DIGITAL SAMPLING KEYBOARD

FEATURES -

» Step-by-step sampling tutorials.

» Sampling theory and techniques for
miltisampling and looping.

» Fade-in, fade-out, merging waveforms,
sound reversal.

CONTAINS -

» Mirage Advanced Sampler's Manual.

* Mirage MIDI specs and system—
exclusive codes.

* 2 Mirage Advanced Sampler's Operating
System [MAS0OS) Diskettes,

Model No. ASG-1
Part No. 9520000301

scanned and processed by www.deepsonic.ch 12.08.2010



Credits:

Written and Designed by: J. William Mauchly

Additional Material: Alex Limberis, Thomas Metcalf,

John O. Senior and Bob Yannes
Editing: Robin Weber and Bob Yannes
lllustrations: Bob Yannes

Copyright © 1985
Ensonig™ Corp.

263 Great Valley Parkway
Malvern, PA 19355

All Rights Reserved
Printed in the United States of America

This Guide is copyrighted and all rights are reserved by Ensoniq Corp. This document may not, in whole or
in part, be copied, photocopied, reproduced, translated or reduced to any electronic medium or machine readable
form without prior written consent from Ensonig Corp.

The included software products are copyrighted and all rights are reserved by Ensoniq Corp. The
distribution and sale of this product are intended for the use of the criginal purchaser only and for use only on the
products specified. Lawful users of this product are hereby licensed only to read the programs on the MASOS and
Backup Disks into the memory of a Mirage for the purpose of executing them. Copying, duplicating, selling or
otherwise distributing this product is a violation of the law.

Limited Warranty

Although every effort has been made to insure the accuracy of the text and illustrations in this Guide, no
guarantee is made or implied in this regard.

What Is Covered:

This warranty covers all defects in material and workmanship for thirty days from the date of purchase from an
Authorized Ensonliq Dealer.

How to Obtain Warranty Performance:

Return your disketle(s) in their original case to an Authorized Ensonlq Dealer along with proof of purchase.
Defective diskettes will be replaced.

NO CLAIM FOR WARRANTY WILL BE HONORED WITHOUT PROOF OF PURCHASE.

Limitations of Implied Warranties and Exclusion of Certain Damages:

Any implied warranties, including warranties of merchantability and fitness for a particular purpose are limited
in duration to the length of this warranty. Ensonlq Corp.'s liability, for any defective product, is limited to
repair or replacement of the product.

Ensonlq Corp. shall not be liable under any clrcumstances for:
Damages based upon inconvenience, loss of use of diskettes, loss of time, interrupted operation or
commercial loss,

Any other damages, whether incidental, consequential or otherwise, except damages which may not be
excluded under applicable law.

Some states do not allow limitations on how long an implied warranty lasts and/or do not allow the exclusion or
limitation of incidental or consequential damages, so the above limitations and exclusions may not apply 1o
you.

This warranty gives you specific legal rights and you may also have other rights which may vary from state to
state.

*Apple and Apple lle are registerad trademarks of Apple Computer Corporation.



Table of Contents

INTRODUCTION

PART | - UNDERSTANDING THE MIRAGE
VOICE ARCHITECTURE
ABOUT DIGITAL SAMPLING
THE MASOS DISK

PART Il - MIRAGE PARAMETERS

SELECTING WAVESAMPLES

OSCILLATOR CONTROLS I
KEYBOARD WAVESAMPLE ASSIGNMENT
MEMORY ALLOCATION

LOOPING

RELATIVE TUNING, AMPLITUDE AND FILTER PARAMETERS__
SAMPLING PARAMETERS

WAVESAMPLE OPERATIONS

MASOS DATA MANIPULATION FUNCTIONS

———

PART lll - SAMPLING TUTORIAL

EXAMPLE 1: SAMPLING AN ORCHESTRA HIT FROM A
RECORD

EXAMPLE 2: SAMPLING A SYNTHESIZER OR GUITAR
WITH A SHORT LOOP
EXAMPLE 3: MULTISAMPLING A DRUM SET

EXAMPLE 4: CROSS-FADE DIGITAL SYNTHESIS

PART IV - ADVANCED SAMPLING TECHNIQUES
SAMPLING TERMS

SAMPLE RATE

ALIASING

QUANTIZATION

LOOPING

SAMPLING TECHNIQUES

SAMPLE DATA FORMAT

QUICK ADVICE

DIGITAL SIGNAL PROCESSING

APPENDICES

APPENDIX A - TABLES
Mirage Sample Rates

Sample Rates for Equi-tempered Pitches

Internal Input Filter Cutoff Frequency

External Filter Cutoff Frequency

APPENDIX B - MIRAGE ADVANCED SAMPLING OPERATING
SYSTEM (MASOS)

APPENDIX C - MIRAGE MASOS MIDI IMPLEMENTATION 1.0
APPENDIX D - MIRAGE MIDI IMPLEMENTATION 1.1

APPENDIX E - MASOS PARAMETER SETTINGS

o n

10
12
i
18
19
22
24
26

29

36
38
46

49
49
51
53
54
60
65
65
66

70
73

76

77

__ 82

95
103



INTRODUCTION

The Mirage is an eight-voice digital sampling keyboard combining the
complexity and accuracy of digital sounds with an analog synthesizer section which
provides programmable control over filtering, envelopes and modulation. Digital
sounds can be tailored to a player's taste while the velocity-sensitive keyboard adds
new dimensions in creative expression. The Mirage Musician's Manual, which comes
with the instrument, is the introduction to operating the Mirage. This Advanced
Sampler's Guide is for musicians who have experience using the Mirage and want to
make original sounds for the instrument. It covers the challenging process of sampling
sounds, along with many fine points of the Mirage and its hidden capabilities. It is an
introduction to digital sampling and a reference manual for the Mirage.

Enclosed with this guide is a disk which contains the Mirage Advanced Sampling
Operating System (MASOS). The MASOS disk is a special tool for the advanced
user. It features new commands for manipulating sounds and supports the Input
Sampling Filter and personal computer-based Visual Editing System. Use the
MASOS disk for sampling, then store your samples on ENSONIQ Formatted Diskettes
available from your dealer. This book also contains the reference manual for MASOS.

Part | - Understanding the Mirage, is an overview. It assumes the reader is
familiar with analog synthesis as it shows how the Mirage is similar to, and quite

different from, a conventional synthesizer. It introduces the vocabulary of digital
sampling.

Part Il - Mirage Parameters, delves into the details of the Program,
Wavesample and Sampling controls: why they are there, what they do, and how they
are used.

Part lll - Sampling Tutorial, gets to the heart of the matter - how to make good
samples. This is a step-by-step guide through four different sampling situations. It
progresses from a simple unlooped sound to Multisampling.

Part IV - Advanced Sampling Techniques, contains the most complicated
details about sampling, in theory and in practice. It explains the many techniques and
special considerations involved in creating your own sounds on the Mirage.

It is surprisingly easy to come up with wonderful sounds on the Mirage, even from
the most modest sound sources. It is only necessary to understand a little about how
the Mirage works and some simple sampling techniques. The reproduction of natural
sounding acoustic instruments, on the other hand, is sometimes extremely difficult - it is
an art, not a science. As with studio recording, mastery takes a sensitive ear, a good
understanding of the process, experience and a good deal of patience.



PART | - UNDERSTANDING THE MIRAGE

The Mirage is different from conventional synthesizers in a fundamental way.
Synthesis is the creation of sounds by combining basic building blocks of sound. The
synthesizer can imitate acoustic sounds by approximating their shape and tonal color.
A digital sampling keyboard, like the Mirage, is more similar to a tape recorder; it
records sound and plays it back. The recording is made in digital memory, rather than
on tape. The Mirage can then shift the pitch of the recording by changing the playback
rate. This is exactly like changing the speed of a tape recorder; the faster the tape, the
higher the pitch. This single feature sets the Mirage apart from all synthesizers that
are based on oscillators with fixed waveforms (even those with digitally generated
waveforms). To make digital sampling useful musically, it is important to let the
performer control the sound and modify it. The Mirage gives the musician expressive
control with a velocity sensitive keyboard and synthesizer-like modification of the
sound, with the familiar Filters, Envelope Generators, and LFO's.

VOICE ARCHITECTURE

The Mirage has eight sound-producing channels, called Voices. When a key is
pressed, one voice is called into play. It is given a set of explicit instructions about how
to play a note. These instructions are based on what Program is selected, what key
was pressed and how hard it was hit. A Program (or patch) is a set of parameters
which affect all voices assigned to that program.

