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Preface

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

The purpose of this book is to guide you through the technology and techniques behind creating
professional dance music. While there have been numerous publications written about this
specialist 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, | 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 pro-
duced and released numerous white labels and remixed over 30 professional artists solely for the
dance floor. I've held seminars across the country on remixing and producing club-based dance
music, and authored numerous articles and reviews for leading music technology magazines. This
book is a culmination of the knowledge |'ve attained over the years and | believe it is the first pub-
lication 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 MIDI, synthesis and
sampling to music theory, effects, compression, 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, amongst others,
trance, 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,
MIDI, synthesis programming and music theory, then you can dip into these sections and start
producing dance music straight away.

The third part is concerned with the ideology behind mixing, mastering, remixing, 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 two contributed chapters: one in which an international DJ has submit-
ted his view on dance music and DJ-ing in general, and another on how to design and create
your own web site to promote your music.

Demonstration tracks of all the genres of music discussed can be found on the CD, including
before and after mixing and mastering, and to further help in the production I've also carefully

Xi



Xii Preface

selected some of the most widely recognized software used in the production of dance music.
These, amongst others, include the PSP audioware, TC Native and Waves collection of useful
processors and effects, the now infamous Novation V-Station and Bass Station synthesizers,
Big Ticks Rainbow, Cheeze Machine and Rhino Synth, Speedsoft's V-Sampler and Native
Instruments widely celebrated Pro 53, Kontakt, FM-7 and Battery.

Of particular note, while producing the CD | decided against including demos of sequencers
since not only are these a very personal choice but many potential readers of this book will
probably already own a computer and sequencer. If you have no experience of sequencers or
are struggling on which to choose, the web site devoted to this book has an area that discuss-
es the different sequencers available. These have been written by dance musicians who active-
ly use their sequencer on a day-to-day basis and offer arguments on why they use their
particular choice of sequencer. Furthermore, if you are struggling to understand the basics of
computers, need some new preset banks or audio samples to download, need help in choosing
a sample CD for your particular choice of music or have some suggestions for additions to the
book then point your internet browser at: http://www.dancemusicproduction.com (please note
that to access some of the content you will need to have this book to hand).

Of course, even with the included software and the associated web site, | must stress that this
book will not turn you into a superstar overnight and it would be presumptuous to suggest that
it will guarantee you the next dance chart number one. Dance music will always evolve from
musicians pushing the technology further. Nonetheless, 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 produce 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. In
these times of global Internet piracy, | have little doubt that it will appear on some illegal sites
as a poorly scanned, almost unreadable PDF document for those too afraid to part with some
money. 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. | hope that, by the end, you feel it was worth
your investment.
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Computers, music, MIDI
and audio

Computer games don't affect kids; | mean if Pac-Man affected us as kids, we'd all be running around
in darkened rooms, munching magic pills and listening to repetitive electronic music.

Kristian Wilson, Nintendo, 1989

The most obvious place to start on any book concerning dance music is with the basics of
sequencing and sequencers. Their earlier incarnations were responsible for the typically metro-
nomic sounding beats that are still evident in today’s music, and no dance musician would seri-
ously consider writing a track without the aid of one. Although sequencers have moved on from
offering just simple MIDI (Musical Instrument Digital Interface) functionality, an understanding
of it is imperative to producing a good dance record.

Note: As with most subjects, to understand one aspect requires some understanding of
another and this is especially true of music that is generated using computers and
sequencers. Consequently, when first starting out, the learning curve may appear quite
steep. If something doesn’'t make sense at this stage, or perhaps seems too obscure to
be related to dance music production, stick with it; its use and reasoning will be men-
tioned again in later chapters.

The most basic requirement for using any sequencer is a thorough understanding of the MIDI
protocol. MIDI is a widespread communications protocol that enables any MIDI-equipped
instruments to be interconnected and controlled from a sequencer. This means that both the
sequencer and any instruments you wish to control must have MIDI IN and OUT ports fitted to
them for the two devices to perform two-way communication.

In a simple studio configuration, a MIDI-equipped keyboard is connected to the sequencer,
which is usually a computer, via a MIDI cable. With the sequencer then set to record, any notes
that are played on the keyboard are recorded as MIDI data to a MIDI track on the sequencer.
Once a number of tracks have been recorded, they can be played back to any MIDI-equipped
synthesizer to recreate the performance.

In addition to the IN and OUT MIDI ports, some of the more substantial synthesizers also
feature a THRU port. Using this, information received at the IN port can be transmitted back out
(i.e. repeated) at the device's THRU port. Thus, several MIDI sound modules can be connected

3



4 The Dance Music Manual

MIDI out MIDI in Windows has experienced a
>

serious error and needs to
shut down.

SHUT DOWN

MIDI in MIDI out

Figure 1.1 A simple MIDI set-up.

MIDI out MIDI i Windows has experienced a

serious error and needs to

A -
e shut down.

SHUT DOWN

MIDIin  MIDI out

<
«<

MIDI THRU

Figure 1.2 A more elaborate MIDI set-up.

via the THRU output of one device to the IN connector of the next device downstream in what's
called a ‘daisy-chain’. Connecting devices in this way creates more elaborate MIDI systems
by allowing the sequencer to communicate with a number of synthesizers and samplers
at once.

A common misconception is that the information the sequencer records is the sound itself
when in fact this isn't the case. Instead, it only records digital information to tell it, for example,
which key was pressed and for how long. By way of analogy, MIDI information could be
considered as a musical score, where the attached synthesizers are the performers and the
MIDI information tells the synthesizers what notes to play. Because most synthesizers today
are 16-part multi-timbral (meaning that they can play 16 individual instruments simultaneously),
it's possible to play back an entire performance on a single synthesizer. Sixteen-part multi-
timbral playback is accomplished by sending 16 individual channels of note information through
the MIDI cable to the attached synthesizer, but also means that the synthesizer's channels
must be set to play the correct instrument on each channel.

For example, suppose channel 1 of the synth is set to a piano sound and channel 2 to a bass
sound. Any MIDI information transmitted to channel 1 of the synth will sound as a piano, even
if the MIDI file is programmed with a bass sound in mind. Consequently, a common practice is
to insert ‘program changes’ at the beginning of each channel’s sequence so the attached syn-
thesizer knows which instrument (often called a ‘patch’) should be used on any particular MIDI
channel. These patch change messages must be situated at the ‘header’ (the beginning) of a
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MIDI arrangement and occur before any notes are present, to give the attached synth time to
load the right sound before the notes begin sounding the synthesizer.

Note: Patch change messages usually consist of information denoting the bank where the
sound is located and the patch number. Consequently, there are no generic settings for
sending patch change information, so if you want to send these, refer to your synthesizer
manual.

For this to work accurately there must be a standard defining the relationship between patch
numbers and sounds within all synthesizers, otherwise a MIDI sequence will select different
sounds when played on different synthesizers.

To prevent this, the General MIDI (GM) specification was developed. This is a generalized list of
requirements that any synth must adhere to for it to feature the GM symbol. Amongst many
things, it determines what sounds are assigned to which patch numbers, how percussion
instruments should be mapped and the type of MIDI messages that should be recognized. With
this capability, you're assured that any MIDI sequence that has been generated for use on a
General MIDI instrument will play correctly on any General MIDI synthesizer.

To make the GM format easier to adhere to, all the instruments in a GM synth are grouped into
collections of related sounds: program numbers 1-8 are piano sounds, program numbers 9-16
are chromatic percussive sounds, 17-24 are organ sounds, 25-32 are guitar sounds, and so
forth. These are not limited to specific sequencer channels, so channels 1-9 and 11-16 can be
used to play any of these sounds. The program change number contained in each respective
channel of the sequencer will ensure that the correct patch number is selected for any particular
channel.

Note: The full GM list can be located in Appendix C.

As in the majority of cases drum sounds are not chromatic (i.e. they only have one pitch), chan-
nel 10 is set aside for drum kits. The entire drum kit is contained within this one channel, so
rather than each different key on the MIDI keyboard corresponding to higher or lower pitch of
the same sound, they will relate to a different drum sound. Again, the GM specification plays a
part here, detailing which drum sounds should occur on which key to ensure that a MIDI
arrangement will play back the percussion track correctly.

More importantly, though, while these MIDI standards specify what instrument or sound
corresponds with each patch number, it doesn't specify how these sounds should be produced.
So despite the fact that program number 1 will select an acoustic grand piano on any
GM-compatible synth, the quality of the sound will differ according to the technique used by the
synth to create the sound. This isn't necessarily a problem, as very few dance musicians will
actually trouble themselves with the General MIDI sound set, which is often considered as
uninspiring. Rather, the standard GM sound set is used to get the general idea of the track
down and then exchanged for more suitable sounds later in the arrangement. Indeed, it's the
variety of other sounds contained within a synth, along with the MIDI editing features, that
makes MIDI so appealing.
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MIDI controllers

So far we've only considered the use of MIDI to send program change messages to select an
initial sound and to send simple note-on and note-off data that starts and stops the synth play-
ing, but if this was all MIDI was capable of it would be impossible to create realistic perfor-
mances. Every ‘real’” musician will perform with expression by consciously or subconsciously
using a series of different playing styles. For instance, a pianist may hit some notes harder than
others, a guitarist may slide their fingers up their guitar’s fret board bending the sound, or may
sustain some notes while cutting others short. All of these playing nuances contribute to the
human element behind the music and without it music would sound dull and lifeless.

Of course, some may argue that there is no human element behind any electronic dance music,
as the whole principle is that the metronomic beats and melodies sound as though a machine
has created them. In most cases, this isn’t true and under close scrutiny you'll find that even
the most metronomic techno is crammed full of tiny sonic nuances to prevent it from becoming
tedious. This is the key reason why some songs appear to ooze energy and soul while others
seem motionless and drab, and is also why it is imperative that you fully understand how MIDI
can be used to its full potential. By knowing the ins and outs (pun intended) of MIDI it can be
exploited to give the impression that a track has energy, drive and an indefinable character.

Much of the energy and flow of any music can be attributed to slight or aggressive develop-
ment of the sounds throughout the length of an arrangement. While the musician playing the
piece naturally injects this into a performance, capturing this feel over MIDI requires you to use
a series of MIDI controllers. For instance, when you play a note and move the pitch-bend
wheel, the wheel sends a continual stream of control messages to the synth'’s engine, which in
turn bends the pitch either upwards or downwards. If this played an important part in the
performance, then you would need to perform it in real-time every time you played the music.

Fortunately, this effect can be simulated using a series of MIDI control change (CC) messages
transmitted from the sequencer into the synthesizer, thus avoiding the need to continually
employ any real-time movements. These pre-programmed forms of expression not only free
your hands, but they can also be used to modify certain parameters of a sound if the synth
doesn’t have the appropriate hardware controller on its fascia.

Because some synth interfaces appear as rack-mountable modules, to reduce the space they
use there may be no real-time controllers on them at all, even though the synth could respond
to them. If this is the case, the only way to add any musical expression is to use a series of
MIDI control messages.

According to the General MIDI protocol, there are 128 possible controllers on any MIDI device,
numbered from 0 to 127. Some of these controllers are hard-wired to control particular func-
tions on a MIDI unit, while other controller numbers are free to be randomly interpreted by the
connected device. Some of the most commonly used of these are listed in Table 1.1.

Note: A full list of the available CC controllers can be found in Appendix D.

Each of the defined GM controllers has variable parameters associated with it, the nature of
which depends on the controller being used. Indeed, every CC controller message must be
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Table 1.1 Some of the most commonly used CC messages

CC number Function Action
1 Modulation This message is used for pitch modulation, allowing you to
add vibrato (vary the pitch) to a musical note
7 Channel volume This controller can be used to control the volume of any
particular MIDI channel
10 Pan Using this message, you can pan sounds across the stereo
image from fully left to fully right or anywhere in between
[Nl Expression Expression is a dynamic controller that is very similar to

volume. A typical example of its use would be to
dynamically alter the volume of a pad sound while it is
playing

74 Brightness This controller is used to dynamically modify the
brightness of notes. A typical example of this is where a
sound gradually becomes brighter over its length,
producing the archetypal dance music filter sweep

followed by a second variable that informs the receiving device how much that particular CC
controller is to be adjusted. Some CC controllers offer up to 128 variables (0-127), while others
have only two variables (0 or 1) that are essentially on/off switches.

As a practical example, if you wanted to increase the volume of a MIDI snare roll to contribute
to the building sensation, you would need to transmit a series of CC 7 messages to the receiv-
ing device and set that controller’s variable in each message to gradually increase in value, as
shown in Table 1.2.

