digit number. For example, when specifying “00 hours, 31
minutes, 08 seconds, 21 frames,” enter [0][0][3][1][0][8][2][1] from the numerical
keypad.

3. Press [ENTER].

The time set on every device will be moved to the specified point.
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H Loop and auto punch in/out

Using the Loop Function, you can control connected recorders remotely so that it
automatically repeats “Play — Rewind” for a specified region.

This function also allows automatic execution of Punch In and Punch Out to be
turned on during recording. As long as this operation continues, the system
continuously sends play > record - play switching information to a currently
running external recorder at a predetermined timing.

Specifying loop and punch infout point
1. While holding down [SHIFT], press [LOCATE] (EDIT).

2. Press [PAGE DOWN] (SETUP) and CURSOR [UP], in that order.
The setup screen appears, allowing you to select the loop option.

4 PAGE ¥
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3. Specify the loop start/end points.
Using the V3 knob (START) and the V5 knob (END), enter the desired time in each

column. é
You can move through the columns using CURSOR [LEFT] and [RIGHT] while é’
holding down [SHIFT]. &

4. Using the V2 knob (REPEAT), specify the repeat count (1 to 100).
5. Press CURSOR [DOWN] to select the punch in/out option.

6. Select punch in/out points.
Using the V3 knob (IN) and the V5 knob (OUT), enter the desired time in the
respective column.

- , N
Turning loop and punch in/out on or off

In the above setup screen, you can turn loop and punch in/out on or off by pressing

[F1] (ON) from the respective cursor positions.

Using these panel buttons, you can turn the above on or off from another screen.
While holding down [SHIFT], press [ZERO] (LOOP) to turn the loop on or off.
While holding down [SHIFT], press [COPY/LIBRARY] (AUTO PUNCH) to turn

auto punch in/out on or off.




Setup for Synchronized Operation with
Recorder

Chapter 11 Recording/Playing Back Fader or Knob Actions (Automix)

B Selecting the outgoing MIDI sync signals

The Automix Function (p. 197) is used for saving time-based mixing operations
done in the process of mixing down works of music, or when doing post-production
work for videos. Thus, synchronization must be established between the multitrack
recorders or video recorders used.

In order to provide synchronization and send /receive time codes, you need to select
a Master device.

Selecting a master according to “Settings related to synchronization” on p. 22¢

When selecting an external device for the master for synchronization...

Select “EXT” for SYNC MODE.

When selecting a MIDI device as the master — Either one of MULTI 1-8, MULTI 9-16
or MULTI 17-24.

When selecting a MIDI device as the master - MTC

When selecting this system as the master for synchronization...
Select “INT” for SYNC MODE and set MIDI SYNC TX SW to “MTC.”

B MIDI clock and tempo, metronome

When this system is selected as the master for synchronization, it is capable of
sending out not only the MTC, but also the MIDI clock. This system, however, is not
equipped with a function for recording changes in tempos (such as a tempo map).
Thus, it is impossible to modify the tempo of a song.

The tempo of the outgoing MIDI clock (clock transmission interval) is determined by
the value specified for the “TEMPO” option in the TEMPO system screen. Also, the
length of the displayed measure is determined by the value selected for the “BEAT”
option.

Using an external MIDI sound generator, you can use the Metronome function (see
p- 196 on “MIDI clock and tempo, metronome”). Like the MIDI clock, this function
too is performed according to the way the “TEMPO” and “BEAT” options are set up.
Thus, the metronome sound is synchronized with the outgoing MIDI clock.
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Recording Mixing Operations as the Song
Develops (Automix Function)

B What is the automix

function?

Automix refers to the function of recording sequential settings such as the volume
with the faders or knobs, panning and channel on/off settings, to repeatedly play
them back as in automatic performance of an instrument. Referred to as “ Automix,”
these recorded contents can be revised as desired. With this function, fine mixing can
be achieved and carried out in a shorter time.

Automix is temporarily stored in the internal memory. Note, however, that Automix
is lost when the power is turned off. So be sure to store valuable Automix on
SmartMedia (p. 52).

[ IMPORTANT Observe the following:

* The following actions are required before recording a new set of Automix.
Without these steps, the contents cannot be stored on a memory card.

1. Prepare a formatted memory card (p. 51).

2. Create a new project on the card (p. 52).

* One set of Automix cannot be stored in more than one project. Projects are only
stored in the overwriting mode. To store several states during operation, use the
scene memory function (p. 47).

¢ Once recording or playback of Automix is started, do not select another project
before storing the project containing the Automix. After a project is selected (p.
54), the current project is overwritten to the selected one and the console settings
at that point are erased.

“ .
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M Settings (data types) that can be recorded/played back
The respective settings composing Automix are referred to as “data.” With the
Automix function, the following types of data can be recorded by using the faders or
operating devices like the [V1] to [V6] knobs. Note that data types that can be
recorded vary from section to section.

Data that can be recorded in INPUT/MULTI IN

@ Equalizer (settings for Equalizer)
- HPF ON/OFF (switch): On/off settings for the high pass filter

- HPF FREQ: The frequency at which the high pass filter starts operating
- EQ ON/OFF (switch): On/off settings for the equalizer

- EQ HI GAIN: Amount of boost/cut in the high frequency band

- EQ HI FREQ: The central frequency in the high frequency band

- EQ HI-MID GAIN: Amount of boost/cut in the high-to-middle frequency band
- EQ HI-MID FREQ: The central frequency in the high-to-middle frequency band
-EQHI-MID Q: The bandwidth of the high-to-middle frequency band
-EQLO-MID TYPE: Filter type for the low-to-middle frequency band
-EQLO-MID GAIN:  Amount of boost/cut in the low-to-middle frequency band
-EQLO-MID FREQ:  The central frequency in the low-to-middle frequency band

-EQLO-MID Q: The bandwidth of the low-to-middle frequency band
-EQLO-MID RESO:  Resonance in the low-to-middle frequency band
- EQLO GAIN: Amount of boost/cut in the low frequency band
-EQLO FREQ: The central frequency in the low frequency band

o Flex buses 1-12 (settings of signals to be sent to flex buses 1 to 12)

- Switch: Sends/does not send signals.
- SEND LEVEL: Level
- PAN: Panning
@ Surround (setting for the sound field)
- PAN: Sound localization (right/left)
- DEPTH: Sound localization (front/rear)
- LR:C RATIO: Level ratio of the speakers (right/left: center)
® CUE SEND (setting of signals sent to the cue bus)
- Switch: Sends/does not send signals.
- LEVEL: Level
-PAN: Panning
®MAIN SEND (setting of signals sent to the main bus)
- Switch: Sends/does not send signals.
- LEVEL: Level
-PAN: Panning
@ Other data types
- @ (phase switch): Inverts/does not invert input signals.
- Mute switch: Mutes/does not mute the channel.

Data that can be recorded with FLEX BUS MASTER 1-8

®Flex buses 1 - 12 (settings of signals to be sent to flex buses 1 to 12)

- Switch: Sends/does not send signals.
- SEND LEVEL: Level
-PAN: Panning
@ Surround (setting for the sound field)
- PAN: Sound localization (right/left)
- DEPTH: Sound localization (front/rear)

- LR:C RATIO: Level ratio of the speakers (right/left: center)
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® CUE SEND (setting of signals sent to the cue bus)

- Switch: Sends/does not send signals.
- LEVEL: Level
-PAN: Panning
@ MAIN SEND (setting of signals sent to the main bus)
- Switch: Sends/does not send signals.
- LEVEL: Level
- PAN: Panning
©® Other data types
- Mute switch: Mutes/does not mute the channel.

Data that can be recorded in FLEX BUS MASTER 9 - 12
® CUE SEND (setting of signals sent to the cue bus)

- Switch: Sends/does not send signals.
- LEVEL: Level
-PAN: Panning
® MAIN SEND (setting of signals sent to the main bus)
- Switch: Sends/does not send signals.
- LEVEL: Level
- PAN: Panning
@ Other data types
- Mute switch: Mutes/does not mute the channel.
Data that can be recorded in MULTI OUT
- LEVEL: Level sent to an external device
Data that can be recorded in FADER GROUP MASTER 1 - 24
-LEVEL: Level
- Mute switch: Mutes/does not mute the channel.
Data that can be recorded in MIDI 1 - 16
- LEVEL: Level
- PAN: Panning
Data that can be recorded in FX (Effect) 1 - 8
-CH A SEND LEVEL: Send level for Channel A
- CH B SEND LEVEL: Send level for Channel B

-CH A RETURN LEVEL: Return level for Channel A
-CHBRETURN LEVEL:  Return level for Channel B

Data that can be recorded in Master Effect

-SEND LEVEL: Send level for Master Effect
- RETURN LEVEL: Return level for Master Effect

Data that can be recorded in MAIN

- SEND LEVEL: Send level

- PAN: Panning

- Mute switch: Mutes/does not mute.
Data that can be recorded in MASTER CUE

-SEND LEVEL: Send level

-PAN: Panning

- Mute switch: Mutes/does not mute.

Other data types that can be recorded
- Mute group
- Scene
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W Setting up the automix function (SET UP)

This operation is required before using the Automix function.

|CURRENT
o — ROJECT “DEFAULT PROJ" ]E__..._____J

HVIEW

[RECORDABLE PRARAMETER |
p—— — — —
®LEVEL ®MUTE ®pAN BEQ ®S5CENE

6 CFADER>

®BUSSHND BBUSSND @BUSSND @CUESND ®CUESND @OTHERS
Sk LEVEL PAN LEVEL PAN

®5UR
~ROUND

€© CURRENT PROJECT

Here, you can check the name of the project currently selected.

© MEMORY REMAIN

Here, you can check the remaining memory space that can be used for recording
Automix.

© INITIAL SCENE
Defines the status of the mixer upon starting recording/playback of Automix.

SCENE:
NO SCENE:

© REMOVE FOLLOW DATA
Sometimes, Automix previously recorded may still remain in sections following the
position where recording of Automix has been completed. This parameter defines
how such recordings should be handled.
OFF: Keeps all in memory.

Scene already recorded
Current status

TO NEXTLOC: Deletes the data up to the first LOCATE point after the
position where the Automix function has completed its
operation.

TO END DATA: Erase all to the end.

9 RECORDABLE PARAMETERS
Defines if data is to be recorded with the Automix function or not (ON/OFF) by data

200

type. '
LEVEL (FADER):  Volume of a channel
MUTE: Muting of a channel
PAN: Sound localization on the channel
EQ: Channel EQ
SURROUND: Channel’s sound field
SCENE: Scene
BUSSND SW: Send signals to the bus
BUSSND LEVEL: Volume level of the bus sound
BUSSND PAN: Localization of the bus sound
CUESND LEVEL:  Volume level of the cue sound
CUESND PAN: Localization of the cue sound
OTHERS: Other data types
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Press [AUTO-MIX] while holding down [SHIFT].
Press [PAGE UP}/[PAGE DOWN] to display the SETUP screen.

Press CURSOR [DOWN] to move the cursor to the INITIAL SCENE/
REMOVE FOLLOW DATA section.

Press [F1] (SEL) to set Automix in the playback/recording start status.
To start with the current status, set to “NO SCENE.” To start with one of the
recorded scenes, set to “SCENE” and select the scene number by turning [V1]
(INTTIAL SCENE).

Indicate if the Automix previously recorded are to be reserved or not by
pressing [F2] (SEL).

With each press of [F1] (SEL), the display cycles through the selections of “OFF,” TO
NEXT LOC,” and “TO END DATA.”

Press CURSOR [DOWN]/[UP] to move the cursor to the RECORDABLE
PARAMETER section.

Press [F1] to [F6] to indicate if the respective data is to be recorded or not.

B Automix and channel statuses

Automix can be done in any of the four states: Off, Playback, Absolute Recording,
and Relative Recording. Also, each of the Playback, Recording and Off states can be
set for each channel respectively. Cleverly combining these states enables the
Automix function to be used effectively.

Statuses of Automix

Automix can be done in any of the following four states. These states can be switched
by pressing [AUTO-MIX]. You can check the status with the indicator. Select one
most suitable for the desired operation.

Automix status Indicator
No to use the auto-mixing function (Off). Turned off.
To play back: Green

To record operations as they are (Absolute Recording) ~ Red

To make relative changes (Relative Recording) Orange

[COPY/LIBRARY] [UNDO/REDO] [ AUTO-MIX

REC
o}

AUTO PUNCH STORE AUTO EDIT
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Statuses of channels

When the auto-mixing function is assigned to the status button of each channel
(when CH STATUS MODE is set to [AUTO-MIX]), the channel status can be
switched between the settings below. Use the status button of the chanmel to switch
the states. You can check the state with the indicator. Define the state suitable for the
desired operation for the respective channels.

Channel status Indicator
Not to play back/record (Off) Turned off.
To play back Green
To record Red

NN

MODE VIEW
MUTE WUDIO

CH
AUTOMIX | sTATUS

7
onfirming channel statuses at a glance

Usually, you can check the channel status with the indicator of the status button for
each channel. In this case, only the status of the channel for the currently selected
section ca be checked. On the STAT1_U1 - STAT2_U2 screens, you can check the
channel statuses for more than one section.

1. Press [AUTO-MIX] while holding down [SHIFT].

2. Press [PAGE UP}/[PAGE DOWN] to display either the STAT1_U1 or
STAT2_U1 screen.

3. Check the channel status section by section.
“-" indicates Off, “R” Recording and “P” Playback, respectively.
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Recording Auto-mixing

By recording auto-mixing, a variety of sequential settings can be recorded, including
volume balance between channels, alignment of panning and fading in/out.

(1o synchronize with external devices A
To operate this unit to music recorded in an external sequencer or on a multitrack
recorder, refer to “Setup for Synchronized Operation with Recorder” (p. 196)
before you start.

Recording of auto-mixing starts upon reception of the timecode. To record auto-
mixing on this unit alone, press [PLAY] and timecode is generated internally. To
record auto-mixing in synchronization with an external device, such as a MIDI
sequencer or multitrack recorder, the timecode is sent from the respective devices.
Recording of auto-mixing is terminated when the timecode stops being received.
When recording auto-mixing on this unit alone, press [STOP] and the internally
generated timecode is terminated. When recording auto-mixing in synchronization
with an external device, stop sending the timecode from that device.

As you can see, it is necessary to determine which timecode to sync to beforehand.
Set [EXT SYNC] on to sync to the timecode from an external device and set [EXT
SYNC] off to sync to the internal timecode.

M Clearing the memory (CLEAR)

Auto-mixing is recorded in the internal memory. To record a new set of auto-mix
when another set of auto-mix has already been recorded, clear the internal memory
by following the steps below.

1. Press [AUTO-MIX] while holding down [SHIFT].
The base screen for auto-mixing, VIEW, is displayed.

2. Press [PAGE UP] to move the cursor to “VIEW.”
3. Press CURSOR [UP] to move the cursor to the bottom section on the screen.

4. Press [F6] (EDITMENU).
The edit menu dialog for auto-mixing is displayed.

5. Press CURSOR [DOWN] to move the cursor to the bottom section in the
dialog.

6. Press [F2] (CLEAR) to display the CLEAR screen.
7. Press CURSOR [DOWN] to move the cursor over to the CLEAR section.

8. Press [F4] (EXEC) to clear the memory.
When the memory is cleared, a “Complete” message is displayed.

9. Press [F6] (RETURN) and [F6] (EXIT), in this order, to return to the VIEW
screen.
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B Recording auto-mixing for the first time/recording by
overwriting (ABSOLUTE REC)

Absolute recording refers to recording of the operations of faders and knobs as they
were actually operated. This method is used when recording auto-mixing for the
first time or when recording by overwriting.

1. Press any of the buttons in SECTION to select one of the sections.

2. Press [AUTO-MIX] to sct it to ABSOLUTE RECORDING (the indicator:
red).

3. Press [AUTO-MIX] under CH STATUS.

The status button for the channel is switched to the mode for auto-mixing.

4, Press the statiis button for the channel for which auto-mixing is to be
recorded to set it to the recording state (red indicator).
To record auto-mixing on another channel while playing it back, press the status
button for that channel to set it to the playback state (green indicator).

5. Press any of the buttons in “PARAMETER VIEW on Fader” to select the
type of data to be recorded.

6. Press [PLAY] to start recording auto-mixing.
The channel of the status button with the green indicator starts playback.

7. Operate the faders or knobs.
8. Press [STOP] to finish recording.

pingjust

more
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H Recording to modify (RELATIVE REC)

2‘
3.

To add changes such as increasing /reducing the level to a set of auto-mixings
already recorded, perform relative recording (RELATIVE REC).

Press any of the buttons in SECTION to select one of the sections.
Press [AUTO-MIX] to set it to RELATIVE RECORDING (orange indicator).
Press [AUTO-MIX] under CH STATUS.

The status button for the channel is switched to the mode for auto-mixing.

Press the status button for the channel for which auto-mixing is to be
recorded to set it to the recording state (red indicator).

The Fader for the channel for which the auto-mixing is to be recorded automatically
moves to the center. The Fader functions as an operating device to determine how
much the values should be increased or decreased relative to the recorded data.
Placing the Fader above the center causes the values to be increased relative to the
recorded data while placing it below the center causes the values to be reduced
relative to the recorded data.

To record auto-mixing on another channel while playing it back, press the
status button for that channel to set it to the playback state (indicator
green).

Press any of the buttons in “PARAMETER VIEW on Fader” to select the
type of settings to be recorded.

Press [PLAY] to start recording auto-mixing.
The channel of the status button with the green indicator starts playback.

Operate the faders or knobs to record the data.

Press [STOP] to finish recording,.
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B Re-recording the specified section (PUNCH IN)

To re-record part of existing auto-mixing, use the PUNCH IN function. Either
absolute recording or relative recording can be used.

The region subject to recording can be specified by switching the channel to the
recording state while playing back auto-mixing.

1. Press any of the buttons in SECTION to select one of the sections.

2. Press [AUTO-MIX] to set it to ABSOLUTE RECORDING (red indicator) or
RELATIVE RECORDING (orange indicator).

3. Press [AUTO-MIX] under CH STATUS.

4. Press the status button for the channel for which auto-mixing is to be re-
recorded to set it to the playback state (green indicator).
Also, set other channels to playback state.

5. Press any of the buttons in “PARAMETER VIEW on Fader” to select the
type of settings to be recorded.

6. Press [PLAY] to start playing back auto-mixing.
The channel of the status button with the green indicator starts playback.

7. As the section to be re-recorded approaches, press the status button for the
channel for to set it to the recording state (red indicator).

8. Operate the faders or knobs to record the data.

9. Press the status button for the channel to set it to the playback state (green
indicator), after you finish recording.

10.Press [STOP] to stop playback.

~ Specifying the region by using the Locator (AUTO-PUNCH [N)

Specify the region to be re-recorded with the Locator beforehand, then re-record the
auto-mixing settings.

1. Press [LOCATE] while holding down [SHIFT] to display the LOCATE
screen.

2, Press [PAGE DOWN] to display the SETUP screen for the Locator.

3. Press CURSOR [DOWN] to move the cursor over to the AUTO PUNCH
section.

4. Press [F1] (ON) to set the AUTO-PUNCH IN function on.

5. Turn the V3 (START) knob to set up the recording start position.
To move the cursor on the hour, minute, second or frame, press CURSOR [LEFT]/
[RIGHT] while holding down [SHIFT].
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6. Turn the [V5] (END) knob to set up the recording finish position.
To move the cursor on the hour, minute, second or frame, press CURSOR
[DOWN]/[UP] while holding down [SHIFT].

7. After step 6, follow the same steps as for RELATIVE RECORDING (p. 205)
or for ABOSOLUTE RECORDING (p. 204).

The auto-mixing is automatically set to the recording state at the recording start
position. All operations on the Fader are recorded. The auto-mixing automatically

exits the recording state at the recording finish position.

8. Press [STOP] to stop playback.

Playing Back Auto-mixing

rTo synchronize with an external device

Playback of auto-mixing starts upon reception of time code. To play back auto-
mixing on this unit alone, press [PLAY] and time code is generated internaily. To
play back auto-mixing in synchronization with an external device such as an MIDI
sequencer or multitrack recorder, time code is sent from such devices.

Playback of auto-mixing is terminated as time code stops being received. When
playing back auto-mixing on this unit alone, press [STOP] and internal generation of
time code is terminated. When playing back auto-mixing in synchronization with
any external devices, stop sending time code from those devices.

As you can see from the above explanation, it is necessary to determine which
timecode to sync to beforehand. Set [EXT SYNC] on to sync to timecode from an
external device and set [EXT SYNC] off to sync to internal timecode.

v,

‘0
2.
3‘

5.

6.

Press any of the buttons in SECTION to select one of the sections.
Press [AUTO-MIX] to set it to the playback status (the indicator: green).

Press [AUTO-MIX] under CH STATUS.
The status button for the channel is switched to the mode for operating for auto-
mixing.

Press the status button for the channel for which auto-mixing is to be
played back to set the channel to the playback status (the indicator: green).

Press [PLAY] to start playing back the auto-mixing.
The channel of the status button with the green indicator starts playback.

Operate the faders or knobs to adjust mixing.
Fader or knob operation supersedes the recorded auto-mixing data.

Press [STOP] to finish playing back auto-mixing.
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Editing Auto-mixing

The respective auto-mixing settings are referred to as “data.” You can edit auto-
mixing by overwriting these values.

B Confirming data (VIEW)

You can confirm the data on the AUTO MIX VIEW screen. This is the base screen for
editing auto-mixing.
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© VIEWER area
You can check data by channel by viewing this area.
On the left, the channel numbers and names (abbreviated) are displayed. In addition,
the channel subject to editing (source channel) is marked with the letter “S,”
channels to which some data is copied or moved (destination channels) are marked
with the letter “D.” In the graphics section, data is displayed by channel.

© PAGE section
Use this section to switch the page.

VIEW: the screen for confirming data
" SETUP: settings related to auto-mixing
STAT1_Ul: Screen 1 for confirming the channel status
STAT1_U2: Screen 2 for confirming the channel status
STAT2_Ul: Screen 1 for confirming the channel status of a second
processor connected in cascade.
STAT2_U2: Screen 2 for confirming the channel status of a second

processor connected in cascade.

€© ZOOM section
This section can be used to scale up/down the graphics display in the VIEWR area.

O REGION SET section

This section is used to set up the region of the auto-mixing to be edited.




© VIEW section

© SOURCE section

€ TIME/VALUE TRIM section

4.

5.
6.
7.
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Data to be displayed in the VIEWER area are specified in this section.
SECTION: section

2ndUNIT: A second cascade-connected processor is selected.
PARAM: data type
ALL: Specify if all types of data should be/should not be

displayed in the VIEWER area.

The channel subject to auto-mixing editing (source channel) is specified in this
section.

When you select data, you can confirm the name, location and value of the data at
the same time.

Posit TIWE UALUE TRIN
OSTION wekCHEVENTSEL (GTIME &PUALUE T Value
Data Name =0@:28:07.18 + 25

FATN LEveD Exec) [EDITrEny

This mark indicates the location of the selected data.

This mark indicates the current position.

Press [AUTO-MIX] while holding down [SHIFT].

Press [PAGE UP]/[PAGE DOWN] to move the cursor to “VIEW.”
The AUTO MIX VIEW screen is displayed.

Press CURSOR [DOWN]] to move the cursor over to the VIEW /SOURCE/
VALUE TRIM section.

When more than one processor is connected, press [F1] (2ndUNIT) to select
the processor.

Turn the [V1] (SECTION) knob to select the section to be displayed.
Turn the [V2] (PARAM) knob to select the data type to be displayed.
Turn the [V3] (SOURCE) knob to select the channel for confirming data.

Turn the [V4] (EVENTSEL) knob to confirm data one by one.
This way, you can check the data of the specified type sequentially.
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. " )
(" Changing the current position

Use the TIME/VALUE dial te change the current position. The current position is
shifted by either hour, minute, second or frame unit. To change the unit, press
CURSOR [LEFT]/[RIGHT] while holding down [SHIFT].

Displaying scaled-up/down VIEWER area

1. Press CURSOR [DOWN]/[UP] to move the cursor over to the ZOOM
section.

2. Turn the [V5] knob to scale up/down the display along the time axis.
By increasing the value, you can focus on data in a specific section. By
reducing the value, you can confirm overall data changes.

3. To change the number of channels to be displayed at a time, turn the [Vé]
knob.

Confirming all types of data

Normally, only the specified types of data are displayed for easy viewing.
Alternatively, however, you can check all types of data recorded.

1. Press CURSOR [DOWN] to move the cursor over to the VIEW /SOURCE/
VALUE TRIM section.

2. Press[F2] (ALL) to set it on.
This makes the setting of the data types specified with the [V2] (PARAM)
knob invalid.

3. Turn the [V4] (EVENTSEL) knob to confirm data.
Regardless of the data type, all recorded data is displayed for confirmation
one by one. If more than one item of data exists at the same location, keep
turning the [V4] (EVENTSEL) knob to confirm them one by one.

4. To return to the screen displaying only the specified types of data, press [F2]
(ALL) to set it off.

210
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B Changing data one by one (MICRO EDIT)

Values such as those for the volume and panning can be changed one by one.
MICRO EDIT is ideal for detailed editing.

You can also use this function to move data one by one. However, if you are
relocating data in a bundle, it is more convenient to use MOVE (p. 214).

Check if the AUTO MIX VIEW screen is displayed (p. 208).

Press CURSOR [DOWN] to move the cursor over to the VIEW /SOURCE/
VALUE TRIM section.

When more than one processor is connected, press [F1] (2NDUNIT) to
select the processor.

Turn the [V1] (SECTION) knob to select a section.
Turn the [V2] (PARAM) knob to select the data type to be changed.

Turn the [V3] (SOURCE) knob to select the channel storing the data you
want to change.

Turn the [V4] (EVENTSEL) knob to select the data to be changed.

To change the data, turn the [V6] (VALUE) knob. To move the data, turn
the [V5] (TIME) knob to specify the new location, then press [F5] (EXEC).

M Defining the region subject to editing

"
2.

5.

7.

8.

For the copy, move and erase operations, you can edit the data in a specified region
en masse. You can also edit data stored on more than one channels en masse. Such
region from the edit start position to the edit finish position is referred to as
“REGION SET” and a channel subject to editing, “SOURCE CHANNEL.”

Check if the AUTO MIX VIEW screen is displayed (p. 208).

Press CURSOR [DOWN] to move the cursor over to the VIEW /SOURCE/
VALUE TRIM section.

Turn the [V3] (SOURCE) knob to select the channel subject to editing, then
press [F3] (SET).

To the left of the channel number, “S” is displayed, indicating that it is a source
channel.

Press CURSOR [DOWN]/[UP] to move the cursor to the REGION SET
section.

Turn the TIME/VALUE dial to set the current position to the position to
start editing.

Turning the TIME/VALUE dial shifts the current position by either hour, minute,
second or frame unit. To change the unit, press CURSOR [DOWN] or [UP] while
holding down [SHIFT].

Press [F5] (IN) to assign the current position to the edit start position.

Turn the TIME/VALUE dial to set the current position to the position to
finish editing.

Press [F6] (OUT) to assign the current position to the edit finish position.
Once the region to be edited is finalized, it is reverse-displayed in the VIEWER area.
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B Copying (COPY)

This function is used to copy data in a specified region to another time position or
another channel.
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o IN/OUT
These fields display the region of the data to be copied. The value of REGION SET
(p- 211) indicates the region to be copied.

®FROM
This field sets the reference position in the data to be copied. The position specified
here is copied to the position specified in the TO field.

eTO
This field sets up the position to which data is to be copied.

® DESTINATION

This field sets up the channel to which data is to be copied. The destination channel
is marked with the letter “D.”