Each voice is made up of two Digital Oscillators, one Low Frequency
Oscillator (LFO), a Mixer and Digitally Controlled Amplifier (DCA), a
Voltage-Controlled Filter (VCF), and two Envelope Generators. They are
permanently set in a standard synthesizer configuration, with the LFO feeding both
oscillators, the oscillators going into the filter, one envelope modulating the filter, and
the other controlling the volume. However, the digital oscillators in the Mirage are
quite different from conventional oscillators.

Digital Oscillators

We use the term 'Oscillator' loosely to mean a sound generator. While a
conventional oscillator will repeat the same waveform over and over, thereby giving it a
frequency, the Mirage plays back a recording of a sound. If the original sound had a
pitch, then the output of the Mirage oscillator will have a pitch. Likewise, if the original
sound had little pitch content, as with a cymbal or a gunshot, the output will be
unpitched. What the Mirage oscillators do is transpose the sound up or down. They do
this by changing the rate at which the recording is played back.
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Wavesamples

The digital recordings used in the Mirage are called Wavesamples. When a key
is pressed, each oscillator is told to play back one wavesample. When both oscillators
play the same wavesample, the resulting sound can have a flanged or chorus effect,
The oscillators can also play two different wavesamples, giving a variety of mixing and
layering effects.

Wavesamples can use different amounts of memory. There is a fixed amount of
memory in the Mirage, but it can be divided into as many as 16 different wavesamples.
The length of the wavesample in memory can be deceptive; through looping , even a
short sample will sustain forever (or as long as you care to hold the key down).

Mixing
The output of the two oscillators are combined in a special Mixer which also

controls the final volume of the sound. The mix can be controlled by the velocity of a
key or by the mod-wheel. The output of the mixer then feeds the filter.
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Mix Mode and Chorus Mode

The two oscillators of each voice usually play the same wavesample. This is
Chorus Mode; by detuning the second oscillator slightly, the two oscillators will beat
against each other causing a phasing effect. Mix Mode is the alternative to Chorus
Mode. In Mix Mode, the two oscillators play two different wavesamples (Oscillator 1
uses the odd numbered wavesamples and Oscillator 2 the even). This can produce a
variety of effects, especially when the mix between the two is varied. For example, the
mix between a clean guitar and a distorted guitar can be controlled by the velocity.

Layering of two sounds, such as saxes and trumpets, can be balanced with the mod
wheel.

In Mix Mode, as in Chorus Mode, the second oscillator can be detuned and the
mix and mix modulation work the same way in both modes. The only difference
between the two modes is in which wavesample the second oscillator plays.

Low Frequency Oscillator

The LFO in each Mirage voice modulates the pitch of the two oscillators for
vibrato. The waveform is a triangle wave. The amplitude can be preset in a program
or it can by controlled from the mod-wheel.

Filter

Each Mirage voice incoprorates a 4-pole Voltage-Controlled Low-Pass Filter with
variable Resonance. The filter serves three functions: It filters out unwanted
by-products of digital oscillators, called aliases, which are a kind of high-frequency
noise. The filter is driven by an envelope generator to provide dynamic control over
the shape of a sound varying from subtle effects (making the piano sound duller as it
fades out), to more obvious frequency sweeps, as in a conventional "synthesizer brass”
sound. Finally, the filter provides velocity-sensitive brightness for the sound.

Envelopes

The two Envelope Generators, one for amplitude and one for the filter, give the
Mirage remarkable touch sensitivity. They are similar to traditional ADSR envelopes,
with the addition of one parameter, the Peak level (APDSR). The seperate Peak
parameter allows more precise velocity control as compared to a simple envelope
amount control. The Peak and Sustain levels are independently velocity sensitive,
allowing a wide variety of dynamic envelope shapes. Additionally, the envelope time
variables - Attack, Decay, and Release - are also modulated in the following ways: the
attack time can decrease with higher velocity; the decay time can decrease with
keyboard position and the release time can be affected by how fast you [iff up a key.
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ABOUT DIGITAL SAMPLING

The key feature of the Mirage is its ability to sample any sound and play it back
on the keyboard. The word 'sample’, in this sense, means to record, much like a tape
recorder. Anything which provides a standard audic output can be used as a source:
a microphone, a record player, a tape recorder, an electric guitar, etc.

The idea of sampling is very simple. Sound is vibration; the exact details of the
vibration give each sound its unique character. A phonograph represents these
vibrations by a series of hills and valleys inside the groove of a record. Sampling is a
way of representing vibrations with a series of numbers.

Almost everyone has seen a representation of sound as a squiggly line across a
page. Time goes across the page, from left to right, and the 'hills and valleys' are the
amplitude of the signal at each particular instant in time.

The whole idea of sampling is that time can be broken up into thousands of tiny
steps; this is calledTime Quantization . |f we make these steps smaller and smaller,
we eventually get to a point where we can't tell the difference between all of these
steps and a smooth, continuous sound waveform.
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Each of these time steps is represented by a number. The number is the
amplitude of the waveform at that instant. This is accomplished with what is, for us, a
black box, called an analog-to-digital converter (A/D). The analog signal goes in one
end, and numbers come out the other. We can control how fast these numbers come
out of the A/D--this is called the sample rate. For each step, the A/D produces a
number by measuring the current amplitude of the signal; it "samples” it.

In the Mirage, we store all of these numbers, or samples, in a computer-type
digital memory, where we can fetch them easily. Each time a key is pressed, the
Mirage reverses the process to play a sound (see the following figure). The numbers
are taken from memory, in the same order they went in, and sent to another black box:
a digital-to-analog converter (D/A) which converts the numbers back into an analog
signal. The rate at which these numbers are converted is called the output sample
rate. The recreated analog signal is smoothed out with a filter, and becomes sound

when it reaches a loudspeaker.
—)| MEMDRY
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Sampling:

Aliasing

When the signal comes out of the D/A converter, it has square edges because the
signal amplitude stays fixed until the next sample comes out, at which time it jumps to
that value. These square edges create a roughness to the sound, as they create
additional high harmonics which were not in the original signal. This generation of
false frequencies is called aliasing (one frequency is masquerading as another - an
alias). One purpose of the output low-pass filter is to remove these aliases. It does this
by smoothing the sharp edges created by the D/A converter.

Aliasing can also occur at the input when a sound is being sampled. This
happens when the sound contains frequencies which are higher than one-half the
sample rate. To prevent input aliasing, the input signal must also be filtered. If a high
frequency creeps in, it gets converted into a low frequency automatically and cannot be
seperated from the real signal. This is illustrated graphically in the next figure.



Sample Rate

slqnawema/‘\ m /’\ N\ /\ r’\ /‘\

sampled T \._,/ k.._./ i =
= % - *—
Samples
- -
2 v & A X’ ¥
r

Resulting
Alias f

Sampling too slowly causes high frequencies to be misrepresented
as low frequencies!

A common example of aliasing occurs in motion pictures; specifically Westerns.
Movies are filmed and projected at 24 frames per second; which means that every 1/24
of a second the camera "sampled” the scene. During projection, our eyes act as filters
by blurring one frame into the next, giving the illusion of continuous motion. When a
wagon wheel starts to turn, the camera has no problem capturing it in enough different
positions so that we see it turning. As the wagon starts to speed up, we see a curious
thing. The wheels seem to slow down, stop, and then go backward. This is aliasing;
we are sampling one frequency and getting a different one on film. Suppose, for
example, there are twenty four spokes in the wheel. When the wheel is going around
exactly once per second, each frame will show a different spoke in the twelve o'clock
position. To the untrained eye, of course, it looks like the same spoke, still in the same
position: it appears as if the wheel isn't moving at all.

Sampling in the Mirage

The Mirage is designed to make sampling easy for the novice, yet provide great
flexibility for the advanced user. One simple software switch, parameter 77, User
Multisampling, opens the door to a world of creative sampling.

