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Preface

If a book is worth reading then it's worth buying ...

Welcome to the Dance Music Manual — Second Edition. After the release of the
first edition way back in May 2004, I received numerous emails with sugges-
tions for a second edition of the book and I've employed as many of them as
possible, as well as updating some of the information to reflect the continually
updated technology that is relevant to dance musicians. I'd like to personally
thank everyone who took the time to contact me with their suggestions.

As with the first edition, the purpose of the Dance Music Manual is to guide you
through the technology and techniques behind creating professional dance
and club-based music. While there have been numerous publications written
on this important subject, the majority have been written by authors who have
little or no experience of the scene nor the music, but simply rely on ‘educated
guesswork’. With this book, I hope to change the many misconceptions that
abound and offer a real-world insight into the techniques on how professional
dance music is written, produced and marketed.

I've been actively involved in the dance music scene since the late 1980s and,
to date, I've produced and released numerous white labels and remixes. I've
held seminars across the country on remixing and producing club-based dance
music, and authored numerous articles and reviews.

This book is a culmination of the knowledge I've attained over the years and
I believe it is the first publication of its kind to actively discuss the real-world
applications behind producing and remixing dance music for the twenty-first
century.

The Dance Music Manual has been organized so as to appeal to professionals
and novices alike, and to make it easier to digest it has been subdivided into
three parts.

The first part discusses the latest technology used in dance music production,
from the basics of synthesis and sampling to music theory, effects, compres-
sion, microphone techniques and the principles behind the all-important
sound design. If you're new to the technology and theory behind much of
today’s dance music, then this is the place to start.

The second part covers the techniques for producing musical styles including,
among others, trance, drum ‘n’ bass, trip-hop, rap and house. This not only
discusses the general programming principles behind drum loops, basses and



leads for the genres, but also the programming and effects used to create the
sounds. If you already have a good understanding of sampling rates, bits, syn-
thesis programming and music theory, then you can dip into these sections
and start practicing dance music straight away.

The third part is concerned with the ideology behind mixing, mastering, remix-
ing, pressing and publication of your latest masterpiece. This includes the
theory and practical applications behind mixing and mastering, along with
a realistic look at how record companies work and behave; how to copyright
your material, press your own records and the costs involved.

At the end of the book you'll also find a chapter in which an international D]
has submitted his view on dance music and DJing in general.

Of course, I cannot stress enough that this book will not turn you into a super-
star overnight and it would be presumptuous to suggest that it would even
guarantee you a successful dance record. Dance music has always evolved from
musicians pushing the technology further. Rather, it is my hope that it will give
you an insight into how the music is produced and from there it's up to you to
push in a new direction.

Creativity can never be encapsulated in words, pictures or software and it’s our
individual creative instincts and twists on a theme that produces the dance
floor hits of tomorrow.

Experimentation always pays high dividends.

Finally, I'd also like to take this opportunity to thank you for buying The Dance
Music Manual. By purchasing this book, you are rewarding me for all the time
and effort I've put into producing it and that deserves some gratitude. I hope
that, by the end, you feel it was worth your investment.



Musical Works

“l would like to remind record companies that they have a cultural
responsibility to give the buying public great music. Milking a trend to
death is not contributing to culture and is ultimately not profitable.”

Dance music has always relied on sampling. From its first incarnation of mix-
ing two records together on a pair of record decks to make a third mashup to
the evolution and consequent increased power of the sampler and audio work-
station. It would be fair to say that without sampling, dance music would be a
very different beast and may not have even existed at all.

For legal reasons I cannot suggest that any artist choosing to read this book
dig through their record collections for musical ideas to sample, but now more
than ever, it has become a cornerstone of the production of dance-based music.
The importance of sampling should not be underestimated and when used cre-
atively, it can open new boundaries and spawn entirely new genres of music.
Perhaps the best example of this is the Amen Break.

Back in 1969, a song was released by the Winston's called Colour Him Father.
The B side to the record contained a track named Amen Brother. The middle
eight of this particular song contained a drum break just less than 6s long
which was later named the ‘Amen Break’ It contained nothing more than a
drummer freelancing on his kit, but it became one of the largest factors in the
evolution of dance music.

When the first music samplers were released in the 1980s, the Amen Break was
used considerably. The first recorded use of this was by Shy FX ‘Original Nata’ in
1984 but this was soon followed by Third Bass with a track entitled ‘Words of
Wisdom’ and NWA with ‘Straight Out of Crompton’ Over the years, the Amen
Break became more and more widely used and appeared in tracks such as:

m Mantronics: King of the Beats

m 2 Live Crew: Feel Alright Yall

m 4 Hero: Escape That

m Amon Tobin: Nightlife

m Aphex Twin: Boy/Girl Song

m Atari Teenage Riot: Burn Berlin Burn
Brand Nubian: The Godz Must Be Crazy
Deee-Lite: Come on In, the Dreams are Fine
Dillinja: The Angels Fell

Eric B & Rakim: Casualties of War



Freestylers: Breaker beats

Funky Technicians: Airtight

Heavy D: MC Heavy D!

Heavy D: Let it Flow

Heavy D: Flexin’

Heavyweight: Oh Gosh

J. Majik: Arabian Nights

J. Majik: Your Sound

Lemon D: This is Los Angeles

Level Vibes: Beauty & the Beast

Lifer's Group: Jack U. Back (So You Wanna Be a Gangsta)
Ltj Bukem: Music

Maestro Fresh Wes: Bring it On (Remix)
Movement Ex: KK Punani

Nice & Smooth: Dope Not Hype
Salt-N-Pepa: Desire

Scarface: Born Killer

Schoolly D: How a Black Man Feels
Goldie: Chico: Death of a Rock Star
Roni Size: Brown Paper Bag (Nobukazu Takemura Remix)
Oasis : Do Y'Know What I Mean
Frankie Bones: Janets Revenge

Perhaps more importantly, though, the evolution of both breakbeat and jungle -
alongside their many offshoots - are accredited to these 6s of a drum break.
Indeed, an entire culture arose from a 1969 break as samplers became more
experimental and artists began cutting and rearranging the loop to produce
new rhythms.

If this break had suffered the same copyright laws that music does today it is
entirely possible that breakbeat, jungle, techstep, artcore, 2-step and drum ‘n’
bass - among many others - would never have come to light. It takes a large
audience to appreciate new material before it becomes publicized.

As record companies and artists continue to tighten the laws on copyright, our
musical palette is becoming more and more limited, and experimental music
born from utilizing past samples is being replaced with ‘popcorn” music in
order to ensure that the monies returned are enough to cover the original fee
for using a sample.

Whereas scientists are free to build upon past work without having to pay their
peers and film directors are free to copy the past, disgracefully music no longer
exhibits that same flexibility. With the current copyright laws, musicians can no
longer appropriate from the past without a vast amount of paperwork, a good
solicitor, a large wallet and an understanding record company.

Record companies anxiously await the next ‘big thing’ and voice concerns
over the lack of new musical ideas and genres. Yet, in the same breath they



are - perhaps unintentionally - industriously locking down culture and plac-
ing countless limitations on our very creativity. The musical freedom that our
predecessors experienced and built upon has all but vanished.

Without the freedom to borrow and develop on the past, creativity is stifled
and with that our culture can only slow to a grinding pace. To quote Laurence
Leesig: ‘A society free to borrow and build upon the past is culturally richer than a
controlled one'
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CHAPTER1

'Today’s recording techniques would have been
regarded as science fiction forty years ago.’ ...

Today’s dance- and club-based music relies just as heavily on the technology
as it does on the musicality; therefore, to be proficient at creating this genre of
music it is first necessary to fully comprehend the technology behind its creation.
Indeed, before we can even begin to look at how to produce the music, a thor-
ough understanding of both the science and the technology behind the music
is paramount. You wouldn’t attempt to repair a car without some knowledge of
what you were tweaking, and the same applies for dance- and club-based music.

Therefore, we should start at the very beginning and where better to start than
the instrument that encapsulated the genre - the analogue synthesizer. Without
a doubt, the analogue synthesizers were responsible for the evolution of the
music, and whilst the early synthesizers are becoming increasingly difficult to
source today, nearly all synthesizers in production, whether hardware or soft-
ware, follow the same path first laid down by their predecessors. However, to
make sense of the various knobs and buttons that adorn a typical synthesizer
and observe the effects that each has on a sound, we need to start by examining
some basic acoustic science.

ACOUSTICSCIENCE

When any object vibrates, air molecules surrounding it begin to vibrate sympa-
thetically in all directions creating a series of sound waves. These sound waves
then create vibrations in the ear drum that the brain perceives as sound.

The movement of sound waves is analogous to the way that waves spread when
a stone is thrown into a pool of water. The moment the stone hits the water,
the reaction is immediately visible as a series of small waves spread outwards
in every direction. This is almost identical to the way in which sound behaves,
with each wave of water being similar to the vibrations of air particles.

The Science of Synthesis




FIGURE 1.1
Difference between low
and high frequencies

Low frequency High frequency
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For instance, when a tuning fork is struck, the forks first move towards one
another compressing the air molecules before moving in the opposite direc-
tion. In this movement from ‘compression’ to ‘rarefaction’ there is a moment
where there are less air molecules filling the space between the forks. When
this occurs, the surrounding air molecules crowd into this space and are then
compressed when the forks return on their next cycle. As the fork continues to
vibrate, the previously compressed air molecules are pushed further outwards
by the next cycle of the fork and a series of alternating compressions and rar-
efactions pass through the air.

The numbers of rarefactions and compressions, or ‘cycles’, that are completed
every second is referred to as the operating frequency and is measured in Hertz
(Hz). Any vibrating object that completes, say, 300 cycles/s has a frequency of
300 Hz while an object that completes 3000 cycles/s has a frequency of 3 kHz.

The frequency of a vibrating object determines its perceived pitch, with faster
frequencies producing sounds at a higher pitch than slower frequencies. From
this we can determine that the faster an object vibrates, or ‘oscillates’, the
shorter the cycle between compression and rarefaction. An example of this is
shown in Figure 1.1.

Any object that vibrates must repeatedly pass through the same position as it
moves back and forth through its cycle. Any particular point during this move-
ment is referred to as the ‘phase’ of the cycle and is measured in degrees, simi-
lar to the measurement of a geometric circle. As shown in Figure 1.2, each cycle
starts at position zero, passes back through this position, known as the ‘zero
crossing’, and returns to zero.



Consequently, if two objects vibrate at different speeds and the resulting wave-
forms are mixed together, both waveforms will start at the same zero point but
the higher frequency waveform will overtake the phase of the lower frequency.
Provided that these waveforms continue to oscillate, they will eventually catch
up with one other and then repeat the process all over again. This produces an
effect known as ‘beating’

The speed at which waveforms ‘beat’ together depends on the difference in fre-
quency between them. It's important to note that if two waves have the same
frequency and are 180° out of phase with one another there, one waveform
reaches its peak while the second is at its trough, and no sound is produced.
This effect, where two waves cancel one another out and no sound is produced,
is known as ‘phase cancellation” and is shown in Figure 1.3.

As long as waveforms are not 180° out of phase with one another, the interference
between the two can be used to create more complex waveforms than the simple
sine wave. In fact, every waveform is made up of a series of sine waves, each slightly
out of phase with one another. The more complex the waveform this produces,
the more complex the resulting sound. This is because as an increasing number of
waves are combined a greater number of harmonics are introduced. This can be
better understood by examining how an everyday piano produces its sound.

The strings in a piano are adjusted so that each oscillates at an exact frequency.
When a key is struck, a hammer strikes the corresponding string forcing it
to oscillate. This produces the fundamental pitch of the note and also, if the
vibrations from this string are the same as any of the other strings natural
vibration rates, sets these into motion too. These are called ‘sympathetic vibra-
tions” and are important to understand because most musical instruments are
based around this principle. The piano is tuned so that the strings that vibrate
sympathetically with the originally struck string create a series of waves that are
slightly out of phase with one another producing a complex sound.

FIGURE1l.2
The zero crossing in a
waveform



FIGURE1.3
Two waves out of
phase

Any frequencies that are an integer

RN multiple of the lowest frequency
. (i.e. the fundamental) will be in

. . harmony with one another, a phe-

’ . nomenon that was first realized
o ', by Pythagoras, from which he

. . derived the following three rules:

‘\ ‘ m If a note’s frequency is
. . multiplied or divided
by two, the same note is

created but in a different

octave.

m If a note’s frequency is multiplied or divided by three, the strongest har-
monic relation is created. This is the basis of the western musical scale.
If we look at the first rule, the ratio 2:3 is known as a perfect fifth and is
used as the basis of the scale.

m If a note’s frequency is multiplied or divided by five, this also creates a
strong harmonic relation. Again, if we look at the first rule, the ratio 5:4
gives the same harmonic relation but this interval is known as the major
third.

A single sine wave produces a single tone known as the fundamental frequency,
which in effect determines the pitch of the note. When further sine waves that
are out of phase from the original are introduced, if they are integer multiples
of the fundamental frequency they are known as ‘harmonics’ and make the
sound appear more complex, otherwise if they are not integer multiples of the
fundamental they are called ‘partials’, which also contribute to the complexity
of the sound. Through the introduction and relationship of these harmonics
and partials an infinite number of sounds can be created.

As Figure 1.4 shows, the harmonic content or ‘timbre’ of a sound determines the
shape of the resulting waveform. It should be noted that the diagrams are sim-
ple representations, since the waveforms generated by an instrument are incred-
ibly complex which makes it impossible to accurately reproduce it on paper.

In an attempt to overcome this, Joseph Fourier, a French scientist, discovered
that no matter how complex any sound is it could be broken down into its
frequency components and, using a given set of harmonics, it was possible to
reproduce it in a simple form.

To use his words, ‘Every periodic wave can be seen as the sum of sine waves
with certain lengths and amplitudes, the wave lengths of which have harmonic
relations’. This is based around the principle that the content of any sound is
determined by the relationship between the level of the fundamental frequency
and its harmonics and their evolution over a period of time. From this theory,
known as the Fourier theorem, the waveforms that are common to most syn-
thesizers are derived.
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So far we've looked at how both the pitch and the timbre are determined.
The final characteristic to consider is volume. Changes in volume are caused
by the amount of air molecules an oscillating object displaces. The more air
an object displaces, the louder the perceived sound. This volume, also called
‘amplitude’, is measured by the degree of motion of the air molecules within
the sound waves, corresponding to the extent of rarefaction and compression
that accompanies a wave. The problem, however, is that many simple vibrating
objects produce a sound that is inaudible to the human ear because so little
air is displaced; therefore, for the sound wave to be heard most musical instru-
ments must amplify the sound that's created. To do this, acoustic instruments
use the principle of forced vibration that utilizes either a sounding board, as
in a piano or similar stringed instruments, or a hollow tube, as in the case of
wind instruments.

When a piano string is struck, its vibrations not only set other strings in motion
but also vibrate a board located underneath the strings. Because this sounding
board does not share the same frequency as the vibrating wires, the reaction is
not sympathetic and the board is forced to resonate. This resonance moves a
larger number of air particles than the original sound alone, in effect amplify-
ing the sound. Similarly, when a tuning fork is struck and placed on a tabletop,
the table’s frequency is forced to match that of the tuning fork and the sound is
amplified.