O INSERT ON
This field specifies the copying method. To copy by overwriting, set this to “OFF.”
To copy by insertion, set to “ON.” In this case, data following the point specified
with TO is placed after the inserted data.

O TIMES

This field specifies how many times data is to be copied.

1. Check if the AUTO MIX VIEW screen is displayed (p. 208).

2. Press CURSOR [DOWN] to move the cursor over to the VIEW /SOURCE/
VALUE TRIM section.

3. Press [F6] (EDITMENU).

The EDIT MENU dialog is displayed. To clear the displayed dialog, press [F6]
(EXIT).

4. Press CURSOR [UP] to move the cursor to the top section in the dialog.
5. Press [F1] (COPY) to display the COPY screen.

6. Press CURSOR [DOWN] to move the cursor to the bottom section on the
screen.

: up, the ; scteen for the copy i
- operation cannot be Baili
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7. Check IN/OUT to confirm the region to be copied.
To reset the region to be copied, reset REGION SET (p. 211).

8. Turn the TIME/VALUE dial to shift the current position to the reference
point in the source data (FROM).

Turning the TIME/VALUE dial shifts the current position by either hour, minute,
second, or frame units. To change the unit, press CURSOR [LEFT] or [RIGHT]
while holding down [SHIFT].

9. Press [F1] (FROM) to assign the current position to FROM.

10.Turn the TIME/VALUE dial to shift the current position to the posiﬁon in
the destination (TO).

11.Press [F2] (TO) to assign the current position to TO.

12.Turn the [V3] (DESTINATION) knob to select the channel to which data is
to be copied.

13.Turn the [V4] (INSERTION) knob to specify the copying method.

14.Turn the [V4] (TIMES) knob to specify how many times the data is to be
copied.

15.Press [F4] (EXEC) to execute COPY.
When COPY is completed, a “Complete” message is displayed.

16.Press [F6] (RETURN) and [F6] (EXIT), in this order, to return to the AUTO
MIX VIEW screen.
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B Moving (MOVE)
This function is used to move data in a specified region to another time position or
another channel.
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O IN/OUT
These fields display the region of data to be moved. The value of REGION SET (p.

211) indicates the region to be moved.
o FROM

This field sets the reference position in data to be moved. The position specified here
is moved to the position specified in the TO field.

eTO
This field sets up the position to which data is to be moved.

® DESTINATION
This field sets up the channel to which the data is to be moved. The destination
channel will be marked with the letter “D.”

®INSERT ON
This field specifies the moving method. To move by overwriting, set it to “OFF.” To
move by insertion, set it to “ON.” In this case, data following the point specified with
TO will be placed after the inserted data.

1. Check if the AUTO MIX VIEW screen is displayed (p. 208).

2. Press CURSOR [DOWN] to move the cursor over to the VIEW/SOURCE/
VALUE TRIM section.

3. Press [F6] (EDITMENU).
The EDIT MENU dialog is displayed. To clear the displayed dialog, press [F6]
(EXIT).

4. Press CURSOR [UP] to move the cursor to the top section in the dialog.
5. Press [F2] (MOVE) to display the MOVE screen.

6. Press CURSOR [DOWN] to move the cursor to the bottom section on the
screen.

7. Check IN/OUT to confirm the region of the data to be moved.
To reset the region, reset REGION SET (p. 211).
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8. Turn the TIME/VALUE dial to shift the current position to the reference
point in the data to be moved (FROM).

Turning the TIME/VALUE dial shifts the current position by either hour, minute,
second or frame unit. To change the unit, press CURSOR [LEFT] or {[RIGHT]
while holding down [SHIFT].

9. Press [F1] (FROM) to assign the current position to FROM.

10.Turn the TIME/VALUE dial to set the current position to the position to
which data is to be moved.

11.Press [F2] (TO) to assign the current position to TO.

12.Turn the [V3] (DESTINATION) knob to select the channel to which data is
to be moved.

13.Turn the [V4] (INSERTION) knob to specify the moving method.

14.Press [F4] (EXEC) to execute MOVE.
When MOVE is completed, a “Complete” message is displayed.

15.Press [F6] (RETURN) and [F6] (EXIT), in this order, to return to the AUTO
MIX VIEW screen.



Chapter 11 Recording/Playing Back Fader or Knob Actions (Automix)

M Erasing a section no longer needed (ERASE)

®FROM/TO

2‘

3.

This function is used to erase data in a specified region. It replaces the region from
which data is erased with a space.
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These fields display the region of the data to be erased. The value of REGION SET
(p- 211) indicates the region of the data to be erased.

Check if the AUTO MIX VIEW screen is displayed (p. 208).

Press CURSOR [DOWN] to move the cursor over to the VIEW/SOURCE/
VALUE TRIM section.

Press [F6] (EDITMENU).
The EDIT MENU dialog is displayed. To clear the displayed dialog, press [F6]
(EXIT).

Press CURSOR [UP] to move the cursor to the top section in the dialog.
Press [F3] (ERASE) to display the ERASE screen.

Check FROM/TO to confirm the region of the data to be erased.
To reset the region, reset REGION SET (p. 211).

Press CURSOR [DOWN] to move the cursor over to the ERASE section.

Press [F4] (EXEC) to execute ERASE.
When ERASE is completed, a “Complete” message will be displayed.

Press [F6] (RETURN) and [F6] (EXIT), in this order, to return to the AUTO
MIX VIEW screen.

ress [UNDO/REDO] to
ancel the erasure just

- performed (UNDO).
* Pressing [UNDOQ/REDO]
- once morertestoresthe
- post-erase state (REDO).




MW Erasing an unneeded portion—bringing forward what

follows (CUT)

Use CUT to erase data in a specified region. All data foll
been cut is shifted forward.

Chapter 11 Recording/Playing Back Fader or Knob Actions (Automix)

owing the region that has
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cutT
FROM 02:02:02.05

TO  deodes.es
EXEC

®FROM/TO

l.
2,

These fields display the data region to be cut. The value
indicates the region of the data to be cut.

Check if the AUTO MIX VIEW screen is displayed

Press CURSOR [DOWN] to move the cursor over to the VIEW /SOURCE/

VALUE TRIM section.
Press [F6] (EDITMENU).

The EDIT MENU dialog is displayed. To clear the displayed dialog, press [F6]

(EXIT).

Press CURSOR [UP] to move the cursor to the top section in the dialog.

Press [F4] (CUT) to display the CUT screen.

of REGION SET (p. 211)

(p. 208).

Check FROM/TO to confirm the region of the data to be erased.

To reset the region, reset REGION SET (p. 211).

Press CURSOR [DOWN] to move the cursor over to the CUT section.

Press [F4] (EXEC) to execute CUT.
When CUT is completed, a “Complete” message will be

Press [F6] (RETURN) and [F6] (EXIT), in this order

MIX VIEW screen.

displayed.

, to return to the AUTO




Chapter 11 Recording/Playing Back Fader or Knob Actions (Automix)

M Gradually shifting values in a specified region
(GRADATION)

This function is used to overwrite data in a specified region so that the values transit
seamlessly. It is convenient for FADE IN/OUT or to move panning bit by bit.

U1 808

kgzecd

= MARKER

° SELECT °MOVE

® MARKER
This field sets the reference value(s) for seamless transition. When GRADATION is
executed, the values specified here are not overwritten, and the values change as
those for IN, OUT and MARKER are linked together.

® SOURCE
This field specifies the channel subject to GRADATION.

© GRADATION (GRADATION curve)

This field specifies a curve that defines how values should be transitioned.

A

LINEAR EXP+ EXP-

rAdding markers

1. Press [F1] (ADD) to prepare for adding markers.
[ A lisdisplayed beneath the VIEWER area. [ A ] indicates the marker
currently selected.

2. Turn the [V2] (MOVE) knob to move [ A ] to the position where you want to
place a marker.

Deleting markers

1. Turn the [V1] (SELECT) knob to select a marker to be deleted.
The marker to be deleted is marked with [ A ]

2. Press [F2] (DELETE) to delete the marker.
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Chapter 11 Recording/Playing Back Fader or Knob Actions (Automix)

1. Check if the AUTO MIX VIEW screen is displayed (p. 208).

2. Press CURSOR [DOWN] to move the cursor over to the VIEW /SOURCE/
VALUE TRIM section.

3. Press [F6] (EDITMENU).
The EDIT MENU dialog is displayed. To clear the displayed dialog, press {F6]
(EXIT).

4. Press CURSOR [UP] to move the cursor to the top section in the dialog.
5. Press [F5] (GRADATION) to display the GRADATION screen.

6. Press CURSOR JDOWN] to move the cursor to the MARKER/SOURCE/
GRADATION sections.

7. Add markers as required.
See p. 218 for instructions on how to add markers.

8. Turn the [V3] (SOURCE) knob to select the channel subject to gradation.
9. Press [F5] (SET) to specify how GRADATION should be performed.

10.Press [F4] (EXEC) to execute GRADATION.
When GRADATION is completed, a “Complete” message will be displayed.

11.Press [F6] (RETURN) and [F6] (EXIT), in this order, to return to the AUTO
MIX VIEW screen.
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B Add dynamics (EXPAND)
Of all data existing in a specified region, that greater than a certain value
(THRESHOLD) can be increased in value, and that smaller than it can be reduced in
value to increase the variation. This function is useful when you want to add
dynamics.

:
S
é X
finge
GHEe o
i R
16: 116
17: 11717 [REGION SET
18:1ig N
1818 102,08
£9:127 QU o
i3 - De:peRs.08
241154
ESH :
asmrr QFATE  gyIHRE
108 [
EXELC (EXIT
S m

O SHIFT

This field specifies the value increment in auto-mixing data.
\jit e

0 Time

O®RATE
This field specifies the rate at which EXPAND should be applied.
Set RATE at “50” to apply EXPAND at a rate of half the value specified for SHIFT,
and at “200” to apply it at a rate of twice the value.

® THRESHOLD
This field sets up the reference value. Values exceeding this value are converted to
even greater values and those below it to even smaller values.

1. Check if the AUTO MIX VIEW screen is displayed (p. 208).

2. Press CURSOR [DOWN] to move the cursor over to the VIEW /SOQURCE/
VALUE TRIM section.

3. Press [F6] (EDITMENU).
The EDIT MENU dialog is displayed. To clear the displayed dialog, press [F6]
(EXIT).

4. Press CURSOR [DOWN] to move the cursor to the bottom section in the
dialog.

5. Press [F1] (EXPAND) to display the EXPAND screen.

'L‘\'>for RATE at ”100 7o

To3o tain the value P
spemﬁed here, set the valuer‘

Specxfy the regmn sub;ect
“'to editing before" S
[;;attemptmg to display | the :
screen for‘the expand

f'*up, the screen for the
: expand operah on cannot ber
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7.
8.

9.

10.Press [F4] (EXEC) to execute EXPAND.

11.Press [F6] (RETURN) and [F6] (EXIT), in this order, to return to the AUTO

Chapter 11 Recording/Playing Back Fader or Knob Actions (Automix)

Press CURSOR [DOWN] to move the cursor to the bottom section on the
screen.

Turn the [V1] (SHIFT) knob to specify the increment for the value.

Turn the [V2] (RATE) knob to specify the rate at which EXPAND should be
applied.

Turn the [V3] (THRESHOLD) to set the reference value.

When EXPAND is completed, a “Complete” message will be displayed.

MIX VIEW screen.



Chapter 12 Using with MIDI Devices

Settings Related to MIDI

B Settings for MIDI transmission/reception and Level Meter
Bridge (MB-24)

[SHIFT] + [PROJECT] -~ CURSOR [DOWN] > [F4] (MIDI)

[ 68 88 60
0GRAM CHANGE P o
FX1-8¢CH1~8 TRANSPORTSCHIZ> MENY
0 MST FX{CH®> MUTEGROUP<CH14>
LOCRTECCHLE)>
SCENEC(CH16>
TX
e PRRAM
(NI |
i%5
©Q -
LEUI METER SW
CONSOLE | PROCESSOR
MASTER ESLRUE
© PROGRAM CHANGE

The following settings can be switched using Program Change messages sent from an
external MIDI device. For example, when you want to switch the FX-7 effect algorithm
to a 31-band graphic equalizer, send program number 36 on MIDI channel 7 from an
external MIDI device.

FX1 to 8 effect algorithm (MIDI channels 1 to 8)
Master effect’s effect algorithm (MIDI channel 9)
Transport (MIDI channel 13)

Mute group (MIDI channel 14)

Locate (MIDI channel 15)

Scene (MIDI channel 16)

© Tx PARAM (Transmit parameter)

This should be turned on if you want information describing changes to parameter
settings to be sent to external MIDI devices in the form of System Exclusive messages.

© DEVICE ID

The device IDs of both devices must be matched before System Exclusive messages
can be transmitted or received between two devices.

O LEVEL METER SW (Level Meter Bridge switch)
This needs to be set when connecting the Level Meter Bridge (MB-24).
Turn on [F1] (ON) to connect the MIDI device to the console.
Turn on [F2] (ON) to connect the MIDI device to the processor. Turn on both [F2] (ON)
and [F3] (ON) when the devices are cascade connected.

© Rx PARAM (Receive parameter)

This should be “on” to change the parameter setting following a System Exclusive
message sent from an external MIDI device.

© MIDI THRU CONSOLE
Determines the use of the MIDI OUT/THRU/METER connector of the console (MIDI
OUT or MIDI THRU). Set this “MIDI OUT” to send MIDI messages to an external
MIDI device; set this “MIDI THRU” to send received MIDI messages directly to other
external MIDI devices.

@ MIDI THRU PROCESSOR
Determines the use of the MIDI OUT/THRU/METER connector of the processor
(MIDI OUT or MIDI THRU). Set this “MIDI OUT” to send MIDI messages to an
external MIDI device; set this “MIDI THRU" to send received MIDI messages directly

to other external MIDI devices.



Chapter 12 Using with MIDI Devices

Bl Settings related to tempo/metronome
[SHIFT] + [PROJECT] -» CURSOR [DOWN] -> [F5] (TEMPO/METRONOME)

[ ]

TEWPG  TEAT
Q0.0 @ + 4

MIDI METRONOME

MODE
rOOFF @REC OMLY
e @REC&PLAY
SET DALWAYS
NORMAL ERCC-E-NT iMIDI CH

T @ PN @TE @ 1o

© TEMPO/BEAT

TEMPO determines both the tempo at which the metronome sounds, and the tempo

used when sending MIDI clock to an external device.
BEAT determines the beat.

© MIDI METRONOME

Settings for the metronome.

MODE

Determines when the metronome is to be sounded.
RECONLY: Metronome sounds for automix recording
REC&PLAY: Metronome sounds for automix recording and playback
ALWAYS: Metronome always sounds

NORMAL

ACCENT

Determines the pitch (NOTE) and volume (VELO) to sound the metronome. ACCENT

sets the first beat while NORMAL sets the subsequent beats.
MIDI CH (MIDI channel)

Determines which MIDI channel to use to sound the metronome. It is usually set to

“Channel 10” which plays a rhythm set.

saoineq iql
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W Settings related to synchronization
[SHIFT] + [PROJECT] -~ CURSOR [DOWN] — [F3] (SYNC CLOCK)

T FASTER. MIDI SYNC] TX SH |[a PAGE v
TC
QMULTI 1-& r@OFF MENU
CGIMULTI 9-16 @MTC

GMIDI CLOCK

SYNC OFF3SET

HOUR MIN sEC FRAME
2 0 0 0"

+0

e | [FRC FRSTER
MOINT  @MULTI 1-8
@MIDI  GMOLTI 9-16 === @)
OMULTI17—24
SET

© SYNC MASTER
Set this parameter to run the console in synchronization with an external device.
Set the parameter to “INT” to use the console as the master. To use the console as the
slave, set the parameter to “EXT” and determine which time code to sync to. To follow
the MTC, set it to “MTC”, while to sync to the time code used by the device connected
to R-BUS, set it to “MULTI 1-8”, “MULTI 9-16,” or “MULTI 17-24".

© MIDI SYNC Tx SW (MIDI Sync Transmit switch)
Determines the time code to be sent to an external device when the console (master)
is run in synchronization with that device. Set it to “MTC” to send the MTC or to
“MIDI CLOCK" to send a MIDI clock. Set it to “OFF” to send nothing,.

© SYNC OFFSET
It provides the time on both the console and other devices with an offset when the
console runs in synchronization with a device such as video device.

O ERROR LEVEL
Sets the time interval to check the reception of MTC when the console runs in
synchronization with an external device upon MTC reception. This console stops
synchronization when MTC is not sent in succession. Increasing the error level value
allows the console to synchronize with an external device even if there are some
problems in receiving MTC.

© FRAME TYPE

Sets the frame rate to suit an external device.

e MMC CONTROL
Set it to “ON” to control an external device using MMC (MIDI Machine Control), or

to control the console from an external device.

@ MMC MASTER
Determines which device’s MMC is used for control.
Setit to “INT” when the console controls an external device by transmitting MMC. Set
it to “MIDI” when the console is controlled by MMC sent from an external device. To
control the console with MMC transmitted from the device connected to R-BUS, set it
to “MULTI 1-8”, “MULTI 9-16", or “MULTI 17-24".
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Chapter 12 Using with MIDI Devices

W Receiving or transmitting level/pan using fader or knobs

Change to the following screen by pressing [MULTI OUT] while holding [SHIFT]
down. Control Change messages are transmitted to an external device when you
operate the fader or knobs on this screen. This allows you to control the volume of the
MIDI device connected (LEVEL: Control Change Number 7) or panning (PAN:
Control Change Number 10).

[ T
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0000
¢ ¢ L1 ¢
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Example of Connections

B To synchronize with an external MIDI device

(the console is used as a slave)
To synchronize with MTC (MIDI time code) transmitted from an external MIDI
device, connect up as shown below, and set the required parameters.

$301A3(] 1IN
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[SHIFT] + [PROJECT] —~ CURSOR [DOWN] — [F3] (SYNC CLOCK)

MIDI SYNC TX SW
MBOFF

T1 1-3
GMTC
G@MIDI_CLOCK

BMUL

@MULTI 2-16

GMULTI17-24
SET

[HHE MMC MAS TER
CONTRO
pEINT @MULTI 1-8
j@MIDI  GMOLTI 9-16
: _ @MULTI1T-24
o8 ||=ET
o
¢ [EXT SYNC]: ON
e SYNC MASTER: EXT, MTC
e SYNC OFFSET: Provides the time on both the console and other
devices with an offset when the console is being
synchronized with video or similar equipment.
¢+ FRAME TYPE: Sets the frame rate for the device to be connected.
* MMC CONTROL: ON (Only when the external MIDI device controls
synchronization start and stop.)
* MMC MASTER: MIDI (Only when the external MIDI device

controls synchronization start and stop.)

B To make an external MIDI device synchronize with the

console (when the console is used as the master)
To make the external MIDI device synchronize with MTC or MIDI clock transmitted
from the console, connect them as shown below, and set the required parameters.
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[SHIFT]+[PROJECT] —~ CURSOR [DOWN] — [F3] (SYNC CLOCK)/[F4] (MIDI)/[F5]

(TEMPO/METRONOME)

%‘CTI 1-8
TI 9-18

@MULTI17-24

FX1~8<{CHi~8>
MST FX(CHD>

o8]
[em————

TRANSPORT{CH13>
MUTEGROUP (CH14>
LOCRTE(CH15>

SCENEKCH16>

CCENT

NORMAL
QL @8 QS

iMIDI CH

oiﬁ

PRGE v

e [EXT SYNC:

¢ SYNC MASTER:

* MIDISYNC Tx SW:
* SYNC OFFSET:

* FRAME TYPE:
¢ MMC CONTROL:

¢ MMC MASTER:

¢ MIDI THRU CONSOLE:

* TEMPO:

OFF
INT

MTC or MIDI CLOCK

Provides the time on both the console and other
devices with an offset when the console runs in
synchronization with a device such as a video

device.

Sets the frame rate for the device to be connected.

ON (Only when the console controls
synchronization starting and stopping.)

INT (Only when the console controls
synchronization starting and stopping.)

ouT

Tempo (Only when transmitting a MIDI clock)
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M Controlling a MIDI device from the console

o

o == Roland v-MIXING CONSOLE
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Controlling volume or panning
Change to the following screen by pressing [MULTI OUT] while holding [SHIFT]
down. Control Change messages are transmitted to an external device when you
operate the fader or knobs on this screen. This allows you to control the volume of the
connected MIDI device (LEVEL: Controller Number 7) or panning (PAN: Controlier

Number 10).

S " - S A N
990000000000
i i N '? '? ‘? '? i '% ? 'ﬁ '% -EUEL
10z 105 iou 99 101 10i] %9 37 s 33 sz szl mipI
Y ERIEY BB ED Ef BN O] SEND
18 % 15 18

0900

iu io is is

Xl B B3 GO

Press [F1] to [F6] to turn off the channels which do not transmit Control Change
. messages.



[SHIFT]+[PROJECT] - CURSOR [DOWN] - [F4] (MIDI)

PROGRAM CHANGE

FX1-8¢CH1-58) TRAMSPORT{(CHIZ>
MST FXICH> MUTEGROUP(CH14>
LOCRATE(CHLS)

OCH
SCENEC(CH1S>

LEVEL METER -

CONSOLE | PROCESSOR
MASTER  ; SLAVE
| o M oo ]

¢ MIDI THRU (CONSOLE): OUT

Recording parameter settings on a sequencer
Settings for the effect algorithms, equalizer, etc., can be sent to an external device in
the form of System Exclusive messages. If you record these messages on a sequencer,
you can add a variety of enhancements at the appropriate places in the music.

[SHIFT]+[PROJECT] —~ CURSOR [DOWN] — [F4] (MIDI)

FX1-8<CH1~-8> TRANSPORT(CHIZ>
MST FX(CHS> MUTEGROUP<CH14>
LOCRTE{CH1S>

SCENECCHIB)

¢ TXPARAM: ON
¢ MIDI THRU (CONSOLE): OUT
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W Controlling the console from a MIDI device
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Switching effect algorithms or scenes from an external MIDI device
The following settings can be switched by transmitting Program Change messages
from an external MIDI device. This allows you to change the tone when playing a
keyboard, while switching to an effect algorithm which suits the change.

¢ EX1 to 8 effect algorithm (MIDI channels 1 to 8)
® Master effect’s effect algorithm (MIDI channel 9)
¢ Transport (MIDI channel 13)

* Mute group (MIDI channel 14)

e Locate (MIDI channel 15)

e Scene (MIDI channel 16)

[SHIFT] + [PROJECT] —~ CURSOR [DOWN] — [F4] (MIDI)

FX1-8(CH1-8> TRANSPORT<CH1i3>

MST FX{CH9> MUTEGROUPC(CH14>
LOCATE{CH1S>
SCENE{CHI1&>

|! ON__] oN__]

EVI MIDI THRU
CONSOLE | PROC—

ESSOR
@ ¢ |poour  peciT
BTHRU STHRU

LEVEL METER
CON% OLE PROSESSOR

MASTER ; SLAVE

¢ Program Change: ON
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Changing parameter settings from an external MIDI device
You can change the effect algorithm or equalizer settings by transmitting System
Exclusive messages from an external MIDI device. For instance, by recording the
required System Exclusive messages in the sequencer, you can change the sound by
simply playing it back.

[SHIFT] + [PROJECT] -~ CURSOR [DOWN] - [F4] (MIDI)

.ﬁiﬁf”.v.%azzf
PROGRAM CHANGE

FX1-8{CH1-8> TRANSPORT(CH1I>
MST FX{CHS> MUTEGROUP(CH14>

LOCRTE(CH15>

CENECCH16>

DEVICE
ID

* RXPARAM: ON




Glossary

1st unit, 2nd unit

On this system, these terms are used to distinguish between two
processors (when two processors are used). The processor that is
connected to the console via VM link is called the 1st unit, and the
second processor that is cascaded is called the 2nd unit.

2nd unit
~» 1st unit

Absolute recording

One method of recording automix, in which fader or knob
movements are recording just as they are operated.

Active sensing

A MIDI message that is used to prevent problems such as “stuck
notes” occurring on a sound module when a MIDI cable is
disconnected or broken. This message is transmitted at regular
intervals from MIDI OUT. Once a device that is able to detect this
message has received it after being powered-on, failure to receive
any message for longer than a certain interval of time will be taken
to mean that a cable has been disconnected or broken. When this
occurs, all sound will be halted. (On this system, this message is
only transmitted.)

AD converter
A device that converts an audio or other analog signal into a digital

signal.
-» DA converter

ADAT

A product line of Alesis multitrack recorders compatible with the
standard for digital multitrack recorders created by Alesis
Corporation (USA). S-VHS video tape is used as the storage
medium. If the VM-24E (1/0 expansion board: sold separately) is
installed in the processor of this system, bi-directional multi-
channel digital connections with, and remote control of, the ADAT
are supported via DIF-AT (sold separately).

* ADAT is a trademark of Alesis Corporation.

AES/EBU

AES stands for Audio Engineering Society, and EBU stands for
European Broadcast Union. “AES/EBU” standard refers to a
technical specification that was created by these two bodies.
References to AES/EBU format normally indicate a transmission
protocol for digital audio (the audio portion of a digital VCR
signal).

Algorithm

On this system, the structures on which effects are based are called
“algorithms.” Some algorithms connect two or more effects such as
reverb or chorus in series, and can be selected as desired. 39 types
are provided for effects 1-8, and three types for master effects.

= Effects

Analyzer

On this system, refers to the built-in spectrum analyzer function.
-» Spectrum analyzer

Attenuator

A collective name for any circuit that reduces an excessively strong
signal to an appropriate level. This is used to prevent input
overload distortion from occurring in subsequent circuits. The
digital attenuators in the input section of this system allow the
attenuation to be adjusted in a range of 0 dB - -42 dB. To maximize
the sound quality, it is desirable to use only the least amount of
attenuation required.

Automix

A function that records mixer settings and operations as data
(either internally or on an external sequencer) along with the
progress of the song on a sequencer or recorder. Mixer operations
can be reproduced later as the song plays back, for automatic
mixing,. Since operations can be recorded separately for different
channels, and since recorded data can be edited in detail, you can
create complex mixes that would be difficult to perform manually.
Used mainly during mixdown. Sometimes called “compu-mix.”

Automix function

A function that allows you to record continuously variable scttings,
such as fader or knob movements (controlling volume, pan,
channel on/off, etc.), and then play back these movements as many
times as desired. This recorded content is collectively referred to as
the “automix,” and individual settings that make up the automix
are referred to as “data.” )

Auto punch-in

The action of re-recording an automix over a previously specified
area.

Auto wah

An automatic version of the “wah pedal,” used mainly with electric
guitars, which makes pedal operation unnecessary. The peak
frequency changes automatically in response to the level of the
input signal, producing a “wah wah” effect.

Backup

In general use, this refers to the action of creating a copy of data on
another storage medium as a precaution against loss of data due to
accident or inadvertent operation. On this system, the term refers to
the action of copying all user libraries of the console to a memory
card.

Balanced connection

A method of transmitting signals using three electrical conductors
(two signal lines ~hot and cold — and an independent ground). The
transmitting device sends the same signal to “cold” and “hot” with
reversed polarity (+/-). The receiving device receives the signal
using a circuit that subtracts the cold signal from the hot signal.
This cancels any noise that may have entered the line during
transmission, allowing noise-free transmission of low-level signals
over long distances. This method is usual on professional and
broadcast equipment. Most inputs and outputs of this system also
use this method. The input/output jacks are normally XLR
connectors or TRS phone jacks. If a conventional TS-type plug
(used with shielded instrument cables etc.) is inserted into such a
TRS jack, it can be used as an unbalanced connection.

= Unbalanced connection

= TRS type

= TS type

-» XLR connector

==
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Band pass filter (BPF)

A filter that allows only a specific frequency band to pass.