Normally, with the Multisampling switch set to OFF, the Mirage will use a set of
default parameter settings when sampling. In this case, sampling a sound is as easy
as plugging in a sound source and pressing two buttons: SAMPLE and ENTER.
When the Multisampling switch is ON, however, the defaults can be altered: the Mirage
will sample where, when, and how you want it to. You can start with the defaults and
try changing one thing at a time: sample rate, sample length, loops, tuning, keyboard
divisions, etc. Rather than assume that it knows the best way to do things, the Mirage
gives the musician complete control over every detail of the sound.
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THE MASOS DISK

The Operating System is the computer program that controls the Mirage from the
inside. It determines what happens when any key or button is pressed on the Mirage.
One of the advantages of the Mirage is that the Operating System is stored on diskette
along with the sounds. The Operating System is loaded, or boofed when the machine
is first turned on (The verb "to boot" is computer-eze for "to load the very first program®.
It comes from the paradoxical aphorism of "lifting one's self up by one's bootstraps”.).
This means that the diskette you boot from determines what features the Mirage will
have. Normally, you should boot from your sound diskette with the highest version
number written along the bottom of the label, e.g. "Mirage OS Version n.n".

The Mirage Advanced Sampling Operating System (MASOQOS) is an alternative
master disk for the Mirage. To use MASOS, the machine must boot up with the

MASQOS disk. (That means that the MASOS disk should be the first disk inserted in the
machine after you have turned the Mirage on).

The sequencer will pot work when you are using MASOS; instead the program
implements new features which are useful to the advanced sampler. Any sounds
developed using MASQOS are completely compatible with the normal Mirage Operating
System, (which does have the sequencer). Therefore you can create sounds with the
MASQOS disk and store them on standard Mirage Formatted Diskettes.

MASQOS will enable you to:

- copy a wavesample to another part of memory, upper or lower

- copy any section of memory

- fade in or fade out any waveform

- scale the amplitude of a waveform with a smooth ramp

- add two waveforms together

- invert, reverse, and replicate any waveform

- rotate a wavesample by any number of samples in one operation

The operation of these new features is described in Appendix B. MASOS retains
all the features of the standard Mirage Operating System except the sequencer. Most

of the examples in this book do not require MASOS; those that do will remind you of
this fact.

MASOS is required in order to use the optional ENSONIQ Input Sampling
Filter, which provides sample rates up to 50 Khz and a 7 pole input filter for enhanced
sampling capabilities. MASQOS also provides additional MIDI features. These allow a
personal computer to access wavesamples and change individual progr-m
parameters . ENSONIQ's Apple Il *-based Visual Editing System utilizes tiiece
System Exclusive MIDI commands to create a powerful digital sound developi 1t
system.



PART Il - MIRAGE PARAMETERS

The Mirage Musician's Manual explains how to execute commands and change
parameters on the Mirage. There are several different kinds of parameters: those
contained in programs, those affecting wavesamples, and global parameters. All of
these are defined in the reference section in the back of the Musician's Manual. This
chapter is an in-depth look at certain parameters and how they relate to one another,
particularly those needed by the advanced sampler.

Throughout this book, parameters will be referenced by their parameter number
in square brackets and, where appropriate, their name; e.g. [36] Filter Cutoff
Frequency. The number in brackets is the number used to access that parameter on
the Mirage front panel.

In Mirage terminology, a sound is a set of four Programs and eight Wavesamples.
There is always an upper and a lower sound present in the machine. It is sometimes
misleading to refer to upper and lower keyboard, since certain lower sounds can cover
the entire keyboard. Nevertheless, the upper and lower sounds are usually each
available on half the keyboard.

When dealing with parameters, one thing to keep in mind is which set of
parameters you are working with. First, are you currently on upper or lower? Within
that half, you can modify only the currently selected program and the currently selected
wavesample. Pressing the 0/PROG key shows the current half and program; the
value of [26] Wavesample Select is the current wavesample.

Now let's look at the parameters that are most important to the advanced
sampler. We will continue to use square brackets to show the number of a parameter
when it is mentioned. For example, [26] Wavesample Select.

SELECTING WAVESAMPLES

Select Upper Wavesample SEQ REC (MASQOS only)
Select Lower Wavesample SEQ PLAY (MASOS only)

When using MASQOS, the Sequencer REC and PLAY buttons have new
functions. It is frequently necessary to switch between wavesamples when sampling.
To speed this task, the REC button becomes a Select Upper Wavesample key
and the PLAY button becomes Select Lower Wavesample. Pressing one of these
buttons, followed by a number key between 1 and 8, will select that wavesample. For
example: if you are on lower wavesample #2, pressing Select Upper Wavesample
(REC), followed by the 8 key, selects upper keyboard wavesample #8. To accomplish
this with the standard (non-MASQOS) operating system, requires more effort: press 0
twice to switch to upper, hit CANCEL, select [26] and VALUE to view the current
upper wavesample number, then use the "up-arrow " key to push the value up to eight.

9



OSCILLATOR CONTROLS
[28] Mix Mode

Each time a key is pressed, two oscillators start playing. Each oscillator is
assigned a wavesample. In Chorus Mode ([28] off), they are both assigned the same
wavesample. When Mix Mode is on, however, they play two different wavesamples.
Oscillator 2 will always get the next higher numbered wavesample. If Oscillator 1 uses
wavesample #5, then Oscillator 2 gets wavesample #6, etc. In either mode, there are
still two oscillators sounding, and the other mix parameters will control their relative
volumes. When the mix [34] is set to 0, we hear only Oscillator 1; when it is set to 63,
we hear only Oscillator 2. In the middle, around 32, we hear both.

In Mix Mode, a voice will use two wavesamples, but not all the parameters of the
second wavesample affect the sound. The second wavesample's parameter settings
for [67] and [68] the Relative Tuning parameters, [69] Relative Amplitude, [70]
Relative Filter Freq and [72] Top Key are ignored and the settings for the first
wavesample are used for both.

[33] Osc 2 Detune

The detune parameter always raises the pitch of the second oscillator. Lower
values create a chorusing or phasing effect. The effect can only be heard when the
mix [34] is near the middle (around 32).

[34] Osc Mix
[35] Osc Mix Velocity Sensitivity

Osc Mix [34] and Mix Velocity Sens. [35] work together. A fixed mix between
the oscillators is set by [34] and any modulation from [35] is added to this (see the
following figure). In the simplest configuration, [35] is set to 1, giving no modulation.
[34] will now be the only control of the mix between the two oscillators. If [33] is
increased, it will allow the velocily to bias the mix toward the second oscillator. This
mecdulation occurs in addition to the fixed mix amount set by [34]. The one special

case is when [35] is set to 0. Now [34] is ignored and the mix is entirely controlled by
the mod wheel.

10
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There are four basic ways to use the mix contrels, as shown in the next figure.

1) In the single oscillator mode, the mix [34] is set to 0, so that only Oscillator 1
will sound. Mix velocity sensitivity [35] is set to 1, giving no velocity sensitivity.

2) In chorusing mode, the mix [34] between the oscillators controls the amount
of chorusing; the maximum effect is heard when it is in the middle, a value of 32. The
proper setting of detune [33] will depend on the octave of the sound and the effect
desired. Very low values produce more of a "flanging" effect.

3) In velocity mixing, the mix [34] will set the balance for a note with minimum
velocity. Higher velocities will send the mix towards Oscillator 2. Obviously if the mix
[34] is already set to 63, the modulation will have no effect. The mix velocity sensitivity
can be adjusted to give the desired amount of mix for the highest velocity note.

4) In mod wheel mixing ([35] set to zero), the mix [34] has no effect.

An interesting variation on the above uses method 3) or 4) but with Mix Mode
[28] turned off. In this case the chorusing of the two oscillators will only be heard
when a key is hit hard or when the mod wheel is turned.
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KEYBOARD WAVESAMPLE ASSIGNMENT

It is not always easy to determine which wavesample is being played by a
particular key. This is because each wavesample has some say in how it is used, and
it may be necessary to look at several wavesamples to get the whole story.

The basic scheme is that the wavesamples are used consecutively, and each
wavesample controls the highest key that it will use. This arrangement allows lower
numbered wavesamples to "hide" higher numbered ones. This can cause confusion,
so take a few minutes to understand how the Mirage picks a wavesample for each key.

[72] Top Key (of each wavesample)

Top Key [72] is the most important parameter in the keyboard assignment.
There is a Top Key for each of the 16 wavesamples--this is the number of the highest
key claimed by that wavesample. Each wavesample tries to claim all the keys from the
lowest one on the keyboard up to its Top Key value. Each key normally gets assigned
to only one wavesample. The wavesamples are considered in order, and the first one
to claim a key 'wins' it. That means if the first wavesample claims all 61 keys, then it
gets them all, regardless of the other wavesamples.