Of course, neither of these methods of amplification offers any physical control
over the amplitude. If the level of amplification can be adjusted, then the ratio
between the original and the changed amplitude is called the ‘gain’

It should be noted, however, that loudness itself is difficult to quantify because
it's entirely subjective to the listener. Generally speaking, the human ear can
detect frequencies from as low as 20 Hz up to 20 kHz; however, this depends on
a number of factors. Indeed, whilst most of us are capable of hearing (or more
accurately feeling) frequencies as low as 20Hz, the perception of higher fre-
quencies changes with age. Most teenagers are capable of hearing frequencies
as high as 18 kHz while the middle-aged tend not to hear frequencies above
14 kHz. A person’s level of hearing may also have been damaged, for example,
by overexposure to loud noise or music. Whether it is possible for us to per-
ceive sounds higher than 18 kHz with the presence of other sounds is a subject
of debate that has yet to be proven. However, it is important to remember that
sounds that are between 3 and 5kHz appear perceivably louder than frequen-
cies that are out of this range.

SUBTRACTIVE SYNTHESIZER

Having looked into the theory of sound, we can look at how this relates to a
synthesizer. Subtractive synthesizer is the basis of many forms of synthesizers
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and is commonly related to analogue synthesizer. It is achieved by combining
a number of sounds or ‘oscillators’ together to create a timbre that is very rich
in harmonics.

This rich sound can then be sculpted using a series of ‘modifiers’ The number
of modifiers available on a synthesizer is entirely dependent on the model, but
all synthesizers offer a way of filtering out certain harmonics and of shaping
the overall volume of the timbre.

The next part of this chapter looks at how a real analogue synthesizer operates,
although any synthesizer that emulates analogue synthesizer (i.e. digital signal
processing (DSP) analogue) will operate in essentially the same way, with the
only difference being that the original analogue synthesizer voltages do not
apply to their DSP equivalents.

An analogue synthesizer can be said to consist of three components
(Figure 1.5):

m  An oscillator to make the initial sound.
m A filter to remove frequencies within the sound.
m An amplifier to define the overall level of the sound.

Each of these components and their role in synthesizer are discussed in the sec-
tions below.

VOLTAGE-CONTROLLED OSCILLATOR (VCO)

When a key on a keyboard is pressed, a signal is sent to the oscillator to acti-
vate it, followed by a specific control voltage (CV) to determine the pitch. The
CV that is sent is unique to the key that is pressed, allowing the oscillator to
determine the pitch it should reproduce. For this approach to work correctly,

FIGURE 1.5
Layout of a basic
synthesizer



FIGURE 1.6
A sine wave

the circuitry in the keyboard and the oscillator must be incredibly precise in
order to prevent the tuning from drifting, so the synthesizer must be serviced
regularly. In addition, changes in external temperature and fluctuations in the
power supply may also cause the oscillator’s tuning to drift.

This instability gives analogue synthesizers their charm and is the reason why
many purists will invest small fortunes in second-hand models rather than use
the latest DSP-based analogue emulations. Although, that said, if too much
detuning is present, it will be immediately evident and could become a major
problem! There is still an ongoing argument over whether it’s possible for DSP
oscillators to faithfully reproduce analogue-based synthesizers, but the argu-
ment in favour of DSP synthesizers is that they offer more waveforms and do
not drift too widely, and therefore prove more reliable in the long run.

In most early subtractive synthesizers the oscillator generated only three types
of waveforms: square, sawtooth and triangle waveforms. Today this number has
increased and many synthesizers now offer additional sine, noise, tri-saw, pulse
and numerous variable wave shapes as well.

Although these additional waveforms produce different sounds, they are all
based around the three basic wave shapes and are often introduced into syn-
thesizers to prevent mixing of numerous basic waveforms together, a task that
would reduce the number of oscillators.

For example, a tri-saw wave is commonly a sample of three sawtooth waves
blended together to produce a sound that is rich in harmonics, with the
advantage that the whole sound is contained in one oscillator. Without
this waveform it would take three oscillators to recreate this sound, which
could be beyond the capabilities of the synthesizer. Even if the synthesizer
could utilize three oscillators to produce this one sound, the number of
available oscillators would be reduced. Subsequently, while there are numer-
ous oscillator waves available, knowledge of only the following six types is
required.

The Sine Wave

A sine wave is the simplest wave shape and
is based on the mathematical sine function
(Figure 1.6). A sine wave consists of the
fundamental frequency alone and does not

contain harmonics. This means that they
are not suitable for sole use in a subtrac-
tive sense, because if the fundamental is
removed no sound is produced (and there

are no harmonics upon which the modifi-
ers could act). Consequently, the sine wave
is used independently to create sub-basses

<—— Amplitude

— Time —»



or whistling timbres or is mixed with other waveforms to add extra body or

bottom end to a sound.

The Square Wave

A square wave is the simplest waveform for an electrical circuit to generate
because it exists in only two states: high and low (Figure 1.7). This wave pro-

duces only odd harmonics resulting in a mel-
low, hollow sound. This makes it particularly
suitable for emulating wind instruments,
adding width to strings and pads, or for the
creation of deep, wide bass sounds.

The Pulse Wave

Although pulse waves are often confused with
square waves, there is a significant difference
between the two (Figure 1.8). Unlike a square
wave, a pulse wave allows the width of the
high and low states to be adjusted, thereby
varying the harmonic content of the sound.
Today it is unusual to see both square and
pulse waves featured in a synthesizer. Rather
the square wave offers an additional control
allowing you to vary the width of the pulses.
The benefit of this is that reductions in the
width allow you to produce thin reed-like tim-
bres along with the wide, hollow sounds cre-
ated by a square wave.

The Sawtooth Wave

A sawtooth wave produces even and odd har-
monics in series and therefore produces a
bright sound that is an excellent starting point
for brassy, raspy sounds (Figure 1.9). It’s also
suitable for creating the gritty, bright sounds
needed for leads and raspy basses. Because of
its harmonic richness, it is often employed in
sounds that will be filter swept.

The Triangle Wave

The triangle wave shape features two linear
slopes and is not as harmonically rich as a
sawtooth wave since it only contains odd
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FIGURE1.10
A triangle wave

FIGURE 1.11
A noise wave

harmonics (partials) (Figure 1.10). Ideally,
this type of waveform is mixed with a sine,
square or pulse wave to add a sparkling
or bright effect to a sound and is often
employed on pads to give them a glittery
feel.

o

The Noise Wave

Noise waveforms are unlike the other five

waveforms because they create a random
Time ———» mixture of all frequencies rather than actual
tones (Figure 1.11). Noise waveforms can be
‘pink’ or ‘white’ depending on the energy of
the mixed frequencies they contain. White
noise contains equal amounts of energy at
every frequency and is comparable to radio
staticc, while pink noise contains equal
amounts of energy in every musical octave
and therefore we perceive it to produce a
heavier, deeper hiss.

<—— Amplitude

Noise is useful for generating percussive

sounds and was commonly used in early

Tilie——»  drum machines to create snares and hand-

claps. Although this remains its main use,

it can also be used for simulating wind or

sea effects, for producing breath effects in wind instrument timbres or for
producing the typical trance leads.

<—— Amplitude —»

CREATING MORE COMPLEX WAVEFORMS

Whether oscillators are created by analogue or DSP circuitry, listening to indi-
vidual oscillators in isolation can be a mind-numbing experience. To create
interesting sounds, a number of oscillators should be mixed together and used
with the available modulation options.

This is achieved by first mixing different oscillator waveforms together and then
detuning them all or just those that share the same waveforms so that they
are out of phase from one another, resulting in a beating effect. Detuning is
accomplished using the detune parameter on the synthesizer, usually by odd
rather than even numbers. This is because detuning by an even number intro-
duces further harmonic content that may mirror the harmonics already pro-
vided by the oscillators, causing the already present harmonics to be summed
together.

It should be noted here that there is a limit to the level that oscillators can
be detuned from one another. As previously discussed, oscillators should be



detuned so that they beat, but if the speed of these beats is increased by any
more than 20 Hz the oscillators separate, resulting in two noticeably different
sounds. This can sometimes be used to good effect if the two oscillators are to
be mixed with a timbre from another synthesizer because the additional tim-
bre can help to fuse the two separate oscillators. As a general rule of thumb, it
is unusual to detune an oscillator by more than an octave.

Additional frequencies can also be added into a signal using ring modulation
and sync controls. Oscillator sync, usually found within the oscillator section
of a synthesizer, allows a number of oscillators’ cycles to be synced to one
another. Usually all oscillators are synced to the first oscillators’ cycle; hence,
no matter where in the cycle any other oscillator is, when the first starts its cycle
again the others are forced to begin again too.

For example, if two oscillators are used, with both set to a sawtooth wave and
detuned by —5 cents (one-hundredth of a tone), every time the first oscillator
restarts its cycle so too will the second, regardless of the position in its own
cycle. This tends to produce a timbre with no harmonics and can be ideal for
creating big, bold leads. Furthermore, if the first oscillator is unchanged and
pitch bend is applied to the second to speed up or slow its cycle, screaming
lead sounds typical of the Chemical Brothers are created as a consequence of
the second oscillator fighting against the syncing with the first.

After the signals have left the oscillators, they enter the mixer section where the
volume of each oscillator can be adjusted and features such as ring modulation
can be applied to introduce further harmonics. (The ring modulation feature
can sometimes be found within the oscillator section but is more commonly
located in the mixer section, directly after the oscillators). Ring modulation
works by providing a signal that is the sum and difference compound of two
signals (while also removing the original tones). Essentially, this means that
both signals from a two-oscillator synthesizer enter the ring modulator and
come out from the other end as one combined signal with no evidence of the
original timbre remaining.

As an example, if one oscillator produces a signal frequency of 440Hz (A4 on a
keyboard) and the second produces a frequency of 660 Hz (E5 on a keyboard),
the frequency of the first oscillator is subtracted from the second.

660Hz — 440Hz = 220Hz(A3)

Then the first oscillator’s frequency is added to that of the second.

660Hz + 440Hz = 1100Hz(C#6)

Based on this example, the difference of 220 Hz provides the fundamental fre-
quency while the sum of the two signals, 1100 Hz, results in a fifth harmonic
overtone. When working with synthesizer, though, this calculation is rarely per-
formed. This result is commonly achieved by ring modulating the oscillators




together at any frequency and then tuning the oscillator. Ring modulation is
typically used in the production of metallic-type effect (ring modulators were
used to create the Dalek voice from Dr Who) and bell-like sounds. If ring mod-
ulation is used to create actual pitched sounds, a large number of in-harmonic
overtones are introduced into the signal creating dissonant, unpitched results.

The option to add noise may also be included in the oscillator’s mix section to
introduce additional harmonics, making the signal leaving the oscillator/mix sec-
tion full of frequencies that can then be shaped further using the options available.

VOLTAGE-CONTROLLED FILTERS

Following the oscillator’s mixer section are the filters for sculpting the pre-
viously created signal. In the synthesizer world, if the oscillator’s signal is
thought of as a piece of wood that is yet to be carved, the filters are the ham-
mer and chisels that are used to shape it. Filters are used to chip away pieces of
the original signal until a rough image of the required sound remains.

This makes filters the most vital element of any subtractive synthesizer because if
the available filters are of poor quality, few sound sculpting options will be avail-
able and it will be impossible to create the sound you require. Indeed, the choice
of filters combined with the oscillator’s waveforms is often the reason why specific
synthesizers must be used to recreate certain ‘classic’ dance timbres.

The most common filter used in basic subtractive synthesizers is a low-pass fil-
ter. This is used to remove frequencies above a defined cut-off point. The effect
is progressive, meaning that more frequencies are removed from a sound, the
further the control is reduced, starting with the higher harmonics and gradu-
ally moving to the lowest. If this filter cut-off point is reduced far enough, all
harmonics above the fundamental can be removed, leaving just the fundamen-
tal frequency. While it may appear senseless to create a bright sound with oscil-
lators only to remove them later with a filter, there are several reasons why you
may wish to do this.

m Using a variable filter on a bright sound allows you to determine the
colour of the sound much more precisely than if you tried to create the
same effect using oscillators alone.

m This method enables you to employ real-time movement of a sound.

This latter movement is an essential aspect of sound design because we natu-
rally expect dynamic movement of sound throughout the length of the note.
Using our previous example of a piano string being struck, the initial sound
is very bright, becoming duller as it dies away. This effect can be simulated by
opening the filter as the note starts and then gradually sweeping the cut-off fre-
quency down to create the effect of the note dying away.

Notably, when using this effect, frequencies that lie above the cut-off point are
not attenuated at right angles to the cut-off frequency; therefore, the rate at
which they die away will depend on the transition period. This is why different
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filters that essentially perform the same function can make beautiful sweeps,
whilst others can produce quite uneventful results (Figure 1.12).

When a cut-off point is designated, small quantities of the harmonics that lie
above this point are not removed completely and are instead attenuated by a
certain degree. The degree of attenuation is dependent on the transition band
of the filter being used. The gradient of this transition is important because it
defines the sound of any one particular filter. If the slope is steep, the filter is
said to be ‘sharp” and if the slope is more gradual the filter is said to be ‘soft’.
To fully understand the action of this transition, some prior knowledge of the
electronics involved in analogue synthesizer is required.

When the first analogue synthesizers appeared in the 1960s, different voltages
were used to control both the oscillators and the filters. Any harmonics pro-
duced by the oscillators could be removed gradually by physically manipu-
lating the electrical current. This was achieved using a resistor (to reduce the
voltage) and a capacitor (to store a voltage), a system that is often referred to
as a resistor-capacitor (RC) circuit. Because a single RC circuit produces a 6dB
transition, the attenuation increases by 6 dB every time a frequency is doubled.

One RC element creates a 6 dB per octave 1-pole filter that is very similar to the
gentle slope created by a mixing desks EQ. Consequently, manufacturers soon
implemented additional RC elements into their designs to create 2-pole fil-
ters, which attenuated 12 dB per octave, and 4-pole filters, to provide 24 dB per
octave attenuation. Because 4-pole filters attenuate 24 dB per octave, making
substantial changes to the sound, they tend to sound more synthesized than
sounds created by a 2-pole filter; so it's important to decide which transition
period is best suited to the sound. For example, if a 24 dB filter is used to sweep
a pad, it will result in strong attenuation throughout the sweep, while a 12dB
will create a more natural flowing movement (Figure 1.13).

If there is more than one of these available, some synthesizers allow them to be
connected in series or parallel, which gives more control over the timbre from
the oscillators. This means that two 12 dB filters could be summed together to
produce a 24 dB transition, or one 24 dB filter could be used in isolation for
aggressive tonal adjustments with the following 12 dB filter used to perform a
real-time filter sweep.

FIGURE 1.12
Action of the low-pass
filter
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Although low-pass filters are the most commonly used type, there are numer-
ous variations including high pass, band pass, and notch and comb. These
utilize the same transition periods as the low-pass filter but each has a widely
different effect on the sound (Figure 1.14).

A high-pass filter has the opposite effect to a low-pass filter, first removing the
low frequencies from the sound and gradually moving towards the highest.
This is less useful than the low-pass filter because it effectively removes the fun-
damental frequency of the sound, leaving only the fizzy harmonic overtones.
Because of this, high-pass filters are rarely used in the creation of instruments
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and are predominantly used to create effervescent sound effects or bright tim-
bres that can be laid over the top of another low-pass sound to increase the
harmonic content.

The typical euphoric trance leads are a good example of this, as they are often cre-
ated from a tone with the fundamental overlaid with numerous other tones that
have been created using a high-pass filter. This prevents the timbre from becom-
ing too muddy as a consequence of stacking together fundamental frequencies. In
both remixing and dance music, it's commonplace to run a high-pass filter over an
entire mix to eliminate the lower frequencies, creating an effect similar to a transis-
tor radio or a telephone. By reducing the cut-off control, gradually or immediately,
the track morphs from a thin sound to a fatter one, which can produce a dramatic
effect in the right context.