Table 1.2 Sending CC 7 messages to increase volume

Song position CC number Variable value

min 32 seconds 7 ( )
min 33 seconds 7 ( )
min 34 seconds 7 ( )
min 35 seconds 7 ( )
min 36 seconds 7 (Volume) 71
min 37 seconds 7 ( )
min 38 seconds 7 ( )
min 39 seconds 7 ( )
min 40 seconds 7 ( )

—_

By programming these commands into the sequencer, each time the CC message is received
the volume will increase by one unit.

Note: Some CC messages will have both positive and negative values. A typical example of
this is the pan controller, which takes the value 64 to indicate central position, so when
panning a sound, any values lower than this will send the sound to the left of the spectrum
while values greater than this will send the sound to the right of the stereo spectrum.
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Although most synths will respond to the fundamental controllers required in music, such as
pitch bend, modulation, expression, pan and volume, it's important to note that the age and
quality of the synth will determine whether some or all of the messages listed in the MIDI
specification are supported. Additionally, many synths have now outgrown the original specifi-
cation of MIDI and offer many more user-accessible parameters. Because of this, two major
synthesizer manufacturers have developed their own MIDI standards, which act as an exten-
sion to the GM standard.

The first of these to appear was Roland’'s own GS system. Contrary to popular belief, GS does
not stand for General Standard but is simply the name of the microprocessor used to power the
engine (and only Roland seems to know what it stands for). Nevertheless, this protocol is com-
patible with the GM standard whilst also adding variations to the original sound set, access to
two drum kits simultaneously and a collection of new CC messages.

Yamaha soon followed this technique by introducing the XG system, which is also fully compatible
with GM but offers more advanced functions than both the GM and GS formats. Yamaha's XG
system allows you to use three drum kits simultaneously, along with three simultaneous effects,
and have a minimum of 32-note polyphony (as it can play 32 voices concurrently). What's more,
the XG system is also partly compatible with the Roland GS system. This is only partly compatible,
since Roland constantly updates the GS system with the release of new instruments.

As if these three formats were not enough, the developers of the General MIDI standard
have recently released the General MIDI 2 standard. This is yet again fully compatible with
the original GM standard, but also adds a series of extensions to the original, including MIDI
Tuning, more controllers, Registered Parameter Numbers (RPN) and Universal System Exclusive
Messages (USEM). These latter two forms of messages play a fundamental role when using any
MIDI equipment, since even with the advanced GM2, XG and GS structures there will be
instances where you need to access parameters that are not covered by these standards.

Most dance music relies heavily on cleverly programmed sounds as well as samples. By
accessing and controlling these ‘hidden’ elements of a synth from a MIDI arrangement using
RPN and USEM messages, it is possible to switch the functions of a synth part way through a
performance or develop sounds that are not accessible through the CC list over the length of
the arrangement.

Both RPN and USEM are renowned as notoriously difficult to use, but ignoring them means
that you're not exploiting the full potential of the synth, so the next two sections cover the
basics of RPN and USEM synth control.

Universal System Exclusive Messages

System Exclusive (Sysex) was first conceived to provide a way of controlling synth settings
without having to waste time pushing a mountain of buttons on the fascia. By sending system
exclusive messages it's possible to control any aspect of a synth, including controls listed on
the MIDI specification that are not recognized by the synthesizer.

For example, say that part way through an arrangement you want to change the waveform of a
low-frequency oscillator (LFO). This is obviously not covered in the MIDI CC list but can be
enabled using Sysex, usually listed in the final pages of a synthesizer manual.



Computers, music, MIDI and audio 9

Note: On some synthesizers this particular parameter may be accessible through CC
messages, and if this is the case it is always worth using CC rather than USEM. This is
because CC messages generate less data than USEM.

To program a certain type of behaviour using Sysex messages, you need to know what Sysex
message to send to the synth. Sysex messages typically consist of a hexadecimal Address,
which pinpoints the function within the synth that you want to adjust, and a hexadecimal Sysex
value, telling the function how you want to adjust it. Thus, by sending a Sysex message to the
synth reading 00 00 11 04 (derived in this case from the values shown in Table 1.3), the LFO
rate would be set to waveform number 4.

Table 1.3 Sysex message structure

Address Parameter Sysex value Adjustable
amount
00 0
01 1
0000 11 LFO waveform 02 2
03 3
04 4

It's all a little more difficult than this, however, because you can’t just send the Address and
Sysex information. You also need to provide basic ‘identification information” about the synthe-
sizer that you are transmitting the message to, even if there is only one synth in the entire set.
If this additional information is not also sent, the message will simply be ignored. Thus, all
synths require that the full Sysex message is either eight or nine strings long, combining all the
elements described, to complete a message. A typical message is: FO, 41H, 10H, 42H, 12H, 00
00 11H, 04H, 10H, F7. To better understand what this means, the message can be divided up
into nine distinct parts, as shown in Figure 1.3.

1 2 3 4 5 6 7 8 9
FO 41H 10H 42H 12H 00 00 04H 10H F7
11H

Figure 1.3 Example Sysex message.

Looking at Figure 1.3, the Sysex message we want to send, comprising the Address and the
Sysex value, can be recognized in parts 6 (00 00 11) and 7 (04). The other seven parts of the
message provide the required header and synth identification information.

Parts 1, 2 and 9 are defined by the MIDI specification and are required in all Sysex messages. The
first part simply informs the synth that a Sysex message is on its way and sends the value FO,
while the last part — part 9 — informs the synth that it is the end of the message with the value F7.

The second part of the message is specific to the manufacturer of the synth. Each manufacturer
employs a unique number, which is quoted in the back of the synth’s manual. In this example,
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41H is the identification tag used by Roland synthesizers; thus, only a Roland synth will prepare
to receive this particular message and any other manufacturer’s synths will ignore it.

The third part of the message is used to identify a particular synth even if they are from the
same manufacturer. This can be changed in the parameter pages of the synth in case another
device in the set-up shares the same number, so that you can send Sysex messages to the one
that you want to control, rather than to all of them.

The fourth part of the message contains the manufacturer’s model identification code for that
particular synth, to ensure that the message is received and processed only by synths with this
particular model identifier (ID).

The fifth part can be one of two variables — 12H or 11H — used to specify whether the message
is sending (12H) or requesting (11H) information. If a synth receives a Sysex message it recog-
nizes, it will look at this part to determine whether it needs to change an internal setting or reply
with its own Sysex message. An 11H message is usually employed to dump the entire synth's
patch settings into a connected sequencer. By sending this, along with the appropriate follow-
on messages and pressing record, on a sequencer it's possible to save any user-constructed
patches. This is useful if the synth has no user patch memories of its own.

As already observed, part 6 contains the address of the function on which the Sysex message
is to act, which in this case is the LFO rate. Most synth manuals provide an address map of the
various functions and the corresponding addresses to use.

Part 7 can serve two different functions. If the fifth part contains the value 12H (indicating that
the message is being sent), then part 7 will contain the data being sent, as shown in the exam-
ple we're using (where the Sysex value 04 is sent to set the LFO rate). If the fifth part contains
the value 11H, indicating that information is being requested, the value of this part indicates the
number of bytes you want the synth to return in its reply message.

Whether part 8 is included will depend on the type of synth you use. Some manufacturers
employ this ‘extra’ byte as a checksum, which is used to validate the message and to ensure
that the receiving synth does only what the hexadecimal code asks it to. Although MIDI is a fairly
stable platform, there will be the odd occasion when notes stick and messages become cor-
rupted during transmission. If this happens, it's possible that the original message could end up
asking the synth to do something entirely different, such as erasing all user presets. Errors like
this are avoided with a checksum because if the checksum and message do not match the
Sysex message will be ignored. A checksum is calculated using the following formula, taking
the Sysex message shown in Figure 1.3 as the basis for the calculation.

Note: For anyone unfamiliar with the binary and hexadecimal systems and converting
numbers between systems, further details are provided in Appendix A.

Example: Convert the Address and Sysex hex values from parts 6 and 7 of the message to
decimal values and add them together to give you the value H. Based on the values from Figure 1.3:

Part 6 = 00 00 11 (hex) and converts to a decimal value of 17.
Part 7 = 04 (hex) and converts to a decimal value 4.
Therefore, H =4 + 17 = 22.
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If the value of H is greater than 127 then we need to minus 128 (H — 128) from it to produce
the value X. In this case H = 22, which is less than 127, so X is also 22.

H = 22, which is less than 128, therefore X = 22.

Finally, we convert the value X to hexadecimal to derive the checksum value for the message.

The decimal value 22 in hexadecimal is 16. Therefore, the checksum value is 16.

Although creating your own messages can be boring and time-consuming, it does give you
complete control over every aspect of a synth, allowing you access to parameters that would
otherwise remain dormant. Commonly, a string of Sysex messages is inserted at the beginning
of any MIDI arrangement, so that when play commences, the sounds in the synth can be pro-
grammed to suit your particular music. This means that you could take any MIDI file of yours to
a friend’s house and, provided that they have the same synth, the Sysex at the header of the file
would not only set the sounds for each channel, but also reprogram the synth to all the sounds
you used. Indeed, Sysex is often used by synthesizer manufacturers to update the operating
system in the synth, to fix bugs, or provide you with an entirely new sound set. What's more,
Sysex can also be used to alter specific parts of a synth during a MIDI sequence, like changing
the type of filter used on a sound or, as in our previous example, changing the waveform the
LFO uses.

It should, however, be noted that only one Sysex message can be transmitted at any one time
and additional messages cannot be received while the synth is using that particular function.
Furthermore, any synth will pause for a few microseconds while it receives and processes the
command, so any two messages must not be sent too close together so as to give the synth
time to process the previous command. If a second message is transmitted whilst the current
command is being processed, the synth may ‘lock up’ and refuse to respond and a 'hardware
boot' (switch off then on again) must be performed to reset it. Consequently, the timing
between each Sysex message should be considered when transmitting any messages.

These timing problems make Sysex pretty useless if you want to continually increase or
decrease a parameter while it is playing back. For instance, if you wanted to emulate the arche-
typal dance music ‘filter sweep' where the sound becomes gradually brighter, you would need
to send a continual stream of messages to the filter cut-off to steadily open it. As this is often
considered to play an important part of music, it is included in the list of CC messages (CC74
Brightness), but if you wanted to progressively adjust the rate of an LFO during playback this is
not covered, so many manufacturers designate these types of non-registered messages to
Non-Registered Parameter Numbers (NRPN).

NRPN and RPN controllers

Non-Registered Parameter Numbers, or ‘Nerpins’, are similar to regular CC messages but can
be set to control elements that are not available in the MIDI protocol or that need to be finely
controlled. Nerpins are similar to Sysex and are high-resolution controllers that address up to
16 384 separate parameters on a synth. They were introduced into the MIDI format as a means
of allowing access to a wider range of parameters that are specific to any one particular synth.
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For instance, while the rate of an LFO is not accessible through CC messages, the manufacturer
could assign any NRPN number to select this function in the synth, which could then be
followed by two other messages (Data Button Increment and Data Button Decrement
controllers) to adjust the parameters values.

This negates the need to use any Sysex messages and makes it possible to adjust any
parameter on a synth, provided that the manufacturer has previously assigned it. Unfortunately,
very few synths actually utilize NRPN controllers, so it is always worth checking the back of a
manual to see if they are supported and, if so, what they can control.

It is important to note that if a manufacturer has assigned Nerpins you can only access and
adjust one at once. For instance, if you were using them to adjust the LFO rate and then
wanted to adjust, say, the amplifier's attack, you would need to redefine the current NRPN so
that the Data Button Increment and Data Button Decrement adjust this rather than the LFO
rate. There may be over 16 000 NRPNs but there are only three controllers to adjust their
properties.

Fortunately, there are some settings that most manufacturers now define as a standard, such
as the Bend Range of the pitch wheel and the master tuning. It's for this reason that we also
have a pair of controllers for these defined parameter numbers. These are referred to as
Registered Parameter Numbers (generally called ‘RePins’). These are universal to all MIDI
devices but at the moment only six of them are actually used: Pitch Bend, Fine Tuning, Coarse
Tuning, Tuning Program Select, Tuning Bank Select and Null. As the MIDI specification contin-
ues to evolve this list will undoubtedly continue to grow and should eventually provide universal
access to the basic sound editing and effect processing parameters that are currently the
non-standard domain of Nerpins.

Computer-based sequencers

Since all these messages are transmitted as binary data it provides any sequencer with
unparalleled editing features, allowing them to offer numerous real-time editing facilities.
Indeed, you can transpose individual notes or entire sequencers to a different pitch, delete or
replace incorrect notes, mute individual parts, and route individual parts to play on different syn-
thesizers or use the same musical phrase more than once by copying and pasting it to new
locations. The copy and paste editing tools are particularly important to the dance musician,
since most dance records consist of repeated phrases, so you only need to record the phrase
once and then copy it to any place in the sequence where you'd like it to appear again. Most of
these editing facilities are also non-destructive, so if a mistake is made it can be quickly undone.