Bass cut filter
A filter that cuts unwanted low-frequency sounds. It can be used
to eliminate the “pop noise” that occurs when wind or breath is
blown into a mic at close range. This simulates the bass cut switch
that is found on some mics.

Blank parameter chart

A sheet of paper used to write down parameter settings. It
contains the parameter names in an organized layout, with blank
areas in which to write the value of each setting.

-» Parameter

BPM, beats per minute

The number of beats in one minute (usually quarter note).

Bulk dump
The action of transmitting internal settings of a device as MIDI
data using system exclusive messages. This allows internal
settings to be transmitted to another device, or saved ona
sequencer or computer.

Bus
A signal route within a mixer that is shared by signals from two
or more channels. This system provides a Main bus which collects
the signals that are output from the main output, a Cue bus that
is used mainly to collect signals for monitoring, and twelve Flex
buses that can be used for a variety of purposes.
- Flex bus

Cascade connection

Connecting a second identical unit to increase the number of
input channels, effect processors, etc. On this system, a VM-24C
(cascade kit: sold separately) can be used to connect two
processors and double the number of inputs in the entire system.
In general, connecting the output of a device directly to the input
of another device is referred to as a “cascade connection.”

Channel link

A function that allows adjacent odd and even-numbered channels
(1and 2, 13 and 14 etc.) to be joined as a pair. It is convenient to turn
this on for channels that control a stereo signal, since you can avoid
having to manually make the same settings for both channels.

Channel message

A collective term for all MIDI messages that are used to transmit

musical performance data for specific channels. They include

messages such as note-on/off, control change, pitch bend, and

aftertouch. This system uses channel messages to modify fader

settings, to display the level meters, and to sound a metronome.
- MIDI

Checksum

Data included within a M1DI system exclusive message that
allows the receiving device to check whether the message was

Chorus
An effect that adds spaciousness to the sound. 1t is produced by
adding a slightly time-delayed signal to the input sound, and then
cyclically modulating the delay time to create a sense of expanded
space or of multiple sound sources.

Clear

Automix data is stored temporarily in internal memory. “Clear”
will erase all of this internal memory.

Coaxial

A digital audio connector to which a coaxial cable can be
connected. Of the digital inputs and outputs of this system, S/
PDIF format “DIGITAL A” uses a coaxial connector. In contrast,
S/PDIF digital 1/0 jacks to which an optical cable can be
connected are referred to as “optical.”

- 5/PDIF

- Digital 1/0 connector

=» Optical

Comb filter

A frequency filter with a response curve shaped like a comb. A
filter that has a dip at regular frequency intervals (e.g., 50 Hz, 100
Hz, 150 Hz, 200 Hz,...). This is used to emphasize specific
harmonic series in a way similar to a flanger, or to remove noise
(such as power supply hum) that occurs at frequency intervals of
a specific harmonic series.

On this system, the Feedback Delay function can be used to add
a very short delay sound to the original sound, thus producing a
comb filter. By mixing this delayed sound in inverse phase with
the original signal, a filter will be produced that has peaks at each
dip point. When the delay time is set to t (msec), the frequencies
(F1, £2, £3,...fn) at which the dips will occur can be calculated by the
formula fn = 500 n/t. For example, if the delay is 10 msec, there
will be dips at 50 Hz, 100 Hz, 150 Hz, 200 Hz, 250 Hz.., while if the
delay is 1 msec, the dips will occur at 500 Hz, 1 kHz, 1.5 kHz, 2.5
kHz...

Comment
On this system, refers to the text data (memo) that can be stored
for each project. A maximum of 32 characters can be stored.

Compressor
An effect that suppresses volume fluctuations. When the input
signal exceeds a specified level (threshold), the gain is reduced as
the input signal rises, thus suppressing signal overload. The same
algorithm can also be used as a limiter (an effect that
instantaneously suppresses peaks).
Of the effects in this system, only the compressor included in
guitar multis 1-3 simulates a compact compressor for guitar, and
works differently from a limiter. (It suppresses signal overloads,
and also evens out the volume by raising low-level signals.)

Compu-mix
Another term for auto-mix, although Compu-mix often refers to
automation via a MIDI sequencer.
=» Automix
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received correctly. The checksum is a hexadecimal number that is

calculated from the values of the addresses or data (or size) using

a prescribed formula, and is attached to the end of each exclusive

message (immediately before F7H: End Of Exclusive). For details

on calculating the checksum, refer to the MIDI implementation.
-> System exclusive message
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Condenser microphone

A type of microphone that applies the principle of a condenser. It
has excellent high-frequency response, and allows more subtle
nuances of sound to be captured. A power supply is required for
operation, and most professional condenser mics use phantom
power. Less expensive models that run on batteries (electret
condenser mics) are also available.

-> Phantom power

Console
A surface on which controls are mounted. On this system, refers to
the controller unit (VM-C7100 or VM-C7200) that contains the
operating panel with the faders and display devices. A single
console can control up to two processors. Also, two consoles can be
shared by a single system to allow control from two locations.
-» Processor

Contrast
A setting that adjusts the difference between the light and dark
areas of a display. This controls the apparent brightness of the
display. On the console of this system, this adjustment is made by
the CONTRAST knob located at the lower left of the display.

Controller
A device that controls another device/state/ function, either
automatically or manually. In the context of a musical instrument,
the term refers to the keyboard, knobs, buttons, and pedals etc.

Copy

In the context of automix, this is a function that copies a specified
range of data to another location or channel. The term is also used

in reference to copying from a library to the current mixer settings.

COSM

An abbreviation for Composite Object Sound Modeling.
Proprietary Roland technology for combining sound models of
various types to produce sound. Some of the effect algorithms of
this system are implemented using this technology, including
Microphone Modeling and Speaker Modeling.

= Guitar amp simulator (Guitar amp modeling)

-» Mic simulator (Microphone modeling)

=» Speaker modeling

Cue (cue bus)

On this system, refers to the cue circuit (a circuit or function that
sends a signal to the monitor output section). The bus that is used
for this purpose is called the cue bus.
The cue bus of this system can automatically switch to a stereo solo
bus (depending on the monitor settings and whether the Solo
function is on). This means that if you wish to specifically set the
bus for a specific application, you should use a flex bus rather than
the cue bus.

> Bus

Cut

A function that deletes a specified range of automix data. At this
time, all data that lay after the deleted data will move forward to fill
the gap.

Cutoff frequency
The frequency at which a filter operates; i.e., the frequency at which
it begins to pass or cut the signal.

DA converter
A device that converts a digital signal into an audio or other analog

signal.
-> AD converter

Damp

- High frequency damp
- Low frequency damp

DAT

An abbreviation for Digital Audio Tape. A type of two channel

digital audio tape that uses a special tape cartridge. Various

manufacturers have produced both consumer and professional

models. The standard sampling rate is 48 kHz, but most models

allow other modes (such as the same 44.1 kHz as a CD) to be selected.
- Sample rate

Data entry
A MIDI control change message that is used to transmit and receive
the value of a parameter that was specified by an RPN/NRPN
message.
= RPN
- NRPN
=» Control change

De-esser

An effect that instantaneously lowers the level when a large
amount of high-frequency components are present in the sound, to
suppress unwanted sibilants. It thus prevents the distortion that
would be caused by excessive amounts of high-frequency
components in sibilant consonants.

Default

Refers to the initial settings or initial state. Restoring settings to
their initial state in this way is called “restoring the defaults.”

Delay

An effect that produces an echo-like result by delaying the sound.
By layering a short delay onto the original sound, you can add
depth and spaciousness, or even produce a comb filter effect. On
this system, delay is provided as an effect algorithm, and a
dedicated delay is also provided for each input channel.

-» Feedback delay

=>» Phase delay

- Comb filter

DIF-AT

Aninterface board (sold separately) that allows a digital multitrack
recorder made by another manufacturer (Teac/TASCAM, Alesis
ADAT) to be connected to the R-BUS connector of a Roland
product. This allows multitrack audio and other signals to be
transferred digitally.

- R-BUS
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Digital I/O connector

On this system, refers to the digital audio input/output connectors
of the processor. There are two: DIGITAL A (coaxial), and
DIGITAL B (XLR connector). DIGITAL A can be connected only to
the S/PDIF compatible digital input/output jacks found on many
types of audio equipment, and DIGITAL B can be connected only
to the AES/EBU compatible digital input/output jacks found on
some professional audio equipment.

When a separately sold VM-24E is installed, three 8-channel bi-
directional digital I/O connectors (R-BUS connectors) will be
added. This allows the system to be connected to Roland devices
that have the same connector, or to digital multitrack recorders
made by other companies, so that multi-channel digital audio data
can be transferred.

*  Digital connections with a multitrack recorder made by another

manufacturer will require a DIF-AT (sold separately) in addition to
installing a VM-24E. (p. 234, p. 247)

- S/PDIF
-» Coaxial
- R-BUS

Dim function
A function that lowers the monitor sound to a previously specified
level. On this system, the [DIM] button located on the console is the
on/off switch for this function. It can also be set to turn on
automatically while the talkback function is being used.

Direct box (DI)

A relay device, usually built into a box, that is used when
connecting an electric guitar or bass to a mixer. (The Boss DI-1 is an
example.) It lowers the output impedance of the instrument to
match the receiving device, and simultaneously can convert an
unbalanced signal into a balance signal. By using a direct box, you
can avoid problems such as attenuated signal level, increased noise,
and tonal change that can occur due to mismatched impedance.

-> Impedance

-> Unbalanced connection

-> Balanced connection

Discrete circuit
A circuit constructed of individual transistors, resistors, and
condensers, rather than being integrated as an IC (integrated
circuit) chip.

Display
Refers to the display screen located on the front panel. The display
device used by this system is a 320 x 240 pixel LCD, which displays
various information depending on the functions that are selected.

Distance

One of the parameters of a mic simulator, which specifies the
distance between the mic and the sound source, and thereby
changes the frequency response and time delay. It also simulates
the “proximity effect” (the boost in Jow frequency that occurs when
a mic is brought nearby the singer’s mouth).

Distortion
An effect that distorts the sound, and is used mainly on electric
guitars. On this system, it is included in the guitar multi algorithms.
Similar effects include Overdrive (p. 241) and Metal (p. 239), and
these will each produce differing degrees of distortion.

Dither

When a digital audio signal is transmitted or received, and the bit
resolution of the receiving device is lower, the lower bits of the data
are discarded. “Dither” refers to the digital processing that is
performed at this time to avoid the loss in audio quality that can
occur in particular at the end of notes. This system implements a
dithering function.

Drop format

One of the formats (frame rates) of SMPTE time code. At the
expense of time code continuity, this format is designed to avoid
any discrepancy between SMPTE time and real (clock) time that
would otherwise be caused by the fact that NTSC format is.actually
29.97 frames/second.

- SMPTE time code

->» Frame rate

- NTSC format

DSP

An abbreviation for Digital Signal Processing. Technology that uses
dedicated circuitry or software calculations to process digitized
audio or video signals in order to implement the functionality of a
mixer, filter, or effect processor. By extension, DSP is also used to
collectively refer to effect devices and effect functionality that uses
such technology.

Dynamic microphone

A type of microphone that uses the same principle as an electrical
generator. It operates without a power source. The most common
types (moving coil) are quite durable, and are widely used as vocal
and instrument mics. Ribbon mics are a different type of dynamic
microphone that have superior acoustical characteristics, but are
somewhat less durable.

Dynamics (effect)

Effects that compressor expand the range of volume changes. These
effects are used to reduce noise when recording to tape, or to
increase the dynamic range of a tape or wireless mic. Dynamics
effects provided on this system include Enhancer, Expander,
Compressor, and Limiter.

Effect expansion board
An optional circuit board that can be added to a product. Effect
expansion board (VS-8F2: sold separately) can also be installed in
this system to increase the number of effects that can be used
simultaneously.

Effect patch

A state or settings that specifies an effect, stored under a number or
name. By recalling an effect patch you can reproduce the state of the
effect at any time. The “effect library” on this system corresponds
to what are called “effect patches” on some devices.

-> Library

Effect processor
A device that adds an acoustical effect such as reverberation,
distortion, or modulation. This system contains a built-in effect
processor, and separately sold VS-8F2 (effect expansion) boards
can be added to increase the number of processors. This manual
may refer to the “effect processor” simply as “effect.”
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Effects

Special processes that modify or enhance the sound in some way,
such as causing it to distort, adding reverberation, or delaying it,
ete. Also used to refer to the device or processor that produces the
effect. On this system, effects may be abbreviated as FX.

Enhancer

An effect that adds sparkle to the sound by emphasizing the high-
frequency overtones. It can be used when you wish to give the
sound more definition and make it stand out, while not changing
the tone or balance. It is effective when applied to vocals.

Equalizer

A device that modifies the tone by boosting or cutting the level of
the sound in a specific frequency range. Abbreviated as “EQ.” On
this system, a graphic equalizer is provided as one of the effect
algorithms. Parametric equalizers are also provided on the input of
each channel/track, and also within some effect algorithms.

-> Graphic equalizer

=» Parametric equalizer

Erase

A function that erases a specified range of automix data. At this
time, the area that was erased will become blank.

Error message

A message that appears in the display when an incorrect operation

has been performed, or when data could not be processed correctly.

Event

On this system, this refers to each individual piece of data recorded
by the auto-mix function, such as volume, pan, or scene.
-» Automix

Expand

A function that broadens the range of change in data values within
a specified region of the automix, so that data above a specified
value (Threshold) is increased to a higher value, and data below
that value is decreased to a lower value.

Expander

An effect that increases (by a fixed ratio) the difference in loud and
soft volume levels, by making low-level signals softer, and high-
level signals louder.

EZ (easy) naming
A function that allows you to quickly and easily select from a list of
previously prepared project or scene names etc. (such as “Guitar-1”
or “Gt1"”), instead of using buttons to input characters one by one.

EZ (easy) routing

A group of functions that allows internal connections to be changed
instantly for a specific application, such as a live performance or
recording. On this system, there are two such functions; Template
which allows you to select and recall a previously connection
pattern, and Virtual Patchbay which allows you to connect lines
on the screen to change the input/output jack assignments.

Factory reset

A function that restores all settings of a device to their factory
values.

Fade-in
Fade-out
Fade-in means to gradually raise the volume (for example, at the

beginning of a song). Fade-out means to gradually lower the
volume until silence is reached.

Fader

Faders are the sliders that are arranged on the panel of the console,
and used mainly to adjust the volume.

Feedback

In the context of an audio circuit, this refers to the process of
returning a portion of a signal back to the input.

Feedback delay

A delay that is provided on each input channel of this system, and
can be used to produce echo effects or comb filter effects. High
(low) frequency damp scttings are provided, allowing analog-style
echo to be produced.

= High frequency damp

- Low frequency damp

-» Comb filter

Feedback level

The action of returning part of an output back to the input is called
Feedback. The amount that is returned to the input is the Feedback
Level. Increasing this will increase the number of times that a delay
is repeated, or will make a chorus effect sound richer. However if
the feedback level is increased excessively, oscillation can occur,
and unwanted sounds can be generated.

Filter

A device or function that cuts a portion of the frequency bandwidth
to modify the tone. There are various types of filter, such as the Low
Pass Filter which passes only the portion that is lower than a
specified frequency (the cutoff frequency), or the High Pass Filter
which passes only the portion that is higher. Some filters are able to
vary the cutoff frequency over time according to a pre-determined
pattern.

Flanger

An effect that produces a metallic modulation that resembles the
sound of a jet plane taking off and landing. It is produced in a way
similar to delay or chorus effects, by adding a slightly time-delayed
sound to the input.

Flash memory

A type of memory that can maintain its data without a backup
power source such as a battery. Its data can be electrically rewritten
from outside. Flash memory is suitable for storing various types of
data that must be maintained even when the power is off, or for
containing the system software of a device. Since the data can be
rewritten electrically, it is easy to update the system software of a
device. However since it normally operates as ROM (read-only
memory), it is not suitable for applications that require the contents
to be erased or rewritten at high speed. In this system, flash
memory is used in the area that holds the system software and the
libraries. Flash memory is also used in the memory cards
(SmartMedia) that are used for external backup etc.

- SmartMedia
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Flex bus

A general purpose bus, of which twelve are provided for each
processor. These can be used for a wide variety of purposes, such
as collecting signals to be sent to the internal effects, or for
providing separate stage monitor feeds. Flex buses 1-8 differ
slightly in functionality from 9-12 (refer to the diagram on p. 29).
The VM-7200 processor provides independent outputs (bus out) for
flex buses 5-12.

~» Bus

Foot sw, Foot switch

A switch that is operated by stepping on it. These can be used to
turn various functions on/off or to start/stop a device when both
hands are occupied in playing a musical instrument etc. The FOOT
SW jack of this system (Jocated on the rear panel of the console)
allows up to two Boss FS-5U switches or one Roland DP-2 (pedal
switch) to be connected. If you wish to connect two FS-5U switches,
use a PCS-31 splitter cable.

-> Pedal sw

Formant

A fixed frequency region of emphasis that is determined by the size
of the vocal cords, and which determines the character of a human
voice. When a recorded voice is simply lowered in pitch, the
location of the formants is also changed. (For example when the
pitch is raised, the resulting “duck voice” sounds as though the
singer has smaller vocal cords. Lowering the pitch produces a
“giant voice” that sounds as though the singer has larger vocal
cords.) This system provides a Voice Transformer effect algorithm
that allows the fundamental pitch and the formants to be adjusted
separately, allowing a variety of vocal characters to be produced.

Format
When used as a verb, “format” refers to the act of re-writing the
data storage divisions on a magnetic disk or memory card etc. s0
that it conforms to the storage methods used by a particular device.
On this system, a newly purchased memory card or one that has
been used by a different device must be formatted by this system
before it can be used. When a storage medium is formatted, any
data previously existing on that medium will normally be lost.
When used as a noun, “format” refers to a set of conventions by
which data is stored or organized, such as “Windows format.”

Frame

This refers to the individual still images that make up a moving
picture on a video recorder etc. In the context of SMPTE time code
or MTC, a “frame” is a unit of time. The frame rate selection
determines whether a frame corresponds to 1/30th or 1/24th of a
second.

-> Frame rate

-» SMPTE time code

-» MIDI time code

Frame rate
The number of frames per second in SMPTE time code etc. Also
refers to the type of time code indicated thereby. The frame rate can
be 30, 39.97N (non-drop), 29.97D (drop), 25, or 24 per second.
-» SMPTE time code
-» Frame
- Non-drop format

Frequency
The number of times in one second that a signal oscillates,
expressed in units of a Hz (Hertz). The pitch of a sound is also
expressed as a frequency.

Frequency-independent compressor
An effect that divides the signal into low, mid, and high frequency
bands, and separately applies appropriate compression to each
band.

Gate reverb
A method for cutting the reverb during its decay. Also, an effects
processor for doing this. In the 80’s, it was often applied to bass
drum or snare drum sounds to accentuate the beat.

Generator

A device that produces a signal. On this system, refers to the built-
in noise generator.
-> Noise generator

Goose-neck microphone
The usual term for a mic mounted on a freely flexible stand (arm).
Some commercially available mics have an XLR connector by
which they can be connected to the front panel of a mixer, and these
can be connected directly to the MIC2 jack on the console of this
system.

GPI (General purpose interface)

A control jack that is provided on professional and consumer
video-related devices such as video editors and video effects
processors. This system allows the FOOT SW jack located on the
rear of the console to be switched for GPI use.

Gradation

A function that rewrites data in a specified region of the automix so
that the values change continuously.

Graphic equalizer
An equalizer that divides the frequency spectrum into narrow
bands, and allows the level of each band to be adjusted. On this
device, a graphic equalizer is provided as one of the effect
algorithms.
- Equalizer

Group

= Group fader
-> Mute group

Group fader (Group master fader)

A fader that collectively controls the level of two or more channel
faders that have been specified as a group. On this system, the
console faders can be made to act as 24 group faders. Each input
channel can belong to only one group.

By using the group fader function, you can adjust the volume of an
entire group while preserving the volume balance between
channels of the group. This is convenient when you wish to
collectively raise or lower the volume of a part (such as drums or
chorus) that is being recorded using two or more mics.
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Guitar amp simulator
(Guitar amp modeling)

An effect that simulates the characteristics (distortion or tone) of
various well-known guitar amps to make an instrument sound as
though it were being played through that guitar amp. This system
uses Roland’s proprietary Composite Object Sound Modeling
(COSM) technology.

2 COsM

High frequency damp

In reverb or repeated delay (echo), this is a function that causes the
high-frequency components of the sound to decay first. It is also
called “high damp.” Since higher-frequency components tend to
decay more rapidly in naturally-occurring reverberation and echo,
adjusting the high damp allows you to produce a more natural-
sounding effect. When used in conjunction with Low Frequency
Damp, you can simulate the differing absorptive characteristics of
rooms with walls made of different materials.

-> Low frequency damp

High frequency trimmer

A parameter that allows fine adjustment of the high frequency gain.

HPF, High pass filter

A filter that passes only the portion of a signal that is above the
specific frequency. Also called a low cut filter. The input channels
of this system provide an HPF that is independent of the equalizer
and effects, allowing you to remove unwanted low-frequency
components of the signal, or to remove the “pop” noise that is
heard when someone blows into a mic.

A filter that allows frequencies above a specified cutoff frequency
to pass.

Hum canceler

An effect that erases hum (low-frequency noise that is caused by
things such as alternating current power supplies).

Impedance

The total resistance of an electrical circuit to an alternating voltage
such as audio, expressed in units of an Ohm (£3). When
transmitting a signal, the output impedance of the transmitting
device must match the input impedance of the receiving device. If
not, problems such as distortion, noise, and lowered signal level
can occur.

In place (SIP)

A solo function that lets you audition the signal after the channel
fader, EQ, and pan etc. (i.e., post fader). Also called stereo AFL
(After Fader Listen). On this system, using SIP (Solo In Place) will
affect the output signal of the main outputs. This means that SIP is
used mainly during rehearsal, and usually will not be used during
recording or during an actual sound-reinforcement event (concert
etc.).

= Solo

Initialize
To restore the parameters of a device to their basic state.
Alternatively, to return all settings of a device to the factory settings
(which may not necessarily be the same as the basic settings). The
function provided by this system is the latter, and is called “Factory
Reset” in order to avoid confusion with the first.

Insertion effect

An effect that is used by inserting it directly into the signal path.
Examples of insertion effects include distortion, equalizer,
compressor, and wah. Normally these are used without mixing in
the original dry (direct) sound.

Insertion jack

Ajack used to insert an external effect into the input section. On this
system, insertion jacks are provided on channels 1-6 and 11-16 of
the processor. The jacks are TRS type, and a splitter cable (such as
the Roland PCS-31) is used to connect the external effect. This
allows a single jack to both send and receive the signal.

= TRS type

Install

To “attach” or “add.” An example of usage would be “install an
effect expansion board.” (In the context of personal computers, this
term mainly refers to the process of copying software onto an
internal hard disk etc. so that it can be used.)

Isolator

An effect that extracts (or eliminates) the sound of a specified
frequency band from the input signal. With a conventional
equalizer, some of the sound will still be heard even if the gain of a
frequency band is turned to the minimum setting, but with an
isolator the sound is completely eliminated.

Library
Settings for input channels, EQ, and effects that are provided for
various purposes. This system provides preset libraries that cannot
be erased, and user libraries that can be rewritten.

Limiter
An effect that works similarly to a compressor. When the input
signal rises beyond a specified level (threshold), a limiter instantly
lowers the gain to limit the output level. The degree of compression
is specified by the Ratio. In general, ratios of 1:10 or less are referred
to as compression, in distinction to limiting.

Link
= Channel link
= VM link

Lithium battery

A type of miniature battery. This system uses a button-type lithium
battery (CR2032) to power its clock function and to preserve certain
parameters. When the battery runs down, you can open the battery
lid located on the bottom panel of the console and replace it.

Load

On this system, “load” refers to the action of loading a complete set
of library settings from a memory card into the memory of the
console. This term is not used in reference to the action of obtaining
an individual library item, which is instead called “copying from a
library to a channel.”

=> Library

Localization
The action of fixing the location in the stereo field from which a
sound is heard. Alternatively, the location itself. Also referred to as
“pan”; e.g., “pan the bass to the center of the mix.”

S0
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Locate
On a recording device, video device, or MIDI sequencer etc., a
function that allows a specific time (or location within a song) to be
registered. On this system, up to 100 time locations can be
registered as locate points. When remotely controlling a multitrack
recorder or using automix, this allows you to move rapidly to a
desired time location.

Lo-Fi processor
An effect that creates a “lo-fi” sound by lowering the sampling
frequency and/or number of bits.

Low frequency damp

A function that causes the low-frequency portion of reverberation
or repeated delay to be attenuated first, producing a cleaner-
sounding effect. Also called simply “low damp.” This can be used
in conjunction with high-frequency damp to simulate the
absorptive characteristics of various wall materials of a room.

-» High frequency damp

Low frequency trimmer

A parameter that allows fine adjustment of the low frequency gain.

Low pass filter (LPF)

A filter that allows frequencies below a specified cutoff frequency
to pass.

LTC/Longitudinal time code

A format of SMPTE time code, which indicates the absolute time
recorded on an audio tape in units of hours, minutes, seconds, and
frames. It is recorded on an audio track in the form of an audio
signal. Although MTC (MIDI Time Code) is used when
synchronizing this device with a MIDI sequencer, LTC is used
when synchronizing with a device such as an MTR.

Macro

A function that lets you assign a frequently-used screen and cursor
location to one of the numeric keys for instant recall. When you
hold down [SHIFT] and press a numeric key 1-9, the current screen
and cursor location will be memorized. If a screen has already been
registered for that numeric key, the same operation will recall the
screen. To cancel a registration, hold down [SHIFT] and press
[CLEAR], and then press the numeric key.

Manual punch-in
The action of manually switching to record mode during atutomix
playback, in order to re-record the automix.

Master

1. A parameter, knob, or fader that affects all channels in
common.

2. When two or more devices (sequencers, drum machines,
recorders, video devices etc.) are operated in synchronization,
the device that transmits tempo or time data is called the
"master.” (The devices that receive this data and follow it are
called “slaves.”

Master effects
Insertion effects that are provided specifically for the main out or
monitor out. On this system, you can choose one of the following
three effects; speaker modeling, ten-band graphic equalizer, and
three-band dynamics.

Master fader
-» Master

Master tape

A recorded tape for which editing, mixdown, and mastering have
been completed. This is used as the original from which the
duplication media are mass-produced. The original from which
video tapes are mass-produced is also called the master tape. (The
term is sometimes applied to the muititrack recording on which
work is currently being done.)

=» Mixdown

~» Mastering

Mastering
The process of adding index numbers and recording time data to a
two-channel recording (for which editing and mixdown has been
completed), and applying tonal compensation etc. to bring the
recording to its final state. Corresponds to the process of cutting an
analog record master.

Memory card
A card-shaped storage medium that can be used to externally store
various types of data. This system uses small memory cards
(SmartMedia) that contain flash memory.
-> Flash memory
~» SmartMedia

Metal

A type of effect that distorts the sound, used mainly for electric
guitar. On this system, it is used in the guitar multi algorithms.
Similar effects include Overdrive (p. 241) and Distortion (p. 235). Of
these, Metal produces the most intense and aggressive distortion.

Meter bridge
A collection of level meters for multiple channels of a mixer etc. A
meter bridge (MB-24: sold separately) can be installed on this
system above the console. This allows you to view the level of each
channel even when the screen of the console is displaying data
other than the meters.