If high- and low-pass filters are connected in series, then it's possible to cre-
ate a band-pass, or band-select, filter. These permit a set of frequencies to pass
unaltered through the filter while the frequencies either side of the two filters
are attenuated. The frequencies that pass through unaltered are known as the
‘bandwidth’ or the ‘band pass’ of the filter, and clearly, if the low pass is set to
attenuate a range of frequencies that are above the current high-pass setting, no
frequencies will pass through and no sound is produced.

Band-pass filters, like high-pass filters, are often used to create timbres con-
sisting of fizzy harmonics (Figure 1.15). They can also be used to determine
the frequency content of a waveform, as by sweeping through the frequencies
each individual harmonic can be heard. Because this type of filter frequently
removes the fundamental, it is often used as the basis of sound effects or lo-fi
and trip-hop timbres or to create very thin sounds that will form the basis of
sound effects.

Although band-pass filters can be used to thin a sound, they should not be
confused with band-reject filters, which can be used for a similar purpose.
Band-reject filters, often referred to as notch filters, attenuate a selected range
of frequencies effectively creating a notch in the sound - hence the name -
and usually leave the fundamental unaffected. This type of filter is handy for

FIGURE 1.15
Action of the band-
pass filter
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scooping out frequencies, thinning out a sound while leaving the fundamental
intact, making them useful for creating timbres that contain a discernable pitch
but do not have a high level of harmonic content (Figure 1.16).

One final form of filter is the comb filter. With these, some of the samples
entering the filter are delayed in time and the output is then fed back into
the filter to be reprocessed to produce the results, effectively creating a comb
appearance, hence the name. Using this method, sounds can be tuned to
amplify or reduce specific harmonics based on the length of the delay and the
sample rate, making it useful for creating complex sounding timbres that can-
not be accomplished any other way. Because of the way they operate, however,
it is rare to find these featured on a synthesizer and are usually available only
as a third-party effect.

As an example, if a 1 kHz signal is put through the filter with a 1 ms delay, the
signal will result in phase because 1 ms is coincident with the inputted signal,
equalling one. However, if a 500 Hz signal with a 1 ms delay were used instead,
it would be half of the period length and so would be shifted out of phase
by 180°, resulting in a zero. It's this constructive and deconstructive period
that creates the continual bump then dip in harmonics, resulting in a comb-
like appearance when represented graphically, as in Figure 1.17. This method
applies to all frequencies, with integer multiples of 1kHz producing ones and
odd multiples of 500Hz (1.5, 2.5, 3.5kHz etc.) producing zeros. The effect of
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FIGURE 1.18
The effect of resonance

using this filter can at best be described as highly resonant, and forms the basis
of flanger effects; therefore, its use is commonly limited to sound design rather
than the more basic sound sculpting.

One final element of sound manipulation in a synthesizer’s filter section is the
resonance control. Also referred to as peak, this refers to the amount of the
output of the filter that is fed back directly into the input, emphasizing any fre-
quencies that are situated around the cut-off frequency. This has a similar effect
to employing a band-pass filter at the cut-off point, effectively creating a peak.
Although this also affects the filter’s transition period, it is more noticeable at
the actual cut-off frequency than anywhere else. Indeed, as you sweep through
the cut-off range the resonance follows the curve, continually peaking at the
cut-off point. In terms of the final sound, increasing the resonance makes the
filter sound more dramatic and is particularly effective when used in conjunc-
tion with low-pass filter sweeps (Figure 1.18).

On many analogue and DSP-analogue-modelled synthesizers, if the resonance
is turned up high enough it will feed back on itself. As more and more of the
signal is fed back, the signal is exaggerated until the filter breaks into self-
oscillation. This produces a sine wave with a frequency equal to that of the set
cut-off point and is often a purer sine wave than that produced by the oscilla-
tors. Because of this, self-oscillating filters are commonly used to create deep,
powerful sub-basses that are particularly suited to the drum ‘n” bass and rap
genres.

Notably, some filters may also feature a saturation parameter which essentially
overdrives the filters. If applied heavily, this can be used to create distortion
effects, but more often it’s used to thicken out timbres and add even more har-
monics and partials to the signal to create rich sounding leads or basses.

The keyboard’s pitch can also be closely related to the action of the filters,
using a method known as pitch tracking, keyboard scaling or more frequently
‘key follow’. On many synthesizers the depth of this parameter is adjustable,
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The effect of filter key
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allowing you to determine how much or how little the filter should follow
the pitch.

When this parameter is set to its neutral state (neither negative nor positive), as
a note is played on the keyboard the cut-off frequency tracks the pitch and each
note is subjected to the same level of filtering. If this is used on a low-pass fil-
ter, for example, the filter setting remains fixed, so as progressively higher notes
are played fewer and fewer harmonics will be present in the sound, making
the timbre of the higher notes mellower than that of the lower notes. If the key
follow parameter is set to positive, the higher notes will have a higher cut-off
frequency and the high notes will remain bright (Figure 1.19). If, on the other
hand, the key follow parameter is set to negative, the higher notes will lower
the cut-off frequency, making the high notes even mellower than when key fol-
low is set to its neutral state. Key follow is useful for recreating real instruments
such as brass, where the higher notes are often mellower than the lower notes,
and is also useful on complex bass lines that jump over an octave, adding fur-
ther variation to a rhythm.

VOLTAGE-CONTROLLED AMPLIFIER (VCA)

Once the filters have sculpted a sound, the signal then moves into the final stage
of synthesizer: the amplifier. When a key is pressed, rather than the volume
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rising immediately to its maximum and falling to zero when released, an ‘enve-
lope generator’ is employed to emulate the nuances of real instruments.

Few, if any, acoustic instruments start and stop immediately. It takes a finite
amount of time for the sound to reach its amplitude and then decay away to
silence again; thus, the ‘envelope generator’ - a feature of all synthesizers - can
be used to shape the volume with respect to time. This allows you to control
whether a sound starts instantly the moment a key is pressed or builds up gradu-
ally and how the sound dies away (quickly or slowly) when the key is released.
These controls usually comprise four sections called attack, decay, sustain, and
release (ADSR), each of which determines the shaping that occurs at certain
points during the length of a note. An example of this is shown in Figure 1.20.

m  Attack: The attack control determines how the note starts from the point
when the key is pressed and the period of time it takes for the sound
to go from silence to full volume. If the period set is quite long, the
sound will ‘fade in’, as if you are slowly turning up a volume knob. If the
period set is short, the sound will start the instant a key is pressed. Most
instruments utilize a very short attack time.

m Decay: Immediately after a note has begun it may initially decay in vol-
ume. For instance, a piano note starts with a very loud, percussive part
but then drops quickly to a lower volume while the note sustains as the
key is held down. The time the note takes to fade from the initial peak at
the attack stage to the sustain level is known as the ‘decay time’.

m Sustain: The sustain period occurs after the initial attack and decay peri-
ods and determines the volume of the note while the key is held down.
This means that if the sustain level is set to maximum, any decay period

FIGURE 1.20
The ADSR envelope
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The TADSR envelope

will be ineffective, because at the attack stage the volume is at maximum
and so there is no level to decay down to. Conversely, if the sustain
level were set to zero, the sound peaks following the attack period and
will fade to nothing even if you continue to hold down the key. In this
instance, the decay time determines how quickly the sound decays down
to silence.

m Release: The release period is the time it takes for the sound to fade from
the sustain level to silence after the key has been released. If this is set to
zero, the sound will stop the instant the key is released, while if a high
value is set the note will continue to sound, fading away as the key is
released.

Although ADSR envelopes are the most common, there are some subtle varia-
tions such as attack-release (AR), time-attack-delay-sustain-release (TADSR),
and attack-delay-sustain-time-release (ADSTR). Because there are no decay or
sustain elements contained in most drum timbres, AR envelopes are often used
on drum synthesizers. They can also appear on more economical synthesizers
simply because the AR parameters are regarded as having the most significant
effect on a sound, making them a basic requirement. Both TADSR and ADSTR
envelopes are usually found on more expensive synthesizers. With the addi-
tional period, T (time), in TADSR, for instance, it is possible to set the amount
of time that passes before the attack stage is reached (Figure 1.21).

It's also important to note that not all envelopes offer linear transitions,
meaning that the attack, decay and release stages will not necessarily consist
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Linear and exponential envelopes

entirely of a straight line as it is shown in Figure 1.22. On some synthesizers
these stages may be concave or convex, while other synthesizers may allow
you to state whether the envelope stages should be linear, concave, or convex.
The differences between the linear and the exponential envelopes are shown in
Figure 1.22.

MODIFIERS

Most synthesizers also offer additional tools for manipulating sound in the
form of modulation sources and destinations. Using these tools, the response
or movement of one parameter can be used to modify another totally indepen-
dent parameter, hence the name ‘modifiers’

The number of modifiers available, along with the destinations they can affect,
is entirely dependent on the synthesizer. Many synthesizers feature a number
of envelope generators that allow the action of other parameters alongside the
amplifier to be controlled.

For example, in many synthesizers, an envelope may be used to modify the fil-
ter's action and by doing so you can make tonal changes to the note while it
plays. A typical example of this is the squelchy bass sound used in most dance
music. By having a zero attack, short decay and zero sustain level on the enve-
lope generator, a sound that starts with the filter wide open before quickly
sweeping down to fully closed is produced. This movement is archetypal to
most forms of dance music but does not necessarily have to be produced by
envelopes. Instead, some synthesizers offer one-shot low-frequency oscilla-
tors (LFOs) which can be used in the envelope’s place. For instance, by using
a triangle waveform LFO to modulate the amp, there is a slow rise in volume
before a slowdrop again.

CHAPTER1 e



LOW-FREQUENCY OSCILLATOR

LFOs produce output frequencies in much the same way as VCOs. The differ-
ence is that a VCO produces an audible frequency (within the 20 Hz-20kHz
range) while an LFO produces a signal with a relatively low frequency that is
inaudible to the human ear (in the range 1-10Hz).

The waveforms an LFO can utilize depend entirely upon the synthesizer in
question, but they commonly employ sine, saw, triangle, square, and sample
and hold waveforms. The sample and hold waveform is usually constructed
with a randomly generated noise waveform that momentarily freezes every few
samples before beginning again.

LFOs should not be underestimated because they can be used to modulate
other parameters, known as ‘destination’, to introduce additional movement
into a sound. For instance, if an LFO is set to a relatively high frequency, say
5Hz, to modulate the pitch of a VCO, the pitch of the oscillator will rise and
fall according to the speed and shape of the LFO waveform and an effect simi-
lar to that of vibrato is generated. If a sine wave is used for the LFO, then it will
essentially create an effect similar to that of a wailing police siren. Alternatively,
if this same LFO is used to modulate the filter cut-off, then the filter will open
and close at a speed determined by the LFO, while if it were used to modulate
an oscillator’s volume, it would rise and fall in volume recreating a tremolo
effect.

This means that an LFO must have an amount control (sometimes known as
depth) for varying how much the LFO’s waveform augments the destination,
a rate control to control the speed of the LFO’s waveform cycles, and a fade-in
control in some. The fade-in control adjusts how quickly the LFO begins to
affect the waveform after a key has been pressed. An example of this is shown
in Figure 1.23.

The LFO on more capable synthesizers may also have access to its own enve-
lope. This gives control of the LFO’s performance over a specified time period,
allowing it not only to fade in after a key has been pressed but also to decay,
sustain, and fade away gradually. It is worth noting, however, that the desti-
nations an LFO can modulate are entirely dependent on the synthesizer being
used. Some synthesizers may only allow LFOs to modulate the oscillator’s pitch
and the filter, while others may offer multiple destinations and more LFOs.
Obviously, the more LFOs and destinations that are available, the more creative
options you will have at your disposal.

If required, further modulation can be applied with an attached controller
keyboard or the synthesizer itself in the form of two modulation wheels. The
first, pitch bend, is hard-wired and provides a convenient method of apply-
ing a modulating CV to the oscillator(s). By pushing the wheel away from
you, you can bend the pitch (i.e. frequency) of the oscillator up. Similarly, you
can bend the pitch down by pulling the wheel towards you. This wheel is nor-
mally spring loaded to return to the centre position, where no bend is applied,
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LFO fade-in

if you let go of it, and is commonly used in synthesizer solos to give additional
expression. The second wheel, modulation, is freely assignable and offers a
convenient method of controlling any on-board parameters, such as the level
of the LFO signal sent to the oscillator, filter or VCA or to control the filter cut-
off directly. Again, whether this wheel is assignable will depend on the manu-
facturer of the synthesizer.

On some synthesizers the wheels are hard coded to only allow oscillator modu-
lation (for a vibrato effect), while some others do not have a separate modula-
tion wheel and instead the pitch bend lever can be pushed forward to produce
LFO modulation.

PRACTICAL APPLICATIONS

While there are other forms of synthesis — which will be discussed later in this
chapter — most synthesizers used in the production of dance music are of an
analogue/subtractive nature; therefore, it is vital that the user grasps the con-
cepts behind all the elements of subtractive synthesis and how they can work
together to produce a final timbre. With this in mind, it is sensible to experi-
ment with a short example to aid in the understanding of the components.

Using the synthesizer of your choice, clear all the current settings so that you
start from nothing. On many synthesizers, this is known as ‘initializing a
patch’, so it may be a button labelled ‘init’, ‘init patch’ or similar.

Begin by pressing and holding C3 on your synthesizer, or alternatively con-
trolling the synthesizer via MIDI programme in a continual note. If not, place
something heavy on C3. The whole purpose of this exercise is to hear how the




sound develops as you begin to modify the controls of the synthesizer, so the
note needs to play continually.

Select sawtooth waves for two oscillators; if there is a third oscillator that you
cannot turn off, choose a triangle for this third oscillator. Next, detune one
sawtooth from the other until the timbre begins to thicken. This is a tutorial
to grasp the concept of synthesis, so keep detuning until you hear the oscil-
lators separate from one another and then move back until they become one
again and the timbre is thickened out. Generally speaking, detuning of 3 cents
should be ample but do not be afraid to experiment - this is a learning process.
If you are using a triangle wave, detune this against the two saws and listen to
the results. Once you have a timbre you feel you can work with, move onto the
next step.

Find the VCA envelope and start experimenting. You will need to release C3
and then press it again so you can hear the effect that the envelope is having
on the timbre. Experiment with these envelopes until you have a good grasp
on how they can adjust the shape of a timbre; once you're happy you have an
understanding, apply a fast attack with a short decay, medium sustain and a
long release. As before, for this next step you will need to keep C3 depressed.

Find the filter section, and experiment with the filter settings. Start by using
a high-pass filter with the resonance set around midway and slowly turn the
filter cut-off control. Note how the filter sweeps through the sound, removing
the lower frequencies first, slowly progressing to the higher frequencies. Also
experiment with the resonance by rotating it to move upwards and downwards
and note how this affects the timbre. Do the same with the notch and band
pass etc. (if the synthesizer has these available) before finally moving to the
low pass. Set the low-pass filter quite low, along with a low-resonance setting -
you should now have a static buzzing timbre.

The timbre is quite monotonous, so use the filter envelope to inject some life
into the sound. This envelope works on exactly the same principles as the VCA,
with the exception that it will control the filter's movement. Set the filter’s
envelope to a long attack and decay, but use a short release and no sustain and
set the filter envelope to maximum positive modulation. If the synthesizer has
a filter key follow, use this as it will track the pitch of the note being played and
adjust itself. Now try depressing C3 to hear how the filter envelope controls the
filter, essentially sweeping through the frequencies as the note plays.