To accomplish this, most of today’s computer sequencers have adopted more or less the same
style of interface and working principles as Steinberg's flagship sequencer Cubase. Even
though this wasn't the first commercially available software sequencer to reach the computer
market, it was believed to be the most comprehensible and so the style has been adopted by
most other packages. Thus, they comprise a main page to handle the recording and arranging
duties, and a series of further pages allow for more in-depth editing.

The main window within a sequencer, often referred to as the arrange page, consists of a series
of MIDI tracks (and audio tracks if the sequencer is capable) listed down the left-hand side,
each of which can be assigned a MIDI channel. During playback or recording a timeline moves



Computers, music, MIDI and audio 13

from left to right, playing the information contained on each track to the respective channel of
the connected synthesizer.

1 L L L L
&5 3 a a9 ar

Figure 1.4 A sequencer's arrange page.

Notably, the number and style of any further editing pages depends on the make of sequencer.
Some computer sequencers will use a drum editor that allows you to ‘draw’ in any notes that
will then trigger the appropriate drum hits on the attached synthesizer at the correct time. This
is the format used throughout this book to describe the programming of drum loops in later
chapters.

Most sequencers will also feature a graphical display showing the notes placed along a piano-
roll display. This latter editor is the most commonly used editing screen and is where a fair num-
ber of dance musicians will spend the most time. Similar to the drum editor, here it's possible
to move or delete specific notes, change velocity (how hard the note is hit) or apply any number
of real-time MIDI parameters.

Using this piano-roll editing screen, it's possible to ‘draw’ notes directly onto the grid and then
use the mouse pointer to stretch them to the desired note length, after which you can play back
your work at any tempo. Alternatively, notes can be recorded in real-time and then moved to
more accurate positions, or they can be recorded in ‘step-time’. Using this, any notes played on
an attached keyboard will be automatically positioned onto specific parts of the grid. In fact,
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Figure 1.6 A typical piano-roll editing screen.
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these grid positions will play an incredibly important part of any dance music written on a
sequencer, including drum sequencers, so it is important to have a thorough understanding of
why they are present.

Resolution

The main purpose of any MIDI sequencer is to transmit the appropriate message (such as a
note-on message) to a sound-generating device at the specific times defined by the user.
However, no computer is capable of rendering events at just any time and they are limited by
the clock rate of the software or hardware circuit performing the process. Every time this clock
pulses, the computer can perform another operation; the maximum number of clock pulses,
also called clock ‘ticks’, that can occur within a given time period is known as the ‘resolution’.

All MIDI sequencers will, or should, specify this resolution in terms of Pulses Per Quarter Note
(PPQN), and the higher this value the more useful the sequencer will generally be. As an
example, if a sequencer has a PPQN of 4, each quarter note would contain four pulses, while
each eighth note would contain two pulses and each 16th note would contain one.
Consequently, you couldn’t render notes that are less than a 16th because there isn't a high
enough resolution to yield an integer number of clock pulses. Thus, not only would you be
unable to create notes smaller than a 16th, it would also be impossible for any note timing to be
adjusted to less than this either. This resolution is typical of some of the early analogue drum
machines that were used to create dance rhythms and are responsible for the metronomic
nature of the drum patterns.

From this we could determine that you would only really need a PPQN of 16 to write a typical
dance drum loop and although this is true in some cases, the elements that sit upon this basic
rhythm need a higher PPQN, otherwise the groove of the record will suffer. For instance, say
you were to record a three-note chord live from a keyboard into the sequencer. No matter how
precise you may think you are, it's highly unlikely that you would actually play all the notes at
precisely the same time. The notes may sound as though they've been played simultaneously,
but there would be very small timing differences.

If the sequencer being used to record these notes has a lower resolution than the difference in
time between the two notes, it has no option but to shift one or both notes to the next pulse.
This is obviously going to change the ‘feel’ you're trying to attain and although many dance
rhythms appear robotic in nature, there are underlying elements that do require some human
feel; thus, to achieve the sound you want the resolution needs to be higher.

In the early 1990s, Roland came to the conclusion that a PPQN of 96 would be suitable for
capturing most human nuances, while a PPQN of 192 would be able to capture the most
delicate human ‘feel’. Subsequently, most drum sequencers today use this latter resolution,
while software sequencers have adopted a much higher PPQN of 480 and above. A sequencer
that boasts a PPQN of 480 would work as shown in Table 1.4.

Note: If you have no musical knowledge of bars and musical notation, we'll be looking at
these in the next chapter.
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Table 1.4 Musical notation and the related ticks

Traditional notation Length of the note Number of clock ticks
(pulses)
Whole note One bar 1920
Half note Half bar 960
Quarter note Quarter bar 480
Eighth note Eighth bar 240
Sixteenth note Sixteenth bar 120
Thirty-second note Thirty-second bar 60

Each of these clock ticks can be referenced to a grid position within the sequencer, with the
number of grids displayed on the screen determined by the quantize value. For instance, if the
guantize value were set to 16, the grid would divide into 16ths, as it would be impossible to
place notes at smaller integers. The quantize value can obviously be used to affect rhythm,
phrasing and embellishments, but its flexibility depends on the options offered by the sequencer
and may be limited 1/8th, 1/16th or 1/32nd quantizing. All of these can be applied to previously
recorded notes to correct any timing inaccuracies that may appear from recording MIDI on the
fly. As it's improbable that you could accurately record a series of notes that sit on exact note
divisions live from a keyboard, quantize values can be used to shift all of the notes simulta-
neously to sit in the correct positions, a process often referred to as strict or ‘over-quantizing’.

The strict timing imposed by over-quantizing isn't always a necessity, so another process
known as ‘percentage quantize’ may also be available. This allows you to use a percentage
marker so that not all the notes are snapped to a grid but rather are moved by the specified
percentage towards it. For instance, by setting a quantize value of, say, 50%, you can move
notes to a position that's half way between where you originally played them and the nearest
time slot in the quantize grid. This is more useful for tightening up loose playing without losing
the feel of the music and is often known as ‘iterative quantize’ because you can carry out the
process as many times as required.

Although both these quantizing features are helpful in correcting sloppy playing, overuse of
these techniques can produce anti-musical results. While there are some forms of music that,
in theory at least, benefit from strict timing of each note, in reality even the most stringent
forms of techno introduce subtle timing differences throughout to add interest and tension.
Indeed, the importance of subtle timing differences shouldn’t be underestimated when creat-
ing music that grooves. We'll look more closely at the elements involved in using more
advanced quantizing features to create grooves in a later chapter.

MIDI-based dance studios

Although all dance studios will differ depending on the artist and the type of music that they
produce, generally all dance studios will consist of a sequencer (commonly a Mac or PC running
sequencing software), a sampler, a number of synthesizers, a drum machine, a host of effects
units and a mixing desk. Many of these components will not necessarily be in hardware form,
as computers are capable of running effects, samplers and instruments in the software domain,
but for now we'll concentrate on a typical hardware-based studio and we'll look more closely at
software-based studios in a moment.
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Figure 1.7 A simple dance-based studio.
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In Figure 1.7, the master keyboard’s MIDI OUT is sent to the MIDI IN on the sequencer. This
allows notes to be recorded by the sequencer or sent directly through it to the sequencer MIDI
OUT port into any of the attached devices, permitting you to play the device live. The MIDI OUT
from the sequencer is connected back to the MIDI IN on the keyboard, then the THRU port of
the master keyboard is used to connect to the MIDI IN port on the sampler, and so forth
throughout the chain. The audio outputs of all these devices are connected to a mixing desk,
allowing all the signals to be summed together before being sent to the amplifier and finally the
loudspeaker monitors as a stereo signal. Additional devices can be daisy-chained in this way up
to the maximum number of inputs available on the mixing desk. When all the devices are
connected together there are then a number of settings that need to be made to ensure that
everything works together as it should before you start writing music.

For any notes entering the sequencer from an attached keyboard to be sent via the computer
sequencer and back out to the attached devices, it must have ‘Soft Thru’ or ‘'MIDI Echo’
enabled in its set-up pages. This works on the same principle as the THRU connections on a
hardware device. The incoming MIDI data from the attached master keyboard is not only
received by the sequencer, but it is also sent through it to an attached device, allowing you to
record the data in the sequencer while also hearing the notes being played on the daisy-chained
devices. This approach, however, can result in problems if the master keyboard has its own
in-built synthesizer.
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There are two types of keyboards available: controller keyboards and synthesizer keyboards.
Controller keyboards are specifically designed to be used within a MIDI system and contain no
on-board sounds whatsoever. Instead, they are simply hardware controllers that transmit MIDI
information (such as note-on, pitch-bend and modulation) to the sequencer that can then be
recorded or transmitted through the chain to the device of your choice. Synthesizer keyboards
contain a number of on-board sounds which are triggered through the keyboard while also
transmitting the MIDI data, and this can result in problems. Since the keyboard will play the
on-board synthesized sounds and output to the MIDI OUT port, if this transmitted MIDI data is
sent to another device in the chain, not only will it trigger the second device it will also trigger
the keyboard’s own sound too. To prevent this from occurring, it may be necessary to turn the
keyboard's local control to off. By doing so, the keyboard's inbuilt synthesizer is ignored and
only MIDI note information is transmitted to the MIDI OUT port.

Note: It's important to remember that most sequences will default to ‘Soft Thru” enabled,
but if the local control of the keyboard is left on, any messages that are sent to the
sequencer will be sent through to any attached devices; thus, the signal leaving the
keyboard will be returned back to it, creating a feedback loop. This re-sounding of
the instrument will occur almost instantaneously. Since the repeated note data will not be
recorded it may not necessarily be so much of a problem, but it can make the synth
difficult to play.

While these procedures can prevent any problems from occurring and also allow you to play
back sounds from attached devices, any type of daisy-chained MIDI set-up should only be
viewed as a stopgap arrangement and should not be considered the perfect studio set-up, par-
ticularly where dance music is concerned.

If a large amount of devices are daisy-chained together the timing of notes can drift severely.
In fact, for dance music that uses complex rhythms (such as drum 'n’ bass or big beat), daisy-
chaining devices is best avoided altogether. This is because MIDI has a limited baud rate, so it
takes approximately 1 millisecond (ms) to transmit a typical byte of information, such as a MIDI
note on messages, to a synthesizer. While this is small enough to fool the human ear into
believing that these events occur at the same time, MIDI is also a serial interface, therefore any
consecutive messages can only be transmitted after the previous one has been processed.
This can introduce a whole host of problems if a series of notes have to be transmitted simul-
taneously or have to travel through a number of daisy-chained devices.

For example, if the sequencer has to trigger a three-note chorded pad, a kick drum, snare,
hi-hat, a bass note and a series of CC messages simultaneously, the serial nature of MIDI can only
transmit these one at a time. Therefore, the first note-on message will occur after 1 millisecond,
the second note-on message will occur 2 milliseconds after the first, the third will be transmitted
after 3 milliseconds, and so on. Thus, if 16 note-on messages were transmitted down a single
MIDI cable, by the time the final note is received by the device it would occur at around 16 mil-
liseconds after the first hit message, resulting in an effect known as MIDI choke or delay.
What's more, if you were to transmit a message that has to travel through a number of daisy-
chained devices, the message has to pass through the first device, adding 1 millisecond
(perhaps longer as the device has to identify that the message is to travel ‘thru’ it), then through
a second, adding another millisecond, then the third, etc. This means that the more devices the
message has to travel ‘thru’, the later in time it is going to occur.
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Note: Although daisy-chaining devices can result in a perceivable delay, if a large amount
of equipment is daisy-chained together it can result in numerous errors being introduced
into the MIDI signals as it passes through the various ‘thru’ ports!

Though we are still working in milliseconds in both these instances, the human ear is capable of
detecting very subtle rhythmic variations in music and even slight timing inconsistencies can
severely change the entire feel of the music. Indeed, a timing difference of only 12 milliseconds
can destroy the strict rhythm that is required in some dance music and can be especially evi-
dent with complex break beat loops. Consequently, many artists prefer to write drum loops
using drum samplers that feature their own sequencers to avoid any potential timing problems.
This ensures that the timing of each hit is accurate because the clock pulses are controlled by
independent hardware, and the link between the samples and the sequencer has a much larger
bandwidth. This ‘tight’ sequencer can then be synchronized with the master computer that's
playing the rest of the performance using MIDI Time Code (MTC).