Mic converter
Part of the input/output settings of a mic simulator algorithm. It
allows a sound that was actually recorded by an inexpensive
general-purpose mic to be transformed so that it appears to have
been recorded by an expensive studio mic, or to apply the
characteristics of a specific mic to an instrumental sound that was
recorded via direct line input.
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Mic simulator (Microphone modeling)

A function that uses digital signal processing to imitate the tonal
changes that occur when sound is picked up by a specific model of
microphone. This allows you to use an inexpensive general-
purpose mic to get the sound of a high-performance condenser mic
or a special studio mic. The distance between the mic and the sound
source (proximity effect and time delay) can also be simulated. This
system uses Roland’s proprietary Composite Object Sound
Modeling (COSM) technology.

= COsM

Micro edit

The act of editing individual automix data events.

MIDI

An abbreviation for Musical Instrument Digital Interface, a unified
standard for exchanging performance data, time data, and various
settings etc. between electronic musical instruments, computers,
and audio devices etc. This system is MIDl-compatible, and has
two MIDI connectors; MIDI IN and MIDI OUT (also providing
MIDI THRU functionality). When these connectors are connected
to other MIDI devices, a variety of applications are possible.

MIDI implementation chart

A table that makes it easy to confirm the types of MIDI messages
that can be transmitted and received by a device. Check the MIDI
implementation charts of both devices that you intend to connect,
and use MIDI messages that are supported by both devices. In this
manual, the MIDI implementation chart is on p. 301.

MIDI clock (MIDI timing clock)

A MIDI message that is used mainly to synchronize the playback of
MIDI sequencers and rhythm machines. The master device
transmits a Clock message at intervals of its own tempo (each 24th
of a quarter note), and the slave device operates accordingly. If the
tempo is modified in realtime on the master device, the slave device
will change tempo in synchronization with it.

=» Master

-» Slave

MIDI time code, MTC

A type of MIDI message that is used to accurately synchronize a
MIDI device with professional tape recorders, sequencers, or video
devices. The master device transmits data indicating the current
absolute time (hours/minutes/seconds/ frames from the
beginning), and the slave device will advance its own time
accordingly. In order to use MTC, the other device must also
support MTC synchronization, or you can use an MTC to SMPTE
converter. Because MTC does not contain tempo information, the
displayed measures and beats may not necessarily match.
MTC also allows various frame rates, similar to SMPTE time code.
In order to use MTC for synchronization, the frame rates of both
devices must be set to match.

-» Master

= Slave

- SMPTE time code

=» Frame rate

Mixdown

The process of combining the signals/data recorded on each track
of a multitrack recorder into a two-channel stereo recording. When
doing so, you will normally adjust the pan and balance, and add
effects as you mix.

Monitor
The action of auditioning or listening to an audio signal. What a
recording engineer does when listening to the sound that is being
recorded, or what a performer does when listening to other parts.
The MONITOR/PHONES control of the console adjusts the volume
from the headphone jack (PHONES) and from the MONITOR OUT
located on the rear panel of the console.

Motor faders

Faders whose location changes automatically to reflect changes in
memorized settings or changes. All faders of this system are motor
taders.

Move
A function that moves a specified range of automix data to another
location or channel.

MTC

- MIDI time code

MTR

Multi-track Recorder. A tape recorder that has multiple recording
tracks, and is able to record/playback each track independently.

Multitrack

Having multiple tracks, such as 4, 8, 16, or 24 etc. “Multitrack
recorder.”
= Track

Multitrack recording

The process of using a multitrack recorder to record each part or
instrument on a separate track.

Mute

To silence something. On this system, pressing the console CH
STATUS MODE [MUTE] button to make it light will allow you to
use the [STATUS] button of each channel to individually mute
them.

Mute group

A function that allows you to register two or more channels as a
group, and then mute (silence) or un-mute them together. This
system allows you to specify nine mute groups.

Noise generator

In this system, refers to the internal noise generator, which is able
to output pink noise and white noise for use in measurements
performed by the spectrum analyzer.

= Spectrum analyzer

- Pink noise

Noise suppressor
An effect that monitors the level changes of the input signal, and
erases only the background noise during periods of silence,
without affecting the nuances of the source sound.
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Non-drop format

Omne of the formats (frame rates) of SMPTE time code. This format
is designed to preserve continuity of the time code at the expense
of the discrepancy between SMPTE time and real (clock) time that
is caused by the fact that the 30 frames/second NTSC format used
in the United States and Japan is in reality playing back at a speed
of 29.97 frames/second.

- SMPTE time code

-> Frame rate

- NTSC format

Note number
A number included in a MIDI note message to specify the note
location on a keyboard. A number of 0-127 is assigned to each
semitone of the keyboard, with middle C (C4) as number 60. On
this system, you can select the note number that is used to sound an
external MIDI sound source as the metronome.

NRPN

Internal parameter settings of a MIDI device can be modified using
MIDI control changes. Of the parameter numbers allocated for this
purpose, some can be used freely by each manufacturer, and are
called non-registered parameter numbers (NRPN). To actually use
an NRPN, the following sequence of data must be transmitted.
1) Transmit the MSB (upper byte) [controller number 98] and LSB
(lower byte) [controller number 99] of the NRPN to specify the
parameter that you wish to set.
2) Then use the data entry message (controller number: 6, 38) to set
the value of the parameter.
On this system, the processor responds to NRPN control, but the
console does not handle these messages. For details on use, refer to
the MIDI implementation of the processor (VM-7100/7200).

< RPN

NTSC format

The color television format used in the United States and Japan.
Tapes recorded in NTSC format cannot be played on a SECAM
format or PAL format video deck.

= SECAM format, PAL format

Optical

A type of digital audio connector to which an optical cable can be
connected. Most are S/PDIF compatible. For connection to this
system, a commercially available optical - coaxial converter is
required.

- S/PDIF

-> Digital /0 connector

= Coaxial

Oscillator

A device that generates an alternating signal. On this system, the
term refers to the internal oscillator used to sound a reference tone
for measurement by the spectrum analyzer. It is able to produce a
20 Hz-20 kHz sine wave, and can also be switched to a noise
generator that generates pink noise and white noise.

- Spectrum analyzer

=» Sinc wave

- Pink noise

Output assign
On devices that have multiple OUTPUT jacks, this is a parameter
that specifies the OUTPUT jack(s) to which the audio output of each
channel or Bus will be sent. On this system, the settings can be
made in the patch bay screen.

Overdrive
An effect that distorts the sound, and is used mainly with electric
guitar. On this system, overdrive is included in the guitar multi
algorithms. Distortion (p. 235) and Metal (p. 239) are similar effects.
Of these, Overdrive produces the softest effect.

Pad
On mixers, this term refers to an attenuator (or the button that
switches an attenuator on/off) located in the input section of each .
channel. This system does not have a dedicated button for this
purpose. You can specify a numerical attenuator value in the
channel setting screen.
= Attenuator

PAL format

-> SECAM format

Pan
The direction from which a sound is heard when played back in
stereo (localization). Also refers to the knob that adjust this

(panpot).
= Localization

Panning delay
A special delay in which the delay sound continues to alternate
between left and right. This effect can be heard only when a stereo
connection is used. Also called alternate delay.

Panpot

= Pan

Parameter
A setting that can be adjusted to modify the sound or operation of
an electronic device or electronic musical instrument. An example
of use would be; “This effect has three parameters: level, drive, and
tone.” The setting or level of a parameter is called its “value.”

Parametric equalizer

A type of equalizer that divides the frequency spectrum into
multiple bands, and allows you to adjust the level of each band.
Although the frequency bands are divided more broadly than on a
graphic equalizer, you can make detailed adjustments to the width
and center frequency of each band.

= Equalizer

-> Graphic equalizer
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Patchbay

A patchbay brings together the input/output jacks of a recorder or
rack-mounted equipment into one location so that connections can
be changed easily. This can help reduce the complexity of
connections that can occur as larger numbers of MIDI devices and
audio devices are used together. Connections can be changed easily
by connecting cables (patch cords) within the patchbay. A separate
type of patchbay is the MIDI patchbay, which can switch the flow
of MIDI messages, or change MIDI connections between devices.
Some models allow you to pre-program a set of connections, and
switch between such sets.

This system provides a virtual patchbay screen that allows you to
freely modify the correspondence between input jacks input
channels, and between bus outputs assignable output jacks.

Peaking type
A type of equalizer response curve in which the signal is boosted or
cut in the shape of a peak centered on the specified frequency. On
this system, the high-mid and low-mid channel equalizers are the
peaking type.
=> Shelving type

Pedal sw, Pedal switch
A switch-type foot pedal (such as the Roland DP-2), used for such
things as sustaining notes on a keyboard or entering and exiting
record mode on a recorder.
-> Foot sw

PFL

An abbreviation for Pre Fader Listen. A solo function that lets you
audition the signal before the channel fader and pan etc. On this

system, you can also solo the signal before it passes through the EQ.

Phantom power

6~48 V DC power supplied from a mixer via audio cables for a
condenser mic or direct box. On this system, the analog inputs with
XLR connectors provide phantom power (48 V). If this voltage is
applied to devices that do nat require phantom power (such as
dynamic mics or audio playback devices), malfunctions or other
problems can occur, so phantom power should be switched off
when it is not needed.

- Condenser microphone

=> Direct box

-» Dynamic microphone

Phase

In a cyclically modulating signal such as audio, the temporal
relationship expressed by dividing each cycle into 360 degrees is
called the “phase.” Shifts or reversal (a 180 degree shift) in phase
produced by analog circuitry etc. can interfere with accurate
playback of the sound. On this system, the Phase setting of each
input channel allows you to intentionally reverse the phase to
correct such problems.
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Phase delay

A special delay provided on each input channel of this system for
the purpose of compensating for discrepancies in phase.
This is used to correct the phase differences produced by time delay
when multiple mics are used on a single sound source. For example
if two mics placed at differing distances from the sound source are
used to record it, the sound picked up by the farther mic will be
delayed by 3 msec for each meter of distance. If these sounds are
mixed just as they are, the phase difference due to the time delay
will cause problems such as the cancellation of certain parts of the
frequency band. In such cases, the problem can be avoided by
applying a similar amount of delay to the input from the mic that is
nearer the sound source. Since the phase delay is used for this
purpose, only the delay sound is used (without mixing it with the
original sound).

-» Phase

Phaser

An effect that mixes a cyclically phase-shifted sound with the
original sound, in order to produce a sense of rotation,
spaciousness, or depth. It produces a characteristic “swooshing”
modulation.

Pink noise

Noise that contains equal amounts of energy in each octave of the
frequency spectrum. On this system, the internal oscillator can be
used to generate pirk noise in the audio bandwidth. In sound
reinforcement applications, pink noise can be broadcast from the
main speakers, picked up by a mic and sent to the analyzer to
perform a detailed analysis of the acoustic character of the hall.

= Oscillator

< SR

= Analyzer

Pitch shifter

An effect that allows the pitch of the input signal to be freely
modified. The pitch-shifted signal can be mixed with the original
signal to produce modulation, or the effect can be used to correct a
sharp or flat vocal pitch.

Post-fader

Refers to a signal that has passed through the channel fader. The
volume level of a signal sent Post Fader will be affected by the
channel fader.

- Pre-EQ

- Pre-fader

Post-production

The process of using sophisticated editing equipment to add audio
material to video that was previously recorded on video tape or
film, in order to produce a completed video or movie with finished
sound and images.

Power supply, Power source

Something that provides the electrical power required for a device
to operate. For this system, an AC outlet.

Power switch
The switch that turns on a device. In this system, the power switch
of the console is located on the back panel, and the power switch of
the processor is located on the front panel. Each is labeled POWER
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Preamp

An amplifier that boosts the signal to an appropriate level in the
initial stage of the circuitry (input section). In this system, it refers
to the analog amp that amplifies the signal in the input section of
the processor. The signal that is output from the insertion jack of the
processor has passed through this preamp.

Pre-EQ

This refers to the signal of an input channel immediately after it
passes through the attenuator and phase switch and before it
passes through the EQ section. You can select the pre-EQ signal
when you wish to extract or audition the signal before it is
processed by the channel delay or equalizer.

~>» Pre-fader

-3 Post-fader

Pre-fader

This refers to the signal of an input channel immediately after it has
passed through the delay and equalizer and before it passes
through the channel fader. You can select the pre-fader signal when
you wish to extract or audition the signal without being effected by
the channel fader.

-> Pre-EQ

-» Post-fader

Pre-fader listen
-> PFL

Processor
On this system, “processor” refers to the rack-mountable mixer
unit (VM-7100 or VM-7200). Up to two processors can be used in
one system.
- Console

Program change
A MIDI message that is used to select Patches, Scenes, etc.
Normally, this message allows a range of 128 different possibilities
(sounds etc.) to be selected. On devices that allow 129 or more
possibilities, Bank Select (control change) messages are usually
used in conjunction with program change messages to extend the
number of selections.
This system uses program change messages to switch scenes or
locate numbers.

Project

A collection of all settings (including scenes and automix data) for
this system, excluding libraries. By recalling a project, you can
reproduce all settings at a given point (*). The console can store one
project, a memory card can store between one and 128 projects
(depending on its capacity).

* LINE OUT LEVEL, PHONES LEVEL, and MIC LEVEL are analog

volumes, and cannot be stored or reproduced.

Punch-in, Punch-out

Punch-in/out recording is a procedure by which a specific portion
of a track (between two specified times) can be re-recorded. Punch-
in means to begin recording (i.e., to instantaneously switch from
song playback to recording), and punch-out means to stop
recording (by instantly switching from recording back to
playback). A button or foot switch can be used to punch in and out
(manual), or punch-in/out can occur automatically at previously
specified locations (auto).

Q (equalizer Q setting) / quality
A coefficient that determines the bandwidth of a peaking type
equalizer. Raising the Q value allows the level to be boosted or cut
in a narrower frequency band, for greater precision.
- Shelving type

R-BUS

Roland’s digital communication specification developed to allow
audio and control data to be exchanged between devices. Multi-
channel audio signals, word clock, and MIDI-compatible operation
data and synchronization signals can be exchanged. A single R-
BUS connector allows simultaneous bi-directional transfer of eight
channels of digital audio data. The connector is a 5-pin D-sub type,
and uses a special cable for connections.
CAUTION: it should NOT be connected to other types of ports that
use similar connectors!
By installing a VM-24E (I/O expansion board: sold separately) in
the processor of this system, three R-BUS connectors can be added
to each unit. This allows a total of 24 channels of digital input/
output. In addition, the DIF-AT (interface box for ADAT/
TASCAM: sold separately) can be used to allow digital connections
to commercially available digital multitrack recorders etc.

- Word clock

- MID1

- RMDB2

Realtime modify filter

A filter that produces a distinctive tonal character by adding high-
frequency components to a lo-fi sound.

Redo

After using Undo to cancel a setting or operation, you can use Redo
to go back to the settings that were in effect before you used Undo
— i.e., “redo” lets you “undo the undo.”

This system provides an [UNDO/REDO] function that applies only
to the Auto Mix functions.

Region set

The area of the automix to which editing will apply. Before
executing operations such as Copy, Move, Erase, Cut, Gradation, or
Expander, you must first specify the region.

Relative recording

One method of recording automix, in which relative changes such
as slight increases/decreases can be applied to a previously
recorded automix.

Resolution, Timebase

A term used to indicate the timing interval at which events are
recorded on a sequencer etc. Normally, the timebase is indicated as
the number of clocks (the minimum unit of time) per quarter note.
For example if the timebase is 96, time intervals as short as one 96th
of a quarter note (i.e., a 384th note) can be recorded.

For the Auto Mix function of this system, the data resolution is
fixed at 1/1000 second. It has no relation to the song tempo.

Resonance
When the Resonance parameter of a filter is raised, a peak is
produced at the region of the cutoff frequency, adding a distinctive
character to the sound.

R P
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Return level
When an effect is connected in a send/return configuration, the
“return level” is the amount of signal that is taken from the output
of the effect. Conversely, the “send level” is the amount of signal
that is sent to the input of the effect.

Reverb
An effect that simulates the reverberation of a room or hall. It can
add depth and spaciousness to the sound.

RMDB2

Another name for R-BUS. An abbreviation for Roland
Multipurpose Digital Bus 2. Some early products that used the R-
BUS labeled the connector only as “RMDB2,” but the operation is
essentially identically to connectors labeled “R-BUS.” RMDB2 (R-
BUS) is not compatible with the older RMDB (used to connect the
Roland DM-800 and DIF-800}.

- R-BUS

Rotary

An effect that simulates a rotary speaker. A rotary speaker rotates
the speaker, horn, or other component to add a distinctive
modulation to the sound (produced by the Doppler effect). This
effect is frequently used with electric organs.

RSS

An abbreviation for Roland Sound Space, which is proprietary
Roland technology that allows a sound source to be localized at

" specific points within three-dimensional space, using only a
conventional stereo system. Sound sources can be placed not only
in front of or to the side of the listener, but also above, below,
behind, far away, and close at hand.

Sample rate

A number that indicates how many times per second the analog
signal is digitized when converting from analog audio (or other
analog signal) into digital audio. In the case of audio processing, the
sample rate is given in units of “kHz.” For example, a sample rate
of 32 kHz means that the sample is digitized 32,000 times every
second, and that a numerical value is transferred between devices
at each such interval. (In the case of a recorder, the values are
written into memory, or to tape or disk.) The sample rate for the
input/output signals of this system can be switched between 48
kHz, 44.1 kHz, or 32 kHz, to match any equipment that is digitally
connected.

In general, a higher sample rate will allow better frequency
response and will provide a more faithful reproduction of the
original sound. On the other hand, a lower sample rate will allow
longer recording/playback with the same memory capacity (tape
length, disk size).

Save

The process of storing data to some form of storage media. For this
mixer, effect, channel EQ, or channel delay settings can be saved in
a library so that the settings can be reproduced at any time even
after they have been modified. “Save” also refers to registering new
settings to an EZ routing template.

= Library

- Memory card

-» Temporary area

-> Store

Scene
Data that registers or stores the current settings of the mixer. The
contents of a scene can be easily recalled at any time. This system
allows up to 80 scenes to be stored for each project. Scenes provide
a convenient way to compare different mixing balances.

SECAM format, PAL format

Color television formats used in Europe etc. Tapes recorded in
SECAM format or PAL format cannot be played on a NTSC format
video deck.

-» NTSC format

Send/return

The path by which signals are sent from a mixer to internal or

external effects, and the sound produced by an external device is

returned to the mixer, is collectively referred to as “send/return.”

When using an effect in a send/ return connection, the effect sound

will be combined with the original sound. In general, effects such

as reverb, delay, and chorus are used in a send /return connection.
-» Insertion effect

Send level

When an effect is used in a send/ return connection, “send level” is
the parameter that determines how much signal is sent to the input
of the effect, etc.

In contrast, “return level” is the parameter that determines how
much of the output signal from the effect is actually used.

SFX

Generally, an abbreviation for “special effects” or “sound effects.”

Shelving type
A type of frequency response curve produced by an equalizer, in
which the entire frequency spectrum above (or below) a specific
frequency is boosted or cut. This type is commonly used for the
treble or bass controls found on a conventional stereo.
- Peaking type

Sine wave

A sinusoidal waveform. This is the simplest waveform, and
contains only a specific frequency without no other frequency
components. On this system, the internal oscillator can generate a
sine wave at any desired frequency in the range of 20 Hz-20 kHz.

SIP
-» In place

Slate

A function that temporarily sends the signal from a mic mounted
on the mixing console to all (or specified) buses, so that a spoken
memo can be recorded on the tape or other medium of the recorder.
This function is related to talkback, and is provided on this system
as well.

-» Talkback

Slave

When two or more devices (sequencers, drum machines, recorders,
auto-mix capable mixers, video equipment etc.) are operated in
synchronization, one device (the master) transmits tempo or time
data, and the other devices (the slaves) receive this data and follow
it.

[
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Slope

An attribute of a filter, indicating the number of dB that the signal
level changes one octave away from the cutoff frequency (i.e., at
half or at double the frequency).

For example, a -24 dB/octave filter produces a steeper attenuation
around the cutoff frequency than a -6 dB/octave filter does.

SmartMedia

A type of memory card used by this system. SmartMedia is a
format of smail flash memory cards, and can hold several
megabytes of data in a card measuring 45 mm x 37 mm. The data
can be rewritten repeatedly, and no battery is required to maintain
the data. It is used mainly as a storage medium for digital cameras.

* SmartMedia is a trademark of Toshiba Corporation.

=> Flash memory
-» Memory card

SMPTE time code

A signal format defined by the Society of Motion Picture and
Television Engineers (United States) for the purpose of
synchronizing multiple video/audio devices. The time location is
expressed as “hours:minutes:seconds:frames,” and is widely used
on professional equipment to manage absolute time. “SMPTE" is
often used to mean this time code itself (e.g., “SMPTE data”).

Solo

A function that lets you choose a specific channel and selectively
listen only to that sound. On this mixer, more than one channel can
be soloed simultaneously.

Sound modeling

Technology that simulates the structure or material etc. of an actually

existing object by means of other methods. This system uses Roland’s

proprietary Composite Object Sound Modeling (COSM) technology.
- COsM

Speaker simulator

The portion of a guitar amp simulator algorithm that simulates the
resonance of a speaker cabinet. You can specify the type of cabinet,
diameter and number of speakers, the mic that picks up the sound
of the speakers, etc. Twelve types of guitar speaker can be
simulated.

This system also provides a “Speaker Modeling” algorithm that
simulates various monitor speakers, which is a different function
that should not be confused with the “Speaker Simulator.”

Spectrum analyzer

A device that divides the frequency spectrum into narrow bands,
and displays a level meter for each function band to analyze the
frequency distribution. This system has a built-in spectrum
analyzer that can be switched between 31, 15, and 10 bands.

SR

An abbreviation for Sound Reinforcement. The activity or system
by which voices or instrumental sounds in a concert, live club, or
theatre are picked up by mic or direct line, mixed, adjusted,
amplified, and sent from a speaker system at the desired balance
and volume. This term is often used in the more restrictive sense
described above, in contrast to PA (Public Address) which is
broadly used to include simple amplification.

Status

On this system, refers to the state (on/off, etc.) of the following four
items of an input channel.

Mute: The signal of a channel for which this is on will be silenced.
Solo: Only the sound of the channel for which this is on will be
heard selectively.

Audio: This switches the state of the track on the external recording
device (record, playback, etc.).

Automix: Specifies whether fader movements will be recorded or
not.

The status can be switched using the status buttons located above
the faders. To select the item, press the CH STATUS MODE buttons
[MUTE}[SOLO]J[AUDIO][AUTO-MIX].
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Source

An audio signal that is recorded, played back, or mixed.

S/PDIF

An abbreviation for Sony/Philips Digital Interface Format. A high-

Stereo link
=> Channel link

Store

speed transmission protocol for two-channel digital audio data,
defined in the consumer equipment specification of the AES/EBU.
On this system, S/PDIF connectors are provided for the
“CONTROL ROOM DIGITAL"” of the console and for the
“DIGITAL (S/PDIF)” located on the rear panel of the processor.
These allow digital connections to consumer DAT recorders or
CD/MD equipment.

-> Coaxial

- Optical

Speaker modeling

A function with which the tonal changes that occur when sound is
broadcast through a specific type of speaker can be simulated by
digital signal processing. This makes it possible to reproduce the
sounds heard through different brands of speaker or from a home
television set, while actually using only one type of monitor
speakers. The process of checking the final mixdown through
several different monitor speakers can now be performed using
only one pair of speakers. This system uses Roland’s proprietary
Composite Object Sound Modeling (COSM) technology.

- COSM

The operation of preserving the entire current state or the auto-mix
data as a project on a memory card. If when storing, you specify a
project that already contains existing data, the existing data will be
overwritten and erased. On this system, “save” refers to the
operation of registering the current state in an EZ routing template
or in the library, and “store” is used when handling an entire project.
On this system, the contents of the temporary area are maintained
by an internal battery, so that the most recent condition will not be
lost even when the power is turned off. However auto-mix data is
an exception, and will be lost when the power is turned off. For this
reason you must be sure to store auto-mix data to a project on a
memory card.

- Temporary area

=> Project

- Save

Sub frame

1/100th of a frame. (A frame is the smallest unit used by MTC
(MIDI Time Code) to indicate the current time.)
-> Frame

e
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Surround

A method for augmenting the playback by adding depth and
spaciousness that cannot be expressed by two-channel stereo
playback alone. In film or theater sound reinforcement, it is usual
to use between four and six channels of speakers. This system also
supports such applications, and allows you to choose from three
types of speaker placement: 2 front + 2 rear, 3 front + 1 rear, or 3
front + 2 rear + 1 sub-woofer.

Sync, Synchronization

These terms refer to linking the time progression of two or more
recorders, sequencers, video devices, or rhythm machines. One of
the devices must be set to be the master, and will transmit
synchronization data. The remaining devices (slaves) will receive
this data, and will align their own time accordingly.

= SMPTE time code

- MIDI time code

-» MIDI clock

Sync mode
A setting that allows the auto-mix function to operate in
synchronization with an external device. You can select from the
following five settings.

INT Auto-mix will operate according to the time code
that is generated internally.
MTC Auto-mix will operate according to the MTC (M1DI

time code) messages that are received from an

external MIDI device via MIDI IN.

Auto-mix will operate according to the time code

signals transmitted by an external device (suchasa

digital multitrack recorder) and received from the

MULTI IN/MULT! OUT 1-8 connector located on

the rear panel of the processor.

The same as above, but using the time code

received from the MULT! IN/MULTI OUT 9-16

connector.

MULTI 17-24 The same as above, but using the time code
received from the MULTI IN/MULTI OUT 17-24
connector.

MULTI 1-8

MULT19-16

Talkback

A function that allows a person at the mixing console to speak
through a mic mounted on the console to communicate via the
monitor speakers with musicians or staff on stage or in the studio.

Tape Echo

A device that uses an endless tape loop, a single recording head,
and multiple playback heads, and produces an echo determined by
the distance between the recording head and the playback head(s).
On this system, an effect algorithm of the same name is provided
that precisely simulates this operation.

TASCAM

The pro audio brand of the Teac Corporation. TASCAM's digital
multitrack recorders can be digitally connected to this system via
the VM-24E and DIF-AT (each sold separately).

* TASCAM is a registered trademark of the Teac Corporation.
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TDIF

A transmission protocol developed by the Teac Corporation for
digital multi-channel audio data. This connector is found on Teac
digital multitrack recorders etc. By installing the VM-24E (1/0
expansion board) into the processor of this system, you can use bi-
directional multi-channel digital connections and remote control
with a TDIF connector via DIF-AT (sold separately).

Template
A “pattern” or “model.” On this system, this is the name of a
function included in EZ Routing, that allows a prespecified pattern
of internal connections to be selected from a list and recalled
instantly.

Temporary area

This refers to the internal memory area into which settings saved
on an external storage device or in an internal storage area are
called temporarily, and used for actual operation or editing.

On this system, the temporary area is backed up by a lithium
battery even when the power is turned off. This means that even if
you turn off the power, the system can be powered-on in the same
state in which it was earlier. All settings of the temporary area can
be saved together on a memory card as a “project.”

Timing clock
A MIDI realtime message (F8h) that governs the tempo of a
performance. Also called “MIDI clock.” This system can transmit
this message when the SYSTEM “SYNC/CLOCK" screen
parameter MIDI SYNC Tx SW is set to “MIDI CLOCK.” This
message is not received by this system.
- MIDI clock

Track

Multitrack recorders, disk recorders, and sequencers etc. have
multiple “tracks” on which the parts that make up a song can be
independently recorded and managed. Each track can record and
play back audio (or performance data in the case of a MIDI
sequencer) along a time axis. The number of tracks is analogous to
the number of lanes in a highway. For example, a 8-track multitrack
tape recorder is able to simultaneously play eight monaural sources
simultaneously.