Finally, to add some more excitement to the timbre, find the LFO section.
Generally, the LFO will have a rotary control to adjust the rate (speed), a selec-
tor switch to choose the LFO waveform, a depth control and a modulation des-
tination. Choose a triangle wave for the LFO waveform, Hold down C3 on the
synthesizer’s keyboard, turn the LFO depth control up to maximum and set the
LFO destination to pitch. As before, hold down the C3 key and slowly rotate
the LFO rate (speed) to hear the results. If you have access to a second LFO,
try modulating the filter cut-off with a square wave LFO, set the LFO depth to
maximum and experiment with the LFO rate again.



If you would like to experiment more with synthesis to help get to grips with
the principles, jump to Chapter 4 for further information on programming spe-
cific synthesizer timbres. Note, however, that different synthesizers will produce
timbres differently and some are more suited to reproducing particular timbres
than others.

OTHER SYNTHESIS METHODS

Frequency Modulation (FM)

FM is a form of synthesizer developed in the early 1970s by Dr John Chowning
of Stanford University, then later developed further by Yamaha, leading to the
release of the now-legendary DX7 synthesizer: a popular source of bass sounds
for numerous dance musicians.

Unlike analogue, FM synthesizer produces sound by using operators, which
are very similar to oscillators in an analogue synthesizer but can only produce
simple sine waves. Sounds are generated by using the output of the first opera-
tor to modulate the pitch of the second, thereby introducing harmonics. Like
an analogue synthesizer, each FM voice requires a minimum of two oscilla-
tors in order to create a basic sound, but because FM only produces sine waves
the timbre produced from just one carrier and modulator isn’t very rich in
harmonics.

In order to remedy this, FM synthesizers provide many operators that can be
configured and connected in any number of ways. Many will not produce
musical results, so to simplify matters various algorithms are used. These algo-
rithms are preset as combinations of modulator and carrier routings. For exam-
ple, one algorithm may consist of a modulator modulating a carrier, which in
turn modulates another carrier, before modulating a modulator that modulates
a carrier to produce the overall timbre. The resulting sound can then be shaped
and modulated further using LFOs, filters and envelopes using the same sub-
tractive methods as in any analogue synthesizer.

This means that it should also be possible to emulate FM synthesizer in an
analogue synthesizer with two oscillators, where the first oscillator acts as a
modulator and the second acts as a carrier. When the keyboard is played, both
oscillators produce their respective waveforms with the frequency dictated by
the particular notes that were pressed. If the first oscillator’s output is routed
into the modulation input of the second oscillator and further notes are played
on the keyboard, both oscillators play their respective notes but the pitch of the
second oscillator will change over time with the frequency of the first, essen-
tially creating a basic FM synthesizer. Although this is, in effect, FM, it is usu-
ally called ‘cross modulation’ in analogue synthesizers.

Due to the nature of FM, many of the timbres created are quite metallic and
digital in character, particularly when compared to the warmth generated by the
drifting of analogue oscillators. Also due to the digital nature of FM synthesizer,




the facia generally contains few real-time controllers. Instead, numerous but-
tons adorn the front panel forcing you to navigate and adjust any parameters
through a small LCD display.

Notably, although both FM and analogue synthesizers were originally used to
reproduce realistic instruments, neither can fabricate truly realistic timbres. If
the goal of the synthesizer system is to recreate the sound of an existing instru-
ment, this can generally be accomplished more accurately using digital sample-
based techniques.

SAMPLES AND SYNTHESIS

Unlike analogue or FM, sample synthesizer utilizes samples in place of the
oscillators. These samples, rather than consisting of whole instrument sounds,
also contain samples of the various stages of a real instrument along with the
sounds produced by normal oscillators. For instance, a typical sample-based
synthesizer may contain five different samples of the attack stage of a piano,
along with a sample of the decay, sustain and release portions of the sound.
This means that it is possible to mix the attack of one sound with the release of
another to produce a complex timbre.

Commonly, up to four of these individual ‘tones’ can be mixed together to pro-
duce a timbre and each of these individual tones can have access to numer-
ous modifiers including LFOs, filters and envelopes. This obviously opens up
a whole host of possibilities not only for emulating real instruments, but also
for creating complex sounds. This method of synthesis has become the de facto
standard for any synthesizer producing realistic instruments. By combining
both samples of real-world sounds with all the editing features and function-
ality of analogue synthesizers, they can offer a huge scope for creating both
realistic and synthesized sounds.

GRANULARSYNTHESIS

One final form of synthesizer that has started to make an appearance with
the evolution of technology is granular synthesizer. It is rare to see a granu-
lar synthesizer employed in hardware synthesizers due to its complexity, but
software synthesizers are being developed for the public market that utilize it.
Essentially, it works by building up sounds from a series of short segments of
sounds called ‘grains’ This is best compared to the way that a film projector
operates, where a series of still images, each slightly different from the last, are
played sequentially at a rate of around 25 pictures per second, fooling the eyes
and brain into believing there is a smooth continual movement.

A granular synthesizer operates in the same manner with tiny fragments of
sound rather than still images. By joining a number of these grains together, an
overall tone is produced that develops over a period of time. To do this, each
grain must be less than 30 ms in length as, generally speaking, the human ear
is unable to determine a single sound if they are less than 30-50 ms apart. This



also means that a certain amount of control has to be offered over each grain.
In any one sound there can be anything from 200 to 1000 grains, which is the
main reason why this form of synthesizer appears mostly in the form of soft-
ware. Typically, a granular synthesizer will offer most, but not necessarily all, of
the following five parameters:

Grain length: This can be used to alter the length of each individual
grain. As previously mentioned, the human ear can differentiate between
two grains if they are more than 30-50 ms apart, but many granular syn-
thesizers usually go above this range, covering 20-100 ms. By setting this
length to a higher value, it's possible to create a pulsing effect.

Density: This is the percentage of grains that are created by the synthe-
sizer. Generally, it can be said that the more the grains created, the more
complex a sound will be, a factor that is also dependent on the grain
shape.

Grain shape: Commonly, this offers a number between 0 and 200 and
represents the curve of the envelopes. Grains are normally enveloped so
that they start and finish at zero amplitude, helping the individual grains
mix together coherently to produce the overall sound. By setting a lon-
ger envelope (a higher number) two individual grains will mix together,
which can create too many harmonics and often result in the sound
exhibiting lots of clicks as it fades from one grain to the other.

Grain pan: This is used to specify the location within the stereo image
where each grain is created. This is particularly useful for creating tim-
bres that inhabit both speakers.

Spacing: This is used to alter the period of time between each grain.
If the time is set to a negative value, the preceding grain will continue
through the next created grain. This means that setting a positive value
inserts space between each grain; however, if this space is less than
30ms, the gap will be inaudible.

The sound produced with granular synthesizer depends on the synthesizer in
question. Usually, the grains consist of single frequencies with specific wave-
forms or occasionally they are formed from segments of samples or noise that
have been filtered with a band-pass filter. Thus, the constant change of grains
can produce sounds that are both bright and incredibly complex, resulting in a
timbre that's best described as glistening. After creating this sound by combing
the grains, the whole sound can be shaped by using envelopes, filters and LFOs.
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CHAPTERRZ2

and Effects

'Compression plays a major part of my sound. | have

them patched across every output of the desk...’
Armand Van Helden

Armed with the basic understanding of synthesis, we can examine the various pro-
cessors and effects that are available. This is because the deliberate abuse of these
processors and effects play a vital role in not only the sound design process but
also the requisite feel of the music, so it pays to understand what they are, how
they affect the audio and how a mixing desk can determine the outcome of the
effect. Consequently, this chapter concentrates on the behaviours of the different
processors and effects that are widely used in the design and production of dance
music, including reverb, chorus, phasers, flangers, delay, EQ, distortion, gates, limit-
ers and, perhaps the most important of all, compressors.

Of all the effects and processors available, a compressor is possibly the most
vital tool to achieve that atypical sound heard on so many dance records, so a
thorough understanding of it is essential. Without compression, drums appear
wimpy in comparison to the chest thudding results heard in professionally
produced music, mixes can appear lacking in depth and basses, and vocals and
leads can lack any real presence. Despite its importance, however, the compres-
sor is the least understood processor of them all.

COMPRESSION THEORY

The whole reason a compressor was originally introduced was to reduce the
dynamic range of a performance, which is particularly vital when working with
any form of music. Whenever you record any sound into a computer, sampler
or recording device, you should aim to capture the loudest signal possible so
that you can avoid artificially increasing the volume afterwards. This is because
if you record a source that’s too low in volume and then attempt to artificially
increase it later, not only will it increase the volume of the recorded source, it'll
also increase any background noise.
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To prevent this, you need to record a signal as loud as possible but the problem
is that vocals and ‘real’ instruments have a huge dynamic range. In other words,
the vocals, for example, can be quiet in one part and suddenly become loud
in the next (especially when moving from verse to chorus). Consequently, it's
impossible to set a good average recording level with so much dynamic move-
ment since if you set the recording level to capture the quiet sections, when
it becomes louder the recording will go into the red clip. Conversely, setting
the recorder so that the loud sections do not clip, any quieter sections will be
exposed to more background noise.

Of course, you could sit by the recording fader and increase or decrease the
recording levels depending on the section being recorded but this would mean
that you need lightening reflexes. Instead, it's much easier to employ a com-
pressor to control the levels automatically. By routing the source sound through
a compressor and then into the recorder, you can set a threshold on the com-
pressor so that any sounds that exceed this are automatically pulled down in
volume, thus allowing you to record at a more substantial volume overall.

A compressor can also be used to control the dynamics of a sound while mixing.
For example, a dance track that uses a real bass guitar will have a fairly wide
dynamic range, even if it was compressed during the recording stage. This will
cause problems within a mix because if the volume is adjusted so that the loudest
parts fit well within the mix, the quieter parts may disappear behind other instru-
mentation. Conversely, if the fader is set so that quieter sections can be heard over
other instruments, the loud parts could be too prominent. Using compression
more heavily on this sound during the mixing stage, the dynamic range can be
restricted, allowing the sound to sit better overall within the final mix.

Although these are the key reasons why compressors were first introduced, it
has further, far-reaching applications for the dance musician and a compres-
sor’s action has been abused to produce the typical dance sound.

Since the signals that exceed the threshold are reduced in gain, the parts that
do not exceed the threshold aren’t touched, so they remain at the same vol-
ume as they were before compression. In other words, the difference in volume
between the loudest and the quietest parts of the recording are reduced, which
means that any uncompressed signals will become louder relative to the com-
pressed parts. This effectively boosts the average signal level, which in turn not
only allows you to push the volume up further but also makes it sound louder
(Figures 2.1 and 2.2).

Note that after reducing the dynamic range of audio it may be perceived to
be louder without actually increasing the gain. This is because we determine
the overall volume of music from the average volume (measured in root mean
square, RMS), not from the transient peaks created by kick drums.

Nevertheless, applying heavy compression to certain elements of a dance mix
can change the overall character of the timbre, often resulting in a warmer,
smoother and rounder tone, a sound typical of most dance tracks around today.
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While there are numerous publications stating the ‘typical’ compression set-
tings to use, the truth is that there are no generic settings for any particular genre
of music and its use depends entirely on the timbres that have been used. For
instance, a kick drum sample from a record will require a different approach than
a kick drum constructed in a synthesizer, while if sampled from a CD, synthesizer
or film different approaches are required again. Therefore, rather than attempt

FIGURE 2.1
A drum loop waveform
before compression

FIGURE 2.2

A drum loop waveform
after compression
(note how the volume
difference (dynamics)
between instruments
has changed)



to dictate a set list of useless compression settings, you can achieve much bet-
ter results by knowing exactly what effect each control will have on a sound and
how these are used to acquire the sounds typical of each genre.

Threshold

The first control on a compressor is the threshold which when touched upon
sets the signal level where the compressor will begin squashing the incoming
signal. These are commonly calibrated in dB and will work in direct relation-
ship with a gain reduction meter to inform you of how much the compressor
is affecting the incoming signal. In a typical recording situation this control is
set so that the average signal level always lies just below the threshold, and if
any exuberant parts exceed it, the compressor will jump into action and the
gain will be reduced to prevent any clipping.

Ratio

The amount of gain reduction that takes place after a sound exceeds the thresh-
old is set using a ratio control. Expressed in ratios, this control is used to set
the dynamic range the compressor affects, indicating the difference between
the signals entering the compressor that exceed the threshold to the levels that
come out of the other end.

For example, if the ratio is 4:1, every time the incoming signal exceeds the
threshold by 4dB, the compressor will squash the signal so that there is only
a 1dB increase at the output of the compressor. Similarly, if the ratio set is 6:1,
an increase at the compressor’s output of 1dB will occur when the threshold is
exceeded by 6dB and likewise for ratios of 8:1, 10:1 and so on. Subsequently,
the gain reduction ratio always remains constant no matter how much com-
pression takes place. In most compressors these range from 1:1 up to 10:1 and
may, in some cases, also offer infinity:1.

From this we can determine that if a sound exceeds a predefined threshold, the
compressor will squash the signal by the amount set with the ratio control. The
problem with this approach, however, is that we gain a significant amount of
information about sounds from their initial attack stage, and if the compressor
jumps in instantaneously on an exceeded signal, it will squash the transients
which reduces its high frequency (HF) content.

For instance, if you are to set up a compressor to squash a snare drum, the
compressor will clamp down on the attack stage which in effect diminishes the
initial transients reducing it to a ‘thunk’ What's more, this instantaneous action
will also appear when the sound drops below the threshold again as the com-
pressor stops processing the audio. This can be especially evident when com-
pressing low-frequency (LF) waveforms such as basses since compressors can
apply gain changes during a waveform's period.

In other words, if a low-frequency waveform, such as a sustained bass note,
is squashed the compressor may treat the positive and negative states of



the waveform as different signals and continually activate and deactivate. The
result of this is an unpleasant distortion of the waveform. To prevent this from
occurring, compressors will feature attack and release parameters.

Attack/Release

Both these parameters behave in a manner similar to those on a synthesizer
but control how quickly the volume is pulled down and how long it takes to
rise back to its nominal level after the signal has fallen below the threshold.
In other words, the attack parameter defines how long the compressor takes to
reach maximum gain reduction while the release parameter determines how
long the compressor will wait after the signal has dropped below the threshold
before processing stops.

This raises the obvious question that if the attack is set so that it doesn’t clamp
down on the initial attack of the source sound, it could introduce distortion/
clipping before the compressor activates. While this is true, in practice very
short, sharp signals do not always overload an analogue recorder since these
usually have enough headroom to let small transients through without intro-
ducing any unwanted artefacts. This isn’t the case with digital recorders, though,
and any signals that are beyond the limit of digital can result in clipping,
so it's quite usual to follow a compressor with a limiter or, if the compressor
features a knee mode, set it to use a soft knee.

Soft/Hard Knee

All compressors will utilize either soft or hard knee compression but some will
offer the option to switch between the two modes. These are not controllable
parameters but dictate the shape of the envelope’s curve, and hence the charac-
teristic of how the compressor behaves when a signal approaches the threshold.
So far we've considered that when a signal exceeds the threshold the compressor
will begin to squash the signal. This immediate action is referred to as hard knee
compression. Soft knee, on the other hand, continually measures the incom-
ing signal, and when it approaches 3-14dB (dependant on the compressor)
towards the current threshold, the compressor starts to apply the gain reduction
gradually.