MTC provides a method of synchronizing two sequencers, ensuring that they not only synchro-
nize with one another during playback but that they also start and stop simultaneously. The
master device (most usually a computer or a specific MTC generator) controls this by sending a
number of MIDI messages to cue any of the attached slave devices. The two sequencers are
synchronized during playback by the master sending a series of MIDI pulses at evenly spaced
intervals. This also means that the master must send these pulses accurately, otherwise the
two will drift apart. Accidental but subtle timing differences can be responsible for creating an
entirely different and useful feel, but if they drift too far it'll all sound wrong.

To avoid this, many sequencers use a pre-roll-based system whereby a small buffer is used to
store any MIDI data in advance, so that if the computer CPU becomes bogged down for a
moment (such as when it needs to poll the keyboard while redrawing the current screen), infor-
mation in the buffer can continue normally for a short while. Even then, it is prudent to disable
any processor-intensive programs running in the background to help ensure that it produces
pulses accurately. Also, if the sequencer utilizes a particularly high PPQN, see if it is possible to
lower it. For any high resolution to be worthwhile, the sequencer has to be able to maintain the
clock rate at any tempo, and in some sequencers PPQN can vary the faster that this is set.

Note: If you are to send MTC to any attached devices, the MIDI specification recom-
mends that these pulses are transmitted on their own discrete MIDI cable, as a missed
pulse can result in the two devices drifting apart.

While this approach will prevent any timing discrepancies between sequencers, it doesn’t solve
the potential issue of MIDI choke when transmitting simultaneous messages down a single
cable, so many sequencer manufacturers have adopted numerous methods in an attempt to
avoid it. Most sequencers utilize a channel priority system whereby the highest channels in
the arrange page are given priority over the MIDI chain. For instance, if all the MIDI channels are
being used, the first channel will receive the utmost priority, followed by the next and then
the next and so forth. Because of this, with any form of dance music it is prudent to place the
drums on the first channel of the sequencer (even if it's being transmitted down MIDI channel 10)
and the bass on channel 2. This will help to keep the groove as tight as possible. Also, it's a
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good working principle to move any other tracks forward by a couple of ticks so that they occur
fractionally later than the priority channels, as this helps to prevent any potential MIDI choke.

Any additional CC messages may also choke the interface, so many sequencers will also offer
a series of data reduction algorithms. These can usually be accessed through the system pages
of a sequencer and allow you to remove any unnecessary data, such as Sysex and aftertouch
information. Although both these approaches should help to ensure that any MIDI data occurs
pretty much on time, it's still not the ideal situation for a dance studio, so the best approach is
to invest in a multi-MIDI interface.

Multi-MIDI interfaces are usually external hardware interfaces (although cards that fit in the
computer are available) connected to the computer using the parallel or USB port, and offer a
number of separate MIDI IN and OUT ports. Using these, and provided that you have more than
one MIDI device, you can use different MIDI outputs to feed each different device rather than
having to daisy-chain them together. This reduces the possibility of any MIDI choke by allocat-
ing each device to an individual MIDI output from the master sequencer. These, however, are
single-buss interfaces and should not be confused with MIDI interfaces that have more than
one MIDI OUT but do not use multiple busses.

Single-buss interfaces offer a number of MIDI outputs that are all connect to one MIDI buss,
meaning that the 16 channels can be divided between the outputs. These were developed as a
substitute for devices that do not feature a MIDI THRU port, allowing them all to feed directly
from the interface. Nonetheless, because all the outputs are shared you're still only transmit-
ting 16 channels of MIDI data and this can result in choke if numerous notes occur at the same
time. True multi-buss devices will offer 16 MIDI channels per MIDI output, so if a multi-buss
interface offers four MIDI OUT channels, you'll have 64 MIDI channels at your disposal.

Most multi-buss interfaces feature a number of inputs that should also be on separate busses.
This allows you to record MIDI data (such as knob movements on a synth) from a number of
attached devices simultaneously without the risk of choking the interface. If only one input buss
were offered, attempting to record large amounts of CC data from a few synths could result in
severe timing problems.

Most professional sequencers offer support for multiple busses, allowing you to set an individ-
ual MIDI track to output any one of the numerous MIDI IN connectors, and two major
sequencer manufacturers — Steinberg and Emagic — have developed their own interfaces. These
are specifically designed to work with the sequencer in question and use custom buffers to
ensure that the MIDI transmitted from the sequencer into the interface, and from the interface
to the receiving devices, is accurate to within less than a millisecond. Steinberg’s Midex 8 and
Midex 3 interfaces employ a process known as Linear Time Base, while Emagic’'s MT8 and MT4
use Active MIDI Transmission. Despite the branding differences, both use the same principle to
keep timing as accurate as possible by attaching time stamp information to each MIDI
message. The time stamp information is stored in a buffer within the interface before they are
transmitted out to the appropriate device on time.

Note: Although it is possible to use Midex with Emagic's Logic and vice versa, you should
look towards purchasing the correct interface for the sequencer you are using, as mixing
the two will result in the MIDI information not being ‘time stamped'.
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Of course, even if multi-buss MIDI interfaces are used, if 16 channels of MIDI information are
all transmitted to the same module, then there is still no avoiding the possible choke unless you
transmit MIDI one channel at a time, record the results as audio and then re-insert this back into
the sequencer, or alternatively employ VST instruments to avoid choking problems altogether
(more on these in a moment).

Audio sequencing

Within the past few years sequencers have moved on from simple MIDI sequencing and now
offer a variety of audio sequencing parameters. These allow you to record, import and edit
audio in much the same way as MIDI. The audio can be displayed graphically and edited with a
mouse, and it is also possible to apply real-time effects to the audio, such as delay, reverb
and compression, negating the need to purchase additional hardware units to accomplish
the same job. Because all the audio is mixed together using a virtual software mixer, there is
little need to purchase a hardware alternative. All the audio can be mixed and equalized inside
the computer and the resulting stereo signal can be sent from the soundcard directly into the
loudspeakers.

This has the obvious advantage of being much cheaper than having to purchase the hardware
equivalents, but has the disadvantage that working with audio uses a lot more power than
simply working with MIDI hardware. You're no longer simply sending small bytes of information
to attached synthesizers or samplers because you're storing and manipulating audio on the
computer itself, and unless the computer is of a high enough spec this may not be possible.
While all PCs and Macs available today are capable of acting as a digital audio workstation,
there are a number of important factors that determine the number of audio tracks you can run
at once and how well they will perform when a number of effects are applied to them.

Although most of today’s software sequencers are more than capable of playing back more
than 200 audio tracks at a time, whether they can depends entirely on the access speed of the
hard drive and the amount of memory installed. All audio used by a sequencer is stored on
the hard drive and is read directly from the drive during playback. Thus, the speed at which data
can be read (or written while recording) directly affects the number of audio tracks that can
be played simultaneously. Most computers will use an EIDE (Enhanced Integrated Drive
Electronics) hard drive that has an access time of roughly less than 12 milliseconds, but it must
also be able to support Mode 4 buss mastering or at least have a minimum DMA (Direct
Memory Access) of 33 to be useful in audio applications.

Similar to transmitting MIDI information, sequencers will use a buffering system when playing
back audio files. Audio is streamed from the hard drive into the computer’'s memory, where it is
then read and played by the sequencer. Before any process in a computer can access the
memory, it must be referenced with the CPU first. In other words, every time the sequencer
accesses the hard drive it first holds a conversation with the CPU to check that there is enough
physical memory to buffer the information. This not only makes the access time longer, but also
uses some of the CPU power that would be better spent concentrating on applying effects to
an audio channel. By using a DMA hard drive, any data can be transferred between the disk and
memory without having to go through the processor each time. This not only frees up the CPU,
allowing it to spend more time doing other things, but also speeds up the access times, allow-
ing you to play more audio tracks simultaneously without suffering from glitches or jumps in the
audio files.
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You cannot simply connect a DMA 33 hard drive to a computer though, as to work this process
must be supported by the motherboard —i.e. the motherboard (often shortened to Mobo) must
have direct access from the hard drive to the memory. Furthermore, since digital audio
sequencers require a constant stream to be supplied, you will need a large hard disk if you want
to record long digital audio tracks. A typical CD-quality stereo file will require 10 megabytes
(MB) per minute, so a single 3-minute track will need 30 MB of free hard disk space, and as
some music can consist of 10-15 tracks played simultaneously, it may require 300-450 MB of
free space.

If the motherboard does not support DMA buss mastering, then SCSI (Special Computer Serial
Interface) hard drives can be used in their place. These offer the same or, in some cases, faster
transfer speeds than EIDE, but rarely come fitted as standard and unlike EIDE cannot be directly
connected to the motherboard unless it has a specific SCSI controller fitted. If this is not the
case, you will have to purchase an additional SCSI interface card that can be used to communi-
cate with any attached drives.

SCSI appears in two forms: narrow and wide. These refer to the number of devices that can be
daisy-chained together. The narrow SCSI channel supports up to eight hard drives (or any other
SCSI devices), while a wide channel supports up to 16. If you have a narrow adaptor, however,
you can only attach narrow devices and vice versa for the wide SCSI adaptors. That said,
Adaptec, the preferred company to use for SCSI connections, have released a controller card
that allows you to connect both narrow and wide connections to the same interface.

Alongside SCSI, another more recent development is Apple’s Firewire technology. Sometimes
referred to as IEEE 1394, it's a high-speed serial data buss that can not only move 400 megabits
per second but is also hot swappable. This means that provided you have a Firewire connection
fitted to the computer, you can simply plug in an external Firewire hard drive through a small
connection cable while the computer is still switched on. What's more, up to 64 devices can be
chained together using this connection, allowing you to attach numerous hard disks to the
computer and access them simultaneously.

Note: Apple has recently introduced a new Firewire protocol labelled as IEEE 1394b. This
features all the same capabilities as Firewire |IEEE 1394, but allows data transfer speeds
of up to 800 megabits per second!

Another important consideration, if a PC is to be used as the sequencer, is the motherboard itself.
For any audio applications a board that uses an Intel-based chipset will perform much more
reliably than any other. All audio software manufacturers test their equipment using Intel
chipsets, but not as many will test them on others and there have been innumerable reports from
users of AMD-based systems of incompatibilities between soundcards, SCSI adaptors and USB
devices (such as USB-based soundcards and multi-MIDI interfaces). Indeed, there have been
some serious issues reported with PCI-to-USB host controller chips that use non-Intel-based
chipsets, such as problems that prevent any attached USB devices from working at all.

Though Intel-based chipsets are more expensive, the reliability offered by them is worth it in
the long run, especially if you want to make music rather than spend most of the time chasing
incompatibility issues. Notably, many sequencers and other audio software packages are
specifically programmed to utilize the SSE Il instruction sets used on Pentium 4 processors and
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some companies will not offer product support if there are incompatibilities with their software
and non-Pentium-based systems. With the computer as the basis on which the entire studio
will be built, money should be no object.

Note: Apple Mac computers are all constructed to the same specific standards, so any
potential incompatibilities are not a problem.

The most important link in the chain, however, is the soundcard, as this defines the ultimate
quality of the music you produce. Essentially, a soundcard performs two distinct functions: pro-
viding a basic MIDI interface and enabling audio playback and recording. There are a huge vari-
ety of soundcards available, some manufactured specifically for audio work and others aimed
more towards computer gamers. Of all the factors to bear in mind when looking for any suitable
soundcard for your studio, the three most important questions to ask are:

How good is the audio quality?
Are the soundcard’s drivers multi-client?
How many inputs and outputs does it offer?

Each of these is explained in more detail below.

How good is the audio quality?

All soundcards offer much the same audio quality provided that the audio remains inside the
computer (digitized audio simply consists of numbers), but the quality of the audio being recorded
from the soundcard’s inputs is entirely dependent on the quality of the card’s audio-to-digital
converter (ADC). Cheaper cards tend to have a poor signal-to-noise ratio (SNR), resulting in an
audible hiss on any recordings taken using them, and many of these cards also remove some of
the higher and lower frequencies of a sound. It is also likely that they will use 16-bit rather than
24-bit converters, so they cannot capture the dynamic range as well (don't panic, we'll be look-
ing at all this in Chapter 4). That said, while 24-bit soundcards offer superior recording quality
when recording real instruments or vocals, to record this high requires more memory and CPU
power and, generally, 16-bit soundcards can still achieve excellent results.

Are the soundcard’s drivers multi-client?