This is the order in which wavesamples are assigned keys:

first: lower wavesamples 1 through 8
then: upper wavesamples 1 through 8

The lower wavesamples take precedence over the upper wavesamples. On
each half, upper and lower, the wavesamples are taken in numerical order.

As an example of how keyboard assignment works, see the following figure.
Lower wavesample #1 has a Top Key of 31. Since it gets first pick, it claims all the
keys from 1 to 31. Wavesample # 2 has a Top Key of 10, so it will be hidden by #1.
The Mirage then looks at wavesample #3 for a Top Key greater than 31. Since it is not
greater (it is also 31), #3 will also be ignored. All 8 of the lower wavesamples will be
searched, looking for one that wants to play key 32. When all the lower wavesamples
are assigned (or ignored), the same process begins for the upper keyboard. Upper
wavesample #1 has a Top Key of 40, so keys 32 through 40 will use it. Wavesample
#2 has a top-key of 61, so keys 40 through 61 use #2. At this point it really doesnt
matter what the rest of the Top Keys are; they can't be higher than 61 as this is the
highest key on the keyboard.

12
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Attempting to change the upper/lower split point can cause some confusion. In
the above example, we would probably be able to hear that the split occurs between
keys 31 and 32. Suppose we wanted the split to be lower, at, say, key 25. Looking at
wavesample #1, we see it has a Top Key of 31, so we bring it down to 25. What we
didn't realize is, lurking behind #1 was #3, also with a Top Key of 31. Instead of
hearing the upper keyboard sound, keys 26, 27, 28, 29, 30 and 31 have a sound we
may have never heard before. Don't be dismayed; it's only Lower wavesample #3 with
whatever parameters were left in it when it was last used. Lowering wavesample #3's
Top Key to 25 or less will solve the problem.

The key assignment is complicated by two more parameters: [28] Mix Mode
and [27] Initial Wavesample . They both affect which wavesamples will be allowed
to claim keys on the keyboard when the keyboard wavesample assignment is made.

[28] Mix Mode - Effect on keyboard assigment

As we have seen, in mix mode the two oscillators play different wavesamples. In
this case the wavesamples are assigned in pairs. Oscillator 2 always uses the
wavesample of Oscillator 1 plus gne. The Top Key of Oscillator 2's wavesample is
ignored. The Mirage will gang the wavesamples together in pairs; 1 and 2, 3 and 4,
etc. It will only look at the Top Key of every other wavesample: 1, 3,5, and 7. In short:
if Mix Mode [28] is on, then wavesamples are assigned in pairs, and only every other
Top Key is considered.
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[27] Initial Wavesample

The Initial Wavesample [27] is a Program parameter. It is the first wavesample to
be considered in the wavesample assignment process. In the above example, we
assumed that it was set to 1 for both the lower and upper keyboard. If we set Initial
Wavesample [27] to 3 on the lower keyboard, then the Mirage would look first at
Lower wavesample #3, see that it had a Top Key of 31, and assign all the keys from 1
to 31 to wavesample #3. From there it would go on to look at wavesample #4, #5, etc.
Wavesample 1 and 2 would be ignored, no matter what their Top Key was.
Wavesamples with a number below the value of the initial wavesample parameter [27]
(on each half) are not considered for keyboard allocation.

This parameter allows the four programs to switch between completely different
wavesamples, allowing completely different sounds for each program. For example,
lower programs 1, 2, 3, and 4 could be set to have an initial wavesample of 1, 2, 3, and
4, respectively. If the Top Key of each of those wavesamples is 31, they will all try to
claim the first 31 keys. On program 1, wavesample #1 gets first dibs, and claims all 31
keys: wavesample #2, #3, and #4 are hidden. On program 2, wavesample #2 will get
the same 31 keys instead. Meanwhile wavesample #3 and #4 will be hidden. Each
program will have a different wavesample for keys 1 through 31.

For added fun, those four wavesamples could have different Top Key values, so
the split point between upper and lower could vary with the program also.

There are four basic types of keyboard wavesample assignments:

1) Single Wavesample (per half)

This is the simplest arrangement, with a single wavesample on each half of the
keyboard. This is the default assignment; It occurs automatically when a sound is

sampled and Multisampling [77] is off.

Lower Upper

[27] [Initial Wavesample 1 1
[28] Mix Mode OFF OFF
[72] Top Key - wavesample #1 31 61
—KEYBOARD
EI:.1 b1
Lower 0 Upper SPLIT

1T 11 111 11 111 }"l’ﬁ‘fEEhHPLE
11111111111 111111 1] NUMBER
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2) Multisample

There are a large number of variations on this, depending on how many different
wavesamples are desired across the keyboard.

Lower Upper

[27] Initial Wavesample 1 1
[28] Mix Mode OFF OFF
[72] Top Key - wavesample #1 16 45
[72] Top Key - wavesample #2 31 61
| !! !!! !” —KEYBOARD

1 31 ” g ” E1

Upper SPLIT
11 112 22 222 :l_‘l'ﬁ‘-'ESAHPLE
4111111112222222222/- NUMBER

3) Mix Mode Multisample

In mix mode, each key is assigned two wavesamples.

Lower Upper

[27] Initial Wavesample 1 1

[28] Mix Mode ON ON

[72] Top Key - wavesample #1 16 45

[72] Top Key - wavesample #2 XX XX (= don't care)
[72] Top Key - wavesample #3 31 61

[72] Top Key - wavesample #4 XX XX

m — KEYBOARD
E1

SPLIT

—0sC 1
}‘l" AVES AMPLE

NUMBER
=50 2

;:2:::2::444444444222222224444444444

15



4) Program Variable Assignment

This method takes advantage of Initial Wavesample [27], which allows different
wavesample assignments for different Programs.

In this example, lower program 1 dominates the entire keyboard. Lower program
2 only takes half the keyboard, allowing the upper sound to have the top half. Lower
program 1 starts with wavesample #1, which goes all the way up to key 61. Lower
program #2 has an initial wavesample of 2, so wavesample #1 is ignored.
Wavesample #2 only goes up to key 31, and so the upper sound is 'revealed..

Lower Upper

[27] Init Wavesample - Prog 1 1 1
[72] Top Key - wavesample #1 61 61
[27] Init Wavesample - Prog 2 2 1
[72] Top Key - wavesample #2 31 61
—KEYBOARD
;1 B
Lower SPLIT -

11 111 11 1601 110 111 11 1114 11 111 ECINTEFIEE S gt E R
REREEEREEEREEEEEEEREEREE R R ERERR BRI nUMBER o

Lower 1‘ Upper SPLIT -
P araRdt 1 11 111 11 111 | WAYESAMPLE =Program 2

oy Wy Py Sy M M M L i B o B By B

et Rt lllegad 1 1 1 111111111111117 1] NUMBER s
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MEMORY ALLOCATION

Each Mirage sound, both upper and lower, has 65,536 bytes of memory to hold
the wavesamples. In computer lingo, that number is also called 64K, which rolls off the
tongue a bit better. This 64K bytes is broken into 256 equal units in the Mirage, called
Pages. A page, in turn, is made up of 256 bytes, or samples. And yes, if you multiply
256 by 256, you get 65,536.

All of this memory is divided up among the eight wavesamples in each sound.
The allocation of memory to each wavesample has nothing to do with the assignment
of wavesamples to keys on the keyboard. For example, Wavesample #1 could be as
short as 2 pages, but be active over the entire keyboard. Wavesample #8 could be a
full 256 pages, but only play on one key (not very useful, but possible). A common

memeory allocation is one where two wavesamples are active and each one gets half of
the 64K of memory.

Note that in the Mirage, we count pages in the base-sixteen number system,
called Hexadecimal (see the Appendix). This turns out to be quite handy for dealing
with things that have 256 divisions, like computer memory, but it takes getting used to.

Memory can be thought of as a strip 256 units long. To do multi-sampling, we

have to decide how to divide up this strip. For each wavesample we want to use, we
must devote a length of memory to it.

ONE PAGE = 256 SAMPLES | H]JH““

[60] Wavesample Start
[61] Wavesample End

To allocate memory to a wavesample, we simply set up the Wavesample Start
[60] and Wavesample End [61] parameters. Wavesample End tells us what the last
page of the sample is. |f a wavesample starts on page 1 and ends on page 2, then it is

exactly two (not one) page long. Likewise if it starts on page 0 and ends on page 2, it
is 3 pages long.
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For simplicity, it is a good idea to have wavesamples start on nice even
Hexadecimal boundaries, like 40, 80, or C0. To get the maximum use of memeory, end
the wavesample one page before the start of the next wavesample in memory. For

example, if wavesample #1 starts at 00 and another wavesample starts at 40, then set
the end [61] of the first wavesample at 3F.