Generally this will initially start with a ratio of 1:1, and as the signal grows ever
closer to the threshold, it's gradually increased until the threshold is exceeded,
whereby full gain reduction is applied. This allows the compressor’s action to
be less evident and is particularly suitable for use on acoustic guitars and wind
instruments where you don’t necessarily want the action to be evident.

It should be noted that the action of the knee is entirely dependent on the
compressor being used and some can be particularly long starting 12dB
before the threshold while others may start 3 dB before. As a matter of interest,
6-9dB soft knees are considered to offer the most natural compression for
instruments.




Peak/RMS

Not all compressors feature knees, so short transient peaks can sometimes
catch the compressor unaware and ‘sneak’ past unaffected. This is obviously
going to cause problems when recording digitally, so many compressors will
implement a switch for Peak or RMS modes. Compressors that do not fea-
ture these two modes will operate in RMS, which means that the compres-
sor will detect and control signals that stay at an average level rather than the
short sharp transient peaks. As a result, no matter how fast the attack may be
set, there’s a chance that the transients will overshoot the threshold and not
be controlled. This is because by the time the compressor has figured out that
the sound has exceeded the threshold it’s too late - the peak’s been and gone
again. Therefore to control short transient sound such as drum loops, it's often
prudent to engage the peak mode. With this the compressor becomes sensitive
to short sharp peaks and clamps down on them as soon as they come close
to the threshold, rather than after they exceed it. By doing so, the peak can be
controlled before it overshoots the threshold and creates a problem.

While this can be particularly useful when working with drum and percussion
sounds it can create havoc with most other timbres. Keep in mind that many
instruments can exhibit a particularly short, sharp initial attack stage, and if
the compressor perceives these as possible problems, it'll jump down on them
before they overshoot. In doing so, the high-frequency elements of the attack
will be dulled which can make the instrument appear less defined, muddled or
lost within the mix. Therefore, for all instruments bar drums and percussion,
it's advisable to stick with the RMS mode.

Make-Up Gain

The final control on a compressor is the make-up gain. If you've set the thresh-
old, ratio, attack and release correctly, the compressor should compress effectively
and reduce the dynamics in a sound but this compression will also reduce the
overall gain by the amount set by the ratio control. Therefore, whenever com-
pression takes place you can use the make-up gain to bring the signal back up
to its pre-compressed volume level.

Side Chaining

Alongside the physical input and output connections on hardware compres-
sors, many also feature an additional pair of inputs known as side chains. By
inputting an audio signal into these, a sound’s envelope can be used to control
the action that the compressor has on the signal entering the normal inputs.
A good example of this is when a radio DJ begins talking over a record and the
volume of the record lowers so that their voice becomes audible, then when
they stop speaking the record returns to its original volume. This is accom-
plished by feeding the music through the compressor as normal but with the
microphone connected into the side chain. This supersedes the compressor’s
normal operation and uses the signal from the side chain rather than the



threshold as the trigger. Thus, the compressor is triggered when the micro-
phone is spoken into, compressing (in effect lowering the volume of the
music) by the amount set with the ratio control. This technique should only
be viewed as an example to explain the process, though, and more commonly
side chaining is usually used to make space in a mix for the vocals.

In a typical mix, the lead sound will occupy the same frequencies as the human
voice, resulting in a cluttered mid-range if the two are to play together. This can
be avoided if the lead mix is fed into the main inputs of the compressor while
the vocal track is routed into the side chain. With the ratio set at an appro-
priate level (dependent on the tonal characteristics of the lead and vocals) the
lead track will dip when the vocals are present, allowing them to pull through
the mix.

Hold Control

Most compressors that feature a side chain are likely to also have an associ-
ated ‘hold’ control on the facia or employ an automated hold function. This is
employed because a side chain measures the envelope of the incoming signal,
and if both the release and attack are too fast, the compressor may respond
to the cycles of a low-frequency waveform rather than the actual envelope. As
touched upon previously, this can result in the peaks and dips of the wave-
form, activating and deactivating the compressor resulting in distortion. By
using a hold the compressor is forced to wait a finite amount of time (usually
40-60ms on automated hold) before beginning the release phase, which is
longer than the period of a low-frequency waveform.

STANDARD COMPRESSION

Despite the amount of control offered by the average compressor, they are rela-
tively simple to set up for recording audio. As a generalized starting point, it's
advisable to set the ratio at 4:1 and lower the threshold so that the gain reduc-
tion meter reads between -8 and -10dB on the loudest parts of the signal. After
this, the attack parameter should be set to the fastest speed possible and the
release set to approximately 500ms. Using these as preliminary settings, they
can then adjusted further to suit any particular sound.

It's advisable that compression is applied sparingly during the recording stage
because once applied it cannot be removed. Any exuberant parts of the per-
formance should be prevented from forcing the recorder’s meters into the red
while also ensuring that the compressor is as transparent as possible. Solid-state
compressors are more transparent than their valve counterparts and so are better
suited for this purpose.

As a general rule of thumb, the higher the dynamic range of the instrument
being recorded the higher the ratio and the lower the threshold settings need
to be. These settings help to keep the varying dynamics under tighter control




and prevent too much fluctuation throughout the performance. Additionally,
if the choice between hard or soft knee is available, the structure of the timbre
should be taken into account. To retain a sharp, bright attack stage, hard knee
compression with an attack setting that allows the initial transient to sneak
through unmolested should be used, provided of course that the transient is
unlikely to bypass the compression. In these instances, and to capture a more
natural sound, soft knee compression should be used.

Finally, the release period should be set as short as possible but not so short
that the effect is noticeable when the compressor stops processing. After setting
the release at 500 ms, the time should be continually reduced until the process-
ing is noticeable and then increased slowly until it isn't.

Some compressors feature an automode for the release that uses a fast release
on transient hits and a slower time for smaller peaks, making this task easier.

The settings shown in Table 2.1 are naturally only starting points and too much
compression should be avoided during the recording stage, something that can
only be accomplished by setting both the ratio and the threshold control care-
fully. This involves setting the compressor to squash audio but ensuring that it
stops processing and that the gain reduction meter drops to 0dB (i.e. no signal
is being compressed) during any silent passages.

As a more practical example, with a simple four to the floor kick running
through the compressor and the ratio and threshold controls set so that the
gain reduction reads -8dB on each kick, it's necessary to ensure that the gain
reduction meter returns to 0dB during any silent periods. If it doesn't, then the
loop is being overcompressed. If the gain reduction only drops to -2 dB during

Table 2.1 Compression Settings

Attack Release Gain

Compression Parameter Parameter Reduction
Settings Ratio (ms) (ms) (dB) Knee
Starting settings 5-10:1 1-10 40-100 -5to-15 Hard
Drum loop 5-10:1 1-10 40-100 -5to-15 Hard
Bass 4-121  1-10 20 orauto -6to-13 Hard
Leads 2-8:1 3-10 40 orauto -8to-10 Hard
Vocals 2-7:1 1-7 50 orauto -3to-10  Soft
Brass instruments 4-10:1  1-7 30orauto -8to-13 Hard
Electric guitars 8-10:1 2-7 50orauto -5to-12 Hard

Acoustic guitars 5-9:1 5-20 40orauto -5to-12 Hard
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the silence between kicks, then it makes sense that only 6 dB of gain reduction
is actually being applied. This means that every time the compressor activates
it has to jump from 0 to 8 dB, when in reality it only needs to jump in by 6dB.
This additional 2dB of gain will distort the transient that follows the silence,
making it necessary for the gain reduction to be adjusted accordingly.

PRACTICAL COMPRESSION

While it is generally worth avoiding any evident compression during the
recording stage, deliberately making the compressor’s action evident forms
a fundamental part of creating the typical sound of dance music. To better
describe this, we’ll use a drum loop to experiment upon. This is a typical dance
drum loop consisting of a kick, snare, closed and open hi-hats (Figure 2.3).

The data CD contains the drum loop.

It's clear from looking/listening to the drum loop that the greatest energy —
that is the loudest part of the loop - is derived from the kick drum. With this
in mind, if a compressor is inserted across this particular drum loop and the
threshold is set just below the peak level of the loudest part, each consecutive
kick will activate the compressor.

If you have access to a wave editor, open the file in the wave editor and open
a compressor plug-in. If you work in hardware, set up the compressor across

FIGURE 2.3
The waveform of the
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the drum loop as an insert (if you don't understand insert effects yet, it is dis-
cussed in the next chapter; go there and return here when you understand the
principles).

Now, set the threshold just below the peak level of the kick drum. You can do
this by watching the gain reduction meter and ensuring it moves every time
a kick occurs. Set the ratio to 4:1, the attack time fast and then while play-
ing back the loop, experiment with the release time. Note that as the release
is shortened, the loop begins to pump more dramatically. This is a result of
the compressor activating on the kick, then quickly releasing when the kick
drops below the threshold. The result is a rapid change in volume, producing a
pumping effect as the compressor activates and deactivates on each kick.

The data CD contains the drum loop compressed.

This is known as ‘gain pumping’ and, although frowned upon in some areas
of music, is deliberately used in dance and popular music to give a track a
more dynamic feel. The exact timing of the release will depend entirely on
the tempo of the drum loop and must be short enough for the compressor to
recover before the next kick. Similarly, the release must be long enough for this
effect to sound natural, so it’s best to keep the loop repeated over four bars and
experiment with the attack and release parameters until the required sound is
achieved.

If we expand on this principle further and add a bass line, pad and chords to
the previously compressed loop and compress it again in the same way (i.e.
with a short release), the entire mix will pump energetically. As the kick is still
controlling the compressor (and provided that the release isn't too short or
long), every time a kick occurs the rest of the instruments will drop in volume,
which accentuates the overall rthythm of the piece.

Gain pumping is also useful when applied across the whole mix, even though
each element in the mix may already have been compressed in isolation. Gain
pumping across the whole mix is used to balance areas in the track where
instruments are dropped in and out. When fewer instruments play, the gain
of the mix will be perceived as lower than when all the instruments play
simultaneously. The overall level can be controlled by strapping a compressor
across the mixing desk’s main stereo bus (more on this in later chapters), to
make the mix pump with energy.

Gain pumping across the entire mix (‘mix pumping’) should be applied with
caution because if the mix is pumped too heavily it will sound strange. Setting
a 20-30ms attack with a 250ms release and a low threshold and ratio to
reduce the range by 2dB or so should be sufficient to produce a mix that has
the ‘right’ feel.



That said, there is a trend emerging where gain pumping is becoming an actual
part of the music, such as Eric Prydz's Valerie, but this is applied in a differ-
ent manner, using the compressor’s side chain. To accomplish this effect, you
require a mix and an individual kick loop that is in tempo with the mix.

The data CD contains parts required for this example.

If you don't have any available, track 3 of the CD contains these parts. Place
the mix into one channel of a sequencer and drop the kick drum onto a sec-
ond channel. Set up a compressor on the kick drum channel, use the kick
as a side chain and feed the mix into the main compressor’s inputs. Set the
ratio to 4:1, with a fast attack and release, and if the compressor features it,
set it to Peak (or turn RMS off). Begin playback of both channels and slowly
reduce the threshold; the entire mix will pump with every kick. This can be
used more creatively to create a gated pad effect.

The data CD contains an example of gain pumping.

This technique can also be used in hip-hop, rap, house and big beat to help cre-
ate room in the mix. Since these often have particularly loud bass elements that
play consecutively with the kick, the different sounds can conflict, muddying the
bottom end of the mix. This can be prevented by feeding the kick drum separately
into the side-chain inputs of the compressor, with the ratio set to 3:1, with a fast
attack and medium release (depending on the sound). If the bass is fed into the
compressor's main inputs, every time the kick occurs the bass will drop in vol-
ume, making space for the kick thereby preventing any conflicts.

Compression can also be used on individual sounds to change the tonal con-
tent of a sound. For example, by using heavy compression (a low threshold
and high ratio) on an isolated snare drum, the snare’s attack avoids compres-
sion but the decay is squashed which brings it up to the attack’s gain level.
This technique is often employed to create the snare ‘thwack’ typical of trance,
techno and house music styles. Similarly, if a deeper, duller, speaker-mashing,
kick drum ‘thud’ is required the compressor’s attack should be set as short
as possible so that it clamps down hard on the initial attack of the kick. This
eradicates much of the initial high frequency content, and as the volume is
increased with the compressor’'s make-up control, a deeper and much more
substantial ‘thud’ is produced.

It is, however, important to note that the overall quality of compression depends
entirely on the type of compressor being used. Compressors are one of two types:
solid-state or valve. Solid-state compressors use digital circuitry throughout and




will not tend to pump as heavily or sound as good as those that utilize valve
technology. Some valve compressors will be solid state in the most part, using
a valve only at the compressor’s make-up gain. Solid-state compressors are usu-
ally more transparent than their valve-based counterparts and are used during
the recording stages. Valve compressors are typically used after recording to add
warmth to drums, vocals and basses, an effect caused by small amounts of
second-order harmonic distortion that are introduced into the final gain
circuitry! of the compressor. This distortion is a result of the random movement
of electrons which, in the case of valves, occurs at exactly twice the frequency of
the amplified signal. Despite the fact that this distortion only contributes 0.2%
to the amplified signal, the human ear (subjectively!) finds it appealing.

More importantly, the characteristic warmth of a valve compressor differs
according to the model of valve compressor that is used, as each will exhibit
different characteristics. These differences and the variations from compressor
to compressor are the reasons why many dance producers will spend a fortune
on the right compressor and why it isn't uncommon for producers to own a
number of both valve and solid-state types.

Most dance producers agree that solid-state circuitry tends to react faster, pro-
ducing a more defined, less forgiving sound, while valve compressors add
warmth that improves the overall timbre.

While it isn't essential to know why these differences exist from model to
model, it's worth knowing which compressor is most suited to a particular style
of work. Failing that, it also makes for excellent conversation (if you're that way
inclined), so what follows is a quick rundown of the five most popular methods
of compression:

Variable MU

Field effect transistor (FET)
Optical

VCA

Computer-based digital

Variable MU

The first compressors ever to appear on the market were called variable MU
units. This type of compressor uses valves for the gain control circuitry and does
not have an adjustable ratio control. Instead of an adjustable control, the ratio
is increased in proportion to the amount of the incoming signal that exceeds
the threshold. In other words, the more the level overshoots the threshold the
more the ratio increases. While these compressors do offer attack and release
stages, they're not particularly suited towards material with fast transients, even

John Ambrose Fleming originally developed the valve in 1904 but it was 2 years later
that Lee De Forest constructed the first Triode configuration. Edwin Howard Armstrong then
used this to create the first ever valve amplifier in 1912.



with their fastest attack settings. Due to the valve design, the valves run out of
dynamic range relatively quickly, so it's unusual to acquire more than 15-20dB
of gain reduction before the compressor runs out of energy. Nevertheless, vari-
able MU compressors are renowned for their distinctive, phat, lush character,
and can work magic on basses and pumping dance mixes. The most notorious
variable MU compressors are made by Manley and can cost in excess of £3500.

FET

FET compressors use a field effect transistor to vary the gain. These were the first
transistors to emulate the action of valves. They provide incredibly fast attack
and release stages making them an excellent choice for beefing up kick and snare
drums, electric guitars, vocals and synthesizer leads. While they suffer from a lim-
ited dynamic range, if they're pushed hard they can pump very musically and are
perfectly suited for gain pumping a mix. The only major problem is getting your
hands on one. Original FETS are as rare as rocking horse manure, and consequently
second-hand models are incredibly expensive. Reproduction versions of the early
FETs, such as the UREI 1176LN Peak Limiter (approximately £1800) and the LA
Audio Classic IT (approximately £2000), are a worthwhile alternative.