As soon as any audio sequencer is opened it captures the audio card’s inputs and outputs to
use within the program. If the drivers on the card are not multi-client compatible, the sequencer
will be the only program that can access the card’s connections, and any further audio applica-
tions will not be able to access the soundcard while the sequencer is running. Promises that
multi-client capabilities will be included in later driver updates shouldn’t be taken literally and if
the card does not already have them you should look for one that does. Keep in mind that many
companies will promise updated drivers but instead release newer cards in their place. Visiting
the manufacturer’s web site and checking the currently available drivers and their frequency is
probably the best way to discover whether they are willing to update them to keep up with
moving technology.
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How many inputs and outputs (I/O) does it offer?

All soundcards will offer a stereo input and output, but this may not be enough to suit your
needs. In some situations you may wish to output each audio channel of the sequencer to a
different output so that you can mix down on a hardware mixing desk. Additionally, if you have
plans to record more than one instrumentalist at a time then you'll need an input for each
performer. Although you may not feel that you need more than one stereo input or output, it is
wise to plan for the future.

Provided that you have a capable computer and a good soundcard, possibly the largest benefit
from using an audio sequencer is the availability of plug-ins, which are small auxiliary programs
that add features to the host program. For digital audio software they can give you access to
additional effects such as EQ units, filters, vocoders and reverb algorithms.

Plug-ins for 'home’ sequencing platforms are usually in one of three formats: AU (Audio Units),
Direct X or VST (Virtual Studio Technology). Audio Units is a Mac-only interface for use on their
OSX operating system, Direct X is a Windows-only application and VST is available for both
platforms. Nonetheless, AU, Direct X and VST are essentially one and the same, allowing
access to real-time effects, but where Direct X and AU can be used in a wider range of
sequencing programs, VST is limited to sequencers that support the VST standard. This limited
support is advantageous, with the high level of integration providing greater stability, in addition
to using less processor power.

More recently, Steinberg developed the Virtual Instrument plug-in interface. This works on
similar principles to the VST and Direct X plug-ins, but allows you to use software emulations of
real-world instruments within any VST-compatible sequencer. Software samplers have also
started to appear, offering all the benefits of sampling but from within the sequencer, negating
the need to use any external MIDI devices. Significantly, their audio output can be directed to a
number of channels in the audio sequencer’s mixer, so the signal can be mixed with the other
audio channels contained in the virtual mixer while allowing you to EQ and apply plug-in effects
to their output.

To further explain the advantages of a software-based studio, Ronan Macdonald, an accom-
plished musician and editor of the UK's best selling Computer Music magazine,’ kind-heartedly
agreed to be interviewed.

Q: What are the benefits of a studio based entirely on software?

A: The benefits of the software-only studio are many, and so compelling that the music tech-
nology hardware industry is genuinely suffering for it (as, indeed, are recording studios the
world over), as more and more musicians get their home studios up to professional standards
thanks to the power and price of software.

First, then, price. Music software, generally, is much more cost-efficient than hardware. For the
price of a decent hard disk recorder, you can now buy a very powerful computer and a
MIDl/audio sequencer that leaves the hardware equivalent standing.

Second, convenience and mobility. The advantage of having your entire studio running inside
your Mac or PC is self-evident in terms of the space it takes up and the lack of need for cables,

T The Computer Music web site can be located at www.computermusic.co.uk.
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racks and all the rest of it. And if that Mac or PC happens to be a laptop, the freedom to take
your entire studio wherever you want is nothing short of a modern miracle.

Third, total recall. Generally, with a hardware-based studio, it's only possible to work on one mix
at a time, since all mixer settings, patch bays and instrument and effects settings have to be
cleared for each new project. A totally software-based studio doesn’t have this problem, as all
settings are saved with the song, meaning you can work on as many projects at once as your
brain can handle.

Fourth, sheer power. Today's computers are really, really powerful. It's now possible to run well
over 60 tracks of plug-in-processed audio alongside numerous virtual instruments in real-time.
Sequencers also make MIDI and audio editing highly user-friendly, very quick and very easy, and
in terms of sound quality, since nothing need ever leave the digital domain, low noise and
crystal clarity can be taken for granted with a software-only set-up.

Q: What are the advantages of using VST instruments over the hardware alternative?

A: Again, price is a major factor here. Hardware synths can cost hundreds or even thousands of
pounds; soft synths very rarely cost more than £400 and usually a lot less. These days it's
possible to buy some incredibly powerful virtual instruments on the net for as little as £30 — and
that's not to mention the countless free ones out there! On top of that is the fact that you can
run multiple instances of most virtual instruments at the same time. As if having a totally realis-
tic software Prophet-5 (a staple instrument in the creation of dance music) wasn’t cool enough,
how about having eight of them all running at once, and all for the price of just one?

When it comes to samplers in particular, hardware simply can’t compete with computer-based
systems. Editing a big sample is infinitely easier on a computer monitor than it is on a sampler’s
LCD screen, and being able to store gigabytes of samples on a computer hard drive makes main-
taining and archiving a large sample library a mundane task rather than a constantly fraught one.

Q: But do Virtual Instruments sound as good as hardware instruments?

A: Absolutely. While early VST synths were limited in terms of quality by the speed of comput-
ers a few years ago, these days there are no such problems. The latest generation of analogue
emulations — such as GMedia’s Oddity and Arturia’s Moog Modular V — have shown that we
now have enough power at our disposal to be able to process exceptionally realistic oscillator
algorithms, leading to sound quality that simply can't be distinguished from ‘the real thing'.

Q: So you can play these in real-time like any hardware instrument?

A: While there is always a certain amount of latency involved in playing soft synths (the delay
between pressing a key and actually hearing the sound come out of the computer), with a high-
quality (which doesn't necessarily mean expensive) soundcard, this can be easily brought down
to less than 10 ms, which is all but unnoticeable. And once you've actually recorded the perfor-
mance into the computer, there's no latency at all on playback.

Q: What would you recommend as the basic requirements to those starting out writing dance
music on a computer?

A: While, as with everything in computing, the more money you spend, the more power you'll
get, any off-the-shelf PC will be capable of running even the most demanding of today’s music
software. The soundcard is more of an issue than the PC itself, and although perfectly good
results can be had using any built-in sound system, it's definitely better to get at least a Sound
Blaster Live or Audigy, or — even better — a pro solution such as M-Audio’s Audiophile 2496, which
offers incredibly low latency and stunning sound quality, and can be bought for around £150.

In terms of software, the budding dance music producer is spoilt for choice. Propellerhead

Software’s Reason offers a beautifully conceived and totally self-contained virtual studio for
around £220, featuring synths, samplers and effects and sounding simply awesome.
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Cakewalk’s Projectb (£249) takes a similarly dance-orientated approach but has the added ben-
efit of being compatible with Direct X and VST plug-ins. And for what qualifies as unarguably the
cheapest way into computer-based music production, Computer Music magazine features the
CM Studio free on the cover CD of every issue. This comprises a powerful sequencer
(Computer Muzys), a virtual analogue synth, a drum synth, a drum sample player, a sampler and
a rack of effects.



2 Dance music theory

All you need is a feel for the music. There are people that have been to college to study music and
they can't make a simple rhythm track, let alone a hit record.

Farley 'Jackmaster’ Funk

Basic music theory

Having discussed the MIDI protocol in Chapter 1, we can look at how this is used in a more tra-
ditional musical context. In order to do that, it's handy to have a basic understanding of musical
theory. While some dance musicians have released records without any prior knowledge of
music theory, familiarity with the basic principles will be helpful, even it only helps you to under-
stand why some different genres of dance music may use different time signatures.

It's important to note right from the start that this is a basic introduction to musical theory aimed
at those who have little or no musical knowledge. An in-depth discussion of the finer points of
music theory is beyond the scope of this book, so we're only going to cover areas that are rele-
vant to the dance musician. This information will be developed in the discussions of different
musical genres in later chapters, so if you feel lost with what follows, stick with it, it will all
come together by the end of the book.

We need to begin by first examining the building blocks of music, starting with the musical scale.

The major scale

The major scale consists of a specific pattern of pitches that are named after the first seven let-
ters of the alphabet. These always follow a specific sequence and always begin and end on the
same letter to create an octave. For example, the C major scale always begins and ends with a
C, and the distance between the two Cs is always one octave. For those who've endured Julie
Andrews' warbling in the Sound of Music or attended singing lessons, we can relate this to
‘Doh — Ray — Me — Fah — So— Lah — Ti— Doh' (the final 'Doh’ being one octave higher than the
first). What's more, each pitch in the octave has its own name and number, the latter of which
is referred to as a 'degree’. Because most aspects of musical theory are based around the dis-
tances between notes, it's important to understand these relationships, which are shown in
Table 2.1 for the C major scale.

To comprehend the relationship between notes in a scale we need to examine the placement
of notes on a typical keyboard and their representation on the musical staff.

28
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Table 2.1 The C major scale

Vocal ‘Doh”  ‘Ray’ ‘Me' ‘Fah’ ‘So’ ‘Lah’ T

Key C D E F G A B
Degree 1 2 3 4 5 6 7

Name Tonic Supertonic ~ Mediant ~ Subdominant ~ Dominant ~ Submediant  Subtonic

One octave

Figure 2.1 Layout of the keyboard.

The keyboard is made up of five black notes and seven white notes, forming one octave,
repeated several times along the length of the instrument. Each key on the keyboard relates to
the pitch of that particular key and is equal to one semitone. The black keys raise or lower the
pitch by one semitone. If they raise the pitch they are called ‘sharps’ (§). If they lower the pitch
they are called ‘flats’ (), so to the right of C is a raised black note called C# and the same note
to the left of D is called D}, Likewise, the black note to the right of D is called D# or E}, and so
on (excluding the notes E and B that do not have sharp notes associated with them and the
notes F and C that do not have flats associated with them). Because the black keys on the key-
board can be either sharps (#) or flats (), depending on the key of the song or melody, they are
sometimes referred to as ‘enharmonic equivalents’.

The written musical notation of the octave from C to C on the keyboard is shown in Figure 2.2.
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Figure 2.2 Notes in the octave from C to C.

Figure 2.2 clearly shows how notes rise in pitch through the octave. Because each note of a
particular pitch is equal to one semitone, these can be added together and classed as one tone.
Taking the notes C and C8, the two can be added together to produce one tone (one semitone
+ one semitone = one tone). Consequently, the notes C, D, F, G and A, which all have associ-
ated sharps, are known as whole tones, while the notes E and B, which don't have sharps, are
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referred to as semitones. Using this logic, the C major scale shown in Figure 2.3 can also be
written:

Tone-Tone-Semitone-Tone-Tone-Tone-Semitone

Semitone Semitone
i
A (@)
| Han) A O ¥
=V A 0O v
) © 9
C D E F G A B C

Figure 2.3 The C major scale.

This is the pattern of tones and semitones that defines a major scale. If, rather than starting at
C, we start at D ending on the D an octave higher, this arrangement changes to:

Tone-Semitone-Tone-Tone-Tone-Semitone-Tone

Although this may not seem significant on paper, it has an impact on the sound because the key
has changed from C to D. That is, D is now our root note. The best way to understand this dif-
ference is to import or program a melody into a sequencer and then pitch it up by one tone.
Although the melody remains the same, the tonality will change because the notes are now
playing at different pitches than before. This is shown in Figure 2.4.

Semitone Semitone
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[ {an) =0 ©
A3V 0o ©
[3) e -
D E F G A B C D

Figure 2.4 C major pitched up one tone to D.

In order to pitch the melody up from C to D without changing the tonality, we need to take the
sharps into account. So in pitching the melody from C to D, whilst retaining the tone-tone—-semi-
tone pattern associated with the major scale, the relevant sharp notes must be introduced. In
the key of D, the major scale has two sharps — F# and C# — written as shown in Figure 2.5.
Looking back at the keyboard layout shown in Figure 2.1, these correspond to the black notes
to the right of F and C.

Semitone Semitone
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Figure 2.5 The D major scale.
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If the melody is then pitched up from C by five semitones to F, F becomes the root note and the
pattern of tones changes to:

Tone-Tone-Tone-Semitone-Tone—-Tone-Semitone

Again, this looks fine on paper, but the tonality is no longer the same as in the original melody,
where C was the root note. In order to correct this, we need to alter the pitch of B, lowering it
by one semitone to B}, as shown in Figure 2.6.
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Figure 2.6 The F major scale.

Where the scale is constructed will depend on whether the black keys are sharps or flats, but in
defining the key they will only be one or the other.

Minor scales

Along with the major scale, there are three types of minor scales called the ‘natural’, ‘harmon-
ic' and ‘'melodic’ minor scales. These differ from the major scale and from one another because
of the order of the tones and semitones. As a result, each of these minor scales has a unique
pattern associated with it.