TRS type (Tip-Ring-Sleeve plug)
A special type of quarter-inch phone plug and jack that has three
contacts. Widely known from its use as a headphone plug. On this
system (and many other mixers), TRS jacks are used for balanced
connections, and are also used as insertion jacks on the processor.
-» Balanced connection
->» Insertion jack

TS type (Tip-Sleeve plug)
In contrast to TRS plugs, a plug and corresponding jack that has
only two contacts. Widely used with shielded instrument cables.

Unbalanced connection

A method of transmitting a signal using two electrical conductors

(a shielded cable consisting of a core wire and a wire mesh shield).

Broadly used on electric instruments and consumer audio devices.
-> Balanced connection



Glossary

Undo

A function that allows an operation performed in error to be
cancelled, returning to the state before that operation was
performed. Redo is a function that “cancels the Undo operation.”
This system provides an [UNDO/REDO)] function that applies only
to the Auto Mix functions.

Value

The setting of a parameter.
-» Parameter

Velocity (MIDI message: initial touch)

MIDI data that is included in a note-on message to specify the
strength of the note.

View
A screen that lets you check automix data in a visual form. This is
also the basic screen used to edit the automix.

Virtual patchbay

A function that allows the internal connections of input jack input
channel outputs to be freely changed in the display screen. This
means that the process that is accomplished using an external patch
bay on an analog mixer can be performed internally. Settings can
also be stored and recalled.

VM-24C
An option kit (sold separately) that allows the CASCADE
connector of the processor (VM-7100, VM-7200) to be used. This
allows a single console to control two processors.

VM-24E

An [/0 expansion board (sold separately) for the processor of this
system. When this is installed, three R-BUS connectors will be
added, allowing multi-channel audio signals to be input and
output digitally.

R-BUS

VM link

The connection between the console and processor of this system.
Consists of a pair of AES/EBU digital audio cables (3-pin XLR
connectors).

Vocal Canceler
An effect that eliminates sound(s) that are panned to the center of a
stereo source, typically the vocal or bass.

Vocoder

An effect that modifies the tonal character of an instrument so it is
similar to a human voice, based on what the performer speaks into
a mic while playing an instrument. The vocoder effect detects the
amplitude of each frequency band of the voice, to detect the
formants. The instrumental sound is also divided into small
frequency bands, and the formants extracted from the vocal signal
are applied to control the level of each frequency band. This
produces the impression that the instrument is speaking or singing
with a human voice. In the effect algorithm of this system, the right
channel is used to input the human voice, and the Jeft channel is
used to input the instrumental sound.

-» Formant

VS8F-2

An optional board (sold separately) that expands the internal
effects. Each board allows two stereo effects (or for some
algorithms, only one effect) to be used. Up to three boards can be
installed in a single processor (VM-7100, VM-7200).

2> Algorithm

XLR connector

The collective name for the “XLR"” series connectors developed by
Cannon Electric Corporation (USA) and compatible connectors
manufactured by other companies. Also called “Cannon
‘connectors.” On this system, 3-pin XLR connectors are used for the
mic inputs, VM remote jack, assignable outputs (1, 2), and main
outputs.

White noise
Noise that contains equal energy at all frequencies. On this system,
the internal oscillator can be used to generate white noise in the
audio bandwidth. Perceptually, and when observed on a spectrum
analyzer, the level will appear to rise as you move toward the
higher range.
->» Spectrum analyzer

Word clock

The clock signal that is the basis for the sampling frequency or
digital signal processing that is performed within devices such as a
digital multitrack recorder, digital mixer, or DAT recorder. When
audio signals are digitally exchanged between two or more devices,
one designated device must supply a word clock to all other
devices. (The receiving devices must be set to operate with the
externally supplied word clock.) If this transmission and reception
does not occur correctly, dropouts or noise can occur in the sound.
The processor of this system provides a dedicated WORD CLOCK
connector to allow connections with professional equipment or
complex connections with three or more devices. A clock signal
corresponding to this is also sent and received via the S/PDIF
digital audio connector and the R-BUS connector etc.

- R-BUS

- S/PDIF

Word length

The number of data bits used in digital processing. This number
indicates the number of steps used to describe the level at any given
moment. For example 16 bits can describe 65,536 levels, and 20 bits
can describe 1,048,579 levels, etc. When this system exchanges
digital audio signals with other devices, the word length for input
and output is fixed for each device. When the dither function is
used, the word length setting must be changed depending on the
device that is connected.

-» Dither

Write

The action of copying settings into the memory area or onto a
memory card so that they will not be lost when the power is turned
off. On this system, this is referred to as “store.” (The term “save”
is used when registering an EZ routing template, and when saving
to a library.)

-> Store

~» Save

=» Library

Zero return
To return the current time to “00h00m00s00.”

e
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Parameter List

B PROJECT [PROJECT]

CURRENT PROJECT
PARAMETER VALUE, INITIAL VALUE
NAME (12 characters)

COMMENT (32 characters)

PROTECT OFF, ON

TYPE TYPE 1, TYPE 2
M SYSTEM [SHIFT] + [PROJECT]

DIGITAL /O [SHIFT] + [PROJECT] ~ [CURSOR DOWN] - [F1]
PARAMETER ' VALUE, INITIAL VALUE
DIGITAL IN A(COAXIAL), B(XLR)

DIGITAL OUT MODE TYPE 1, TYPE2

DIGITAL OUT COPY PROTECT OFF, ON

WORD CLOCK SOURCE INTERNAL, MULTI 1-8, MULTI 9-16, MULT! 17-24, CASCADE,
WORD CLOCK IN, DIGITAL IN

WORD CLOCK IN TERMINATER SW OFF, ON

INTERNAL AMPLING RATE 48kHz, 44.1kHz, 32kHz

DITHER [SHIFT] + [PROJECT] - [CURSOR DOWN] - [F2]
(MULTI OUT 1-24)

DITHER SW/WORD LENGTH OFF, 16-24
SWITCH OFF, ON

SYNC/MMC [SHIFT] + [PROJECT] —» [CURSOR DOWN] — [F3]
SYNC MODE INT, EXT
SYNC EXT SOURCE MTC, MULTI 1-8, MULTI 8-16, MULT! 17-24
MID!I SYNC Tx SW OFF, MTC, MIDI CLOCK
SYNC OFFSET 00:00:00:00-23:59:59:29
ERROR LEVEL 0-5-10
FRAME TYPE . 24, 25, 29D, 29ND, 30
MMC CONTROL SW OFF, ON
MMC CONTROL MODE INTERNAL., MIDI, MULT! 1-8, MULTI 9-16, MULT! 17-24

MIDI [SHIFT] + [PROJECT] -» [CURSOR DOWN] - [F4]
PROGRAM CHANGE SW OFF, ON
Tx PARAM OFF, ON
Rx PARAM OFF, ON
DEVICE ID CONSOLE 1-17-32
DEVICE ID PROCESSOR MASTER 1-17-32
DEVICE 1D PROCESSOR SLAVE 1-18-32
MiDI THRU SW CONSOLE OUT, THRU
MIDI THRU SW PROCESSOR OUT, THRU
LEVEL METER SW CONSOLE OFF, ON
LEVEL METER SW PROCESSOR MASTER OFF, ON
LEVEL METER SW PROCESSOR SLAVE OFF, ON
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TEMPO/METRONOME  [SHIFT] + [PROJECT] — [CURSOR DOWN] — [F5]

TEMPO

BEAT

MIDI METRONOME MODE

MIDt METRONOME NORMAL NOTE
MIDI METRONOME NORMAL VELO
MIDI METRONOME ACCENT NOTE
MIDI METRONOME VELO

MIDI METRONOME MIDI CH

25,0-120.0-250.0

1/1-16/1, 1/2-16/2, 1/4-4/4-16/4, 1/8-16/8, 1/16-16/16
OFF, REC ONLY, REC&PLAY, ALWAYS

C-1-C#2-G 8

1-60-127

C-1-C#2-G 9

1-100-127

1-10-16

MEMORY CARD [SHIFT] + [PROJECT] —+ [CURSOR DOWN] - [F6]
SYSTEM CONFIG [SHIFT] + [PROJECT] - [CURSOR UP] — [F1]

CASCADE DELAY CORRECT SW OFF, ON

CASCADE SW CUE OFF, ON

CASCADE ATT CUE -24dB-0dB

CASCADE SW MAIN OFF, ON

CASCADE ATT MAIN -240B-0dB

CASCADE SW F-BUS 1-12 OFF, ON

CASCADE ATT F-BUS 1-12 -24dB-0dB

R-BUS1 CONNECTION ADAT, DA-88

R-BUS2 CONNECTION ADAT, DA-88

R-BUS3 CONNECTION ADAT, DA-88

R-BUS1 DIF-AT CONTROL TARGET ADAT, DA-88

R-BUS2 DIF-AT CONTROL TARGET ADAT, DA-88

R-BUS3 DIF-AT CONTROL TARGET ADAT, DA-88

FX BOARD SETTING A INPUT, MULTI IN

FX BOARD SETTING B INPUT, MULTIIN

FX BOARD SETTING C INPUT, MULTI IN

SURROUND

[SYSTEM] — [CURSOR UP] — [F2]

SURROUND CONTROL MASTER SW
MID! JOYSTICK CONTROL
SURROUND PAN SLAVE
SURROUND MODE SELECT

OFF, ON
OFF, ON
OFF, ON
242, 3+1, 3+2+1

FADER/BUTTON

[SHIFT] + [PROJECT] -~ [CURSOR UP] — [F3]

PAN CURVE TYPE

PREAMP GAIN ADJUST MODE
FADER MOTION DEMO

SHIFT LOCK

TALKBACK BUTTON TYPE
EXT SW1 TYPE

EXT SW1 FUNCTION

CENTER-3dB, CENTER 0dB

NOISELESS, CONTINUOUS

OFF, ON

OFF, LOCK

MOMENTARY, LATCH

DP-2/FS-5U, GPI

PLAY/STOP, PLAY/TO TOP, PUNCH I/O(REC), NEXT SCENE,
PREV SCENE, NEXT LOCATE, PREV LOCATE, TALKBACK/SLATE

DISPLAY

EXT SW2 TYPE DP-2/FS-5U, GPI
EXT SW2 FUNCTION PLAY/STOP, PLAY/TO TOP, PUNCH VO(REC), NEXT SCENE,
PREV SCENE, NEXT LOCATE, PREV LOCATE, TALKBACK/SLATE
LED TYPE TYPE1, TYPE2
[SHIFT] + [PROJECT] — [CURSOR UP] — [F4]

TIME DISPLAY MODE
TIME DISPLAY OFFSET SW

TIMECODE, MEASURE/BEAT
WITHOUT OFFSET, WITH OFFSET

[SHIFT] + [PROJECT] — [CURSOR UP] — [F5]

CLOCK ON DISPLAY SW
DATE FORMAT

OFF, ON
MM/DD/YYYY, DD/MM/YYYY, YYYY/MM/DD, MMM,DD,YY, DD MMM 'YY
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Parameter List

B EZ ROUTING  [EZ ROUTING]

TEMPLATE [EZ ROUTING] - [F1]
PATCHBAY [EZ ROUTING] - [F2]

m STUDIO1/2 [SOURCE/STUDIO 2]

PARAMETER VALUE, INITIAL VALUE
SOURCE SELECT NO SRC, IN 1/2-IN 23/24, FBUS 1/2-FBUS 11/12, MON L/R, MAIN L/R
LEVEL 0-100-127

MONITOR/PHONES(CONTROL ROOM)

EDIT [SHIFT] + [SOURCE SELECT]
DIM SW OFF, ON
DIM LEVEL 0-40-127
MONO SW OFF, ON
BAL L63-C-R63
OUTPUT PRESET ABC
PRESET A DIGITAL MASTER 0-100-127
PRESET A SEND SW PROCESSOR MONITOR OUT OFF, ON
PRESET A SEND SW CONSOLE DIGITAL OUT OFF, ON
PRESET A SEND SW CONSOLE LINE OUT OFF, ON
PRESET B DIGITAL MASTER 0-100-127
PRESET B SEND SW PROCESSOR MONITOR OUT OFF, ON
PRESET B SEND SW CONSOLE DIGITAL OUT OFF, ON
PRESET B SEND SW CONSOLE LINE OUT OFF, ON
PRESET C DIGITAL MASTER 0-100-127
PRESET C SEND SW PROCESSOR MONITOR OUT OFF, ON
PRESET C SEND SW CONSOLE DIGITAL OUT OFF, ON
PRESET C SEND SW CONSOLE LINE OUT OFF, ON
MONITOR SOURCE FLEX BUS 1-12, INPUT 15-24, CUE, MAIN
LINE QUT LEVEL 0-KNOB-10
PHONES LEVEL 0-KNOB-10

B TALKBACK/ANALYZER MIC IN

EDIT [SHIFT] + [TALKBACK/SLATE
PARAMETER VALUE, INITIAL VALUE
INPUT SELECT MIC 1, MIC 2, MIC 2(48V ON)
MIC LEVEL 0-KNOB-10
MODE TALKBACK, SLATE
TALKBACK SEND LEVEL 0-100-127
TALKBACK SEND SW MAIN OFF, ON
TALKBACK SEND SW CUE OFF, ON
TALKBACK SEND SW MULTI OUT 1-24 OFF, ON
TALKBACK SEND SW FLEX BUS 1-12 OFF, ON
SLATE SEND LEVEL 0-100-127
SLATE SEND SW MAIN OFF, ON
SLATE SEND SW CUE OFF, ON
SLATE SEND SW MULTI OUT 1-24 OFF, ON
SLATE SEND SW FLEX BUS 1~12 OFF, ON
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B LEVEL METER

Parameter List

[LEVEL METER]

PARAMETER VALUE, INITIAL VALUE

SOURCE INPUT, MULTI IN, FLEX BUS, MULTI OUT
POSITION PRE EQ. PRE FADER, POST FADER
x1/2 SW OFF, ON

OVER RANGE -0dB- -24dB

PEAK HOLD 0-3-7, CONTINUE

B ANALYZER/OSC/GEN

[ANALYZER/OSC/GEN]

PARAMETER VALUE, INITIAL VALUE

ANALYZER SW PAUSE, RUN

ANALYZER LEVEL -64dB-0dB- +63dB

ANALYZER SOURCE INPUT 1-24, FBUS 1-12, MAIN L, MAIN R, CUE L, CUE R, MON L,

ANALYZER PEAK HOLD

ANALYZER AVERAGING SW
ANALYZER AVERAGING TIMES
ANALYZER AVERAGING TYPE

ANALYZER CURVE ADJUST
FX UNIT FOR ANALYZER

GEN/OSC sW
GEN/OSC WAVEFORM

GEN/OSC SINE WAVE FREQ - BAND

GEN/OSC SINE WAVE FREQ - REFFER

GEN/OSC OUTPUT ASSIGN SW FLEX BUS MASTER 1-12
GEN/OSC OUTPUT ASSIGN SW CUE L

GEN/OSC OUTPUT ASSIGN SW CUE R

GEN/OSC OUTPUT ASSIGN SW MAIN L

GEN/OSC OUTPUT ASSIGN SW MAIN R

MON R

OFF, ON

OFF, ON

1-128

NORM, EXP

OFF, DR-20

DISABLE, 1/2, 3/4, 5/6, 7/8

OFF, ON

PINK NOISE, WHITE NOISE, SINE WAVE
20.0, 25.0, 31.5 ... 16k, 20kHz (31Band)
20-20000Hz (1Hz Step)

OFF, ON

OFF, ON

OFF, ON

OFF, ON

OFF, ON

B MASTER FX

[SP MODELING(MASTER FX)]
PARAMETER VALUE, INITIAL VALUE
NAME (12 characters)
POSITION OFF. MAIN, MONITOR
SEND LEVEL 0-100-127
RETURN LEVEL 0-100-127

m EFFECTS 1-8

[EFFECTS 1-w8] + [1]..[8]

PARAMETER VALUE, INITIAL VALUE

NAME (12 characters)

CH A POSITION OFF, INPUT Pre EQ, INPUT PreFDR, MULT! IN Pre EQ, MULT! IN PreFDR,
FBUS SEND/RETURN, FBUS INT, FBUS EXT, MAIN, MONITOR

CHACH 1-24,L,R

CH A SEND LEVEL 0-100-127

CH A RETURN LEVEL 0-100-127

CH B POSITION OFF, INPUT Pre EQ, INPUT PreFDR, MULTI IN Pre EQ, MULT! IN PreFDR,
FBUS SEND/RETURN, FBUS INT, FBUS EXT, MAIN, MONITOR

CHBCH 1-24,L, R

CH B SEND LEVEL
CH B RETURN LEVEL

0-100-127
0-100-127

00

251

0
o
T
!j_\
w
>
=l
=]
o
=
&
(<]
ol
w




Parameter List

W SCENE [SHIFT] + [SCENE]
PARAMETER VALUE, INITIAL VALUE
SCENE ACTIVE PARAMETERS PREAMP SW. OFF, ON
SCENE ACTIVE PARAMETERS DELAY SW OFF, ON
SCENE ACTIVE PARAMETERS EQ SW OFF, ON
SCENE ACTIVE PARAMETERS MUTE SW OFF, ON
SCENE ACTIVE PARAMETERS MAIN SW OFF, ON
SCENE ACTIVE PARAMETERS CUE SW OFF, ON
SCENE ACTIVE PARAMETERS BUSSEND SW OFF, ON
SCENE ACTIVE PARAMETERS OTHERS SW OFF, ON
SCENE ACTIVE CHANNEL INPUT 1-24 OFF, ON
SCENE ACTIVE CHANNEL MULTtIN 1-24 OFF, ON
SCENE ACTIVE CHANNEL FLEX BUS MASTER 1-12 OFF, ON
SCENE ACTIVE CHANNEL EFFECTS 1-8 OFF, ON
SCENE ACTIVE CHANNEL EFFECTS MASTER OFF, ON
SCENE ACTIVE CHANNEL CUE OFF, ON
SCENE ACTIVE CHANNEL MAIN OFF, ON
SCENE ACTIVE CHANNEL MULTI OUT 1-24 OFF, ON
SCENE ACTIVE CHANNEL FADER GROUP MASTER 1-24 OFF, ON

(SCENE 00-99)

NAME (12 characters)
PROTECT OFF, ON

m LOCATE [SHIFT] + [LOCATE]
PARAMETER VALUE, INITIAL VALUE
PRE ROLL 0.0s-10.0s

(LOCATE 00-99)

NAME (12 characters)

PROTECT OFF, ON

TIMECODE 00:00:00:00-23:59:59:29
(LOOP)

LOOP SW OFF, ON

LOOP REPEAT 1-10-100

LOOP START 00:00:00:00~-23:59:59:29

LOOP END 00:00:00:00-23:59:59:29
(AUTO PUNCH)

AUTO PUNCH SW OFF, ON

AUTO PUNCH START 00:00:00:00-23:59:59:29

AUTO PUNCH END 00:00:00:00~23:59:59:29

m SOLO

[SHIFT] +CH STATUS [SOLO]

PARAMETER

VALUE, INITIAL VALUE

SOLO MODE
SOLO LEVEL

PRE EQ, PFL, AFL, INPLACE
0-127
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B AUTO-MIX [SHIFT] + [AUTO-MIX REC]
PARAMETER VALUE, INITIAL VALUE
VIEW UNIT SW 1st UNIT, 2nd UNIT
VIEW SECTION [INPUT, MULTI IN, FADR GRP, FLEX BUS, MLTI OUT, MIDI,
EFFECT, FX MST, MAIN, CUE, MUTE, SCENE
VIEW PARAM

VIEW PARAM ALL SW

ZOOM TIME
ZOOM CH
REGION IN
REGION OUT
SYNC SW

SOURCE SW CH 1-24

OFF, ON

1-4-14

1-4
00:00:00:00-23:59:59:29
00:00:00:00-23:59:59:29
OFF, ON

OFF, ON

(COPY)
(MOVE)
(ERASE)
(CuT)
(GRADATION)
(EXPAND)
(CLEAR)

B PREAMP 1-20

PARAMETER VALUE, INITIAL VALUE
48V (PHANTOM) SW OFF, ON
GAIN +4dB- -64dB

B PREAMP 23, 24

PARAMETER

VALUE, INITIAL VALUE

GAIN

+4dB- -64dB

B INPUT CH 1-24

PARAMETER VALUE, INITIAL VALUE

INPUT SOURCE A-IN 1-20, D-IN L, D-IN R, CONSOLE L, CONSOLE R
ATT -24dB- +6dB

E" (PRASE) NORM, INV

PHASE DELAY SW OFF. ON

PHASE DELAY TIME

0-14400 samples
0-300.0 mS (Fs=48kHz)
0-103.2 Meters (Fs=48kHz)
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Parameter List

254

FEEDBACK DELAY SW
FEEDBACK DELAY DELAY LEVEL
FEEDBACK DELAY DIRECT LEVEL
FEEDBACK DELAY TIME

FEEDBACK DELAY FEEDBACK LEVEL
FEEDBACK DELAY FEEDBACK PHASE

FEEDBACK DELAY DELAY PHASE
FEEDBACK DELAY HI DAMP GAIN
FEEDBACK DELAY HI DAMP FREQ
FEEDBACK DELAY LO DAMP GAIN
FEEDBACK DELAY LO DAMP FREQ

HPF SW
HPF FREQ

EQ SW

EQ HI GAIN

EQ HI FREQ

EQ HI-MID GAIN
EQ HI-MID FREQ
EQHI-MIDQ

EQ LO-MID TYPE
EQ LO-MID GAIN
EQ LO-MID FREQ
EQLO-MIDQ

EQ LO-MID RESO
EQLO GAIN
EQLO FREQ

FLEX BUS 1 SEND SW

FLEX BUS 1 SEND LEVEL
FLEX BUS 1 SEND POSITION
FLEX BUS 2 SEND SW

FLEX BUS 2 SEND LEVEL
FLEX BUS 2 SEND POSITION
FLEX BUS 3 SEND SW

FLEX BUS 3 SEND LEVEL
FLEX BUS 3 SEND POSITION
FLEX BUS 4 SEND SW

FLEX BUS 4 SEND LEVEL
FLEX BUS 4 SEND POSITION
FLEX BUS 5 SEND SW

FLEX BUS 5 SEND LEVEL
FLEX BUS 5 SEND POSITION
FLEX BUS 6 SEND SW

FLEX BUS 6 SEND LEVEL
FLEX BUS 6 SEND POSITION
FLEX BUS 7 SEND SW

FLEX BUS 7 SEND LEVEL
FLEX BUS 7 SEND POSITION
FLEX BUS 8 SEND SW

FLEX BUS 8 SEND LEVEL
FLEX BUS 8 SEND POSITION
FLEX BUS 9 SEND SW

FLEX BUS 9 SEND LEVEL
FLEX BUS 9 SEND POSITION
FLEX BUS 10 SEND SW

OFF, ON

0-70-127

0-100-127

2-14400 samples
0.04-200-300.0 mS (Fs=48kHz)
0.01-103.2 Meters (Fs=48kHz)
0-127

NORM, iNV

NORM, iNV

-30dB-0- +6dB

200Hz-20kHz

-30dB-0- +6dB

20Hz-2kHz

OFF, ON
20Hz-1kHz

OFF, ON
-15dB-0dB- +15dB
1.00kHz~20.0kHz
-15dB-0dB- +15d8
400Hz-20kHz
0.36-16.00

OFF, HPF, LPF, BPF, NOTCH, PEAK
-15dB-0dB- +15dB
20Hz-8kHz
0.36-16.00

0-127
-15dB-0dB- +15dB
20Hz-2kHz

OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON




Parameter List

FLEX BUS 10 SEND LEVEL
FLEX BUS 10 SEND POSITION
FLEX BUS 11 SEND SW

FLEX BUS 11 SEND LEVEL
FLEX BUS 11 SEND POSITION
FLEX BUS 12 SEND SW

FLEX BUS 12 SEND LEVEL
FLEX BUS 12 SEND POSITION

FLEX BUS 1/2 PAN

FLEX BUS 1/2 PAN SLAVE TO MAIN
FLEX BUS 3/4 PAN

FLEX BUS 3/4 PAN SLAVE TO MAIN
FLEX BUS 5/6 PAN

FLEX BUS 5/6 PAN SLAVE TO MAIN
FLEX BUS 7/8 PAN

FLEX BUS 7/8 PAN SLAVE TO MAIN
FLEX BUS 9/10 PAN

FLEX BUS 9/10 PAN SLAVE TO MAIN

FLEX BUS 11/12 PAN

FLEX BUS 11/12 PAN SLAVE TO MAIN

SURROUND PAN

SURROUND DEPTH

SURROUND PAN SLAVE TO MAIN
SURROUND LR:C RATIO

CUE SEND SW

CUE SEND LEVEL

CUE SEND PAN

CUE PAN SLAVE TO MAIN
CUE SEND POSITION

MULT! OUT SEND POSITION

MAIN SEND SW (AUDIO STATUS)
MAIN SEND LEVEL
MAIN SEND PAN

FADER GROUP

MUTE STATUS
MUTE GROUP 1 SW
MUTE GROUP 2 SW
MUTE GROUP 3 SW
MUTE GROUP 4 SW
MUTE GROUP 5 SW
MUTE GROUP 6 SW
MUTE GROUP 7 SW
MUTE GROUP 8 SW
MUTE GROUP 9 SW
SOLO STATUS
Auto-Mix STATUS

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR

L63-C-R63
OFF, ON
L63-C-R63
OFF, ON
L63-C-R63
OFF, ON
L63-C-R63
OFF, ON
L63-C-R63
OFF, ON
L63-C-R63
OFF, ON

L63-C-R63
R63-C-F63
OFF, ON
1-127

OFF, ON

0-127

L63-C-R63

OFF, ON

Pre EQ, Pre FDR, PostFDR

Pre EQ, Pre FDR, PostFDR

OFF, ON
0-127
L63-C-R63

OFF, 1-24

OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, REC, PLAY
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Parameter List

B MULTIIN CH 1-24

256

PARAMETER VALUE, INITIAL VALUE
INPUT SOURCE R-BUS 1-24
ATT -24dB- +6dB
£ (PHASE) NORM, INV
PHASE DELAY SW OFF, ON
PHASE DELAY TIME 0-14400 samples
0-300.0 mS (Fs=48kHz)
0-103.2 Meters (Fs=48kHz)
FEEDBACK DELAY SW OFF, ON
FEEDBACK DELAY DELAY LEVEL 0-70-127
FEEDBACK DELAY DIRECT LEVEL 0-100-127

FEEDBACK DELAY TIME

FEEDBACK DELAY FEEDBACK LEVEL
FEEDBACK DELAY FEEDBACK PHASE
FEEDBACK DELAY DELAY PHASE
FEEDBACK DELAY Hi DAMP GAIN
FEEDBACK DELAY HI DAMP FREQ
FEEDBACK DELAY LO DAMP GAIN
FEEDBACK DELAY LO DAMP FREQ

HPF SW
HPF FREQ

EQ SW

EQ HI GAIN

EQ HI FREQ

EQ HI-MID GAIN

EQ HI-MID FREQ

EQHI-MID Q
EQLO-MIDTYPE

EQ LO-MID GAIN

EQ LO-MID FREQ
EQLO-MIDQ

EQ LO-MID RESO

EQ LO GAIN

EQ LO FREQ

FLEX BUS 1 SEND SW

FLEX BUS 1 SEND LEVEL
FLEX BUS 1 SEND POSITION
FLEX BUS 2 SEND SW

FLEX BUS 2 SEND LEVEL
FLEX BUS 2 SEND POSITION
FLEX BUS 3 SEND SW

FLEX BUS 3 SEND LEVEL
FLEX BUS 3 SEND POSITION
FLEX BUS 4 SEND SW

FLEX BUS 4 SEND LEVEL
FLEX BUS 4 SEND POSITION
FLEX BUS 5 SEND SW

FLEX BUS 5 SEND LEVEL
FLEX BUS 5 SEND POSITION
FLEX BUS 6 SEND SW

FLEX BUS 6 SEND LEVEL
FLEX BUS 6 SEND POSITION
FLEX BUS 7 SEND SW

2-14400 samples
0.04-200-300.0 mS (Fs=48kHz)
0.01-103.2 Meters (Fs=48kHz)