Optical

Optical (or ‘opto’) compressors use a light bulb that reacts to the incoming audio
by glowing brighter or dimmer depending on the incoming sound (seriously!).
A phototransistor tracks the level of illumination from the bulb and changes the
gain. Because the phototransistor must monitor the light bulb before it takes any
action, some latency is created in the compressor’s response, so the more heavily
the compression is applied the longer the envelope times tend to be. Consequently,
most optical compressors utilize soft knee compression. This creates a more natu-
ral attack and release but also means that the compressor is not quick enough to
catch many transients. Despite this, optical compressors are great for compressing
vocals, basses, electric guitars and drum loops, providing that a limiter follows the
compression. (Limiters will be explained later.)

There are plenty of opto compressors to choose from, including the ADL 1500
(approximately £2500), the UREI LA3 and UREI Teletronix LA-2A (approxi-
mately £2900 each), the Joe Meek C2 (approximately £250) and the Joe Meek
SC2.2 (approximately £500). Both Joe Meek units sound particularly smooth
and warm considering their relatively low prices, and for the typical gain pump
synonymous with dance then you could do worse than to pick up the SC2.2.

Notably, all Joe Meek’s compressors are green because after designing his first
unit he decided to spruce it up by colouring it with car aerosol paint and green
was the only colour he could find in the garage at the time.

VCA

VCA compressors offer the fastest envelope times and highest gain reduction
levels of any of the compressors covered so far. These are the compressors most




likely to be found in a typical home studio. As with most things, the quality of a
VCA compressor varies wildly in relation to its price tag. Many of the models
aimed at the more budget conscientious musician reduce the high frequencies
when a high gain reduction is used, regardless of whether you're clamping
down on the transients or not. When used on a full mix these also rarely pro-
duce the pumping energy that is typical of models that are more expensive.
Nevertheless, these types of compressor are suitable for use on any sound. The
most widely celebrated VCA compressor is the Empirical Labs Stereo Distressor
(approximately £2500), which is a digitally controlled analogue compressor
with VCA, solid-state and op amps. This allows switching between the different
methods of compression to suit the sound. Two versions of the Distressor are
available to date: the standard version and the British version. Of the two, the
British version produces a much more natural, warm tone (I'm not just being
patriotic) and is the preferred choice of many dance musicians.

Computer-Based Digital

Computer-based digital compressors are possibly the most precise compres-
sors to use on a sound. Because these compressors are based in the software
domain, they can analyse the incoming audio before it actually reaches the
compressor, allowing them to predict and apply compression without the risk
of any transients sneaking past the compressor. This means that they do not
need to utilize a peak/RMS operation. These digital compressors can emulate
both solid-state, transparent compression and the more obvious, warm, valve
compression at the fraction of the price of a hardware unit. In fact, the Waves
RComp can be switched to emulate an optical compressor. Similarly, the PSP
Vintage Warmer and Sonalksis TBK3 can add an incredible amount of valve
warmth.

The look-ahead functions employed in computer-based compressors can be
emulated in hardware with some creative thought, which can be especially use-
ful if the compressor has no peak function. Using a kick drum as an example,
make a copy of the kick drum track and then delay it in relation to the origi-
nal by 50ms. By then feeding the delayed drum track into the compressor’s
main inputs and the original drum track into the compressor’s side chain, the
original drum track activates the compressor just before the delayed version
goes through the main inputs, in effect creating a look-ahead compressor!

Ultimately, it is advisable not to get too carried away when compressing audio
as it can be easy to destroy the sound while still believing that it sounds better.

This is because louder sounds are invariably perceived as sounding better than
those that are quieter. If the make-up gain on the compressor is set at a higher
level than the inputted signal, even if the compressor was set up by your pet
cat, it will still sound better than the non-compressed version. The incoming
signal must be set at exactly the same level as the output of the compressor so
that when bypassing the compressor to check the results, the difference in vol-
ume doesn’t persuade you that it sounds better.
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Furthermore, while any sounds that are above the threshold will be reduced
in gain, those below it will be increased when the make-up gain is turned up.
While this has the advantage of boosting the average signal level, a compres-
sor does not differentiate between music and unwanted noise. So 15dB of
gain reduction will reduce the peak level to 15dB while the sounds below this
remain the same. Using the make-up gain to bring this back up to its nom-
inal level (i.e. 15dB) any signals that were below the threshold will also be
increased by 15dB, and if there is noise present in the recording, it may
become more noticeable.

Most important of all, dance music relies heavily on the energy of the overall
‘punch’ produced by the kick drum, which comes from the kick drum phys-
ically moving the loudspeaker’s cone in and out. The more the cone is phys-
ically moved, the greater the punch of the kick. This degree of movement is
directly related to the size of the kick’s peak in relation to the rest of the music’s
waveform. If the difference between the peak of the kick and the main body of
the music is reduced too much through heavy compression, it may increase
the average signal level but the kick will not have as much energy since the
dynamic range is restricted, meaning that all the music will move the cone by
the same amount. So, you should be cautious as to how much you compress
otherwise you may lose the excursion which results in a loud yet flat and unex-
citing track with no energetic punch from the kick (Figures 2.4 and 2.5).

LIMITERS

After compression is applied, it's common practice to pass the audio through
a limiter, just in case any transient is not captured by the compressor. Limiters
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FIGURE 2.5

A mix with no excursion
(all the contents of the
mix are almost at equal
volume)

work along similar principles to compressors but rather than compress a sig-
nal by a ratio, they stop signals from ever exceeding the threshold in the first
place. This means that no matter how loud the inputted signal becomes, it will
be squashed down so that it never violates the current threshold setting. This
is referred to as ‘brick wall’ because no sounds can ever exceed the threshold.
Some limiters, however, allow a slight increase in level above the threshold in
an effort to maintain a more natural sound.

A widespread misconception is that if the compressor offers a ratio above 10:1
and is set to this it will act as a limiter but this isn't necessarily always the case.
As we've seen, a compressor is designed to detect an average signal level (RMS)
rather than a peak signal, so even if the attack is set to its fastest response, there’s
a good chance that signal peaks will catch the compressor unaware. The cir-
cuitry within limiters, however, does not employ an attack control, and as soon
as the signal reaches the threshold, it is brought under control instantaneously.
Therefore, if recording a signal that contains plenty of peaks, a limiter placed
directly after the compressor will clamp down on any signals that creep past the
compressor and prevent clipping.

Most limiters are quite simple to use and only feature three controls: an input level,
a threshold and an output gain, but some may also feature a release parameter. The
input is used to set the overall signal level entering the limiter while the threshold
and output gain, like a compressor, are used to set the level where the limiter begins
attenuating the signal and controlling the output level. The release control is not
standard on all limiters, but if included, it's straightforward and allows the time it
takes the limiter to return to its nominal state after limiting to be set. As with com-
pression, however, this must be set cautiously, giving the limiter time to recover
before the next signal is received to avoid distorting the subsequent transients.
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The main purpose of a limiter is to prevent transient signals from overshooting
the threshold. Although there is no need for an additional attack control, some
software plug-ins will make use of one. This is because they employ look-ahead
algorithms that constantly analyse the incoming signal. This allows the limiter to
begin the attack stage just before the peak signal occurs. In most cases, this attack
isn't user definable and a soft or hard setting will be provided instead. Similar to
the knee setting on a compressor, a hard attack activates the limiter as soon as a
peak is close to overshooting. On the other hand, a soft attack has a smoother
curve with a 10 or 20ms timing. This reduces the likelihood that any artefacts
are introduced into the processed audio by jumping in on the audio too quickly.
These software look-ahead limiters are sometimes referred to as ultramaximizers.

As discussed, the types of signals that require limiting are commonly those
with an initial sharp transient peak. As a result, limiters are generally used for
removing the ‘crack’ from snare drums, keeping the kick drum under control,
and are often used on a full track to produce a louder mix during the mastering
process. Like compressors, though, limiters must be used cautiously because
they work on the principle of reducing the dynamic range. That is, the harder
a sound is limited, the more dynamically restricted it becomes. Too much limit-
ing can result in a loud but monotonous sounding signal or mix. On average,
approximately 3-6dB is a reasonable amount of limiting, but the exact figure
depends entirely on the sound or mix. If the sound has already been quite
heavily compressed, it's best to avoid boosting any more than 3 dB at the limit-
ing stage, otherwise any dynamics deliberately left in during the compression
stage may be destroyed (Figures 2.6 and 2.7).

FIGURE 2.6
Drum loop before
limiting
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FIGURE 2.7
Drum loop after limiting

Untitled 1 * =1 *
i A A " ¥ | A A i o

I Wl
W

NOISE GATES

Noise gates can be described as the opposite of compressors. This is because
while a compressor attenuates the level of any signal that exceeds the thresh-
old, a gate can attenuate or remove any signals that are below the threshold.
The main purpose of this is to remove any low-level noise that may be present
during a silent passage. For instance, a typical effect of many commercial dance
tracks is to introduce absolute silence or perhaps a drum kick just before the
reprise so that when the track returns fully, the sudden change from almost
nothing into everything playing at once creates a massive impact. The prob-
lem with this approach, though, is that if there is some low-level noise in the
recording it will be evident when the track falls silent (i.e. noise between the
kicks), which not only sounds cheap but reduces the impact when the rest of
the instruments jump back in. In these instances, by employing a gate it can be
set so that whenever sounds fall below its threshold the gate activates and cre-
ates absolute silence. While in theory this sounds simple enough, in practice
it's all a little more difficult.

Firstly, we need to consider that not all sounds stay at a constant volume
throughout their period. Indeed, some sounds can fluctuate wildly in volume,
which means that they may constantly jump above and below the threshold of
the gate. What's more, if the sound was close to the gates threshold throughout,
with even a slight fluctuation in volume it'll constantly leap above and below the
threshold resulting in an effect known as chattering. To prevent this, gates will
often feature an automated or user-definable hold time. Using this, the gate can
be forced to wait for a predetermined amount of time after the signal has fallen
below the threshold before it begins its release stage, thus avoiding the problem.



The action of this hold function is sometimes confused with a similar gate pro-
cess called hysteresis but the two processes, while accomplishing the same goal,
are very different. Whereas the hold function forces the gate to wait for a pre-
defined amount of time before closing, hysteresis adjusts the threshold’s tolerance
independently for opening and closing the gate. For example, if the threshold was
set at, say, —12dB, the audio signal must breach this before the gate opens but
the signal must fall a few extra dB below —12dB before the gate closes again.
Consequently, while both hold and hysteresis accomplish the same goal in pre-
venting any chatter, it is generally accepted that hysteresis sounds much more
natural than simply using a hold control.

A second problem develops when we consider that not all sounds will start and
stop abruptly. For instance, if you were gating a pad that gradually rose in vol-
ume, it would only be allowed through the gate after it exceeds the predefined
threshold. If this threshold happened to be set quite high, the pad would sud-
denly jump in rather than fade in gradually as it was supposed to. Similarly,
rather than fade away, it would be abruptly cut off as it fell below the thresh-
old again. Of course, you could always lower the threshold, but that may allow
noise to creep in, so gates will also feature attack and release parameters. These
are similar in most respects to a compressor’s envelope in that they allow you
to determine the attack and release times of the gate’s action. Using these on
our example of a pad, by setting the release quite long as soon as the pad falls
below the threshold the gate will enter the release stage and gradually fade out
rather than cut them off abruptly. Likewise, by lengthening the attack on the
gate, the strings will fade in rather than jump in unexpectedly.

The third, and final, problem is that we may not always want to silence any
sounds that fall below the threshold. Suppose that you've recorded a rapper (or
any vocalist for that matter) to drop into the music. He or she will obviously
need to breathe between the verses, and if they're about to scream something
out, they'll need a large intake of breath before starting. This sharp intake of
breath will make its way onto the vocal recording, and while you don’t want it
to be too loud, at the same time you don't want it totally removed either other-
wise it'll sound totally unnatural - the audience instinctively know that vocalists
have to breathe!

Consequently, we need a way of lowering the volume of any sounds that fall
below the threshold rather than totally attenuating them, so many gates (but
not all!) will feature a range control. Fundamentally, this is a volume control
that's calibrated in decibels allowing you to define how much the signal is atten-
uated when it falls below the threshold. The more this is increased, the more the
signal will be reduced in gain until - set at its maximum setting - the gate will
silence the signal altogether. Using this range control on the imaginary rapper,
you could set it quite low so that the volume of the breaths is not too loud but
not too quiet either. By setting the threshold so that only the vocals breach it
and those below are reduced in volume by a small amount, it will sound much
more natural. Furthermore, by setting the gate’s attack to around 100ms or so




as he/she breathes, it will begin at the volume set by the range and then slowly
swell in to the vocal, which produces a much more natural effect.

For this application to work properly, the release time of the gate must be set
cautiously. If it's set too long, the gate may remain open during the silence
between the vocals, which doesn’t allow a new attack stage to be triggered
when they begin to sing again. On the other hand, if it's set too short it can
result in the ‘chattering’ effect described earlier. Consequently, it's prudent to
use the shortest possible decay time possible, yet long enough to provide a
smooth sound. Generally, this is usually somewhere between 50 and 200 ms.

Employed creatively, the range control can also be used to modify the attack
transients of percussive instruments such as pianos, organs or lead sounds (not
on drums, though, these are far too short).

One final aspect of gates is that many will also feature a side-chain connection. In
this context they're often referred to as ‘key’ inputs but nevertheless this connec-
tion behaves in a manner similar to a compressor’s side chain. Fundamentally,
they allow you to insert an audio signal in the key input which can then be used
to control the action of the gate, which in turn affects the audio travelling through
the noise gates normal inputs. This obviously has numerous creative uses but the
most common use is to programme a kick drum rhythm and feed the audio into
the key input. Any signals that are then fed through the gate’s normal inputs will
be gated every time a kick occurs. This action supersedes the gate’s threshold set-
ting but the attack, release, range, hold or hysteresis controls are often still avail-
able allowing you to contour the reaction of the gate on the audio signal.

Another use of this key input is known as ‘ducking’ and many gates will feature
a push button allowing you to engage it. When this is activated, the gate’s pro-
cess is reversed so that any signals that enter the key input will ‘duck’ the vol-
ume of the signal running through the gate. A typical use for this is to connect
a microphone into the key input so that every time you speak, the volume of
the original signal travelling through the gate is ducked in volume. Again, this
supersedes the threshold control, but all of the other parameters are still avail-
able allowing you to contour the action of the signal being ducked, although it
should be noted that the attack time turns into a release control and vice versa.
Also as a side note, some of the more expensive gates will feature a MIDI in port
that prevents you from inserting an audio signal into the key input; instead,
MIDI note on messages can be used to control the action of the gate.

TRANSIENT DESIGNERS

Transient designers are quite simple processors that generally feature only two
controls: an attack and a sustain parameter, both of which allow you to shape
the dynamic envelope of a sound. Fundamentally, this means that you can
alter the attack and sustain characteristics of a pre-recorded audio file the same
as you would when using a synthesizer. While this may initially not seem to be
too impressive, it has a multitude of practical uses.