It is possible, but sometimes dangerous, to allocate the same memory to two
different wavesamples, or to overlap wavesamples. The Mirage does not check, for
example, that wavesample #1 ends at 40, and will allow you to move the start of
wavesample #2 to a number less than 40. If a loop marker is present in either
wavesample, strange things can happen (see Sample Data Format in Part V).

The wavesample start and end parameters tell the Mirage where in memory to
record the new sound when you sample. They also tell it what section of memory to
play when a key goes down. [f you move Wavesample End [61] after you have
sampled a sound, it will not truncate the end of the sound unless you iurn the Loop
Switch [65] on and then off. This inserts an "end of sound" marker in the memory.

LOOPING

[62] Loop Start

[63] Loop End

[64] Loop End Fine Adj.
[65] Loop Switch

Many musical instruments are able to sustain notes over a long period of time. In
contrast, a drum sound will always die away quickly. In the Mirage, sustained sounds
are usually Looped. This means that after the initial attack, a portion of the sound is
played over and over until the key is lifted and the sound dies away. This conserves
memory, allowing many different wavesamples in the machine at one time.

The Loop pointers - Loop Start, Loop End and Loop End Fine Adjust - determine
where in the sound (wavesample) the loop will occur. As with Wavesample Start and
Wavesample End, these parameters are in Hexadecimal. Loop Start is the first page of
the loop, Loop End is the last. When Loop Start equals Loop End, the loop is one
page long. Loop End Fine Adjust is slightly different; it selects which sample (byte), of
the 256 in the last page of the loop, will be the last sample. It is normally set to FF, that
s, the last sample in the page selected by Loop End. Note that for certain values of
Loop End [63], Loop End Fine Adjust [64] will not go below 80. This is normal.

[65], the Loop Switch, can be on or off. When off, the sound will play once, from
Wavesample Start to Wavesample End, and then stop. When on, the sound will play
from Wavesamples Start to Loop End; then begin again at Loop Start and continue

playing to Loop End over and over. The amplitude envelope will determine when the
sound stops after the you release a key.
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The loop switch serves one other function, which has to do with truncating
sounds. If you have a sound which is not looped, then all of the sound will be played
out to the Wavesample End. If you try to make it shorter by moving Wavesample End,
the sound will not cbey until you turn the Locp Switch on and off again.

in Part 4 - Advanced Sampling Techniques, further details of looping are
covered.

RELATIVE TUNING, AMPLITUDE AND FILTER PARAMETERS

[67] Relative Tuning Coarse (octaves)
[68] Relative Tuning Fine (1/256 octave steps)

The Mirage changes the playback rate of a wavesample as you play different
keys. The resultant sound may or may not have a pitch, and if it does, the Mirage does
not "know" what it is. For example, if you sang a major scale, starting on C, and
sampled it into the upper keyboard of the Mirage, hitting one key will play back the
whole scale, made up of eight different pitches. The Mirage will {ranspose that sound
up or down, depending on which key you hit. The Mirage does not know what pitch, or
group of pitches, are in its memory; all it can do is blindly shift them up or down.

When you press a key and the sound comes out at the same pitch as the original
sound, we say that this is Unity playback rate. It means that the samples are coming
out at the same speed they went in. Any note below unity rate plays the sound slower
(therefore lower in pitch) and any note above unity rate plays faster (and higher).

Note that Unity is when the playback (output) sample rate matches the input
sample rate. The default input sample rate for the Mirage is 29.4 KHz. The middle A
key of the Mirage upper keyboard produces an output (playback) sample rate of 29.4
Khz. If we sample a sound at the default rate, (and the User Multisampling Switch [77]
is off) then Unity playback rate occurs when we play the A key. If we change the input
sample rate, the A key will no longer produce Unity playback rate. For example, if we
sampled our little C scale with a sample rate of 25 Khz (Sample Time [73] = 40) then
playing it back at 29.4 Khz would cause it to be faster, and two half steps higher in
pitch. To play it back at unity we must hit the G key in the middle of the upper keyboard.

The important concept is that the Mirage can only control relative pitch. Itis up to
the user to adjust each sample into concert pitch. Suppose we had sampled a C major
scale at the default sample rate. When we play the A key we hear a C scale. When we
play the C three keys above A, the sound is transposed up a minor third, so we hear an
E-flat scale. Now we want to tune the wavesample so that when we play the C key, we
hear a C scale. Here is where [67] and [68], Relative Coarse and Fine Tune, come
into play. We simply bring the fine tune parameter down until the sample comes into
tune on the C key (Note that you must restrike the key in order to hear the new setting).
Use a known-to-be-in-tune sound on the oppositie half of the keyboard to compare (It
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you prefer to play with numbers, you could, instead, calculate how much to change it; a

minor third is one quarter of an octave,which is 64 fine-tune steps (256/4). In Hex
that's 40, so move it from 84 down to 44).

Remember the final pitch of a sound is determined by several factors: the original
pitch of the sound; the input sample rate; the relative tuning of the wavesample; the key
pressed on the keyboard; the pitch wheel and any LFO modulation.

As you learn more about sampling you will find that, for sounds with short loops,
its often best to leave Relative Tuning Fine set at 80, and adjust the input sample rate

or the pitch of the sound source to bring things in tune. More on that in the section on
sample rates in Part IV.

[69] Relative Amplitude
[70] Relative Filter Freq
[71] Maximum Filter Freq

Multisampled sounds are those which have more than one wavesample. Since
the program parameters affect all the wavesamples at the same time, we need some
way of adjusting individual wavesamples so that they fit-in together. The Relative
Amplitude and Filter parameters do just that; they affect only one wavesample.

Relative Amplitude [69] is normally set to 63. By bringing it down, you attenuate

the selected wavesample with respect to the other wavesamples in that half of the
memory.

Relative Filter Frequency [70] is normally set to 20. It has the same effect as the
program control of filter frequency [36]; the two are added together to determine the
cutoff frequency of a note. As with [36], it is adjustable in semitone increments.

The Filter cutoff frequency is controlled by many factors (see next figure). The
base cutoff frequency for a voice is determined by adding the Program Cutoff
Frequency [36], the Wavesample Relative Freq [70], and the Filter Keyboard Tracking
[38]. From that base frequency, the filter envelope rises, and its height is velocity
sensitive. With all of these contributing to the filter cutoff frequency, its hard to know
exactly how high the filter may go. Since the Mirage filter has also been charged with
the job of keeping out the unwanted high-frequency aliases, it may occasionally be
undesirable for it to shoot right up to 16 Khz, [71] Maximum Filter Frequency
guards against this. It provides a ceiling on the cutoff frequency. No matter what all
the modulators add up to, the filter will never go above the Max Freq setting. This
parameter is only used if a sound contains undesirable high frequency noises which
would become audible if the filter were wide open (for example, if you sample a sound
at a rate less than 29.4 Khz, any sound in the output above half the sample rate can
only be noise). Often this parameter is just set to its maximum value of 99. Max Freq is
in semitone increments.
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Note that in Mix Mode, only one set of relative parameters are used; they are
applied to both wavesamples. Oscillator 1's wavesample parameters are active;
Oscillator 2's are ignored.

16 KHz =~ Peak Yelocity Mod Parameter [46]

Z AN 4
F#iPeak A Sustain T
5 Parameter [41 135 Parameter [43] e

Kybd Tracking Parameter [38]

Yavesample ?ﬁfﬁi : -
Relative Fg Parameter [70] . .
25 : R e : -___
= i:%j <10 :i' i 2 E' F—u_
e
Manual F¢ Parameter [36] %@EMM i e
i s s
: ?E% o ; "-__

20 Hz
The Filter Cutoff Frequency Parameters add to form the actual F.
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SAMPLING PARAMETERS
[73] Sample Time Adjust

[73] specifies the input sample time, which determines the input sample rate.
Sample rate is the frequency at which we sample. it is a fundamental consideration in
all digital music systems. Another measure of the same thing is sample time; that is,
the time between samples. Sample time is specified in Microseconds
(usec--millionth’s of a second), so instead of saying .000034 seconds, we can say 34
usec. That corresponds to a 29,400 Hz sample rate. Often we use Kiloheriz
(KHz--thousands of Hertz) for frequencies, so we can say 29.4 KHz. Sample rate and
sample time are inversely proportional. This means that as sample time increases,

sample rate decreases. In the Mirage, we can only specify the sample time; the
sample rate follows from this formula:

Sample Rate in KHz = 1,000
sample time in psec

for example, when sample time is set to 34:

Sample Rate in KHz = 1,000 = 29.4 KHz
34 usec

Appendix A lists all sample rates available on the Mirage. Sample rates above
33 Khz are only available when using the Input Sampling Filter (available from
your dealer) and the MASOS disk.