The natural minor scale has semitones at the scale degrees of 2-3 and 5-6. Thus, they all fol-
low the pattern:

Tone-Tone-Semitone-Tone-Tone-Semitone—Tone

Semitone Semitone
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Figure 2.7 C minor (natural).

The melodic minor has semitones at the scale degrees of 2-3 and 7-8 when ascending, but
reverts back to the natural minor when descending. Thus, they will all follow the pattern of:

Tone-Semitone-Tone-Tone-Tone—-Tone-Semitone
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Semitone Semitone
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Figure 2.8 C minor melodic.
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Figure 2.9 C minor harmonic.

The harmonic minor scale has semitones at the scale degrees of 2-3, 5-6 and 7-8. Thus, they
all follow the pattern:

Tone-Semitone-Tone-Tone-Semitone-Tone-Semitone

Generally speaking, the harmonic minor scale is used to create basic minor chord structures to
harmonize with riffs or melodies that are written using the melodic and natural minor scales.
Every major key has a related minor scale and vice versa, but this doesn’t mean that the closest
relationship to the key of C major is C minor. Instead, the relationship works on the principle
that the most closely related major and minor keys are those that have the most notes in com-
mon. The closest related minor scale to C major is A minor, because these two scales have the
most notes in common (neither contains any sharps or flats). As a guideline, you can define the
closest related minor from a major by building it from the sixth degree of the major scale and
the closest related major from a minor scale building from the third degree of the minor scale.

The structures of major and minor scales are often referred to as modes. Rather than describ-
ing a melody or song by its key, it's usual to use its modal term.

Table 2.2 Modal terms

Key Name Mode

C Tonic Major (lonian)
D Supertonic Dorian

E Mediant Phrygian

F Subdominant Lydian

G Dominant Mixolydian

A Submediant Minor (Aeolian)
B Subtonic Locrian

Modes are incredibly important to grasp because they determine the emotion the music con-
veys. Although there are scientific reasons behind this, principally it's because we subcon-
sciously reference everything we do, hear or see with past events. Indeed, it's impossible for
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us to listen to a piece of music without subconsciously referencing it against every other piece
we've previously heard. This is why we may feel immediately attracted too or feel comfortable
with some records but not others. For instance, some dance music is written in the major
lonian mode. Changing this to the minor Aeolian mode would make the mood seem much
more serious. This is not only because the lonian mode sounds less harmonious, but also
because we associate the Aeolian pattern of sounds with the serious and sombre sounds of
traditional church organ music.

Chords

No matter what key or mode you play in, if only one note is played at a time the music will be
rather boring to listen to. Indeed, it's the interaction between notes played simultaneously that
provides music with its real interest. WWhen more than one note is played simultaneously, it's
referred to as a ‘harmony’ and the difference in the pitch between the two played notes is
known as the ‘interval’. Intervals can be anything from one semitone to above an octave apart,
and the sonic quality of a sound varies and multiplies with each additional note that's played.

Harmonies that utilize three or more notes are known as chords. The size of these intervals
influences the ‘feel” of the chord being played and some intervals will create a more pleasing
sound than others. Intervals that produce a pleasing sound are called consonant chords, while
those less pleasing are called dissonant chords. Although consonant chords are more harmo-
nious than dissonant chords, the combination of the two can be used in music to create ten-
sion, so each type is of equal importance when you are writing a track. Indeed, creating a track
using nothing but consonant chords results in a track that sounds quite insipid, while creating a
track with only dissonant chords will make the music sound unnatural. The two must be mixed
together sympathetically to create the right amount of tension and release. To help clarify this,
Table 2.3 shows the relationships between consonant and dissonant chords and the interval
names over the octave.

Table 2.3 The relationships between consonant and dissonant chords

Interval Semitones apart Description
Unison Same note Strongly consonant
Minor second 1 Strongly dissonant
Second 2 Mildly dissonant
Minor third 3 Strongly consonant
Major third 4 Strongly consonant
Perfect fourth 5 Dissonant

Tritone 6 Mildly dissonant
Perfect fifth 7 Strongly consonant
Minor sixth 8 Mildly dissonant
Major sixth 9 Consonant

Minor seventh 10 Mildly dissonant
Major seventh 11 Dissonant

Intervals of more than twelve semitones span the octave and have a somewhat different
effect.

To better understand how chords are constructed we need to look again at the layout of C
major. Using the chart shown in Figure 2.10 we can look at the simplest chord structure — the
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Pitch Cc D E F G A B

Degree 1 2 3 4 5 6 7

Figure 2.10 Grid of the C major scale.

triad. As the name suggests, this contains three notes and is constructed from the first, third
and fifth degree notes of the scale that forms the root note of the chord. Looking at Figure 2.3,
the root note of the C major scale is C, so C is the first note of the chord. To create the C major
triad, the third and fifth degree notes must be added, giving us the chord C-E-G (or first, third
and fifth degree). This major triad is the most basic and common form of chord and is often
referred to as ‘CMaj'. This chord template can be moved to any note of the scale, so, for exam-
ple, a chord constructed from the root key of G, taking the first, third and fifth degree notes, the
chord consists of the notes G-B-D. Similarly, a triad in the root key of F is made up of the notes
F-A-C. This also means that when writing a triad with a root key of D, E, A or B, the third tone
will always be a sharp. The major triads of C, D, F and G are shown in Figure 2.11.

There are three variations to the major triad scale, which are the ‘minor’, ‘diminished’ and ‘aug-
mented’ triads. Each of these works on a similar principle to the major scale — using the first,
third and fifth degree notes — with the difference that the position of third and/or fifth degree
notes are raised or lowered by one semitone.

[ Ean) ~ C major N @) D major
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Figure 2.11 Major triads of C, D, F and G.

For instance, taking the major triad C-E-G from the root key of C and lowering the third tone
gives us the minor triad C-E[-G. For a diminished triad both the third and fifth tones are low-
ered, resulting in C-E},-G},. To create an augmented triad, the fifth note is increased by a semi-
tone, producing C—-E-G#. These and other basic chord groups are shown in Table 2.4.

7 7
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Minor Diminished Augmented

Figure 2.12 Variations to the major triad.
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Table 2.4 Basic chord groups

Chord/root Major Minor Diminished Augmented

C C-E-G C-Eb-G C-EL-G}, C-E-G}

D D-F4-A D-F-A D-F-Al, D-Fi-A%

E E-G§-B E-G-B E-G-B), E-G#-C

F F-A-C F-AL-C F-AL,-B F-A-C#

G G-B-D G-B}),-D G-B},-D}, G-B-D#

A A-CH-E A-C-E A-C-E|, A-CH#-F

B B-D#-F4 B-D-F# B-D-F B-D#-G

C# (enharmonic CH-E3 (F)-G# C4-E-G# C4-E-G CH-ER(F)-A
D},)

Db Dh-F-A), D)-E-A}, D)-E-G Dj-F-A

El EL-G-B}, EL-GL-B}, EL-G)-A Ej-G-B

F# (enharmonic Fi-A#-Ch Fi—A-CH Fi—A-C F#-A$-D
G

G, G)-BL-D), GL-A-D}, G)-A-C Gj[-B)-D

Al AL-C-E}, AL-B-E Al-B-D Al-C-E

B, Bl,-D-F BL,-Dp-F B),-Dj-E BL-D-F#

So, to recap:

To create a major triad take the first, third and fifth degree notes of the scale.

To create a minor triad lower the third degree by a semitone.
To create a diminished triad lower the third and fifth degree notes by a semitone.
To create an augmented triad raise the fifth degree by a semitone.

In a musical context, the transition between these chords is what gives music a sense of
movement and a unique character. To introduce this sense of movement, the centre note of the
chord (the third degree) is often inverted or moved as the chords progress. If the third degree is
moved up a semitone it creates an interval known as a major third, whereas if it were posi-

tioned or moved to three semitones above the root note, it becomes a minor third.

Inversions are created in much the same way as major/minor thirds. A chord is inverted by mov-
ing one of the notes by a melodically suitable degree. This is achieved largely by experimenta-
tion, but as an example, if a tune is written using the chord of C, the first degree (C) can be
transposed up an octave so that the E becomes the root note. This creates a ‘first inversion’.
Next, the E can be transposed up an octave, leaving the G as the root. This creates a 'second

inversion’.
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C major First inversion Second inversion

Figure 2.13 First and second inversions of C major.



36 The Dance Music Manual

This kind of progression is especially suitable for pads or strings that need to change smoothly
as the track progresses without attracting too much attention. That said, movement of any
degree within the chord might be used to create chord progressions.

Simple chord triads, such as those shown in Table 2.3, can be extended by adding another note
to create a four-note chord. The most commonly used four-note chord sequences extend the
major triad by introducing a seventh degree note. This results in a 1-3-5-7 degree pattern, so
the four-note chord of C major is made up of the notes C-E-G-B, as shown in Figure 2.14.

(@an] (@an]
SV AN
J o [y

C F

Figure 2.14 C and F major sevenths.

When the root note is in either major C or F, the seventh degree (B or E respectively) is 11 semi-
tones above the root key, creating a major seventh. In any key other than C or F, the seventh
degree will be 10 semitones above the root, creating a minor seventh.
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Figure 2.15 D and G minor sevenths.

In dance music it's uncommon for four-note chords to be used. This is because major seventh
chords tend to sound like Latino rhythms while minor sevenths are synonymous with jazz
music. That said, you should experiment with different chord progressions as the basis for
musical harmony. For those who still feel a little unsure about the construction of chords, Table
2.5 provides a list of popular chord sequences.

The chords in Table 2.5 can be used to select a number of chords to program them into the
sequencer, and experimenting by adjusting the order of the chord progressions. Although this
approach will not work all the time — you may choose totally dissonant chord structures — never
underestimate serendipity!

Note: To help you decipher these chord structures, on the CD you'll find the PC software
program Kord Kruncher.'

" Kord Kruncher is copyright to Andrew Le Couteur Bisson.
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Table 2.5 Popular chord sequences

Keys — < Chord Keys — <« Chord
C-E,-G-A CMN 6 C-E}-G-A-D MN 6/9
C-EL-G-D C MN AG9 C-EL-G-B), CMN7
C-E)-G-B},-F CMN 7 AGT1 C-E}-G-B)-A CMN 7 AG13
C-E[-G-B),-D CMNO9 C-Ej,-G-B|,-D-F C MN 11
C-E}-G-B),-D-F-A CMN 13 C-EL-G-B C MN MR
C-E)-G-B-D C MN 9 MR C-E,-F$-B}, C MN 7,5
C-E[,-F§-B)-D C MN 9},5 C-E,-F§-B})-D-F C MN 11},5
C-E}—F# C DM C-E[-F§-A CDM7
C-EL,-F§-A-B C DM7 AG MR C-E-F4-B C MR},5
C-E-G#-B CMRb C-E-G-B-F# CMR 11
C-E-G-B C MR C-E-G-B-A C MR
C-E-G# CAG C-F-G-B},-C# C7sus)9
C-F-G-B},-C§-A C13sus)9 C-F-F§-B Csus)b
C-F-G Csus C-F-G-B}, C7sus
C-F-G-B}-D C9sus C-F-G-B}-D-A C13sus
C-E-G-B-D Cmj9 C-E-G-B-D-A Cmj13
C-E-G-B-D-F§ Cmj9#11 C-E-G-B-D-F§-A Cmj13411
C-E-F¢-B}, C7h5 C-E-F§-B})-D CoLb
C-E-G#-B), C7%5 C-E-G#-B}-D C9#5
C-E-G-B})-C C79 C-E-G-BJ,-E}, C749
C-E-F§-B},-C# C7h5h9 C-E-A},-B}-E}, C745%9
C-E-G#-B},-C# C7%5}9 C-E-G-B},-F# C7$11
C-E-G-B},-D-F# C9%11 C-E-G-B|,-C#-F4 C7,9%11
C-E-G-B},—E},—F# C749411 C-E-F#-B),-D-A C13},5
C-E-G-B|-C#-A C13,9 C-E-G-B|,-D-F#-A C13§11
C-E-G-A C6 C-E-G-D-A C6/9
C-E-G-D CAG9 C-E-G-B}, c7
C-E-G-B},-D C9 C-E-G-B),-D-A C13

Key: MN, minor; MR, major seventh; AG, augmented; DM, diminished.

With the basic chords laid down a bass line can be constructed around them. This is not
necessarily how all music is formed, but it is common practice to derive the chord structure
from the bass or melody or vice versa, and it's useful to prioritize the instruments used in the

track in this way.

While there are no absolute rules as to how music is written, or at least there aren't as far as |
know, it's best to avoid getting carried away programming complex melodies unless they form
an essential part of the music. Although music works on the principle of contrast, too many
complicated melodies and rhythms playing together will not necessarily produce a great track,
and you'll probably end up with a collection of instruments that are all fighting to be noticed.