Since we determine a significant amount of information about a sound through
its attack stage, modifying this can change the appearance of any sound. For
example, if you have a sampled loop and the drum is too loud, by reducing its
attack (and lengthening the sustain so that the sound doesn’t vanish) it will
be moved further back into the mix. In a more creative application, if a groove
has been sampled from a record it allows you to modify the drum sounds into
something else.

Similarly if you've sampled or recorded vocals, pianos, strings or any instru-
ment for that matter, the transient designer can be used to add or remove some
of the attack stage to make the sound more or less prominent while strings and
basses could have a longer sustain applied. Similarly, by reducing the sustain
parameter on the transient designer you could reduce the length of the notes.
Notably, noise gates can also be used to create the effect of a transient designer
and, like the previously discussed processors, these can be an invaluable tool
to a dance producer; we'll be looking more closely at the uses of both in the
genre chapters.

REVERB

Reverberation (often shortened to reverb or just verb) is used to describe the
natural reflections we've come to expect from listening to sounds in different
environments. We already know that when something produces a sound, the
resulting changes in air pressure emanate out in all directions but only a propor-
tion of this reaches our ears directly. The rest rebounds off nearby objects and
walls before reaching our ears; thus, it makes common sense that these reflected
waves would take longer to reach your ears than the direct sound itself.

This creates a series of discrete echoes that are all closely compacted together
and from this our brains can decipher a staggering amount of information
about the surroundings. This is because each time the sound is reflected from
a surface, that surface will absorb some of the sound’s energy, thereby reducing
the amplitude. However, each surface also has a distinct frequency response,
which means that different materials will absorb the sound’s energy at different
frequencies. For instance, stone walls will rebound high-frequency energy more
readily than soft furnishings which absorb it. If you were in a large hall it would
take longer for the reverberations to decay away than it would if you were in a
smaller room. In fact, the further away from a sound source you are, the more
reverberation there would be in comparison to the direct sound in reflective
spaces, until eventually, if the sound was far enough away and the conditions
were right you would hear a series of distinct echoes rather than reverb.

There should be little need to describe all the differing effects of reverb because
you'll have experienced them all yourself. If you were blindfolded, you would
still be able to determine what type of room you're in from the sonic reflec-
tions. In fact, reverb is such a natural occurrence that if it's totally removed
(such as is an anechoic chamber) it can be unsettling almost to the point of




nausea. Our eyes are informing the brain of the room’s dimensions, but the
ears are informing it of something completely different.

Ultimately, while compression is the most important processor, reverb is the
most important effect because samplers and synthesizers do not generate natural
reverberations until the resulting signals are exposed to air. So, in order to cre-
ate some depth in a mix you often need to add it artificially. For example, the
kick may need to be at the front of a mix but any pads could sit in the back-
ground. Simply reducing the volume of the pads may make them disappear
into the mix, but by applying a light smear of reverb you could fool the brain
into believing that the sound is further away from the drums because of the
reverberation that’s surrounding it.

However, there’s much more to applying reverb than simply increasing the
amount that is applied to the sound. As we've seen, reverb behaves very dif-
ferently depending on the furnishings and wall coverings, so all reverb units
will offer many more parameters and using it successfully depends on knowing
the effects all these will have on a sound. What follows is a list of the available
controls on a reverb unit, but it should be noted that in many cases all of these
will not be available - it depends on the quality of the unit itself.

Ratio (Sometimes Labelled as Mix)

The ratio controls the ratio of direct sound to the amount of reverberation
applied. If you increase the ratio to near maximum, there will be more reverb
than direct sound, while if you decrease it significantly, there will be more
direct sound than reverb. Using this, you can make sounds appear further away
or closer to you.

Pre-Delay Time

After a sound occurs, the time separation between the direct sound and the first
reflection to reach your ears is referred to as the pre-delay. This parameter on a
reverb unit allows you to specify the amount of time between the start of the
unaffected sound and the beginning of the first sonic reflection. In a practical
sense, by using a long pre-delay setting the attack of the instrument can pull
through before the subsequent reflections appear. This can be vital in prevent-
ing the reflections from washing over the transient of instruments, forcing them
towards the back of a mix or muddying the sound.

Early Reflections

Early reflections are used to control the sonic properties of the first few reflec-
tions we receive. Since sounds reflect off a multitude of surfaces, subtle differ-
ences are created between subsequent reflections reaching our ears. Due to the
complex nature of these first reflections, only the high-end processors feature
this type of control, which allows you to determine the type of surface the
sound has reflected from.



Diffusion

This parameter is associated with the early reflections and is a measure of how
far the early reflections are spread across the stereo image. The amount of stereo
width associated with the reflections depends on how far the sound source is.
If a sound is far away then much of the stereo width of the reverb will dissipate
but there will be more reverberation than if it was upfront. If the sound source
is quite close, however, then the reverberations will tend to be less spread and
more monophonic. This is worth keeping in mind since many artists wash a
sound in stereo reverb to push it into the background and then wonder why
the stereo image disappears and doesn’t sound quite ‘right’ in context with the
rest of the mix.

Density

Directly after the early reflections come the rest of the reflections. On a reverb
unit this is referred to as the density. Using this control it’s possible to vary the
number of reflections and how fast they should repeat. By increasing it, the
reflections will become denser giving the impression that the surface they have
reflected from is more complex.

Reverb Decay Time

This parameter is used to control the amount of time the reverb takes to decay
away. In large buildings the reflections will generally take longer to decay into
silence than in a smaller room. Thus, by increasing the decay time you can
effectively increase the size of the ‘room’ This parameter must be used cau-
tiously, however, as if you use a large decay time on a motif the subsequent
reflections from previous notes may still be decaying when the next note starts.
If the motif is continually repeated, it will be subjected to more and more
reflections until it eventually turns into an incoherent mush of frequencies.

The amount of time it takes for a reverb to fade away (after the original sound
has stopped) is measured by how long it takes for the sound pressure level to
decay to one-millionth of its original value. Since one-millionth equates to a
60dB reduction, reverb decay time is often referred to as RT60 time.

HF and LF Damping

The further reflections have to travel the less high frequency content they will
have since the surrounding air will absorb them. Additionally, soft furnishings
will also absorb higher frequencies, so by reducing the high frequency content
(and reducing the decay time) you can give the impression that the sound is
in a small enclosed area or has soft furnishings. Alternatively, by increasing
the decay time and removing smaller amounts of the high frequency content
you can make the sound source appear further away. Further, by increasing the
lower frequency damping you can emulate a large open space. For instance,
while singing in a large cavernous area there will be a low end rumble with the
reflections but not as much high-frequency energy.




Despite the amount of controls a reverb unit may offer, it is also important
to note that units from different manufacturers will sound very different to
one another as each manufacturer will use different algorithms to simulate the
effect. Although it is quintessential to use a good reverb unit (such as a Lexicon
hardware unit or the TC Native Plug-ins included on the CD), it's not uncom-
mon to use two or three different models of reverb in one mix.

CHORUS

Chorus effects attempt to emulate the sound of two or more of the same instru-
ments playing the same parts simultaneously. Since no two instrumentalists
could play exactly in time with one another, the result is a series of phase can-
cellations. This is analogous to two synthesizer waveforms slightly detuned and
playing simultaneously together; there will be a series of phase cancellations as
the two frequencies move in and out of phase with one another. A chorus unit
achieves this same effect by delaying the incoming audio signal slightly in time
while also dynamically changing the time delay and amplitude as the sound
continues.

To provide control over this modulation a typical chorus effect will offer three
parameters all of which can be directly related to the LFO parameters on a typical
synthesizer. The first allows you to select a modulation waveform that will be
used to modulate the pitch of the delayed signal, while the second and third
parameters allow you to set the modulation rate (referred to as the frequency)
and the depth of the chorus effect (often referred to as delay). However, it
should be noted that because the modulation rate stays at a constant depth,
rate and waveform it doesn't produce the ‘authentic’ results you would experi-
ence with real instrumentalists. Nevertheless, it has become a useful effect in
its own right and can often be employed to make oscillators and timbre appear
thicker, wider and much more substantial.

PHASERS AND FLANGERS

Phasers and flangers are very similar effects with subtle differences in how they
are created, but work on a principle comparable to the chorus effect. Originally
phasing was produced by using two tape machines that played slightly out of
sync with one another. As you can probably imagine, this created an irregularity
between the two machines, which resulted in the phase relationship of the audio
being slightly different, in effect producing a hollow, phase-shifted sound.

This idea was developed further in the 1950s by Les Paul as he experimented by
applying pressure onto the ‘flange’ (i.e. the metal circle that the tape is wound
upon) of the second tape machine. This effectively slowed down the speed of
the second machine and produced a more delayed swirling effect due not only
to the phase differences but also to the speed. With digital effect units, both
these work by mixing the original incoming signal with a delayed version but
also by feeding some of the output back into the input. The only difference



between the two is that flangers use a time delay circuit to produce the effect
while a phaser uses a phase shift circuit.

Nevertheless, both use an LFO to modulate either the phase shifting of the
phaser or the time delay of the flanger. This creates a series of phase cancellations
since the original and delayed signals are out of phase with one another. The
resulting effect is that phasers produce a series of notches in the audio file that
are harmonically related (since they are related to the phase of the original
audio signal) while flangers have a constantly different frequency because they
use a time delay circuit. Consequently both flangers and phasers share the
same parameters. They both feature a rate parameter to control the speed of
the LFO effect along with a feedback control to set how deeply the LFO affects
the audio. Notably, some phasers will only use a sine wave as a modulation
source but most flangers will allow you to not only change the shape but also
control the number of delays used to process the original signal. Today, both
these effects have become a staple in the production of dance, especially House,
with the likes of Daft Punk using them on just about every record they've ever
produced.

DIGITAL DELAY

To the dance music producer, digital delay (often referred to as digital delay
line - DDL) is one of the most important effects to own as if used creatively it
can be one of the most versatile. The simplest units will allow you to delay the
incoming audio signal by a predetermined time which is commonly referred to
in milliseconds or sometimes in note values. The number of delays produced
by the unit is often referred to as the feedback, so by increasing the feedback
setting you can produce more than one repeat from a single sound. This works
by sending some of the delayed output back into the effects input so that it's
delayed again, and again, and again and so forth. Obviously this means that if
the feedback is set to a very high value the level of the repeats end up collecting
together rather than gradually dying away until eventually you'll end up with a
horrible howling sound.

While all delay units will work on this basic premise, the more advanced units
may permit you to delay the left and right channels individually and pan them
to the left and right of the stereo image. They may also allow you to pitch
shift the subsequent delays, employ filters to adjust the harmonic content of
the delays, distort or add reverb to the results and apply LFO modulation to
the filter. Of all these additional controls (most of which should require no
explanation) the modulation is perhaps the most creative application to have
on a delay unit as it allows you to modulate the filters cut-off or pitch, or both,
with an LFO. The number and type of waveforms on offer vary from unit to
unit but fundamentally most will feature at least a sine, square and triangle
wave. Similar to a synthesizer’s LFO parameters, they will feature rate and depth
controls allowing you to adjust how fast and by how much it should modulate
the filter cut-off or pitch parameters.




One of the most common uses for a delay in dance music is not necessarily to
add a series of delays to an audio signal but to create an effect known as gran-
ular delay. As we touched upon in Chapter 3, we cannot perceive individual
sounds if they are less than 30 ms apart, which is the principle behind granular
synthesis. However, if a sound is sent to a delay unit and the delay time is set
to less than 30 ms and combined with a low feedback setting, the subsequent
delays collect together in a short period of time which we cannot perceive as a
delay. The resulting effect is that the delayed timbre appears much bigger, wider
and upfront. This technique is often employed on leads or, in some cases,
basses if the track is based around a powerful driving bass line.

EQ

At its most basic, EQ is a frequency-specific volume control tone control that
allows you to intensify or attenuate specific frequencies. For this, three controls
are required

m A frequency control allowing you to home in on the frequency you want
to adjust.

m A 'Q control allowing you to determine how many frequencies either
side of the centre frequency you want to adjust.

m A gain control to allow you to attenuate or intensify the selected frequencies.

Notably not all EQ units will offer this amount of control and some units will
have a fixed frequency or a fixed Q, meaning that you can only adjust the vol-
ume of the frequencies that are preset by the manufacturer. EQ plays a much
larger role in mixing than it does in sound design, so this has only been a
quick introduction and we'll look much more deeply into its effects when we
cover mixing and mastering in later chapters.

DISTORTION

The final effect for this chapter, distortion, is pretty much self-explanatory; it
introduces an overdrive effect to any sounds that are fed through it. However,
while the basic premise is quite simple, it has many more uses than to simply
grunge up a clean audio signal. As touched upon in Chapter 3, a sine wave
does not contain any harmonics except for the fundamental frequency, and
therefore applying effects such as flangers, phasers or filters will have very little
influence. However, if distortion were applied to the sine wave it would intro-
duce a series of harmonics into the signal giving the aforementioned effects
something more substantial to work with.



CHAPTER3

Cables, Mixing Desks and
Effects Busses

I don’t just use a (mixing) desk to mix sounds together

luse it as a creative tool...’
Juan Atkins

There is much more to understanding the various processors and effects used
within the creation of dance music; you also need to know how to access them
through a typical mixing desk to gain the correct results. While most produc-
ers today rely on a computer to handle the recording, effecting, processing and
mixing, there will nevertheless come a time when you have to employ external °
units into your rig, whether synthesizers, processors, effects or even a sampler,

and therefore you'll start by looking at the cables used to connect these to your

mixing desk, laptop or computer.

Any competent studio is only as capable as its weakest link, so if low-quality
cables are used to connect devices together, the cables will be susceptible to
introducing interference, which results in noise. This problem arises because any
cables that carry a current, no matter how small, produce their own voltage as
the current travels along them. The level of voltage that is produced by the cable
will depend on its resistance and the current passing through it, but this never-
theless results in a difference in voltage from one end of the cable to the other.

Because all studio equipment (unless it’s all contained inside a Digital Audio
Workstation) requires cables to carry the audio signal to and from the mixing desk,
the additional voltage introduced by the cables is then transmitted around the instru-
ments from the mixing desk and through to earth. This produces a continual loop
resulting in an electromagnetic field that surrounds all the cables. This field intro-
duces an electrical hum into the signal, an effect known as ‘ground hum'’ The best
way to reduce this is by using professional-quality ‘balanced’ cables, although not all
equipment, particularly equipment intended for the home studio, uses this form of
cable. Home studio equipment tends to use ‘unbalanced’ cables and connectors.

The distinction between balanced and unbalanced cable is determined by the
termination connectors at each end. Cables terminated with mono jack or
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Mono, stereo jack and XLR connectors

phono connectors are unbalanced, while stereo Tip-Ring-Sleeve (TRS) jack
connections or extra long run (XLR) connections will be found on balanced
cables. Examples of these are shown in Figure 3.1.

All unbalanced cables are made up of two internal wires contained within the
outer plastic or rubber core of the wire (known as the earth screen). One of
these internal wires carries the audio signal and is connected to the tip of the
connector while the other carries the ground signal and is connected directly to
the connector sleeve. The signal is therefore grounded at each end of the cable



helping to prevent any interference from the device itself, but is still susceptible
to electromagnetic interference as it is transmitted from one device to another.
Because of this, most professional studios use balanced cables with XLR or TRS
terminating connections, if the equipment they connect to supports it.

TRS connections do not necessarily mean that the cable is balanced as they can be
used to carry a stereo signal (left channel, right channel and earth) but in a studio envi-
ronment they are more commonly used to transfer a mono signal.