[74] Input Filter Frequency

The sampling input to the Mirage passes thrcugh an internal 4-pole filter. This
input anti-aliasing filter is a 24 db per octave low-pass filter. Its frequency is adjustable
in semitone steps. Appendix A lists the available internal input filter frequency settings.
The optimum filter setting may vary for different sounds using the same sample rate.

[93] External Input Filter Frequency (MASOS only)

This parameter has been added for use with the optional external Input
Sampling Filter. The value set for this parameter will determine the setting of the
7-pole low-pass input filter according to the values listed in Appendix A. When it is set
to a value of 0, the Mirage will sample through its internal filter and A/D converter.
When set to any other value, the Mirage will sample through the cartridge filter and
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A/D. If you are not using the external filter cartridge, you must leave this parameter set

to O or you will not be able to sample.

[75] Line/Mic Level Input

[75] is the line/mic switch. The Mirage has two input paths which both use the
same audio input jack on the rear panel. The line/mic switch contols which path is in
use. The Mic level setting (off) increases gain and also puts a compressor on the
signal. This is intended to allow fool-proof quick sampling without too much worry
about overloading the input. The Line level setting (on) should be used for sampling
any electronic instruments, or when connected to the output of a mixer or preamp. This

setting is generally better for percussive sounds because the compressor is not in the
circuit.

Digital systems are sensitive to amplitude levels in two ways. When the signal is
too high, the A/D converter will ‘clip', giving hard distortion to the sound. When the
signal is too low, it will get buried in quantization noise. The Mirage does not have a
variable input level control, so it is advised that the serious sampler use the Line level
setting and a mixer or preamp with an output level control on the signal source.

[76] Sampling Threshold

[76] sets the level which the input signal must cross in order to trigger sampling.
During level detect mode, the center LED bar will light when the signal crosses the
Sampling Threshold. Pressing ENTER activates the sampling input and sampling will
begin when the signal crosses the threshold.

The threshold level should be adjusted to suit each individual sound so that the
sample starts at the desired spot, without trimming off any of the attack transient.
When set at zero, the signal is always above the threshold; therefore sampling will
begin immediately after pressing the ENTER button. Note that in level detect mode,
when the threshold is set to zero, the middle bar will always be lit.

[77] User Multsampling Switch

The Mirage makes it easy to sample by using a number of default parameter
settings. These parameters are automatically installed whenever a sample is taken
with the User Multisampling switch off. When on, the User Multisampling switch
prevents the Mirage from installing these parameters, leaving them at the values they
were prior to sampling. If you adjust these parameters and wish to retain the new
settings, you must turn multisampling on before you sample or all wavesamples will be
reset to the defaults. The normal setting for serious sampling is on.
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The default parameter values are:

[26] Current Wavesample 1
[27] Initial Wavesample 1
[28] Mix Mode OFF

and for all eight wavesamples:

[60] Wavesample Start 00 (Start of memory)
[61] Wavesample End FF (End of memory)
[62] Loop Start FE

[63] Loop End FE

[64] Loop End Fine Adj FF

[65] Loop Switch OFF

[69] Rel Amplitude 63

[72] Topkey 31 for lower, 61 for upper

Sampling once with the Multisampling switch off is a quick way to 'reset' the
wavesamples before doing multisampling. There are subtle problems that arise when
you start working on one wavesample and don't know that some other wavesample
claims it has a loop in the same territory. To avoid this, turn [77] off and do a quick
sample before starting a multisampling project. Then turn [77] on so that the
parameters will not be reset when you begin sampling for real.

Regardless of the setting of the multisampling switch, the wavesample relative
amplitude parameter [69] will be reset to it's maximum value (63) each time you
sample

WAVESAMPLE OPERATIONS
[66] Wavesample Rotate Command

Rotation is the sliding of the waveform sample data to the right or left with respect
to its location in memory. For example, to rotate left by one, the sample that was in
location 02 is put in location 01; the sample that was in 03 is placed in 02, and so forth.
Finally, the last location is filled with the sample that was in location 01. This is called

rotation because the wavesample is treated like a circular buffer; what falls out of one
end is put back in the other.
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ROTATE RIGHT

Why would you want to rotate? Loops are very sensitive to the particular sample
values at the splice point. Since a loop must always begin on a page boundary, there
are usually only a few appropriate places for the loop start point. If the sample at the
loop start point doesn't splice cleanly, the particular sample at the start of the page may
be changed by rotating, yielding more possibilities for succesful loop splices.

The MASOS rotate command works differently from the standard Mirage

operating system. If you booted from a standard sound disk, then the command works
as follows:

For each press of the "down arrow" key, the wavesample rotates left by one
sample; for each press of the "up arrow" key, the wavesample rotates right by one
sample.

The rotation may take up to 8 seconds, depending on how big the wavesample
Is. The displays will go blank during this time (or leave a segment lit) but don't despair;
the Mirage will return when rotation is complete. To help relieve the slowness of the
one sample rotate, MASOS provides the ability to rotate by any number of samples, up
to 255 (FF Hex). There are two new commands, Rotate Left and Rotate Right, which
operate on the current wavesample.

[19] Rotate Current Wavesample Left by (n) (MASOS only)
[20] Rotate Current Wavesample Right by (n) (MASOS only)

The MASOS rotate commands work as follows:

After selecting a rotate command [19] or [20], the display will flash "rL" or *rr" for
a moment to indicate the direction of rotation, then the number of locations of the
previous rotate will appear. This value can be changed using the up and down arrow
keys. When the correct value is set, pressing the ENTER key will initiate the rotate
function. The display will go blank briefly, then will show "dr" indicating that the
wavesample has been rotated.
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Rotating a sound too far to the left will cut off the attack portion of the sound. You

can fix it by rotating it right again, since the data was not discarded but moved to the
end of the wavesample.

Rotating a sound too far to the right may cause a gap before the beginning of the
sound. Actually, the space in front of the sound is filled with the data from the end of
the wavesample. This may or may not be what you had in mind.

[17] Copy Current Wavesample to Lower (n) (MASOS only)
[18] Copy Current Wavesample to Upper (n) (MASQOS only)

These commands allow you to copy wavesamples from one half of the Mirage
memory to the other. They can be used to transfer a sound on the lower keyboard to
the upper, or vice versa. To use the Copy command,verify that the wavesample you
would like to copy is currently selected. Next, select the desired Copy command [17]
or [18]. The display will show "U" or "L" and a flashing number. Press the number key
corresponding to the wavesample you wish to copy the current wavesample into.

Finally, press the ENTER key to begin copying. The parameter number will appear
after copying is complete.

MASOS DATA MANIPULATION FUNCTIONS

The following functions are available when using MASOS. They provide a way
of manipulating wavesample data after it has been sampled, but are not restricted to
operating on wavesample boundaries. Since most of these functions will change the
samples in memory, it is strongly advised that you save any sound on a diskette before

attempting to alter it so you can reload it if you make a mistake. You can always save
overtop of this "backup" sound when you are finished.

Each function operates on a section of waveform memory. This section will be
called the Source. Two of the functions, Copy and Add, also use a second section of
memory, the Destination. The Source is determined by the setting of the Source Start
and Source End parameters. The Destination will always be the same length as the
Source, so it does not have an end parameter; only a Destination Start parameter.

The following parameters are pointers which control the range of memory that will
be manipulated. Each pointer is made up of two numbers, which are both displayed in
Hexadecimal. The first half of a pointer is the page number; the second half is the
sample number on that page.
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[85] Source Start: page number (normally 00)

[86] Source Start: sample number (normally 00)
[87] Source End: page number (normally 01)
[88] Source End: sample number (normally FF)
[89] Destination Start: page number (normally 00)
[90] Destination Start: sample number (normally 00)
[94] Destination Bank Select (normally LO)

[94] Destination Bank Select sets the upper or lower sound memory bank
as the place to store the results of a Copy or Add function.