For example, typical "hands in the air' trance with big, melodic, synthetic leads doesn't require
a complex bass melody because the lead is so intricate, so the bass is usually very simple.
Indeed, whenever the melodic lead is the focus of the track, it may make sense to work on that
first, to avoid putting too much rhythmical energy into the bass. If the bass were developed
first, you may make it too melodic and it will make harmonizing the lead to sit with much more
difficult and, in our example, may detract from the trance lead rather than enhance it. If, how-
ever, you construct the most prominent part of the track first, in this case the melodic synth, it's
likely that you'll be more conservative when it comes to the bass. This problem does not rear its
ugly head if the chord structure is fashioned first, because chord structures are relatively simple
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and this simplicity will give you the basic key from which you can derive both the melody and
bass to suit the genre of music you are writing.

Indeed, because we subconsciously reference everything we hear, it pays to know the chord
progressions that we are all familiar with. Chord progressions that have never been used before
tend to alienate listeners. Most clubbers expect themes that they've heard a thousand times
before and are not interested in originality: an observation that will inevitably stir up some
debate. Nonetheless, it's true to say that each genre — whether techno, trance, drum 'n’ bass,
chill-out, hip-hop or house — is based around an identifiable theme. For example, if we compare
Room 5's Make Love with Stardust's Music Sound Better with You, DJ Modjo’s Lady and
Supermen Lovers' Starlight, we can hear the similarities. Each of these has been a massive hit
with clubbers, yet the styles, sounds and arrangements are very similar. This is not to say that you
should attempt to copy other artists, but it does raise a number of questions about originality.

The subject of originality is a multifaceted and thorny issue, and often a cause of heated debate
among musicians. Although the finer points of musical analysis are beyond the scope of this
book, we can reach some useful conclusions by looking briefly at the works of L. Bernstein and
A. Marx, two people who have made large discoveries in this area and are often viewed as the
founders of musical analysis. They believed that if any musical piece were taken apart, aspects
of it would be similar to most other records. Whether this is because musicians are often influ-
enced by somebody else’s style is another subject for debate, but while the similarities are not
immediately obvious to the casual listener, to the musician these similarities can be used as the
basis of musical compositions.

We can summarize their discoveries by examining the musical scale. As we've seen, there are
12 major and 12 minor keys, each consisting of eight notes. What's more, there are three basic
major and three basic minor chords in each key. Thus, sitting at a keyboard and attempting to
come up with an original structure is unlikely. When you do eventually come up with a progres-
sion that sounds ‘right’, it’s likely that it sounds that way because you've subconsciously recog-
nized the structure from another record. This is why chord structures often trigger an emotional
response. In many cases, dance hits use a series of familiar underlying chord progressions.
While the decoration around these common progressions may be elaborate and differ from
other tracks, the underlying harmonic structure is very similar and seldom moves away from a
basic three-chord progression. Because of this, there's nothing wrong with forming the bass
and melody around a popular chord structure then removing the chords later on. In fact, popu-
lar chord structures are often a good starting point if inspiration takes a holiday and you're left
staring at a blank sequencer window.

Musical relationship

When writing music of any style it's vital that the chords, bass and melody complement one
another. Of these three elements, the most important relationship is between the bass and the
melody, so we'll examine this first. This relationship has three musical possibilities, called paral-
lel, oblique or contrary motion.

Parallel motion is when the bass line follows the same direction as the melody. This means that
when the melody rises in pitch the bass also rises, but does not follow it at an exact interval. If
both the melody and bass rise by a third degree, the resulting sound will be too synchronized
and programmed and all of its feeling will be lost. Rather, if the melody rises by a third and the
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bass by a fifth or alternate thereof, the two instruments will sound like two voices and the over-
all sound will be enhanced. The bass should also borrow some aspects from the progression of
the melody but should not play the same riff.

When the melody and bass work together in obliqgue motion, the melody or bass move up or
down in pitch while the other instruments remain in the same key. In music that is driven by the
melody, such as trance, the melody moves while the bass remains constant. In other genres,
such as house, where the bass is often quite funky with plenty of movement, the melody
remains constant while the bass dances around it.

The relationship known as contrary motion provides the most dynamic movement and occurs
when the bass line moves in the opposite direction to the melody: if the melody rises in pitch,
the bass falls. Using this technique it's usual that if the melody rises by a third degree, the bass
falls by a third. Contrary motion can be a vital component of dance music that works because it
draws attention to the harmonic structure of the bass and the melody and makes the whole
record gel together.

This leads onto the complex subject of "harmonization’ — how the chord structure interacts with
both the bass and melody. Despite the fact that dance tracks don't always use a chord progres-
sion or in some cases even a melody, the theory of how chords interlace with other instru-
ments is beneficial on a number of levels. For instance, if you have a bass and melody but the
recording still sounds drab, harmonizing chords could be added to see whether they help.
Adding these chords can also give you an idea of where the vocals should be pitched.

The easiest way to construct a chord sequence is to take the key of the bass and/or melody and
build the chords around it. For instance, if the key of the bass is in E, then the chord’s root could
be formed around E. If you construct your chords in this way it is, however, unwise to duplicate
every change of pitch in the bass or melody as the root for your chord sequence. While the
chord sequence will undoubtedly work, the mix of consonant and dissonant sounds will be lost
and the resultant sound will be either manic or sterile. To ensure that the chord structure instils
emotion, the interactions between the bass, melody and harmony must be more complex, and
attention to this will quite often make the difference between great work and an average track.

Often, the best approach is to develop a chord progression based around any of the notes used
in the bass. For instance, if the bass is in E, then you shouldn’t be afraid of writing the chord in
C maijor, because this contains an E. Similarly, A minor, the minor to C major, would work just as
well (come on, keep up at the back ...).

For the chords to work, they must be closely related to the key of the song, so it doesn’t nec-
essarily follow that because a chord utilizes E in its structure it will work in harmony with the
song as a whole. For a harmony to really work it must be inconspicuous, so it's important that
the right chords are used. A prominent harmony will deter from the rest of the track, so har-
monies are best kept simple, avoiding frequent or quick changes and changes every time the
bass note or melody changes. The best harmony is one that is only noticeable when removed.

While the relationship between the bass and chord structures is fundamental to creating music
that gels properly, not every bass note or chord should occur dead on the beat, every beat, or
follow the other’s progression exactly. This kind of sterile perfection is tedious to listen to and
will quickly bore listeners, but it's a trap that is easy to fall into and difficult to get out of, partic-
ularly when working with software sequencers. To avoid this, you must experiment by moving
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notes around so that they occur moments before or after each other. This deliberately inaccurate
timing, often referred to as the ‘human element’, forms a crucial part of most musical styles.

This mistiming is such a natural occurrence that our brains tune into this phenomenon, refusing
anything that repeats itself perfectly without any variation. Although you may not recognize
exactly what the problem is, the brain instinctively knows that a machine has created the per-
formance. It could be argued that the human element is missing from most forms of dance
music, but that assumes that the human element cannot be recreated electronically. By offset-
ting various notes deliberately or by utilizing quantize functions in the sequencer, the slight inac-
curacies we expect to hear can be written into the music, and it is these techniques that define
the groove in the most well-known dance records. Before we look at this in more detail, how-
ever, we need to understand tempo and time signatures.

Tempo and time signatures

In all popular music the tempo is measured by counting the number of beats that occur per
minute (BPM). BPM measurements are also sometimes referred to as ‘metronome mark’ and
musicians, along with some producers, use these along with other musical terms to describe
the general tempo of any given genre of music. For instance, the hip-hop genre is characterized
by a slow, laid-back beat, but individual tracks will use different tempos that can vary from
80 BPM through to 11T0BPM. Thus, it's usual that different musical styles are described using
general musical terms. Using musical terms, then, hip-hop can be described as ‘andante’ or
‘moderato’, meaning at a walking pace or at a moderate tempo. Similarly, the house or trance
genres may be described as ‘allegro’, meaning quickly, while drum 'n’ bass may be described
as ‘prestissimo’, meaning very fast.

Several of the most common musical terms are listed below:

Largo — slowly and broadly.

Larghetto — a little less slow than largo.
Adagio — slowly.

Andante — at a walking pace.

Moderato — at a moderate tempo.
Allegretto — not quite allegro.

Allegro — quickly.

Presto — fast.

Prestissimo — very fast.

It is important to bear in mind that the actual number of beats per minute in a piece of music
marked presto, for example, will also depend on the music itself. A track that is constructed of
half notes can be played a lot quicker (in terms of BPM) than one that consists almost entirely
of 16th notes, but it can still be described using the same word. To make sense of this we need
to examine time signatures and different note lengths.

Time signatures determine the rhythmic feel and ‘flow’ of the music, and so an understanding
of them is essential. To understand the principle of time signatures, you first have to learn how
to count. Of course, we all learnt how to do this in primary school, but it's not quite the same in
music because of the way music is transcribed onto a musical staff.
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Figure 2.16 C major scale.

Figure 2.16 shows the notes of the C major scale on the musical staff. As we learned earlier in
this chapter, each note’s pitch can be seen in relation to the other notes according to its vertical
position. While the position of the notes indicates the pitch, the symbol used to represent each
note indicates the duration. Table 2.6 shows the timing relationships between notes and their
symbolic representation.

Table 2.6 Timing relationships between notes

Symbol Name Common name Value in Equivalent in
relation to a timing to:
whole note

Whole note Semibreve 1 JJ

Half note Minim 12 J

Quarter note Crotchet 1/4 )ﬁﬁﬁ)’)’ﬁ)

Eighth note Quaver /8 SOOI
Sixteenth Semiquaver 116 ﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁ
note MMIMMNNMMIIN

Thirty-second Demisemiquaver 1/32
note

Y Y% Y0

Each note's duration can be described in terms of its relation to a whole note, or ‘semibreve’. If
notes were simply dropped onto a musical stave, as they were in Figure 2.3, the musician
would play them one after the other but there would be no rhythm to the piece. To avoid this,
music is broken down into a series of bars and each bar has an associated rhythm. Generally,
this rhythm remains the same throughout every bar of music, but in some instances the rhythm
can change during the course of a song.

All music must have rhythm: it's what gets your feet moving on the dance floor. To grasp this
we need to be able to count like a musician. The ticking of an ordinary clock (provided it isn't a
digital clock, of course!) is a good place to start. When we listen to a clock, every tick corre-
sponds to a number from 1 to 60 seconds. To start counting musically, we count in time with
the regular clock ticks but count up to four and then start all over again from one instead of
counting all the way up to 60. For instance:

One...two...three...four...one...two...three...four...one...two...three...four...and so forth

This gives us a pattern of four beats in the bar.
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Now suppose we emphasize every number one of our count by saying it slightly louder, we
now have the pattern:

ONE...two...three...four...ONE...two...three...four...ONE...two...three...four...and so forth

Next, rather than counting up to four, count up to three while still placing an accent on the num-
ber one, changing the pattern to that of three beats in the bar.

ONE...two...three...ONE...two...three...ONE...two...three...ONE...two...three...and so forth

You'll notice there is a distinct change in the rhythm. Counting up to four produces a rather sta-
tic rhythm (typical of most dance music), while counting up to three produces a rhythm with a
little more swing to it (typical of some chill-out, trip-hop and hip-hop tracks). This is the basic
concept behind time signatures; they allow the musician to determine what kind of rhythm the
music employs.

Time signatures are placed at the beginning of a musical piece to inform the musician of the
general rhythm, how many and what kind of notes there are per bar. They are written with one
number on top of another, similar to mathematical fractions such as 1/4 or 1/2. In music, the
number at the top of the time signature indicates the number of ‘beats’ per bar (do not confuse
this with beats per minute!) and the bottom number indicates the length of these beats.

To explain this, let's consider the time signature of 3/4 (pronounced ‘three-four’). The top num-
ber determines that there are three beats to the bar, while the bottom number tells us the
length of these beats. If we look again at Table 2.6, we see that we have different sizes of
notes, from whole notes through to 32nd notes. To determine the size of each beat indicated by
a time signature, we take a whole note (1) and divide it by the bottom number (4). This gives us:

1 whole note + 4 = 4 quarter notes (i.e. 4 crotchets)

This gives us the beat size of one crotchet. From this we can determine that each bar of music can
accept no more than three crotchets. Of course, this doesn't limit us to using just three crotchets,
it simply means that no matter what notes we decide to use we cannot go above the total sum of
three crotchets, so in other words we could use any of the examples shown in Table 2.7.