0-127

NORM, INV
NORM, INV
-30dB-0- +6dB
200Hz-20kHz
-30dB-0- +6dB
20Hz~-2kHz

OFF, ON
20Hz-1kHz

OFF, ON

-15dB-0dB- +15dB
1.00kHz-20.0kHz
-15dB-0dB- +15dB
400Hz-20kHz

0.36—-16.00

OFF, HPF, LPF, BPF, NOTCH, PEAK
-15dB-0dB- +15dB
20Hz-8kHz

0.36-16.00

0-127

-15dB-0dB- +15d8
20Hz~2kHz

OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON




Parameter List

FLEX BUS 7 SEND LEVEL

FLEX BUS 7 SEND POSITION

FLEX BUS 8 SEND SW

FLEX BUS 8 SEND LEVEL

FLEX BUS 8 SEND POSITION

FLEX BUS 9 SEND SW

FLEX BUS 9 SEND LEVEL

FLEX BUS 9 SEND POSITION
FLEX BUS 10 SEND SW

FLEX BUS 10 SEND LEVEL

FLEX BUS 10 SEND POSITION
FLEX BUS 11 SEND SW

FLEX BUS 11 SEND LEVEL

FLEX BUS 11 SEND POSITION
FLEX BUS 12 SEND SW

FLEX BUS 12 SEND LEVEL

FLEX BUS 12 SEND POSITION
FLEX BUS 1/2 PAN

FLEX BUS 1/2 PAN SLAVE TO MAIN
FLEX BUS 3/4 PAN

FLEX BUS 3/4 PAN SLAVE TO MAIN
FLEX BUS 5/6 PAN

FLEX BUS 5/6 PAN SLAVE TO MAIN
FLEX BUS 7/8 PAN

FLEX BUS 7/8 PAN SLAVE TO MAIN
FLEX BUS 9/10 PAN

FLEX BUS 9/10 PAN SLAVE TO MAIN
FLEX BUS 11/12 PAN

FLEX BUS 11/12 PAN SLAVE TO MAIN

SURROUND PAN

SURROUND DEPTH

SURROUND PAN SLAVE TO MAIN
SURROUND LR:C RATIO

CUE SEND SW

CUE SEND LEVEL

CUE SEND PAN

CUE PAN SLAVE TO MAIN
CUE SEND POSITION

MAIN SEND SW (AUDIO STATUS)
MAIN SEND LEVEL
MAIN SEND PAN

FADER GROUP

MUTE STATUS
MUTE GROUP 1 SW
MUTE GROUP 2 SW
MUTE GROUP 3 SW
MUTE GROUP 4 SW
MUTE GROUP 5 SW
MUTE GROUP 6 SW
MUTE GROUP 7 SW
MUTE GROUP 8 SW
MUTE GROUP 9 SW
SOLO STATUS
Auto-Mix STATUS

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR. PostFDR
OFF, ON

0-127

Pre EQ, Pre FDR, PostFDR
L63-C-R63

OFF, ON

L63-C-R63

OFF, ON

L63-C~R63

OFF, ON

L.63-C-R63

OFF, ON

L63-C-R63

OFF, ON

L63-C-R63

OFF, ON

L63-C-R63
R63-C-F63
OFF, ON
1-127

OFF, ON

0-127

L63-C-R63

OFF, ON

Pre EQ, Pre FDR, PostFDR

OFF, ON
0-127
L63-C-R63

OFF, 1-24

OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, ON
OFF, REC, PLAY

~
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Parameter List

W FLEX BUS MASTER 1-8

PARAMETER VALUE, INITIAL VALUE
BUS ATT -24dB-0dB
BUS MODE INT, EXT
FLEX BUS 1 SEND SW OFF, ON
FLEX BUS 1 SEND LEVEL 0-127
FLEX BUS 2 SEND SW OFF, ON
FLEX BUS 2 SEND LEVEL 0-127
FLEX BUS 3 SEND SW OFF, ON
FLEX BUS 3 SEND LEVEL 0-127
FLEX BUS 4 SEND SW OFF, ON
FLEX BUS 4 SEND LEVEL 0-127
FLEX BUS 5 SEND SW OFF, ON
FLEX BUS 5 SEND LEVEL 0-127
FLEX BUS 6 SEND SW OFF, ON
FLEX BUS 6 SEND LEVEL 0-127
FLEX BUS 7 SEND SW OFF, ON
FLEX BUS 7 SEND LEVEL 0-127
FLEX BUS 8 SEND SW OFF, ON
FLEX BUS 8 SEND LEVEL 0-127
FLEX BUS 9 SEND SW OFF, ON
FLEX BUS 9 SEND LEVEL 0-127
FLEX BUS 10 SEND SW OFF, ON
FLEX BUS 10 SEND LEVEL 0-127
FLEX BUS 11 SEND SW OFF, ON
FLEX BUS 11 SEND LEVEL 0-127
FLEX BUS 12 SEND SW OFF, ON
FLEX BUS 12 SEND LEVEL 0-127
FLEX BUS 1/2 PAN L63-C-R63
FLEX BUS 1/2 PAN SLAVE TO MAIN OFF, ON
FLEX BUS 3/4 PAN L63-C-R63
FLEX BUS 3/4 PAN SLAVE TO MAIN OFF, ON
FLEX BUS 5/6 PAN L63-C-R63
FLEX BUS 5/6 PAN SLAVE TO MAIN OFF, ON
FLEX BUS 7/8 PAN L63-C-R63
FLEX BUS 7/8 PAN SLAVE TO MAIN OFF, ON
FLEX BUS 9/10 PAN L63-C-R63
FLEX BUS 9/10 PAN SLAVE TO MAIN OFF, ON
FLEX BUS 11/12 PAN L63-C-R63
FLEX BUS 11/12 PAN SLAVE TO MAIN OFF, ON
SURROUND PAN L63-C-R63
SURROUND DEPTH R63-C-F63
SURROUND PAN SLAVE TO MAIN OFF ON
SURROUND LR:C RATIO 1-127

CUE SEND sw OFF, ON
CUE SEND LEVEL 0-127

CUE SEND PAN 163-C-R63
CUE PAN SLAVE TO MAIN OFF, ON
MAIN SEND SW (AUDIO STATUS) OFF, ON
MAIN SEND LEVEL 0-127
MAIN SEND PAN L63-C-R63
FADER GROUP OFF, 1-24
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O
MUTE STATUS OFF, ON g
MUTE GROUP 1 SW OFF, ON g
MUTE GROUP 2 SW OFF, ON -
MUTE GROUP 3 SW OFF, ON 3
MUTE GROUP 4 SW OFF, ON g
MUTE GROUP 5 SW OFF, ON @
MUTE GROUP 6 SW OFF, ON
MUTE GROUP 7 SW OFF, ON
MUTE GROUP 8 SW OFF, ON
MUTE GROUP 9 SW OFF, ON
SOLO STATUS OFF, ON
Auto-Mix STATUS OFF, REC, PLAY

B FLEX BUS MASTER 9-12

PARAMETER VALUE, INITIAL VALUE
BUS ATT -24dB—0dB
CUE SEND SW OFF, ON
CUE SEND LEVEL 0-127

CUE SEND PAN L63-C-R63
CUE PAN SLAVE TO MAIN OFF, ON
MAIN SEND SW (AUDIO STATUS) OFF, ON
MAIN SEND LEVEL 0-127
MAIN SEND PAN L63-C-R63
FADER GROUP OFF, 1-24
MUTE STATUS OFF, ON
MUTE GROUP 1 SW OFF, ON
MUTE GROUP 2 SW OFF, ON
MUTE GROUP 3 SW OFF, ON
MUTE GROUP 4 SW OFF, ON
MUTE GROUP 5 SW OFF, ON
MUTE GROUP 6 SW OFF, ON
MUTE GROUP 7 SW OFF, ON
MUTE GROUP 8 SW OFF, ON
MUTE GROUP 9 SW OFF, ON
SOLO STATUS OFF, ON
Auto-Mix STATUS OFF, REC, PLAY
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B FADER GROUP MASTER 1-24

PARAMETER VALUE, INITIAL VALUE
GROUP LEVEL 0-127

MUTE STATUS OFF, ON

MUTE GROUP 1 SW OFF, ON

MUTE GROUP 2 SW OFF, ON

MUTE GROUP 3 SW OFF, ON

MUTE GROUP 4 SW OFF, ON

MUTE GROUP 5 SW OFF, ON

MUTE GROUP 6 SW OFF, ON

MUTE GROUP 7 SW OFF, ON

MUTE GROUP 8 SW OFF, ON

MUTE GROUP 9 SW OFF, ON

SOLO STATUS OFF, ON
Auto-Mix STATUS OFF, REC, PLAY

B MULTI OUT 1-24

PARAMETER VALUE, INITIAL VALUE

SOURCE NO SOURCE, INPUT 1-24, F-BUS 1-12, CUE L, CUE R, MON L,
MON R, MAIN L, MAIN R

LEVEL 0-127

AUDIO STATUS REC, PLAY

PARAMETER VALUE, INITIAL VALUE

MID! SEND SW OFF, ON

MID! LEVEL 0-127

MIDI PAN L63-C-R63

FADER GROUP OFF, 1-24

Auto-Mix STATUS OFF, REC, PLAY
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Troubleshooting

If a system malfunction occurs, the following solutions should be checked first. If the
problem can still not be resolved, contact the nearest Roland Service Center, or your
dealer.

M Overall operations
No sounds are heard.

® Equipment power is not turned on.

@ Each device is not connected correctly.
® Audio cable is disconnected.
@ The amplifier or mixer volume is set too low.
® Sound volume is too low.
¢ Channel fader
¢ Master fader
¢ Monitor-related knobs
* PHONES knob
e Others. Setting of internal buses
o Setting of output level of the inserted effect
® Sound is not generated from the connected output jack but from another one.
® MUTE ALL OUTPUTS button on the processor is turned on.

@ An attempt has been made to send a flex bus signal while “INT” is selected for
FLEX BUS MODE.

No sounds are heard on some channels.

@® Channel sound volume is too low.
® Sounds are muted because solo/mute/audio is selected.

When digital connection is employed, input sounds are not
accepted correctly.

@ Improper word clock setting (p. 32).

@ There is a conflict between the specified setting and actual connection of the
digital-in connector (p. 32).
@ Voice signals are not provided from the digital audio equipment.
® The format of the digital signals used is not identical to the predetermined one.
— Some devices employ a format specially prepared for digital signals. Any
digital /audio equipment connected must be AES/EBU or S/P DIF compatible.

Sounds contain noise or are distorted.
@ Input gain is not proper.
— Extremely high input gain tends to distort sounds, while very low input gain
tends to produce noise. Adjust PREAMP GAIN to an appropriate level.
@ Improper setting of the attenuator or equivalent device.
@ Sounds are distorted by the channel equalizer.
— Excessive equalizer settings can distort sounds. Adjust currently selected
equalizer settings.




Troubleshooting

Intended operation is not available from the fader.

@ Stereo link is formed between adjacent channels.
— You cannot operate stereo-linked channels individually.
® The fader tries to operate MULTI-OUTs 17 and 18.
- MULTI-OUTs 17 and 18 can be varied using the STUDIO1 LEVEL knob alone,
not by the fader itself.
@ [On Display] is turned on (lit).
— Aslong as the light is on, the parameter selected from “parameter view on
fader” is not reflected on the fader.

Writing to the memory card is not possible.

@® The card is not formatted.

@ You have neglected to create a new project or to select a current project before
starting the operation.
= One of them must be implemented before storing data.

® The memory card has insufficient space.

B The internal effects

The effects are unusable.
@ The VS8F-2 is not appropriately mounted.
@ Effects 2, 4, 6 or 8 is attempting to select an illegal algorithm (p. 112).
@ Or the algorithm is used by a preceding effect (p. 112).

B MiDl-related problems
When the console is selected as the master, external MID| device

does not operate according to the information provided.

® Improper setting of the external MIDI device.

® The external MIDI device is not ready for play.

@® The device is not connected properly.

® The MIDI cable is disconnected.

@ “Out” is not selected for the MIDI connector (p. 222).

@ Currently selected console settings do not allow it to send out a MIDI clock or
MTC (p. 224).
® A different type of MTC is used (MTC synchronization is employed).

When the external MIDI device is selected as the master, the
system does not operate according to the information provided.

@ The device is not connected properly.

@ The MIDI cable is disconnected.

® Synchronization using the MIDI clock is tried.

— Slave operation is only available when MTC is used.
® The same type of MTC is not being used by both devices.
@ Improper setting of the external MIDI device.

@ MTC is not properly received.
— The situation may be improved if the currently selected ERROR LEVEL is
changed (p. 224).
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Troubleshooting

W Others

The volume level of the instrument connected to analog output
jacks/connectors is too low.

® Could you be using a connection cable that contains a resistor?
— Use a connection cable that does not contain a resistor.

Auto-mixing data have been lost.
® Power was turned off before storing the data.
— Auto-mixing data is stored in the internal volatile memory. If you turn the
power off before saving a project on a memory card, all the data will be lost.

Data on the main system or memory card has been destroyed.

® Power was turned off while reading or writing to the memory.
~ You must not turn the power off as long as the “Processing” message appears
on the screen.

Adjustment of the input channel pre-amplifier is not possible.

® Source of the target input channel is set to “D.IN-L” or “D.IN-R".
- The digital input block is not equipped with pre-amplifier (analog circuit).

Turning the input channel phantom power on or off is not

ossible.
@ Source of the target input channel is set to “D.IN-L,” “D.IN-R,” “CONS-L,” or
“CONS-R.”
— These input channels are not equipped with a phantom power supply.

Settings remain the same even when a scene is recalled.

@ All the active parameter settings for the scene are turned off.

Unintended sound is generated when the analyzer screen is
turned on.

@ A number of currently used effects have been assigned to the analyzer in the
course of setting the analyzer setup page FX UNIT FOR ANALYZER.
~ When the analyzer is currently used, the effects specified above will be
temporarily bypassed.

The waveform does not appear in the ANALYZER.
@® DISABLE is selected for “FX UNIT FOR ANALYZER” in SETUP.

MAIN EQ page is not operable from ANALYZER screen.
® EFFECTS (31 BAND GRAPHIC EQ) is not inserted in MAIN.

FLIP button is inoperable.
® [on DISPLAY] button is not set to “ON.”




This section presents frequently asked questions regarding the general use of the VM-
7200/7100 and VM-C7200/C7100 V-Mixing System, along with answers to these
questions. This section can provide the user with a quick grasp of the mixer’s general
operation—this will be particularly true for users who possess a level of mixing
knowledge and experience.

M Basic setup and structure

Q. How is the mixer operated?
A. Broadly speaking, there are two ways to operate.

(1) Adjusting a single setting for all channels at once.

When PARAM VIEW on Fader button is pressed—and lit—you can view a selected
parameter’s setting in all of the system’s channels at once. You can change the
parameter’s setting for any of these channels using the channel’s fader.

(2) Adjusting all of the settings for a single channel.

While holding down the desired channel’s [CH EDIT], you can select a parameter by
pressing one of the buttons above the channel strips. The shows you the parameter,
and you can then change its value using the six V knobs and six F buttons under the
display. When multiple parameters are displayed, use the CURSOR [UP], [DOWN],
[LEFT] and [RIGHT] buttons to select the desired parameter. When a screen contains
more parameters than will fit on the display at a single time, you can navigate among
its “pages” using [PAGE UP] and [PAGE DOWN]}.

Many of the system'’s wealth of features can be adjusted using the two basic methods
described above.

Q. Why are the mixing processor and console separate?
This component-based architecture provides the following benefits:

>

e Superior sound quality, portability, and ease of operation
¢ Reduced cable costs
¢ Can be expanded as needed, thus keeping down the total cost

What is the total number of buses?
There are sixteen buses: 12 Flex buses, cue left/right and main mix left/right.

What is a Flex Bus? How does it differ from a traditional analog

mixer bus?
A Flex Bus is a powerful, general-purpose bus that provides a far greater degree of
routing freedom than traditional buses can. Each Flex Bus has all the capabilities of
both standard recording and Aux buses (as well as some unique abilities of its own)
and can therefore be used in any situation where you want to get one or more signals
from one place to another. Flex Bus can be routed to various internal destinations
(including to other Flex buses), and to analog and digital outputs, including R-BUS
digital output connectors.

> o PO

Q. Can you really work quickly with so few controls?

. The V-Mixing system provides dedicated buttons for its major operations. You'll also
find Quick Channel Edit shortcuts, and macros for registering and then recalling
specific screens, allowing for even speedier operation.

>

Well, then, how would | go about equalizing a channel?

A. Hold down the channel’s [CH EDIT], and press the “EQ” button in the row above. The
equalizer screen appears in the display, and the six main parameters for the four-band
EQ can then be adjusted using the six V knobs beneath the display.
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What are the differences between the VM-7200 and VM-7100 mixing
processors?
The VM-7100 is a lower-priced version of the VM-7200, featuring half the number of
analog inputs and outputs. The digital section of both processors is identical.

What are the differences between the VM-C7200 and VM-C7100
consoles?
The number of physical channel faders and their throw. While the more compact VM-
C7100 features only twelve channel faders, it can be mounted ina 19-inch rack, so that
it can be installed in ordinary commercially available racks. The number of
operational parameters and the memory is identical, and the two consoles are
completely compatible.
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What about compatibility between the processors and consoles?
You can select, combine, and use the VM-Series processors and consoles with
complete freedom. You can use up to two consoles (with a VM-Link connection) and
two processors (using a cascade connection) simultaneously.

What specification is used for the “cascade connection” that links
two processors?

A one-way, 24-bit digital connection links the output signals of one of the processors’
sixteen buses—FLEX BUS, cue via Monitor, and MAIN—allowing them to be shared
by the other processor.

Although | have two 48-channel processors connected, why do | get

94, instead of 96, channels in the mixer?
The processor’s 48 channels are the total number of channels that can be used at one
time, including the stereo VM-Link input from the console. When two processors are
used, two consoles are connected serially and their combined outputs returned to one
of the processors through a single stereo VM-Link connection. The other processor’s
stereo VM-Link input is not used. Hence, 48 channels-times-two, minus the two
unused VM-Link channels, equals 94 channels.

Can the console also be monitored in the studio or other such
location?
Yes. The system provides a stereo signal path between the processor and console
that’s intended primarily for monitoring.

What if | want to toggle between two different monitor pairs?
You can do this easily from the console.

Where is the phantom power switch?

Phantom power is switched on and off from the console, not the processor.
Independent phantom power settings are available for each channel, and these
settings can be stored for later recall.

If the power is cut or turned off unexpectedly, can system conditions
still be restored quickly?

When the system is powered on, the panel screen displays the settings in effect before
the power was last turned off. Only data recorded with the Automix function but not

yet stored to a memory card is lost.




Q&A

B Hardware

© Q. How much headroom does the preamp provide?
A. In addition to the rated input (+4 dB), you have another 18 dB of headroom.

What is the maximum phantom power current?
100 mA total for the device (this will vary depending on the connection of optional
external devices).

>0

With which sampling rates is the system compatible?
The system works with 32 kHz, 44.1 kHz and 48 kHz.

What is the bit depth for internal digital signal processing?

While this depends on your effect processing, the maximum is 48 bits.

>0 PO
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How much delay results from internal digital signal processing?

This varies depending on the settings and the content being processed, but even the
maximum delay is on the order of 1 to 2 milliseconds.

>0

Aren't there discrepancies in the signal processing delay for
different input channels?

A. Each of Input channels has Phase Delay function, you can compensate for any
difference in delay by matching on all channels to that of the channel whose delay is
longest.

o

Q. What is the maximum length the VM-Link cable be extended?

A. When using a 110-ohm AES/EBU digital audio cable, signals can be transmitted up to
200 meters (one way).

Q. Can an ordinary commercial mic cable be used as a VM-Link cable?

A. Tests have shown that this is workable for distances of 10-20 meters. However, it’s
best to use AES/EBU digital audio cables.

Q. What kind of cable is used for R-BUS connections?
A

. Only dedicated R-BUS cables from Roland are guaranteed to function properly.
Although they feature the same connectors, SCSI cables and certain other cables are
not completely compatible, so extra care is required when using such cables.

Q. How far can an R-BUS cable be extended?

A. Basically, rather than modifying a cable by adding extensions, you should use a single
dedicated Roland cable of the necessary length.

Q. Are the R-BUS and RMDB2 (RMDB Il) compatible?

A. Since R-BUS and RMDB2 (RMDB 1I) share the same specifications, they are

completely compatible.

Is R-BUS compatible with the original RMDB on Roland’s DM-800 series?
No.

What is the pin configuration on the analog input and output XLR
connectors?
. Pin 2 is hot on all connectors. Refer to the figure on the rear panel of the processor.
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What about the processor’s LINE input jacks?

A. These inputs are labeled “LINE” to make it clear that no phantom power is supplied.
However, just as with the XLR connector (MIC) inputs, the input level is adjustable
between +4 and -60 dB. Therefore, you can also connect dynamic microphones to
these inputs. When connecting a high-impedance electric guitar or an instrument’s
Piezo pickup, a direct box or other such device is required.

Q. 1 want to send the cables connected to the input jacks on the

processor’s front panel behind the rack.

A. With the addition of the optional RO-7000 Rack Mount Angle, you can mount the
processor so that the unit is situated downwards and back within the rack. If
approximately 1U of rack space is left open underneath, the cables can then be routed
to the back without the plugs extending beyond the front of the rack.

Q. Is VCA used for remote control of the preamp gain? How is the

sound quality?

A. With the gain circuits, the discrete analog circuitry is digitally controlled from the
console. Dedicated VCA (voltage controlled amplification) ICs provide accurate
sound with zero distortion.

Q. The motorized faders seem to come to a stop rather slowly.

A. This reduces the sound during movement of the faders. Internally, the audio signals
are changed instantly.

Q. How many increments do the faders move through?

A. Mechanically, there are 128 fader steps. Internal sonic processing of input channel
levels and other crucial data is made over a range of 32,768 steps, thus allowing very
smooth changes in volume.

Q. How fast do the faders move?

A. Physically, the motorized fader mechanism can go from minimum to maximum level
in approximately 0.3 seconds. Internally, the changes are processed instantly, with no
waiting for the faders to finish moving.

Q. Even when | move the fader, the fader graphic on the screen does

not respond instantly to the movement. Why is this?

A. This is due to processing priority settings that prevent screen-refreshing from
affecting the speed at which the actual sonic data is processed. Since processing of the
sound is completed with no pause for the refreshing of the screen, there is nothing to
worry about here.

M Effects

Q. How many effects does the system include?

A. A single processor is equipped with two general-purpose stereo effects processors.
This can be augmented by the installation of up to three optional VS8F-2 Effect
Expansion Board, for a total of up to eight stereo effects. Independent of these, one
master effect (for output insertion) is also provided. No matter which is selected, all
effects feature 24-bit internal processing for high-quality sound.

Q. What kind of internal effects are included?

A. The system features a total of 39 algorithms for general effects such as reverb, chorus,

delay, and multi-effects for vocals, guitar, keyboards, and the like, as well as Roland’s
exclusive RSS effects, Mic Simulation, and Speaker Modeling. Three algorithms,
including an equalizer, can be used for the master effect. One algorithm (Speaker
Modeling) is used by both effects systems, for a total of 41 algorithms.
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Q&A

Q. What if | want to apply a graphic equalizer to the main output in a live

sound-reinforcement situation?

A. The system provides a 10-band stereo equalizer as a master effect—you can also use
one of the general-purpose 31-band EQs. If you want to use an external effect device,
you can connect the console’s MONITOR line-out jacks to the device, and return its
output to the console’s MIC/LINE jacks. Route those signals to a pair of outputs for
your main speakers. This allows you to operate the external device using its own
controls.

Q. Are dynamic effects provided for each channel?

A. To allow switching with other effects for different purposes, these are not hard-wired.
The “Dual Mono Dynamics” effect algorithm can be inserted in up to sixteen channels
(the maximum with the optional VS8F-2 board installed).

W Connecting with other devices

Q. How do | make a digital connection with external effects devices?
Use the processor’s DIGITAL 1/0 connectors.

A.
Q. How do | connect with Digidesign ProTools?
A.

When using two input channels and four output channels, connect to the processor’s
DIGITAL I/0 connectors. For multi-channel exchange of data, connect the R-BUS to
an optional DIF-AT and send via an ADAT optical or TDIF converter.

Which kind of joystick can | connect for controlling surround sound?
You can connect JL Cooper MCS PANNER.

How can | synchronize my VM system with external devices?
There are two ways to synchronize the external device: with MIDI, or by using the R-
BUS synchronization signal.
If you are using MIDI, connect via a commercial interface that converts the sync data
to MIDI (MTC). ,
If you are using the R-BUS, synchronize through the digital multi-track recorder being
used.
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Q. Is there no time code (LTC) input connector?

A. You can use the following methods to receive time code signals for synchronizing
other devices.
(1) MTC can be received through the MIDI IN connector.
(2) Accordingly, you can also use an inexpensive LTC-to-MTC converter.
(3) By using a VM-24E or DIF-AT (optional), you can receive time code from your
multi-track recorder via the R-BUS.

Q. Although there is no “VIDEO SYNC” connector, can the system be

used for post-production?

A. In many post-production systems, the V-Mixing system is connected to a digital
multi-track recorder, and word clock is used to synchronize the professional video
equipment. A VM-24E or DIF-AT (optional) is used for data from the multi-track
recorder (TASCAM DA-88 or Alesis ADAT), and word clock from the multi-track
recorder via a DIF-AT connected to the R-BUS connector.
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Q. What about the sampling rate when the R-BUS is used for receiving
digital audio signals?

A. This is locked to the sampling rate of the digital audio signals received through the R-
BUS.

Q. When the sampling rate of the digital audio signals received through
the R-BUS is locked, what would happen if | input signals with a
different sampling rate through DIGITAL IN A or B?

A. There is no problem with this setup. Signals can received through the DIGITAL IN A

and B connectors without being locked, regardless of the sampling rate; the rate can
also be locked as needed.
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B Other matters

Q. What special features offered by this system are not available on
previous large digital mixers?
A. This system is superior to previous digital mixers in the following:

e Separate components provide superior sound quality, portability, and ease of
operation.

e The lightweight and compact console is easier to set up at live events.
* The cost of cables is reduced.
¢ The system can be expanded as needed to satisfy different aims.

e All of the processor’s analog inputs are mic level, and are supplied with
phantom power.

¢ All analog outputs feature 24-bit AD/DA conversion for high-quality sound.

* The system can store and recall the input gain and the On/Off setting of the
phantom power.

* In addition to a four-band equalizer, the system is also equipped with a high-
pass filter.

* The channel equalizer features switchable filters on the LO-MID band.

* Up to 300-msec channel delay; this can also be used as a comb filter.

o The console buttons can be used for remote control of multi-track recorders and
other devices.

« Input jack-input channel configurations are freely adaptable.

* Input channels can be output directly to the recorder, making simultaneous SR
and live recording possible.

¢ The system (using one processor) can be expanded to include up to eight effects.
« Algorithms for numerous effects—not just spatial effects—are included.

¢ The motorized faders are extremely quiet.

» Memory cards can be used, making easy it to transfer and copy settings.

* The system features a built-in spectrum analyzer for easy room equalization.
This can also be used in creating sounds.

¢ Equipped with multi-purpose Flex buses.

+ Adding Roland’s optional DS-90 bi-amped monitors allows you to use the
Speaker Modeling function.