[95] Scale Function Start Factor (normally 00)
[96] Scale Function End Factor (normally FF)

These scale factors are used to control the scaling of the sample data by the
Scaling Function. The range of both variables is from 00 to FF (hex).

MASOS Function Key (Load Seq key)

The MASOS special functions are accessed by pressing the MASOS Function
key (which is the Load Seq key when not using MASOS), then pressing the number
which corresponds to the function you wish to perform. A flashing mnemonic message
will appear until you either press the ENTER key to initiate the function, or the
CANCEL key to abort it. When the requested function has been completed, the "Fc"
or Function Complete message will appear.
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The following table lists the key numbers and their corresponding MASQOS
functions:

MASOS Functions

Function (key) # Mnemonic Description
1 Cd Copy Data from source to destination
2 Fi Fade in from source start to source end
3 Fo Fade out from source start to source end
4 Sc Scale the source data with a linear ramp

function which ramps between scale start
factor and scale end factor.

5 Ad Add source data to destination data;
leave result in destination

6 In Invert the source data

7 rd Reverse data from source start to end

8 Ei Replicate first page of the source data on

each page from source start to source end.

These functions are described in more detail in PART IV - ADVANCED
SAMPLING TECHNIQUES (page 66) and in Appendix B.
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PART Il - SAMPLING TUTORIAL

EXAMPLE 1: SAMPLING AN ORCHESTRA "HIT" FROM A RECORD

Recorded music provides a limitless collection of final chords, introductory
splashes, heavy hits and quick punches which can be reproduced on the Mirage.
These sound "events" don't usually need loops and are quite easy to capture.

For this first example, we'll go through all the details of pushing buttons and
setting levels. Later, we'll assume that you know how to initiate sampling and
concentrate on the variations possible with multisampling.

1) Load Upper and Lower sound #1 from your MASOS disk.

Unlike the programs on a Sound disk, the sounds on the MASOS disk (or a blank
Formatted disk) are "templates" for sampling. Sampling into a sound from a Sound
disk (piano, for example) can produce unusual results as your new sampled sound is
processed through the envelope, filter and modulation parameters of the previous
sound. For this reason, you should always load in a sound from the MASOS disk or a
blank Formaited disk before sampling. The parameters are set up in a "plain vanilla”
configuration on all Programs, with a quick Attack, full Sustain, quick Release, no
chorusing, limited filter modulation and velocity control. When you sample, the
Program of the last sound loaded remains in eftect for the new sample.

For reference purposes, the values of all parameter settings on the MASOS disk
sounds are listed in Appendix E. You can also use a copy of this form for notating your
own patches.

2) Set the sampling parameters as follows:

PARAMETER VALUE MEANING

[73] Sample Time Adj 34 29.4 KHz sample rate

[74] Input Filter Freq 90 12 KHz cutoff

[75] Line/Mic Level Input ON ine level

[76] Sampling Threshold 10 trigger at +/- 10

[77] User Multisampling OFF default wavesample settings

3) Connect the sound source to the Mirage Audio Input jack
on the rear panel.
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You will need some way of controlling the output volume of your sound source. If
your source is a Phono Turntable, it will need a preamp with a volume control. You
should take the signal from the "Line (Main)" output, if there is one. The "Tape Out"
jacks on most preamps are not affected by the master volume control or tone controls.
If the preamp has a rumble filter, turn it on (the frequency response of the Mirage
extends to the sub-audio range and it can easily reproduce record warp noise and
motor rumble). Also, put the preamp in Mono, if possible, so the sound from both
stereo channels is captured. You can monitor what you are sampling by plugging the
remaining preamp output into a power amp, but you will be using the preamp volume
control to set the sampling level, which could be excessively loud when amplified, so
be sure 1o use an amp with a separate level control.

Tape Decks are ideal sources as you can easily repeat the sound over and over
(if you are a novice sampler, you will almost certainly need a number of "takes" before
you get what you want) and tape decks often have an output volume control as well. In
fact, if you want to take a sound off of a record, it is advisable to tape the record, then
sample the tape. One way to hook up is to take the "Line (Play ) Out" of one channel
of the tape player directly into the Mirage. The other channel can go to your normal
amplifier so you can hear what's on the tape as you sample it (remember, it might be
loud!). The headphone output of most hi-fidelity portable tape players should work, but
you must have the right connectors to convert the stereo mini-jack output to a mono
phone plug (don't short the outputs directly togethert).

If you are using a microphone, you can use the Mic level setting and plug the
unbalanced mic output directly into the Mirage, however you will get better quality by
running the mic through a mixer first. The mixer gives you tone controls, a
low-impedence, low-noise mic preamp, more gain, a volume control, and basically,
more control. You can then add external effects such as compression, EQ, reverb, etc.

In fact, any sound you sample will benefit from the extra control and flexibility provided
by running it through a mixing board.
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4) Press SAMPLE LOWER (or UPPER) on the Mirage keypad.

The display will flash SL or SU for several seconds, and then enter 'level-detect
mode'. The LED display has become a bar- graph, showing the level of the signal.

5) Set the output level of your sound source.

LED DISPLAY
TOP BAR Peak Level (Clipping) ——
MIDDLE BAR Threshold Level (Normal) =
BOTTOM BAR Low Level (=24 dB) ——

DOT MNo Level o

Adjust the level using the LED display just as you would a tape recorder, to
achieve occasional, but never sustained, peak level. You may have to replay the
section you intend to sample several times to get a good reading (which is why you will
find tape more convenient). If the display does not move at all, check your
connections. If you can't get a high enough level, press CANCEL to leave
level-detect mode and check [75] Line/Mic switch, and [74] Input Filter Freq .
You may need to switch to mic level if your preamp doesn't have enough gain. Be
forewarned that the mic level setting compresses the signal and is about 20 times
more sensitive than the line level setting so you will need to back off the gain. If the
input filter frequency is set extremely low, it may completely filter out the signal.

6) To sample, press the ENTER button on the keypad.

Start your sound source a few seconds ahead of time, and press ENTER just
before the section you want to sample. One of two things will happen in the display,
depending on your signal.

If the 'hit' is preceeded by silence then the display will go blank: the signal has
not crossed the Sampling Threshold yet. When the sound starts, the middle bar should
go on (indicating that sampling has begun), and stay on for about two seconds after
which the display will revert to normal operation. If the sound never crosses the
threshold, then the display will stay blank for about six seconds, then flash "n3" (No
Signal).

If you are sampling a sound which is preceeded by other sounds, the middle bar
will go on as soon as you press ENTER. Sampling staris immediately as the signal
level is already over the threshold. It's up to you to press ENTER at exactly the right
moment. If you really wanted the Mirage to wait for a certain sound and it didn't, then
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[76] Sampling Threshold should be set to a higher value. If you are good at
"punching in" with a tape recorder, you should have no problems. If you always seem
to miss the beginning of the sound, you can press ENTER a little early, then trim out
the undesired sound by rotating the wavesample left, or moving the wavesample start
point. Of course you'll waste some memory on this undesired sound, so your sample
time may need to be adjusted in order to capture the entire sound event you want.

7) When "SF" (Sample Finished) appears in the display,
play the keyboard to hear the result.

Since the Multisampling switch [77] was off, you have taken a single sample
over half the keyboard. The center key on the selected half (E for lower, A for upper)
will play back the sound at the same pitch that was sampled. On that key, the sound
will play for 2.2 seconds.

x }
E A

SPLIT

UNITY PLAYBACK FREQUENCY OCCURS IN THE CENTER OF EACH
KEYBOARD HALF.

Now that you have sampled a sound, chances are, its not exactly the way you

wanted it. Let's look at some of the ways you can get closer, either by resampling it or
by adjusting the program parameters.

Readjusting Sampling Parameters
Problem: Attack is cut off or delayed

If you sample a sound with a slow attack and it plays back with a quick attack,
then you may have cut off the beginning of the sound. This can occur when [76]
Sampling Threshold is set too high. On the other hand, if there is a pause between
when you hit a key and when the sound starts, you have sampled a bit of silence
before the attack because the Sampling Threshold value was too low. The threshold
level is usually best at a middle ground, between having it too sensitive, where it will
trigger on any small random noise, and not sensitive enough, where it kicks in too late
and misses the beginning of the sound. A setting of 10 is usually safe, but for best
results you may want to adjust it for each sound you sample.
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Sample Start SAMPLING THRESHOLD TOO HIGH. Sample End

Noises B8

Sample Start SAMPLING THRESHOLD TOO LOYW. Sample End

Problem: Decay is cut off or there is noise after the decay.