Balanced cables contain three wires within the outer screen. In this configura-
tion a single wire is still used as a ground but the other two wires carry the
audio signal, one of which is a phase-inverted version of the original. When
this is received by a device, the phase-inverted signal is put back into phase
with the original and the two are added together. As a result, any interference
introduced is cancelled out when the two signals are summed together. This
is similar to the way two oscillators that are in phase cancel each other out, as
described in here in this chapter. That’s the theory. In practice, although this
reduces the problem, phase cancellation rarely removes all of the interference.

Another favourable advantage of using balanced cables is that they also utilize
a more powerful signal level. Commonly referred to as a professional standard,
a balanced signal uses a signal level of +4dBu rather than the semi-profes-
sional signal level of —10dBV. The reasons for this are more the subject matter
of electrical engineering than music, and although it's not necessarily impor-
tant to understand this, a short explanation is given in the text box. If you're
not interested you can skip this box because all you really need to know is that
+4 dBu signals have a hotter, louder signal than —10dBV signals and are gen-
erally preferred as the signal is over 11 dB hotter, so the chance of capturing a
poor signal is reduced.

Before light-emitting diode (LED) and liquid crystal display (LCD) displays
appeared on musical gear, audio engineers used volume unit (VU) meters to
measure audio signals. These were featured on any hardware that could receive
an input. This meant that every VU meter had to give the same reading for the
same signal level no matter who manufactured the device. If this were not the
case, different equipment within the same studio would have different signal
levels. Consequently, engineers decided that if 1 milliwatt (mW) was travelling
through the circuitry then the VU meter should read 0dB. Hence, 0dB VU was
referred to as 0dBm (with m standing for milliwatt).

Today’s audio engineering societies are no longer concerned with using a refer-
ence level of milliwatt because the power levels today are much higher, so the
level of 0dBm is now obsolete and we use voltage levels instead. To convert
this into an equivalent voltage level, the impedance has to be specified, which
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in this case is 600 Ohms. For those with some prior electrical knowledge it can
be calculated as follows:

P=V*R
0.001W = V2/600W
V2 = 0.001W X GO0OW

V =,/0.001W X 600 W

For the layman, the sum of this equation equals 0.775Volts and that’s all you
need to know.

The value of 0.775 is now used as the reference voltage and is referred to in
dBu rather than dBm. Although it was originally referred to as dBv it was often
confused with the reference level of dBV (notice the upper case V), so the suffix
u is used in its place. This is only the reference level, though, and all profes-
sional equipment will output a level that is +4dB, which is where we derive
the +4 dBu standard. Consequently, on professional equipment, the zero level
on the meters actually signifies that it is receiving a +4 dBu signal.

However, some hardware engineers agreed that it would be simpler to use
1Volt as the reference instead, which is where the dBV standard originates.
Unlike professional equipment, which uses the +4dBu output level, unbal-
anced equipment outputs at 0.316 Volts, equivalent to —10dBV. Therefore, on
semi-professional equipment the zero level on the meters signifies that they are
receiving a —10dBV signal. If the professional and semi-professional signals
are compared, the professional voltage of 0.775V is considerably higher than
the 0.316 Volts generated by consumer equipment. When converted to decibel
this results in an 11.8 dB difference between the two.

Despite the difference in the levels of the two signals, in many cases it is still
possible to connect a balanced signal to an unbalanced sampler/soundcard/
mixer with the immediate benefit that the signal that is captured is 11.8dB
hotter. Although this usually results in the unbalanced recorder’s levels jump-
ing off the scale, whether the signal is actually distorting should be based on
whether this distortion is audible. Most recorders employ a safety buffer by set-
ting the clipping meters below the maximum signal level. This is, of course, a
one-way connection from a balanced signal to an unbalanced piece of hard-
ware, and it isn't a good idea to work with an unbalanced signal connecting to
a balanced recorder because you'll end up with a poor input signal level and
any attempts to boost the signal further could introduce noise.

Within the typical home studio environment, it is most likely that the equip-
ment will be of the unbalanced type; therefore, the use of unbalanced connec-
tions is unavoidable. If this is the case, it’s prudent to take some precautions
that will prevent the introduction of unwanted electromagnetic interference
but this can be incredibly difficult.



While the simplest solution would be to disconnect the earth from the power
supply, in effect breaking the ground loop, this should be avoided at all costs.
Keep in mind that the whole point of an earth system is to pass the current
directly to ground rather than you if there’s a fault. Human beings make
remarkably good earth terminals and as electricity will always take the quickest
route it can find to reach earth, it can be an incredibly painful (and sometimes
deadly) experience to present yourself as a short cut.

A less suicidal technique is to remove the earth connection from one end of
audio cable. This breaks the loop, but it has the disadvantage that it can make
the cable more susceptible to radio frequency (RF) interference. In other words,
the cable would be capable of receiving signals from passing police cars, taxis,
mobile phones and any nearby citizens’ band radios. While this could be use-
ful if you want to base your music around Scanners previous work, it's some-
thing you'll want to avoid.

Although in a majority of cases hum will be caused by the electromagnetic
field, it can also be the result of a number of other factors combined. To begin
with it's worthwhile ensuring that the mains and audio cables are wrapped
separately from one another and kept as far away from each other as possible.
Mains cables create a higher electromagnetic field due to their large current,
and if they are bound together with cables carrying an audio signal, serious
hum can be introduced.

Transformers also generate high electromagnetic fields that cause interference,
and although you may not think that you have any in the studio, both ampli-
fiers and mixing desks use them. Consequently, amplifiers should be kept at a
good distance from other equipment, especially sensitive equipment such as
microphone pre-amps. If the amplifiers are rack-mounted, there should be a
minimum space of 4-Rack Units between the amplifier and any other devices.
This same principle also applies to rack-mounted mixing desks, which should
ideally be placed in a rack of their own or kept on a desk. If the rack that is
used is constructed from metal and metal screws hold the mixing desk in place;
the result is the same as if the instruments were grounding from another source
and yet more hum is introduced. Preferably, plastic washers and screw hous-
ings should be used, as these isolate the unit from the rack.

If, after all these possible sources have been eliminated, hum is still present,
the only viable way of removing or further reducing it is to connect devices
together digitally, or invest in a professional mains suppressor. This should be
sourced from a professional studio supplier rather than from the local electri-
cal hardware or car superstore, as suppressors sold for use within a studio are
specifically manufactured for this purpose, whereas a typical mains suppressor
is designed to suppress only the small amounts of hum that are typically asso-
ciated with normal household equipment.

Digital connections can be used as an alternative to analogue cables if the
sampler/soundcard/mixer allows it. This has the immediate benefit that no
noise will be introduced into the signal with the additional benefit that this




connection can also be used by the beat-slicing software to transmit loops
to and from an external hardware sampler. Sampler-to-software connectiv-
ity is usually accomplished via a direct SCSI interface, so there is little need
to be concerned about the digital standards, but on occasion it may be prefer-
able to transmit the results through true digital interfaces such as Alesis digi-
tal audio tape (ADAT), Tascam digital interface (T-DIF), Sony/Philips digital
interface (S/PDIF) or Audio Engineering Society/European Broadcasting Union
(AES-EBU).

The problem is that digital interfacing is more complex than analogue interfac-
ing because the transmitted audio data must be decoded properly. This means
that the bit rate, sample rate, sample start and end points, and the left and right
channels must be coded in such a way that the receiving device can make sense
of it all. The problem with this is that digital interfaces appear in various forms,
including (among many others) Yamaha's Y formats, Sony’s SDIE Sony and
Phillips S/PDIF and the AES-EBU standard, none of which are cross-compatible.

In an effort to avoid these interconnection problems, the American Audio
Engineering Society (AAES) combined with the EBU and devised a standard
connection format imaginatively labelled the AES-EBU standard. This requires
a three-pin XLR connection, similar to the balanced analogue equivalent,
although the connection is specific to the digital.

Like ‘balanced’ analogue connections AES-EBU is expensive to implement,
so Sony and Philips developed a less expensive ‘unbalanced’ standard known
as S/PDIE This uses either a pair of phono connectors or an optical TOS-link
interface (Toshiba Optical Source). Most recent samplers and soundcards use
a TOS-link or phono connection to transmit digital information to and from
other devices.

The great thing about standards is that there are plenty of them...

With compatible interfaces between two devices, both the receiving and the
transmitting device must be clocked together so that they are fully synchro-
nized. This ensures that they can communicate with one another. If the devices
are not synchronized, the receiving device will not know when to expect an
incoming signal, producing ‘jitter" The resulting effect this has on audio is dif-
ficult to describe but rather than fill up the book’s accompanying CD with the
ensuing ear-piercing noises, it's probably best explained as an annoying high-
frequency racket mixed with an unstable stereo image. To avoid this, most pro-
fessional studios use an external clock generator to synchronize multiple digital
units together correctly. This is similar in most respects to a typical multi-MIDI
interface, bar the fact that it generates and sends out word clock (often abbrevi-
ated to WCLK but still pronounced word clock) messages simultaneously to all
devices to keep them clocked together.

The WCLK message works by sending a one-bit signal down the digital cable,
resulting in a square wave that is received in all the attached devices. When
the signal is decompiled by the receiving device, the peaks and troughs of the



square wave denote the left and right channels while the width between each
pulse of the wave determines the clock rate.

These stand-alone WCLK generators can be expensive, so within a home studio
set-up the digital mixing desk or soundcard usually generates the WCLK mes-
sage, with the devices daisy-chained together to receive the signal. For instance,
if the soundcard is used to generate the clock rate, the WCLK message could be
sent to an effects device, through this into a microphone pre-amplifier, and so
forth before the signal returns back into the soundcard, creating a loop. The
principle is similar to the way that numerous MIDI devices are daisy-chained
together, as discussed in Chapter 1. As with daisy-chained MIDI devices,
though, the signal weakens as it passes through each device; therefore, if the
signal is to pass through more than four devices, it's prudent to use a WCLK
amplifier to keep the signal powerful enough to prevent any jitter.

Provided that the clock rate is correctly transmitted and received, another
important factor to consider is the sample rate. When recording, both the
transmitting and the receiving devices must be locked to the same sample rate,
otherwise the recorder may refuse to go into record mode. Also, unless you are
recording the final master, any Serial Copyright Management System (SCMS)
features should be disabled.

SCMS was implemented onto all consumer digital connections to reduce the
possibility of music piracy. This allows only one digital copy to be made from
the original. It does this by inserting a ‘copyright flag’ into the first couple of
bytes that are transmitted to the recording device. If the recorder recognizes
this flag it will disable the device’s record functions. This is obviously going to
cause serious problems if you need to edit a second-generation copy because
unless the recorder allows you to disable SCMS, you will not be allowed to
record the results digitally. Thus, if you plan to transfer and edit data digitally,
it is vital to ensure that you can disable the SCMS system.

If you own a digital audio tape (DAT) machine that does not allow you to disable
the SCMS protection system then it’s possible to get hold of SCMS strippers which
remove the first few flags of the signal, in effect disabling the SCMS system.

MIXING DESK STRUCTURE

While some mixing desks appear relatively straightforward some professional
desks, such as the Neve Capricorn or the SSL, look more ominous. However,
whatever the level of complexity all types of hardware- and software-based mix-
ing desks operate according to the same principles. With a basic understanding
of the various features and how the channels, busses, subgroups, EQ and aux
send and returns are configured, you can get the best out of your equipment,
no matter how large or small the desk is.

The fundamental application of any mixing desk is to take a series of inputs
from external instruments and provide an interface that allows you to adjust




the tonal characteristics of each perspective instrument. These signals are then
culminated together in the desk and fed into the loudspeaker monitors and/
or recorder to produce the finished mix. As simple as this premise may be,
though, simply looking at a desk reveals that there’s actually a lot more going
on and to better understand this we need to break the desk down to each indi-
vidual input channel.

Typically, a mixing desk can offer anywhere from two input channels to over a
hundred, depending on its price. Each of these channels (referred to by engi-
neers as a ‘strip’) is designed to accept either a mono or stereo signal from
one musical source and provide some tonal editing features for that one strip.
Clearly, this means that if you have five external hardware instruments, each
with a mono output, you would need a desk with an absolute minimum
total of five ‘strips’ so that you could input each into a separate channel of the
desk. For reasons we'll touch upon, you should always aim to have as many
channels strips in a mixer as you can afford, no matter how few instruments
you may own.

Generally speaking, the physical inputs for each channel are located at the rear
of the desk and will consist of a 1/4" jack or XLR connection, or both. This lat-
ter configuration doesn’t mean that two inputs can be directed into the same
channel strip simultaneously; rather it allows you to choose whether that par-
ticular channel accepts a signal from a jack or an XLR connector. Most desks
will have the capacity to accept a signal of any level, whether it's mic-level
(—60dBu) or line level (—10dBV or +4dBu) and whether the cables are
balanced or unbalanced.

Some of the older mixing desks may describe these inputs as being Low-Z or
Hi-Z but all this is describing is the input impedance of that particular channel.
If Hi-Z is used then the impedance is higher to accept unbalanced line-level
signals, while if Low-Z is used the impedance is lower to accept balanced ones.

As all mixing desks operate at line level to keep the signal to noise ratio at a min-
imum, once a signal enters the desk it is first directed to the pre-amplifier stage
to bring the incoming signal up to operating level of the desk. Although this pre-
amp stage isn't particularly necessary with line-level signals as most desks use this
as their nominal operating level, it is required to bring the relatively low levels
generated by most microphones to a more respectable level for mixing. This pre-
amp will have an associated rotary gain control on the facia of the desk (often
called pots - an acronym for potentiometer) labelled ‘trim’ or ‘gain’. As its name
would suggest, this allows you to adjust the volume of the signal entering the
channels input by increasing the amount of amplification at the pre-amp.

To reduce the possibility of the mixer introducing noise into the channel you
should ensure that the signal entering the mixer is as high as possible rather
than input a low-level signal and boost it at pre-amp stage of the mixer. Keep
in mind that a good signal entering the mixer before the pre-amp is more likely
to remain noise-free as it passes through the rest of the mixer.



Some mixers may also offer a ‘pad’ switch at the input stage, which is used to
attenuate the incoming signal before it reaches the pre-amplifier. The amount of
attenuation applied is commonly fixed at 12 or 24 dB and is used to prevent any
hot signals entering the inputs from overdriving the desk. A typical example of
this may be where the mixer operates at the ‘semi-professional’ —10dBV and one
of the instruments connected to it outputs at the ‘professional’ +4dBu. As we've
previously touched upon, this would mean that the input level at the desk would
be 11.8dB higher than the desk’s intended operational level. Obviously this will
result in distortion, but by activating the pad switch, the incoming signal could
be attenuated by 24dB and the volume could then be made back up to unity
gain with the trim pot on that particular channel.

The term Unity Gain means that one or all of the mixer channels volume faders are set
at 0dB, the loudest signal possible before you begin to move into the mixers headroom
and possible distortion.

On top of this, some high-end mixers may also offer a phantom power switch,
a ground lift switch and/or a phase reverse switch, the functions of which are
described below:

m Phantom power is used to supply capacitor microphones with the volt-
age they require to operate. This also means that the mixer has to use
its own amplifier to increase its signal level, and generally speaking, the
amp circuits in mixers will not be as good as those found in stand-alone
microphone pre-amplifiers.

m A ground lift switch will only be featured on mixers that accept balanced
XLR connections, and when this is activated, it disables pin number one
on the connector from the mixer’s ground circuitry. Again, as touched
upon this will eliminate any ground hum or extraneous noises.

m Phase reverse — sometimes marked by a small circle with a diagonal line
through it 