¢ With the EZ Routing function, making the settings you need is a breeze.

e Each channel is named, making it easy to distinguish the different channels on
the screen.
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Model: VM-C7200, VM-C7100  Ver. 1.00

1. TRANSMITTED DATA AND
RECOGNIZED RECEIVE DATA

EChannel Voice Message

@®Note On/Off

When the “MIDI Metronome Sw” system parameter is at anything other than “Off,” note
messages are transmitted in accord with the relevant mode, using the MIDI channel
number/note number /velocity specified for the metronome.

Any note on/off messages received are ignored.

Status Second Third
9nH mmH H

OH - FH (ch.1-ch.16)
O00H - 7FH (0 - 127)
01H - 7FH (1 - 127) / 0H = NOTE OFF

n = MIDI channel number:
mm = note number:
11 = velocity:

@®Polyphonic Key Pressure

The processor transmits the level meter values that are specified by the parameters. When
the Spectrum Analyzer is selected as an effect, level values for each frequency band will be
transmitted.

Control data for a meter bridge is also transmitted using these messages.

If polyphonic key pressure is received, it will be ignored.

Status Second Third
AnH mmH IIH

OH - FH (ch.1-ch.16)
O0H - 47H (0 -71) (*1)
O0H - 7FH (0 - 127) (*2)

n = MIDI channel number:
mm = note number:
Il = level meter value:

Level Meter
Target Input Multiln FlexBus MultiOut Analyzer Effecter

Note Input Multi IN Flex Bus Multi Out Analyzer Effecter
Number Channel Channel Channel Channel Freguency Channel

0 1 1 1 1 FX1 Input Lch
1 2 2 2 2 FX1 Input Rch
2 3 3 3 3 FX1 Output Lch
3 4 4 4 4q FX1 Output Rch
4 5 5 5 5 FX2 Input Lch
5 6 [ 6 (3 FX2 Input Rch
6 7 7 7 7 FX2 Output Lch
7 8 8 8 g FX2 Output Rch
8 9 9 9 Bl FX3 Input Lch
9 10 10 10 10 FX3 Input Rch
10 11 11 11 11 FX3 Output Lch
11 12 12 12 1z F33 Output Rch
12 13 13 - 13 FX4 Input Lch
13 14 14 - 14 FX4 Input Rch
14 15 15 - 15 500 Hz FX4 Output Lch
15 16 16 - 16 630 Hz FX4 Output Rch
16 17 17 - 17 800 Hz FXS Input Lch
17 18 18 - 18 1.0kHz FX5 Input Rch
18 19 19 ~ 19 1.2kHz FX5 Output Lch
19 20 20 - 20 1.6kHz FX5 Output Rch
20 21 21 - 21 2.0kHz FX6 Input Lch
21 22 22 22 2.5kHz FX6 Input Rch
22 2 23 - 23 3.2kHz FX6 Output Lch
23 24 24 - 24 4.0kHz FX6 Output Rch
24 - - - - 5.0kHz FX7 Input Lch
25 - - - - 6.3kHz FX7 Input Rch
26 - - - - 8.0kHz FX7 Output Lch
27 - - - - 10 kHz FX7 Output Rch
28 - - - - 12 kHz FX8 Input Lch
29 - - - o 1€ kHz FX8 Input Rch
30 - - - - 20 kHz FX8 Output Lch
31 - - - - Input FX8& Output Rch

32 MONITOR Lch
33 MONITOR Rch
34 MASTER Lch
35 MASTER Rch

- MST FX In Lch
37 - - - - - MST FX In Rch

38 - - - - - MST FX Out Lch
39 - - - - - MST FX Cut Rch

Correspondence between meter bridge device control data and note numbers

Note Control Data

Number

40 Channel Status lch 0:0ff, 1:Green, 2:0range,

1 Channel Status 2ch 0:0ff, l:Green, 2:0range,

42 Channel Status 3ch 0:0ff, 1:Green, Orange,

43 Channel Status 4ch 0:0ff, 1:Green, 2:0range,

44 Channel Status 5ch 0:0£f, l:Green, 2:0range,

45 Channel Status 6ch  0:0ff£, 1:Green, 2:0Orange,

46 Channel Status 7ch 0:0f££f, 1l:Green, 2:Qrange,

47 Channel Status 8ch 0:0ff, 1:Green, 2:Orange,

48 Channel Status 9ch 0:0ff, 1:Green, 2:0range,

49 Channel Status 10ch 0:0ff, 1:Green, 2:0range,

50 Channel Status llch 0:0f££, l:Green, 2:0range,

51 Channel Status 12ch 0:0£f, 1:Green, 2:Orange,

52 Channel Status 13ch 0:0ff, 1l:Green, 2:Orange,

53 Channel Status l4ch 0:0ff, 1:Green, 2:Orange,

54 Channel Status 15ch 0:0f£, 1:Green, 2:0range,

55 Channel Status l6ch 0:0ff, 1:Green, 2:0range,

56 Channel Status 17ch 0:0ff, 1l:Green, 2:O0range,

7 Channel Status 18ch 0:0f£f, l:Green, 2:0range,

58 Channel Status 19ch 0:0f£, 1:Green, 2:0range,

59 Channel Status 20ch 0:0ff, 1:Green, 2:Qrange,

6C Channel Status 21ch 0:0££f, 1:Creen, 2:Qrange,

61 Channel Status 1 2:0range,

2 Channel Status 23ch 0:0ff, 1l:Green, 2:0range,

3 Channel Status 24ch 0:0£f£, l:CGreen, 2:0range,

64 -

65 -

66 -

67 -

68 -

69 -

70 -

71 -

72 SCALE 0:X1, 1:X1/2

73 LOCATION 0:PRE EQ, 1:PRE FADER, 2:POST FADER

74 SECTION 0:1st Unit, 1:2nd Unit

75 METER MODE 0:Input, l:Multi In, 2:Flex Bus,
3:Multi Out, 4:Rnalyzer, 5:Effecter

76 DIM 0:0FF, 1:0ON

77 TALKBACK 0:0FF, 1:ON

78 BSEG.MODE 0:Measure/Beat 1:Time Code, 2:Clock+Scene

79 OVER RANGE 0:0dB ... 127:-infinite

80 MASTER MUTE 0:0FF, 1:ON

81 PEAK HOLD TIME 0:0FF, l:lsec ... 7:7sec, B:Continue

82 -

83 -

84 -

85 -

86 -

87 -

88 CLOCK HOUR(*2) / MEAS. MSB (*3)

8e CLOCK MIN. (*2) / MEAS. LSB (*3)

90 CLOCK SEC. (*2) / BEAT (*3)

91 SCENE *2, *4) / TICK (*3)

(*1) transmitted when 8SEG.MODE is 2.
(*2) transmitted when 8SEG.MODE is 0.
(*3) 127 wiil be transmitted if the scene is undefined.

Level Meter Value and Level

value Level

o 0dB
1 -1ds
2 -2dB
127 -Infinite

®Control Change

This can be operated using the faders of a device connected via MIDL, or by displaving
parameters on the screen. Channels 1-16 are used. The parameter is either 7 {(main volume)
or 8 (balance). Mute is implemented by setting the main volume value to 0.

Status Second Third
BnH mmH IH

n = MIDI channel number: OH - FH (ch.1-ch.16)
00H - 1FH (0- 31)
00H - 7FH {0 - 127)

mm = mixer parameter number:
11 = mixer parameter value:

External controller messages such as MIDI joystick are received.
For details, refer to “4. MIDI joystick Support.”
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®Program Change

1f “MIDI Program Change Sw” is on, program change messages will be received to perform
the corresponding operation for each reception channel.

VM-C7260/C7100 never transinits this message.

Stalus Second
CnH ppH
n = MIDI channel number: O0H - FH (ch.1-ch.16)

Pp = program number: 00H - 7FH (0 - 127)

Operations for each reception channel

1 (0H) Select the preset specified by pp for effect unit 1
2 {1H) Select the preset specified by pp for effect unit 2
3 (2H) Select the preset specified by pp for effect unit 3.
4 (3H) Select the preset specified by pp for effect unit 4.
5 {(4H) Select the preset specified by pp for effect unit 5
& {(SH) Select the preset specified by pp for effect unit 6
7 {6H) Select the preset specified by pp for effect unit 7
g (THy Select the preset specified by pp for effect unit 2.
¢ {8H) Select the preset specified by pp for the master effect
unit.
13 {(CH} : same operation as the Zero button

: same operation as the REW button
: same operation as the FF button

: same operation as the STOP button
: same operation as the PLAY button
: same operation as the REC butten

14 (DH) in the range of 0 to 9, the same operation as
the mute greoup button

15 (EH! Recalls locator if pp is from O to 99.

16 (FH) If pp is in the range of 0 to 99, recall the scene

MSystem Common Messages

O®MID! Time Code Quarter Frame Messages

1£ "SYNC MASTER” is “INT,” or if “SYNC MASTER” is “EXT” and "SYNC EXT SOURCE"
is “MULT! IN,” the VM-C7200/C7100 will transmit quarter frame messages with the time
code type specified by “Frames Type” when it is running if “SYNC GENERATOR” is
“MTC" and “SYNC OUT"” is “ON.”

Status Second
F1H mmH (= Onnndddd)

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
OH-FH (0-15)

nnn = message type :

dddd = 4 bit nibble data:

If the upper and lower 4 bits of the count are combined, these bit ficlds are assigned as
follows.

Frame Count XXXYVYVY
XXX Reserved (000}
YVYYY Frame number (0-29)
Seconds Count XXYYYVYV
XX Reserved (00)
VYVIYY Seconds Count {0-59)
Minutes Count XXVYYYYY
XX Reserved (00)

yyyyyy Minutes Count {0-59)

Hours Count XYY777.27.
x Reserved (0)
vy Time Code type
0 =24 Frames/Sec
1 = 25 Frames/Sec
2 =30 Frames/Sec (Drop Frame)

3 =30 Frames/Sec (Non Drop Frame)
zzzzz Hours

®Song Position Pointer

If “SYNC MASTER" is “INT,” or if “SYNC MASTER" is “EXT" and “SYNC EXT SOURCE”
is “MULTIIN,” song position pointer messages will be transmitted to indicate the current
location immediately before the system begins running, or when a locate operation occurs if
“SYNC GENERATOR" is “MIDI CLOCK” and “SYNC OUT” is “ON.

Status Second Third
F2H mmH nnH

mm, nn = song position point: 00H 00H - 7FH 7FH

HWSystem Realtime Message

If “SYNC MASTER” is “INT,” or if "SYNC MASTER" is “EXT” and "SYNC EXT SOURCE”
is "MULTI IN,” the VM-C7200/C7100 will transmit the message when it is running if
“SYNC GENERATOR” is “MIDI CLOCK” and “SYNC OUT” is “ON.”

®Timing Clock
Status
F8H

®Start

Status
FAH

@®Continue
Status

FBH

®Stop
Status
FCH

MSystem Exclusive Message

Status Data byte Status

FOH iiH, ddH, .., ceH  F7H

Byte Description

FOH Status of System Exclusive Message
iiH Manufacturer ID

41H: Roland’s Manufacturer ID
7EH: Universal Non Realtime Message
7FH: Universal Realtime Message

ddH Data: 00H - 7FH 0-127)
eeH Data
F7H EOX (End of System Exclusive Message)

The VM-C7200/C7HI0 can transfer and receive the internal parameters information using
system exclusive messages, and also can be controlled by the external devices using system
exclusive messages.

The VM-C7200/C7100 can transmit and receive Universal System Exclusive messages, Data
Request{RQ1) and Data set(D51) as the System Exclusive message.

DAbout Model ID
For Data Request (RQ1) and Data Set (DTH), V-Mixer uses 00H OEH as a Model ID.

“JAbout Device ID

System Exclusive messages are not assigned to any particular MIDI channel.

Instead, they have their own special control parameter called device ID

The Roland system exclusive messages use device 1Ds to specify multiple VM-C7200 or VM-
7100 units.

The VM-C7200/C7100 will transmit system exclusive messages with a device 1D of the
value specified by “MIDI System Exclusive Device ID(*1),” and receives the system
same as its device 1D and 7FH.

exclusive messages whose device 1D is

(*1) Refer to “2. Data Transler Address Map.”
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@Universal System Exclusive Message

OMIDI Time Code

Status Data byte Status

FOH 7FH,7FH 0TH,01H hr,mn,sc fr F7H

Byte Description

FoH Exclusive Status

7FH Universal System Exclusive Realtime Header

7FH Specify all connected devices

01H MIDI Time code (sub-11> #1)

01H Full Message (sub-1D 42

hr type/hours (Ovyzzzzz)

vy Time code type

0 = 24 frame/sec
1 =25 frame/sec
2 = 30 frame/sec (Drop frame)
3 = 30 frame/sec (Non-drop frame)
zzzzz Hours (0 - 23)

o Minutes [

s¢ Seconds {0 -39)

fr Frames (0 - 29)

F7H EOX (End of Exclusive)

If the system parameter “SYNC MASTER” is “INT” and "SYNC GENERATOR” is “MTC”
and “SYNC OUT(CONSOLE)” is “ON,” the current location will be transmitted using full
time messages when a locate operation occurs.

If the svstem parameter “SYNC MASTER™ is “EXT” and “SYNC EXT SOURCE" is “MTC,”
this device will receive full ime messages and will locate accordingly.

DINQUIRY MESSAGE

Identity Request

FoH 7EH,Dev,06H,0IH  F7H

Byte Description

FOH Status of System Exclusive Message

7FH Universal System Exclusive Realtime Header

Dev Device 1D {or 7FH)

UoH General Information (sub-1D 41)

01H Identify Request {sub-ID #2)

F7H EOX {End of Exclusive)

The message is used to request the particular information of the VM-C7200/C7100.
The VM-C7200/C7100 does not transmit the message.
1f the VM-C7200/C7100 received the message and the device 1D of the message is same as

its device 1D or 7FH, the VM-C7200/C7100 transmits the following Identity Reply message.

identity Repiy
Status Data byte Status
FOH 7EH,Dev,06H,02H,41H,1EH, 01 H,nnH,00H,vwH,00H ssH,ssH  F7H
Byte Description
FOH Status of System Exclusive Message
7EH Universal System Exclusive Realtime Header
Dev Device 1D
06H General Information (sub-ID #1)
02H tdentity Reply (sub-1D #2)
41H Manufacturer 1D {Roland)
1EH 01H Device Family Code (V-Mixer)
nnH 00H Device Family Number (VM-xxxxx)
{0:VM-3100), (1:VM-7100), 2:VM-C7100, (3:VM-7200), 4:VM-C7200
vvH B0H Available Option
0000 -00xx

| +— €7100/C7200

4 Console Master/Slave
ssH ssH Software Revision Level
F7H EOX (End of Exclusive)
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MIDI Machine Control Commands

Status Data byte Status
FoH 7FH,Dev,00tL,aaH, ..., bbH F7H
Byte Desgription

FoH Status of System Exclusive Message

7FH Universal System Exclusive Realtime Header
Dev Device 1D {or 7FH)

O6H MMC Command Message

aal Command

bbHl Command

F7H EOQX (End of Exclusive)

() Refer to “3. MIDI Machine Control.”

®Data Transfer (RQ1, DT1)

DData Request (RQ1)

Status Databyte Status
FOH 41H,Dev,00H,1FH,11H,aaH bbH,ccH,ssH,ssH,5sH, Sum i
FoH Status of System Exclusive Message

41H Manufacturer 1D (Roland)

Dev Device 1D

00H 1EH Model ID (V-Mixer)

11H Command ID (RQNH

aall Address MSB

bbH Address MID

ccH Address LSB

ssH Size MSB

ssH Size MID

ssH Size LSB

Sum Checksum

F7H EOX (End of Exclusive)

The message is used to request data to the VM-C7200/C7100.

The VM-C7200/C7100 does not transmit this message.

The VM-C7200/C7100 transmits the requested data using Data Set(DT1) under following

condition when it received the message.

1. The requested address correspond to the specified parameler base address of the VM-
C7200/C7100.

2. The requested size is over 1 byte.

JData Set (DT1)

Status Data byte Status
FOH 41H,Dev,00H,1EH,12H,aaH bbH,ccH.ddH, ..., eeH S5um F7H
Byle Description

FOH Status of System Exclusive Message

41H Manufacturer ID (Roland)

Dev Device 1D

00H 1EH Model 1D (V-Mixer)

12H Command ID (DT

aaH Address MSB

bbH Address MID

ccH Address LSB

ddH Data

eeH Data

Sum Checksum

E7H EOX (Lnd of Exclusive)
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: d follawi " . .
The s under the g condition. EMIDI Data - Mixer EQ Gain Table
I the device 1D on the message is same as that of the receive device, and the address on the
A ey
message correspond to the specified parameter base address, the received data are stored | pata | Gain | o
from the specified parameter base address. If the interval of received messages is shorter *$+W+ 5
than 20 msec, the VM-C7200/C7100 can not work the receive message procedure correctly. 0 1;} _31.5dB %
021 | -21.0dB =
The message is transmitted under the following condition. ’ ) ;
When the VM-C7200/C7100 transmit the data un the requested parameter after receiving, . BAEH 1 0dB B
the Data Request message(RQ1). ! ITH ~0.5dB g
[
see “2. Data Transfer Address Map™ for more details of the transfer parameters. 4o0H 0.0ae 15
41H +0.5dB o
42K +1.0dB ®
P s that take special values
The following parameters take special parameters for data transter. [ 7EH | +31.0dB
TFH | +31.%5dB
+ S
EMIDI Data - Mixer EQ Freq Table
HFD GAIN : 04H(-30.0dB) -- 40H(0.0dB) -~ 4CH(+6.0dB)
LFD GAIN : 04H(-30.0dB) -- 40H(0.0dB) -~ 4CH(+6.0dB)
|pata |Freq(Hz) || Data |Freg(Hz)|| pata |Freq(Hz)|| Date |Freq(Hz) | EQ GAIN : 22H(-15.0dB) -- 40H(0.0dB) -- SEH(+15,0dB)
0oH 20H 100 40H 620 60H 4.00k
01H 218 106 41H 670 61H 4.22k
02R 22H 112 42H 710 62H 4.50k - i
o am) 1 sar | om0 oan | .30k WMIDI Data - EXP/CMP Ratio Table
048 241 44H 800 64H 5.00k P ——y
05H 25K 45H 840 §5H 5.30k | pata | |
06H 261 480 900 66H 5.60k [EN— +
07H 27H 47H 944 57H §.00k 00H (OFF)
08H 28H 48H 1.00k 68H €.30k niM
09H 29H 49H 1.06k 69H 6.70% 02
0AH ZAH 4AH 1.12k 6AH 7.10k 034
OBH I1BH 4BH 1.20k 6BH 7.50k 04H
OCH 2CH 4CE 1.25k 6CH 8.00k 05H
0DH 3DH 4DK 1.33k 6DH 8.40k 06H
OEH 2ER 48R 1.40k 6EH $.00k 07H
OFH 2FH 4FH 1.50k SFH 9.44k 08y
10H 30H 50H 1.60k 70H 10.0k 09H
1lH 31iH 51H 1.70k 71H 10.6k 0&H
12H 32H 52H 1.80k 72H 11.2k OBH
13H 334 53E 1.90kx 73H 12.0k 0CH
14H 34K 541 2.00k 7491 ODH
15H 35H 55H 2.10k 75H + +- +
16H 164 S56H 2.24k T6H
17H 374 57H 2.37k 77TH
18H 38H 58H 2.50k T8H
19H 39H S9H 2.66k 79H
L 3an ol R 2. Data Transfer Address Map
1iBH 3BH SBH 3.00k 7BH
1CH 3CH 5CH 3.15k 7CH
1DH 3ou SDH 3.35k 7DH 1 VM remote is connected, MIDI from the VM-C7200/C7100 can be used to control the
1EH 3EH S5EH 3.55k TEH VM-7x00 units 11 . ia VM
1FH 3FH SFH 3.76k 7FH parameters of up to two VM-7x00 units that are connected via remote.
+
1f the VM-7x00 is used by itself, only Unit 1 exists. In the case of a cascade connection, the
. . master unit is Unit 1, and the slave unit is Unit 2. In the following address map, parameters
.M|D| Data - Mlxer EQ Quahty Table marked (*U) are valid only for Unit 1. There are no corresponding parameters for Unit 2.
| pata | [« i| pata | [ || pata | o | The address is given in hexadecimal 1or cach 7 bits. The block address table shows the
00H 0.355 10H 2.24 Z0H 14.0 starting address for the block that contains the corresponding parameters. There may be
o1 0. 400 11 2.50 218 6.0 sub-blocks within a block. Parameter addresses within a block are the offsets from the
02H Q.450 12H 2.80
03H 0.500 131 3.15 starting address of the block.
04H 0.560 14H 3.55
05H 0.630 15H 4.00 B
06H 0.710 16H 4.50
DOH | 0.710 || 16R | 450 BParameter Address Block
08H 0.500 18H 5.60
09H 1.00 19H 6.30
0AH 1.12 1AH 7.10 Starc
OBH 1.2 1BH .00 T
ocH | 1.40 1CH 9.00 adrs Block ~
o szzzzzzzsszzszsssssesozoas
ggﬂ %gg igg i(;lz 00 00 00 | VM-7x00 Unit 1 System Block
3 2.0 2. : s
oFH 200 tEH 2.5 00 10 00 } VM-7x00 Unit 1 Mixer Block 2-1
00 50 00 | VM-7x00 Unit 1 Etfect Block 3-1

00 60 0D | (Reserved for 7%x00 Unit 1)

01 00 00 | VM-7x00 Unit 2 System Bloc 1-1

01 10 00 | VM-7x00 Unit 2 Mixer Block 2-1

01 50 00 | VM-7x00 Unit 2 Etfect Block 3-1

01 60 00 | (Reserved for VM-7x00 Unit 2)

~02 00 00 | VM-C7200/C7100 Syztem:;I;;)—( ___________________ ;:1:“:
4z 01 00 | VM-C7200/C7100 Project Block 5-1

03 01 00 | {(Reserved for VM-C7200/C7100)
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M

@1-1. VM-7x00 System Block 00 01 26 | Input Param. -2 (Ch 2)
00 14 40 | Input Param. -24 (Ch 24)
00 15 30 | MultiIn param. -1 (Ch 1) 2-4
Offset l ] cont 00 16 20 | MultiIn Param. -2 (Ch 2)
adrs Data onten . s
. 00 29 40 | Multiln Param. -24 (Ch 24)
00 00 00 Oaaaaaaa R
00 00 01#] Obbbbbbb 00 2 30 | Talk Back Param. (Unit 1 Only) 2-5
00 00 02 | 00 - 3F | Option Available (*1) 00 2B 10 | Bus 1-12 Param. -1 (BUS 1) 2-6
00 xx - xx T *_ hffect Board A 00 2B 20 | Bus 1-12 Param. -2 (BUS 2)
+— {o} O & . .
+ Effect Boarg B 00 2¢ 40 | Bus 1-12 Param. (BUS 12)
e ol
+———— R-BUS Board 00 2¢ 50 | Bus 1-8 Param. -1 (BUS 1} 2-7
P Gascade Boaxd 00 2p 08 | Bus 1-8 Param. -2 (BUS 2)
e /72 ) X
30 2F S Bus 1-8 Param. -8 (BUS 8)
06 G0 03 | 00 - 7F | Error Message (-2} 00 2F 58 | Bus
- 00 30 10 Qutput Param. 2-8
00 00 04 | 00 - 02 | Sampling Frequency (*U) 48, 44.1, 32 kHz | P
00 30 60 Solo Param. 2-9
00 00 ©5 | 00 | (Reserved) e |
ds Group Master Param. 2-10
90 00 06 k 00 - 04 | word Clock Source (*U)  Int, R-BUSL,,,3. 00 31 20 | Fader P
WordClkIn 00 31 40 | Effect Section Param. -1 (FX1) 2-11
. 00 31 4a Effect Section Param. -2 (FX2}
00 00 €7 | 00 - 01 | vWord Clock Terminator Switch (*U) Off, On X .
N - 0 6 | Ettect Section param. -R (FES8!
00 00 08 | 00 - 01 i Digital Audio Input Coaxial, XLR-bal 032 06 | e ’ {
00 32 10 Reserved 32)
00 00 09 | 00 - 01 | R-BUS I/F type -1 (*1) Off, DIF-AT ; ! {Resex :
20 32 2F |
00 00 DA | 00 - 01 | R-BUS I/F type -2 (*1) Off, DIF-AT
i i -12
00 00 OB | 00 - 01 | R-BUS I,F type -3 (*1) Off, DIF-AT 00 32 30 | Master EBffecr Section Param 2-t
5 scade . 2-13
00 00 0C | 00 - 01 | MIDL OUT/THRU Sw Out, THRU 00 32 40 | Cascade Param
00 32 ither Param. 2-14
00 G0 OD | 00 - OL | MIDT Level Mete:r Tx Sw 0fE, On 00 32 60 | Dicher Para
00 33 0 GEN/OSC Param. 2-15
00 00 GE | 00 - OF | MIDI Level Meter Channel 1,..16 0|
06 00 OF | 00 | (e 3 260) 00 33 20 | Level Meter/Analyzer Param. 2-16
“ leserve: “ !
00 02 12 [ 00 : | ; 00 33 30 | Misc. Param. 2-17
X ved 1600
00 0z 13 i oC - 3F I Meter Unit Select Unit0, Unitl... 00 ?3 a0 l (Reser ; )
TP=0tf 00 3F 7F
00 02 14 | 00 - 3F | MIC Unit Select Unit0, Unitl...
TF=0££
00 02 15 | 00 - 02 | Cascade Mode {*1} Otf, Master, Slave £32-2. VM-7x00 Pre Amp Parameter
00 02 16 00 - 01 Digital Audio Output - Channel Status Type
Typel, Type2-Forml
- igi i opy o Offset
00 02 17 ) 00 01 | Digital Audio Copy Protect Off, On P ‘ pata contents and
5 = . smamos
o0 OL'IB I oo ' 1tom Power Sw

(Reserv?d 1768) 00 00 00 | 00 - Ol | Pre Amp Phar

Ty
| 00 oF 7F | 00 | 00 00 01 { 00 - 44 | Pre Amp Input Gain  +4dB(00) tc -64dB(44)

(*1) This parameter is read-only. It cannot be written.
*2) This parameter is read-only. It cannot be written.