The Mirage can sample 2.2 seconds of sound at the default sample rate. If that's
not enough time to capture a certain event, you can make it longer by increasing [73]
Sample Time and resampling the sound. Remember this will decrease the sample
rate, therefore decreasing the bandwidth, so there is a trade-off to be made. Usually
you can adjust the filter and amplitude envelopes to cover up the abrupt end of a
sample. If the sound doesn't last for the entire sampling window, you can adjust it in
many ways. You can resample at a higher sampling rate (decrease [73]), giving better
fidelity. You can move back the Wavesample End [61] which leaves more memory for
other samples when multisampling. Finally, you can adjust the envelopes to end the
sound sooner.

Sample Start SAMPLE TIME TOO SHORT. Sample End

Sample Start SAMPLE TIME TOO LONG. Sample End
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Problem: Distortion

The most common form of distortion is clipping. With a computer graphic display
(provided by the Visual Editing System), it's easy to see. Even without a display,
the sound should be fairly familiar to most musicians who have worked with electronic
equipment. Unlike analog equipment which may overload in a smooth manner ("soft
clipping"), an A/D converter clips in a very hard fashion, producing nasty distortion and
alias noise. Obviously, the solution is to turn down the level of the signal going into the
Mirage. In level-detect mode, the top LED bar lights when the signal reaches the

overload level. You should see occasional peaks, but seeing the top bar lit a lot
indicates an overload condition.

NORMAL CLIPPED

Aliasing is another form of distortion. Input aliasing makes the signal sound
rough or "ratty" and, at extremes, can produce audible frequencies which never
appeared in the input signal. If you sample a sound with a downward sweep in pitch
and hear a rising pitch when you play it back, that's aliasing! There are two solutions to
the problem: either limit the high frequencies coming in, or increase the sample rate
(by decreasing the Sample Time [73]). In general, use as high a sample rate as
possible which still gives you enough time to capture the whole sound. For any given

sample rate, adjust [74] Input Filter Freq to get the best sound. Here are some
guidelines:

The filter setting is related to the sample rate, but not in an absolute way. While a
general rule of thumb is that the filter should be set to a frequency one octave below
the Nyquist frequency (in other words, one quarter of the sample rate--see Part V), it
really depends on the signal. Signals with very strong ultra-high harmonics will need a
lower setting to eliminate aliasing. Sound sources with inherently limited frequency
response, such as records and tapes, may need very little filtering. The sharp cutoff
slope of the Input Sampling Filter will allow you to sample sounds with strong high
frequency content without excessively limiting the frequency response.

It's worth spending some time training your ear to the effects of aliasing. Try
leaving the Input Filter [74] wide open and bringing the sample rate way down.
Aliasing will make complex sounds raspy or distorted. Aliasing of simple sounds can
create strange low or mid frequency tones. Some aliasing can even be quite
acceptable on certain sounds with high noise content, such as drums and cymbals.
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Adjusting Playback Parameters

Explaining how to use envelope generators is beyond the scope of this book.
They are just as important in creating useful sounds on the Mirage as they are on a
synthesizer. The Mirage envelope generators provide a great deal of flexibility through
modulation of the individual stages. Familiarize yourself with them thoroughly and you
will be able to take any old sample and turn it into a musically viable sound.

Before you sample, there is always some sound present in the Mirage, such as
the piano if you had just loaded Sound Disk #1. When you sample, the Program
parameters are not changed; they remain behind, even though the piano Wavesample
Is gone. When you play your newly sampled sound, you will hear it with the piano
envelopes, the piano filter setting, whatever is set up in the current program. This may
not be what you had in mind! In particular, the envelope shapes and chorusing may be
changing the sound of your sample drastically. If the sound dies away, sounds too
muffled, or doesn't have a sharp attack, suspect the playback parameters. That is why

its usually best to load the "plain vanilla" sound from the MASOS disk (or a blank
Formatted disk) before sampling.

You can also use this feature to your advantage. As with a synthesizer, it's often
easier to modify an existing patch than to start from scratch. Before you sample, load in
a sound which has a Program similar to the sound you want. For example, if you are
sampling a french horn, you might want to try sampling into the trombone Program.
Consider what type of velocity feel you want, whether the filter should be kept high or
swept down, etc. Eventually you may want to save a sound which is specially
designed for the types of sounds you like to sample; a personal template. Load this
template in before you sample, and most of the work will already be done for you.
Also, remember that you can copy Programs from one sound to another, after you have
a wavesample you like.
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EXAMPLE 2: SAMPLING A SYNTHESIZER OR GUITAR WITH A SHORT
LOOP

Sustaining simple sounds is a matter of looping on a single cycle of the input
waveform. The key to looping is to sample the right pitch at the right sample rate. The
Mirage can only sample at certain fixed rates, so we will need to tune our sound source
to meet the Mirage's demand (If an instrument is not tunable, it may be necessary 10
record it on a variable speed tape recorder and tune the playback speed.).

The first instrument you try to loop should be one which is clearly pitched,
tunable, and has no vibrato. Guitar, bass quitar, organ, synthesizer, or other keyboard
instruments are all good choices. It is much more difficult to loop instruments where a
fallible human is involved in sustaining the pitch, such as woodwinds, bowed strings,
or voice, since the pitch isn't likely to remain constant throughout the sustain. [f you
have a synthesizer, find an electric piano patch, or something else percussive with a
clear sustain. If it has a built in chorusing effect, turn it off. Chorusing will only make

looping more difficult and you can add the chorusing back later using detuning on the
Mirage.

In this example you will sample the note A, 110 Hz, an octave and a third below
middle C. This is the open A string on a guitar. The Mirage expects a specific pitch,

which, at the nearest available sample rate, happens to be slightly higher than a
perfectly tuned 'A'. For proper looping, retune the instrument to be sampled as follows:

1) Set [21] Master Tune to 55 (25 cents sharp). This will allow the A key on
the Mirage to be used as a pitch reference for retuning the guitar.

2) Load the Drums/Bass-Synth sound (lower sound #3) from ENSONIQ Sound
Diskette #1. This provides a clear tone as a tuning reference.

3) Tune the instrument to be sampled to the A on the Mirage Bass-Synth.
4) Load lower sound #1 (plain vanilla) from the MASOS disk.
The default tuning of the "plain vanilla" sound will cause unity playback to occur

on E in the middle of the lower keyboard. Since you'll be sampling an A, you should
change the wavesample relative tuning parameters as follows:

36



5) To tune lower wavesample #1:

- Select lower wavesample #1 ([26]= 1).
- Set [67] Coarse Tune to 4.
- Set [68] Fine Tune to 80.

This provides a tuning offset of a half octave (80 Hex=128 and Fine Tune
provides 256th octave steps, so 128/256ths of an octave is a half octave), the
difference between A and E. With this offset, the A you sample will play back as an A
on the A key, rather than the E key.

6) Turn [77] User Multisampling on. This will prevent the Mirage from changing
the tuning back to the default settings when you sample.

7) Set the sampling parameters as follows:

FParameter Value Meaning
[73] Sample Time Adjust 35 28.5 KHz sample rate
[74] Input Filter Freq 80 7KHz cutoff
[75] Line Level Input ON line level
[76] Sampling Threshold 10 trigger at +/- 10
[77] User Multisampling ON  no defaults

The crucial parameter here is the Sample Time (sample rate). For sounds with
short loops, we must use the right sample rate so the waveform lines up with the loop
boundaries. If the waveform doesn't line up, the loop pitch and sound quality will not

match the input. The table in Appendix A gives the proper sample rates for all of the
equi-tempered scale pitches.

8) Do some trial samples to adjust the output level of your signal source and the
Sampling Threshold level [76].

9) Turn the Loop Switch [65] ON. This will provide a one page loop starting at
FE. You can sample a sound while leaving the loop switch ON, as long as the

Multisampling switch is also ON (the Loop Switch will automatically be turned OFF if
you sample with Multisampling OFF).

10) Take a sample of the open A string on a guitar, or the A a tenth below middle
C on a keyboard.
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