:02-3. VM-7. Input P;
This is transmitted from the VM-C7200/C7100 if an error occurs. 2-3. VM-7x00 Inp: arameter

Number Error Message

______________________________________________ offset i
005 :  No Error R adrs Data . Contents and remarks
01K : MIDI Protocol Error 0 R . 3
02 . cascade Board Hardware Error 00 00 00 | 00 01 | Input Channel Link Sw Off, on
03H : Canoot change the System Clock Source 3 1 ~ ;
04H : Changed the System Clock Frequency 06 00 o1 |(gg - g—;-,! Input Group Fader ASSlgnbltB . D?g%é"?}gﬁ
05H : Cannot set the parameter - M
gs: : kuztigllf gg:ﬁ:z:;g“ Error 00 00 D2 | UG - 17 | Inpur Select Chi,,,ch20,
08H : Cascade Board Comnection Error 4o - 571} 2;3;g§é§2§ DigitallnR, CensolelnL,
09H : Cascade Board Connected B bit6 : 0:0ff, 1:0n
OAH : R~BUS Board Connection Error PV oo
O0BH : R-BUS Beoard Connected a8 - X v . -
OCH - (Reserved) 00 00 03 | 28 46 | lnput ATT (0dB: 64 [40H]) -24dB,,,+6dB
30H : No Effect Board Error 00 00 04 | 00 - 01 | Input Phase Sw Norm, Tnv
31H Cannot. Locate the Effect
. g . ; Sw )
354 - The Other Effect already occupied 00 00 05 | DO 41 | Input Phase Delay Sw off, on
3 . Effect parameter's limit over 00 00 06 Daaaaaaa| Input Phase Delay Time (*4)
00 00 07#] Obbbbbbb 0,.,14400sample
00 00 o8 Oaaaaaaaj Input Feedback Delay Time (*4j
@2-1. VM-7x00 Mixer Block 00 00 09%| Obbbhbkb 2.,.14400sample
00 00 OA | 00 - 01 | Input Feedback Delay Sw Off, oOn
Offset 00 00 0B | 00 - 7F | Inpur Feedback Delay Fb Level 0.,.,127
adrs | Mixer Sub Block
=== == == zzzzmzszssossssTIsTIssssssTssTEs 00 00 0C | 00 - 0! | Input Feedback Delay Fb Phase Noxm, Inv
00 00 00 Pre Amp Param. -1 (Ch 1) 2-2
00 00 02 Pre Amp Param. -2 (Ch 2) 00 00 OD | 00 - 7F | Input Feedback Delay Eff Level 0,.,127
H B +
00 00 26 | Pre Amp Param. -20 {(Ch 20) 00 00 CE | 00 - 01 | Input Feedback Delay Eff Phase Norm, Inv
00 00 2B | (Reserved 4) 00 60 OF | 00 - 7F | Input Feedback Delay Dir Level G,,.,127
00 c0 2B | 00 00 10 04 - 4C j Input Feedback Delay HFD Gain (*2)
i ~30.0dB,,,+6.0dB
00 00 2C | Pre Amp Param. Console In 23 (Ch 23) 2-2
og ot 11 : 2¢ - ¢ Input Feedback Delay HFD Freq {*1}
00 00 2E | Pre Amp Param. Console In 24 (Ch 24) 2-2 | 200, ,,20kHz
00 60 30 | Input Param. -1 (Ch 1) 2-3 00 00 12 | 04 - 4C | Input Feedback Delay LFD Gain (*2}
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I | -30.04dB, , ,+6.0dR 00 00 08 | Daaaaaaa| Multiln Feedback Delay Time (*4)
00 00 09| Obbbbbbb 2,,,14400 samples
00 00 13 [ 04 - 54 i Input Feedback Delay LFD Freq (*1)
20,,,2kHz 00 00 OA | DO - 01 | MultiIn Feedback Delay Sw Off, On
00 00 14 | 00 - 01 | Input HEF Sw off, On 60 00 OB | 00 - 7F | Multiln Feedback Delay Fb Level e,,, 127
00 00 15 | 04 - 54 | Input HEF Cut Off Freq (*1) 20,,,2kHz 00 00 OC | 00 - 01 | Multiin Feedback Delay Fb Phase Norm, Inv

00 00 16 } 00 - 01

Input EQ Sw Off, On 00 00 0D | 00 - 7F | Multiln Feedback Delay Eff Level 0,,.,127

Q
=
i
=4
¢
w
>
°
©
o
3
=3
o
o
w

00 00 17 | 22 - SE | Input EQ Hi Gain (*2) -15.0dB, ., +15. 048 00 00 OF | 00 - 01 | MultiIn Feedback Delay Eff Phase Norm, Inv
00 00 18 | 48 - 7C | Input EQ Hi Freg (*1} 1k, ,,20kHz 00 00 OF | 00 - 7F | MultiIn Feedback Delay Dir Level 0€,,,127
00 00 19 | 22 - 58 | Input EQ HiMid Gain (*2) -15.0dB,,,+15.0dB 00 00 10 04 - 4C Multiln Feedback Delay HFD Gain (*2)
-30.04B,,,+6.0dB
00 00 1A | 38 - 7C | Input EQ HiMid Freq (*1) 400, ,,20kHz
60 00 11 2C - 7C | Multiln Feedback Delay HFD Freg (*1}
00 00 1B | 00 - 21 | Input EQ HiMid Q {*3) 0.355,,,16.0 200, ,,20kHz
0O 00 1C t 00 - 05 | Input EQ LoMid Type Off, LPF, BPF, HPF, 00 00 12 i 04 - 4C | Multiln Feedback Delay LFD Gain (*2)
Notch, Peak -30.0dB,,,+6.0dB
00 00 1D | 22 - SE [ Input EQ LoMid Gain (*2)} -15.0dB,,,+15.0d4B 00 00 13 i 04 - 54 [ MultiIn Feedback Delay LFD Freqg (*1)
20,,,2kHz
00 00 1E | D4 - 6C | Input EQ LoMid Freqg {*1) 20,,,8kHz
00 00 14 | 00 - 01 | Multiln HPF Sw Off, On
00 00 1F | 00 - 21 | Input EQ LoMid Q (*3) 0.355,,.,16.0
00 00 15 | 04 - 54 | MultiIn HPF Cut Off Freg (*1) 20,,,2kHz
00 00 20 | 00 - 7F | Input EQ LoMid Resenance 0,,,127
00 00 16 | 00 - 01 | Multiin EQ Sw Off, On
00 00 21 | 22 - S5E | Input EQ Lo Gain {*2) -15.0dB,,,+15.0d4B
00 00 17 | 22 - SE | MultiIs EQ Hi Gain (*2) -15.0dB,,,+15.0dB
00 00 22 | 04 - 54 | Input EQ Lo Fregq (*1) 20,.,2kHz
00 00 18 | 48 - 7C | MultiIn EQ Hi Freg (*1} 1k, ., 20kHz
00 €0 23 | 00 - 01 | Imput Mute Sw Norm, Mute
00 00 19 22 - 5E | Multiln EQ HiMid Gain (*2)
00 00 24 | 00 - 7F | Input Master Fader Level 0,.,127 | -15.04B,,,+15.0dB
00 00 25 | 00 - 01 } Input Main Send Sw off, On 00 00 1a | 38 - 7C | Multiln B) HiMid Freq {*1) 400, ,,20kHz
00 00 26 | 01 - 7F | Input Main Send Pan 163, ,.R63 00 00 1B | 00 - 21 | MultiIn EQ HiMid Q (*3) 0.35%,,.16.0
a0 00 27 | 00 -~ 02 Input Cue Send Sw 00 00 1C 06 - 05 MultiIn EQ LoMid Type Off, LPF, BPF, HFF,
PregQ, PreFader, PostFader Notch, ' Peak
40 - 42) bité : 0:0ff, 1i:0n
00 00 1D | 22 - SE ] MultiIn EQ LoMid Gain (*2)
00 00 28 | 00 - 7F | Input Cue Send Level 0,,, 127 -15.04B.,,+15.04B
00 00 29 | 01 - 7F | Input Cue Send Pan L63,,,R63 00 00 1E | 04 - 6C | MultiIn EQ LoMid Freq (*1) 20,,,8kHz
00 00 2Aa | 00 - 01 | Inmput Cue Send Pan Slave Off, On 00 00 1F | 00 - 21 | Multiln EQ LoMid Q (*3) 0.355,,.16.0
06 00 2B 00 - 02 Input Bus 1 Send Sw 00 00 20 | 00 - 7F | MultiIn EQ LoMid Resonance 0,..,127
PreEQ, PreFader, PostFader
(40 - 42) bité : 0:0£ff, 1:0n 00 00 21 | 22 - 5E | Multiln EQ Lo Gain (*2) ~-15.04B,.,+15.0dB
: H : ; N -
00 00 36 | 00 - 02 | Input Bus 12 Send Sw 00 00 22 | 04 - 54 | Multiln EQ Lo Freg (*1) 20,,,2kHz
PreEQ, PreFader, PostFader - _ 5
(40 - 42)} bit6 : 0:0ff. 1:0m 00 00 23 | 00 - 01 | MultiIn Mute Sw Norm, Mute
00 06 37 | 00 - 7F | Input Bus 1 Send Level 0...,127 00 00 24 | 00 - 7F | Multiln Master Fader Level 0,,,127
o : 00 00 25 | 00 - 01 | Multiln Main Send Sw off, on
00 00 42 | 00 - 7F |
00 60 26 | 01 - 7F | Multiln Main Send Pan L63,,,R63

Input Bus 12 Send Level ’

Input Bus 1 Send Pan L63,,,R63

00 00 43 | 01 - 7F
: : : MultiIn Cuve Send Sw

00 00 27 00 - 02
PreEQ, PreFader, PostFader

Input Bus 12 Send Pan

I 00 00 4B | 01 - 7F l (40 - 42 bité : 0:0£f, 1:0n
00 00 4F | 00 - 01 | Input Bus 1 Send Pan Slave Off. On 00 00 28 | 00 - 7F | MultiIn Cue Send Level 0,,.127
| 00 00 SA | 0O - 01 | Input Bus 12 Send Pan Slave 00 00 29 | 01 - 7F | MultiIn Cue Send Pan L63,,,R63
00 00 5B 00 - 02 | Patch Bay Send Sw 00 00 23 ! 00 - 01 | MultiIn Cue Send Pan Slave 0ff, on
| PreEQ, PreFader, PostFader

| (40 - 42y bité : 0:0ff, 1:0n 00,00 2B | 00 - 02 | MultiIn Bus 1 Send Sw
1] | PreBQ, PreFader, PostFader
! 00 00 s5C | 00 | (Reserved 20) { (a0 - 421 bit6 : 0:0ff, 1:0n

| 00 00 6F | 00 i ’ | 00 00 36 | 00 - 02 | MultiIn Bus 12 Send Sw
PreEQ, PreFader, PostFader
(*1) Refer to “MID] Data - Mixer EQ Freq Table.” (40 - 4231 bité : 0:0ff, l:0n

(*2) Refer to “MIDI Data - Mixer EQ Gain Table.” 90 00 37 | 00 - 7F
(*3) Refer to “MIDI Data - Mixer EQ Quality Table.”
(*4) (Phase Delay Time) + (Feedback Delay Time) should be 15000 or less.

MultiIn Bus 1 Send Level 0,,.127

00 00 42 | 00 - 7F

MultiIn Bus 12 Send Level ‘

00 00 43 | 01 - 7F | MultiIn Bus 1 Send Pan L63,,,R63

00 00 4E | 01 - 7F | Multiln Bus 12 Send Pan

1J2-4, VM-7x00 Multi In Parameter

00 00 4F | 00 - 01 MultiIn Bus 1 Send Pan Slave otf, On l

00 00 Sa | 00 - 01

MultiIn Bus 12 Send Pan Slave ‘

Offset )
adrs ! Data Contents and remarks 00 00 SB | 00 | (Reserved 21)
= 4 s=zzssozsssssERa = == : :
00 00 00 | 00 - 01 | MultiTn Channel Link Sw 0ff, on | 00 00 6F | 0C | |
00 00 01 | 00 - 17 ‘ MultiIn Group Fader Assign chl,,,Ch24 (*1) Refer to “MIDI Data - Mixer EQ Freq Table.”
(40 - 57) bit6é : 0:0ff, 1:0n (*2) Refer to "MIDI Data - Mixer EQ Gain Table.”
00 00 02 | 00 - 17 | MultiIn Select Tri,,, Tr2d (*3) Refer to "MIDI Data - Mixer EQ Quality Table.”
| a0 - 573 bicé . 0:0£f, 1:0n (*4) (Phase Delay Time) + (Feedback Delay Time) should be 15000 or Jess.
00 D0 03 | 28 - 46 | Multiln ATT (0dB:64 [40H}) -244dB,,,+6dB
00 00 04 | 00 - 01 | MultiIn Phase Sw Norm, Inv
00 00 05 | 00 - 01 | MultiIn Phase Delay Sw Off, On
0¢ 00 06 Oaaaaeaa| Multiin Phase Delay Time (%4}
Q0 00 07#] Obbbbbhb 0,,,14400 samples

e = e
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”

)2-5. VM-7x00 Talkback Parameter

)2-8. VM-7x00 Output Parameter

Offset
adrs Data Contents and remarks
00 00 00 | 00 - 01 | Talk Back Sw 0ff, On

0C 00 01 | 00 - 01 | Talk Back Function Select Talkback, Slate

00 06 02 | 00 - 7F | Talk Back Level 0., ., 127

00 00 03 | 00 - 01 | Talk Back To Main Off, On

00 00 04 | 00 - 01 | Talk Back To Cue Off, oOn
|

00 00 05 | 00 - 61 | Talk Back To Bus 1 off, On

00 00 10 | 00 - 01 | Talk Back To Bus 12

00 00 11 | 00 - 01 | Talk Back To Multi 1 Off, On

00 00 28 | 00 - 01 | Talk Back To Multi 24

l 00 00 23 | OV - 7F | Slate Level 0,,,127
i 00 0C 2A | 00 - 01 | Slate To Main Cff, On
| 00 00 2B | 00 - 01 | Slate To Cue off, on
t 00 00 2C | €O - 0L | Slate To Bus 1 Off, On
| o0 00 37 | co lo1 | slate To Bus 12

| | 00 - 01 | Slate To Muiti 1 off, On

00 0C 38

Slate To Multi 24

00 00 4F | 00 - 01
00

00 00 50

(Reserved 16}

0o BO-SF

<] |

J2-6. VM-7x00 Bus 1-12 Parameter

Offset
adrs Data Contents and remarks

== + sz = ========z=

00 00 00 | 60 - OL | Bus Link Sw Off, On

00 00 01 00 - 17 Bus Group Fader Assign Chi,,.Ch24
(40 - 57) bité : 0:0ff, l:On

00 00 02 | 00 - 01 | Bus Mode (‘1) Int, Ext

00 00 03 | 28 - 40 | Bus ATT -244d8,,,0dB

00 00 04 | 00 - 01 | Bus Mute 3w Norm, Mute

00 00 05 | 00 - 7F | Bus Master Fader Level 0,,,127
00 06 06 | 01 - 7F | Bus Master Fader Balance L63, . ,R63
00 00 07 | 00 - 01 | Bus Main Send Sw ofi, On
00 00 08 | 01 - 7F | Bus Main Send Pan LE3,. . R63
00 00 09 | 00 - 01 | Bus Cue Send Sw Off, On
060 00 0A | 00 - 7F | Bus Cue Send Level 0,,.127
00 00 0B | 01 - 7F | Bus Cue Send Pan L63,, ,R63
00 00 0C | 0C - 01 | Bus Cue Send Pan Slave Off, On

00 00 0D | 00

{Reserved 2}

00 00 OF | 00 | ’ |

(*1) Settings for buses 9-12 are invalid.

(*1) If this is set to Int, audio will not be output from the Flex Bus Qut. Audio will not be
output even if Multi Out/Assignable Out is selected for a Flex Bus Out that is set to
Int.

12-7. VM-7x00 Bus 1-8 Parameter

Data ! Contents and remarks ;

00 00 00 | 00 - 01 | Bus to Bus 1 Send Sw

| 00 060 0B | 00 - 01 | Bus to Bus 12 Send Sw

00 00 0C | 00 - 7F | Bus to Bus 1 Send Level 0,,,127

00 00 18 | 01 - 7F | Bus to Bus 1 Send Pan L63, ., ,R63

00 00 23 | 01 - 7F | Bus to Bus 12 Send Pan

00 00 24 | 00 - 01 | Bus to Bus 1 Send Pan Slave Off, On

00 00 ZF | 00 - 01 | Bus to Bus Send Pan Slave

|
00 00 17 | 06 - 7F | Bus to Bus 12 Send Level l

00 00 30 | 00 {Reserved B8)
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l Contents and remarks

00 €0 00 00 (Reserved 3)

00 00 01 eo

00 00 02 00

00 00 03 | 00 - 7F | Control Room Master Level (*U) 6,,.127
00 00 04 | 01 - 7F | Control Room Master Balance (*U) L63,, R63

Control Room Scurce (*U)
CH1,,,24, Busl,,, 12, Main, Cue
bité : 0:0ff, 1:0n

00 00 05 Q0 - 25
{40 - 651

00 00 06 | 00 - 01 | Control Room Monc Sw (*U) Off, Un
00 60 07 | 00 - 01 | Control Room Dim Sw (*U) OfE, On
G0 00 08 | 00 - 7F | Control Room Dim Level (*U} 0,127

00 00 09 | 28 - 40 | Main Bus ATT (*1) -24dB(28),,.0dB (40}

00 00 0a | 00 - 01 | Main Master Mute (*U) Off, On
00 00 0B | 00 - 7F | Main Master Level (*U) 0,,,L27
Q0 00 0C | 01 - 7F | Main Master Balance (*U) L63,, . R63
0C 00 0D | 28 - 40 | Cue Bus ATT (*U) -244B(28),,,0d4B {40}
Q¢ 00 OE | 00 - 0L | Cue Master Mute {*U) Oif, On
0 00 OF | 00 - 7F | Cue Master Level (*U) 0,,,L27
00 00 10 | 01 - 7F | Cue Master Balance (*U) L63,, ,R63

06 00 11 | 00 - 7F | Multi Output Level 1 (*U] 0,,.127

00 00 28 | 00 - 7F | Multi Output Level 24 (*U)

00 00 29 | 00 - 29 | Multi Output Assign 1 (*U)
(40 - 69 CHLl,,,24, Busl,,, 12
Maink, MainR, CuelL, CueR, MonL, Monk
bit6 : 0:0ff, 1:0n
|

00 60 40 Multi Output Assign 24 (*U)

00 - 20

(40 - 69) bité : 0:0ff, 1:0n
00 00 41 | 00 - Ol All Mute Switch Norm, Mute
00 00 42 | G0 - 01 | Monitor Out Switch (*U) off, on

00 06 43 | 00 | (Reserved L2}

Solo Level 0..,127

|
00 v0 O | 00 - TF | ;
00 00 0% | €GO - 03 | Solo Sw Source PreEQ, PFL, AFL, INPLACE S
06 00 02 | 00 - 01 | Solo Sw Off, On |
00 00 03 | 00 - 01 | Solo Sw Input Channel -1 Qff, On E

Seclo Sw.Input Channel -24

00 00 1A | 00 - 01

00

- 01 | Sclo Sw MultilIn Charnnel -1 off, on

Solo Sw MultiIn Channel -2

; 00 00 32 { 00 - 01

00 00 33 | 00 - 01 Solo Sw Bus -1 (*1) Qff, On

; 00 00 3E | 06 - 01 | Solo Sw Bus -12 (#1) l

00 00 3F | 00 (Reserved) |

(*1) 1f the 2-5. Bus 1 - 12 parameter Bus Mode 1 - 8 is Ext, settings for Solo Sw Bus 1 - 8 will
be invalid unless Solo Sw Source is INPLACE.

D2-10. VM-7x00 Fader Group Master Parameter

adr. Data Contents and remarks

roup Master

00 00 0G | 0O - 7F | Fader G

00 00 17 | 00 - 7F | Fader Group Master -24 |

00 00 18 | 00 | (Reserved 8) !

| 00 6o 1F | 00 | {
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00
:22-11. VM-7x00 Effect Section Parameter

< Effect Board C Select : Multiln >

Location MSB (val) Location LSB (val)
+ Off (0) === (£ --- )
Offset | Multiln PreEQ  (3) Ch¥--chi2, Ch2l--Ch24 { 8-11, 20-23 }
adrs | Data Contents and remar Multiln PostEQ (4) Ch9--chi2, Ch21--Ch24 ( 8-11, 20-23 )
(RS ST SR emnm
00 00 00 | 00 | (Reserved)
Ch 00 01 | 06 - 7F | FX Lech Send Level 0,,.127 D2-12. VM-7x00 Master Effect Section Parameter
00 00 02 | 00 - 7F | FX Lch Return Level 6,.,127
00 00 03 0o 4] FX Lch Insert Location (MSB) off, |
Input PreER, Input PostEQ, ! Data Contents and remarks
Multiln PreEQ, Multiln PostEQ, | =
SndRtn, IntBus, ExtBus, Mai Mon FX Send Level 0,.,127
00 00 04#| 00 - 17 FX Lch Insert Location (LSB) Chl--Ch24,
(Busl-12, L¢h, Rch) l 00 00 61 | 00 - 7F | Master FX Return Level 0,,,127
00 pu 05 | 00 - 7F | FX Rch Send Level 0,,.127 t 00 00 02 | 00 - 02 | Master FX Insert Location Cff, Main, Mon
00 00 06 | 00 - 7F | FX Rch Return Level 0,,,127 | 700 00 03 | oo | (Reserved 13)
00 00 07 | 0C - 09 | FX Rch Insert Location (MSB) off, , 00 00 OF | 00 ! '
Input PreEQ, Input PostEQ,
MultiIn PreEQ, Multiln PostEQD,
SndRtn, IntBus, ExtBus, Main, Mon
00 00 0B#| 00 - 17 FX Rch Insert Location (LSB) Chl--Ch24
(Busl-12, Lch, Rch)
00 00 05 | 00 | (Reserved 1}
The insert location is controlled differently depending on the FX No. and the Effect Board -
Select of the 2-16.Misc parameters. As shown below, valid MSB and LSB must be provided Cascade ¢
simultaneously, : :
ARCOUSD 00 00 CB | 00 - 01 | Cascade Sw Bus 12
Tt is not possible to insert two or more FX in the same insert location. Please check whether 00 06 0C | 00 - 01 | Cascade Sw Cue (*U) Off, On
the insertion location you are altempting is not used by another FX. 00 00 0D | G0 - 01 | Cascade Sw Main (*1) Off, On
) ) ) ) . 00 00 OE | 00 - 07 | Cascade ATT Bus 1 (*U) -24dB, , ,0dB
If SndRin is selected by the MSB, it will be automatically assigned to the bus of the same FX . l . l :h !
number, regardless of the LSB setting. Set the MSB of the same FX number to SndRtn for 00 00 19 | 00 - 07 | Cascade ATT Bus 12
both the L and R channels. 00 00 1A | 0O - 07 | Cascade ATT Cue (*U) -24dB, , ,0dB
00 00 1B | 00 - 07 Cascade ATT Main (*U) -244B,,,0dB
* When using the spectrum analyzer (when you have selected algorithm 34: FFT in FX-1,3, { ! :
3,7}, it is not possible to use FX1 L ch. with channel insert (Input PreEQ, Input PostEQ, 06 00 1¢ | o0 | (Reserved 4)
Multiln PreEQ, Multin PostEQ). | 00 00 1F 1 oo | '
[FX1, FX2]
Location MSB (val) Location LSB {val)
32-14. VM-7x00 Dither Parameter
off (0} (===
Input PreEQ (1) {0-23
Input PostEQ (23 ( 0-23
MultiIn PreEQ (3} { 0-23 ) offser
Multiln PostEQ (4) Chl--Ch24 ( 0-23 ) adrs Contents and remarks
Sndrtn (5) m--- (=== fesmezames femsmesscmosoos—cssmmssss==
LntBus (6) Busl, Bus2 t0-1) {00 00 00 | 00 - 09 | Dither Sw Multiout 1 off,
ExtBus (n Busl--Busiz [ 0-1l) : : ‘16, 17, 18, 19, 20, 21, 22, 23, 24
Main (8) Lch, Rel (0-1) { : z s G M i ‘ e ! ! !
Man (9) Leh, Reh (0-1) ‘ 00 00 17 | 00 - 09 | Dither Sw MultiOut 24
1FX3, Fxa) 00 OO.XR | oo | (Reserv?d 8)
< Bffect Board A Select Input > : :
Location MSH {val} : Location LSB {val} | 0000 1F | 00 !
Of £ 10) “--- { ===
Input PreEQ (1} Chl--Ch4, Chl3--Chlé ( 0-3, 12-15 )
Input PostEQ (2) Chl--Ché4, Chl3--Chi6é ( 0-3, 12-15) . R x|
Sndmtn (5) oo { -2y 1D2-15, VM-7x00 GEN/OSC Parameter (*U)
IntBus (6} Bus3, Bus4 2,3
< Effect Board A Select : Multiln »
Location MSB {val) Location LSB (val) Offse;drs l pata Contents and remarks
| 4
off (0) .- (=== == sessssstssssssss =
Multiln PreEQ  (3) Ch1--Ch4, Chl13--Chlé ( 0-3, 12-15) 00 00 0C | 00 - 01 | Gen/Osc Sw (*U) Off, On
MultiIn PostBEQ (4) Chl--Chd4, Chl3--Chlé ( 0-3, 12-15) 00 00 oL | 00 7F | Gen/o : 1 o o 127
S - sC Leve TS
FX5, FX6
[< Effectlaoard B Select : Input > 00 00 02 i 00 - 02 | Gen/Osc Waveform (*U) . .
Location MSE (val) Location LSB (val) | Fink Noise, White Noise, Sin Wave
Off (0) e (=== 00 00 03 | Oazaaaaaa| Gen/Osc Frequency (*U) 20.0Hz,,,20.0000kHz
Input PreEQ (1) Ch5--Ch8, Chl7--Ch20 { 4-7, 16-1%9 ) 00 00 04#| Obbbbbbb (200-200000)
Input PostEQ 2 Ch5--Ch8, Chl7--Ch20 ( 4-7, 16-19 ) 00 00 05#| Occoccee
sndRtn 5 ~ { === 00 00 C06#| 0ddddddd
IntE 6 Bus5, Busé 4, s
neBus (&) us2. Bus ! ! 60 00 07 | 00 - 01 | Gen/Osc Send Bus 1 (*U) 0ff, on
< Effect Board B Select : MultilIn > : : .
Location MSE (val) Location LSB (val) 00 00 12 | 00 - 01 | Gen/Osc Send Bus 12
OFE (0) —— [ 00 00 13 | 00 - 01 | Gen/Osc Send Main Lch (*U) off, On
Mmlriln prero P e K D A P 00 00 14 | 00 - 01 | Gen/Osc Send Main Rch (*U} off, on
MultiIn PostEQ (4) ChS--Ch8, Chl7--Ch20 ( 4-7, 16-19 ) S ; '
IFX7, FX8) 00 00 15 | 00 - 01 | Gen/Osc Send Cue Lch (*U) off, on
< Effect Board C Select Input >
et T )T [ocation LSB (val} 00 00 16 | 00 - 01 | Gen/Osc Send Cue Rch (U) off, on
oEf 0 - - ¢0 00 17 | 00 | (Reserved 9)
Input Prekd (1) Ch9--Chl2, Ch21--Ch24 { 8-11, 20-23 ) : :
Input PoStEQ (23 Ch9--Ch12, Ch2i--Ch24 ( 8-11, 20-23 } } o0 o0 1F | 00 |
SndRtn 5 - [
IntBus (6} Bus7, Bus8 16,
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O2-16. VM-7x00 Level Meter/Analyzer Parameter

Contentes and remarks

offset
adrs Data
00 00 00 | 00 | (Reserved 161
| 00 co OF | 0O i ’

02-17. VM-7x00 Misc Parameter

15:Stereo Flanger

16:Dual Comp/Limiter

17:Gate Reverb

18:Multi Tap Delay

19:Stereo Multi

20:Reverb 2

21:Space Chorus

22:Lo-Fi Processor

23:4Band Parametric Egqualizer
24:10Band Graphic Equalizer

25:Hum Canceler

26:Vocal Canceler

(27:Voice Transformer 1, *2
{28:Vocoder 2 1, *2)
29:Mic Simulator

30:3Band Isolatar

31:Tape Echo 201

32:Analog Flanger

33:Analog Phaser

{34 :FFT *1, T2
35:Speaker Modeling

(36:Mstering Tool Kit *1, *2
{37:31Band Graphic Equalizer *1, *2)
38:Stero 2Band Dynamics

39:Dual Mono Dynamics

oo
00

01

01

02 |

20 -

20 - 7E |

FX - 2 Name -1 (ASCI1)

FX - 2 Name -12

00

00

[e28

o1

0E |

7F |

20 -

20 2 78 |

FX - 2 Parameter Area (See Below}

offset 1
adrs Data Conten