This technique can be applied to other time signatures. If we work in the time signature of 5/2
(five-two) we can tell from the top note that there are five beats to the bar. As before, we work

Table 2.7 Some possible notes in 3/4 time

Note lengths Musical notation Equivalent value in
crotchets

Four eighth notes + one quarter note J"ﬁﬁ)’ + J = J J J

One half note + two eighth notes J+ ﬁﬁ = J J J

One half note + one quarter note J+ J = J J J
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out the size of these beats by dividing a whole note by the bottom number in the time signa-
ture, in this case two. This gives us five half notes (minims) to the bar. If applied to the time sig-
nature 6/8 (six-eight) there are six eighth notes (quavers) in the bar. These different time
signatures, while appearing quite abstract and meaningless on paper, produce very different
rhythmic results when played.

Although most dance music is written in 4/4 or 3/4, writing in different time signatures can
occasionally aid in the creation of grooves. ‘Groove’ is a vital element in dance music because
its purpose is to make you want to move your feet, so having the right kind of vibe is essential.
The problem is that, while it is possible to dissect and describe the principles behind the pro-
gramming of different music genres, defining what actually makes the groove of one record
better than another isn’t as straightforward. Indeed, creating a killer dance floor groove is some-
thing of a Holy Grail that all dance music producers are continually searching for. Although find-
ing it has often been accredited to a mix of skill, creativity and serendipity, there are some
general rules of thumb that often apply.

Injecting groove into a performance is something that any good musician does naturally, but it
can be roughly measured by two things: timing differences and variations in the dynamics. A
drummer, for instance, will constantly differ how hard the kit is hit, resulting in a variation in vol-
ume throughout, while also controlling the timing to within microseconds. These variations in
volume (referred to as dynamic variation) inject realism and emotion into the performance,
while the slight timing differences add to the groove.

By deliberately adjusting the timing and dynamics of each instrument we can inject groove into
a recording. If a kick and hi-hat play on the beat or a division thereof, moving the snare’s timing
forward or backward will make a huge difference to the feel. Similarly, programming parts to
play slightly behind the beat creates a bigger, more laid-back feel, while positioning them to play
in front of the beat creates a more intense, almost nervous feel. These are the principles on
which swing and groove quantize in sequencers operate, both of which can be used to affect
rhythm, phrasing and embellishments.

Using swing quantize, the grid is moved away from regular slots to alternating longer and
shorter slots. This can be used to add an extra feel to music or, if heavily applied, can change
a 4/4 track into a 3/4 track. Groove quantize is a more recent development that allows you
to import third-party groove templates and then apply them to the current MIDI file. This
differs from all other forms of quantize because it redefines the grid lines over a series of
bars rather than just one bar, thereby recreating the feel of a real musical performance. In
many instances groove templates also affect note lengths and the overall dynamics of the
current file, creating a more realistic performance. In more adept sequencers, groove templates
extracted from audio files can be applied to a MIDI file to recreate the feel of a particular
performance.

The best results are obtained by using swing and groove quantizing features creatively — for
example, by creating complex drum loops from two or three drum loops that each use different
quantize settings. This approach works equally well when creating complex bass lines (if the
track is bass driven), lead lines and motifs. It is important to note, however, that quantize
shouldn’t be relied on to instantly add a human feel, so creating a rigid bass pattern in the hope
that quantizing will introduce some feel later isn't a good idea. Instead, you should try to pro-
gram the bass with plenty of feel from the start: by physically moving notes by a few ticks and
then experimenting further with the quantize options to see if it adds anything extra.



44 The Dance Music Manual

In addition to groove, another important aspect of dance music is the drive, which gives the
effect of pushing the beat forwards as if the song is attempting to run faster than the tempo.
This feeling of drive comes from the position of the bass and drums in relation to the rest of the
record. For instance, moving the drums and bass forward in time by just a couple of ticks gives
the impression that they are pushing the song forward, in effect producing a mix that appears
as if it wants to go faster than it actually is. This feeling can be further accentuated if any melod-
ic elements, such as pianos, are programmed to sit astride the beat rather than dead on it and
if different velocities are used to accentuate parts of the rhythm.

This brings us to the subject of dynamics and syncopation, both of which play a vital role in cap-
turing the requisite rhythm of dance. All musical forms are based upon patterns of strong and
weak phrases working together. In classical music, it is the constant variation in dynamics that
produces emotion and rhythm from these contrasts. In dance music these dynamic variations are
often accentuated by the rhythmic elements. By convention, the first beat of the bar is the
strongest. Armies on the march provide a good example of this, with the 2/4 rhythm, Left-
Right-Left-Right-Left-Right. In this rhythm there are two beats (Left and Right). The first beat is
the strongest, with the second beat being a little weaker. With the typical dance music 4/4 kick
drum the first beat in the bar is usually the strongest (that is, it has the greatest velocity), with any
subsequent hits varying in dynamics. An example of dynamic variations is shown in Table 2.8.

Table 2.8 Dynamic variations across four bars

No. of ‘kicks’ in the bar Beat pattern Pattern over four bars
! Strong S-5-5-S
2 Strong-weak SW-SW-SW-SW
3 Strong—-medium-weak SMW-SMW-SMW-SMW
4 Strong-weak—-medium-weak SWMW-SWMW-SWMW-SWMW

Syncopation also plays an important role in the rhythm of a track. This is where the stress of the
music falls off the beat rather than on it. All dance music makes use of this and it's often a vital
element that helps tie the whole track together. While the four-to-the-floor rhythm pounds out
across the dance floor, a series of much more elaborate rhythms interweave between the beats
of the main kick drum. For instance, if we count in the same manner as we did for the time
signatures:

ONE...two...three...four...ONE...two...three...four...ONE...two...three...four...and so forth

Each number corresponds to the kick drum, but if we were to add ‘and’ into the counting we get:

ONE and two and three and four...ONE and two and three and four...and so forth

Each "and’ occurs on the off beat, or, in musical terms, on the quaver of the beat. A good example
of this is found in trance music, where the bass notes occur between the kicks sat on the beat.

More emphasis can be added using velocity commands, which simulate or recreate the effect
of hitting some notes harder than others, thereby creating different levels of brightness in the
sound. These are commonly used with bass notes. Using velocity commands you can keep the
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first note of the bar at the highest velocity and then lower the velocity for each progressive note
in the bar and, at the next bar, repeat this pattern again. It's important to also consider here that
the length of any bass notes can also affect the perceived tempo of the track. Shorter, stabbed
notes, such as 16ths, will make a record appear slightly more frantic than using notes that are
longer.

Note: If the drum and bass timbres have been programmed, it's worth experimenting by
lengthening and/or shortening the duration of notes to observe the difference.

While it is impossible to define a groove precisely, the best way to know whether you've hit
upon a good vibe is to try dancing to it. If you can, the groove is working. If not, you'll need to
look at the bass and drums again before moving any further. Keep in mind that the groove forms
the backbone of all dance records, so it's imperative that the groove works during this early
stage. Don't hope that adding additional melodic lines later will help it along: if it sounds great at
this point then further melodic elements will only help improve it. If you're stuck for inspiration
or are struggling to create a groove, try downloading MIDI files of other great songs with a sim-
ilar feel and incorporate and manipulate the ideas to create your own groove. This isn't stealing,
it's research and every musician on the planet started this way!

The only real ‘secret’ behind creating that killer groove is to never settle for second best, which
is why many artists freely admit to spending weeks making sure that a track has a good vibe.
This includes giving it a quick mix-down so that it sounds exactly as you would envisage it when
the track is completed. If at this point the vibe is still missing, go back and change the elements
again until it sounds exactly right. Take into consideration that the mixing desk, as well as being
a useful creative tool, only polishes the results of a mix; hence, sounds going into a mix must
be precise in the first place.

Creating melodies/motifs

Although melodies and motifs often take second place to the general groove of the record they
still have an important role in dance music. Notably, very few dance tracks employ long, ele-
gant, melodic lines (some trance being an exception), since these can deter from the rhythmic
elements of the music but, if programmed correctly, they are extremely powerful tools.
Consequently, most dance music uses short motifs, as these are simple yet powerful enough
to drive the message home. Generally, a good motif is a small, steady, melodious idea that pro-
vides listeners with an immediate reference point in the track. For instance, the opening strings
in The Verve's Bitter Sweet Symphony could be considered a motif, as can the first few piano
chords on Britney Spears’ Hit Me Baby One More Time, because as soon as you hear them you
can identify the track.

Knowing what makes a good motif is central to the ability to write one, so what are the princi-
ples behind their creation? Well, motifs follow similar rules to the way that we ask and then
answer a question. In a motif the first musical phrase ‘asks’ the question and this is then
‘answered’ by the second phrase. This is known as a ‘binary phrase’ (or Da Capo) and some of
the best examples can be found in nursery rhymes such as ‘Baa baa black sheep’ asking the
question, answered by ‘Yes sir, yes sir, three bags full'.
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This is a simple and well-known motif and it's important to observe how the two lines balance each
other out. Musically, the first line consists of CCGGABCAG, while the reply consists of FFEEDDC.
Also, notice how the first phrase rises but the second phrase falls, whilst maintaining the similari-
ties between the two phrases. This type of balance underlies the most memorable motifs and is
key to their creation. Whether a four-to-the-floor remix of Baa baa black sheep would go down well
in a club is another question altogether, but as a motif it contains the three key elements:

Simplicity.
Rhythmic repetition.
Some variation.

The use of rhythmic repetition in music is not exclusive to dance music. Most classical music is
based entirely around the repetition of small flourishes and motifs — so much so that many
dance musicians listen to classical works and derive their ideas from its form. In fact, the prin-
ciple behind writing a memorable record is to bombard the listener with the same phrases so
that they become embedded in the listener’s memory, although this must be accomplished in
such a way that the music doesn’t sound too repetitive. Indeed, one of the biggest mistakes
made by musicians just starting out is to instil too many new ideas without taking any notice of
what has happened in the previous bars.

When creating a motif, simply repeating the phrases AB-AB-AB-AB can result in too much repeti-
tion, so another method is to create a third phrase. This is called ‘ternary’ repetition and is where you
create a third ‘answer’ and alternate between the three motifs in different ways, such as ABC-BAC.

It's also commonplace for musicians to introduce a fourth motif, resulting in two ‘questions’
and two ‘answers’. This arrangement is called a "trio minuet’ formation and can take on various
forms, such as ABA (minuet), CDC (trio), ABA-CDC and so forth. Although not all dance musi-
cians work this way, these are generally accepted methods that have led to two simple rules:

1 If the beginning of the motif rises, the second part will fall.
2 After moving in one direction, there is a step back in the opposite direction.

Having said that, it's not uncommon for the inverse to be true — a relationship that can be used to
musical effect. When any motif falls in scale it gives the impression of pulling our emotion down-
wards, yet if it increases in scale it is more uplifting. This is because there are higher frequencies
when a note rises, as is evident when the low-pass filter cut-off of a synthesizer is opened up to
allow more high-frequency content through. You can hear this in countless dance records where
the music becomes duller, as though it's being played in another room, and then gradually the fre-
quencies increase, creating a sense of expansion as the sound builds. If you listen to most dance
records this form of building, using filter cut-off movement, becomes apparent. When the track is
building up to a crescendo the filter opens, yet while the track drops away the filter closes.
Similarly, the rising key change introduced at the end of many popular songs builds the sound, giv-
ing the impression that the song is at full impact, driving the message home.

Note: An excellent example of the effect filter movement has can be heard on Sasha’s
Xpander. The riff used is repetitive and it's the filter movements that carry the track.
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Like everything else in music, understanding the theory behind good motifs and actually creat-
ing one that captivates attention is an entirely different matter: like great grooves, great motifs
are something of a Holy Grail and coming up with them is going to be a mix of skill, creativity
and luck. Irrespective of this, there are some ideas that you can try out:

One approach is to record MIDI information from a synthesizer’s arpeggiator and then edit
this in a sequencer to produce some basic ideas.

Another technique that can produce usable results is what's often called the ‘two-fingered’
approach. This involves tapping out a riff using two keys an octave apart on the keyboard. By
alternating between these two keys, keeping the lower key the same and continually mov-
ing higher or lower in scale on the second key, the beginnings of interesting rhythmic move-
ments can be developed. If the rhythm is recorded as MIDI it can be edited further by
lengthening notes to overlap each other or by adding further notes in between the two
octaves to construct motifs.

The third and most commonly used method is to continually loop the bass and drums and
experiment on the keyboard until you come up with something that complements the
rhythm section. Once the first bar(s) of the phrase — the ‘question’ — have been fashioned
they can be pasted into the subsequent bar(s) and edited to create the ‘answer’.

Above all, it's best to avoid getting carried away with any of these techniques. It's vital that they
are kept simple. Many dance tracks use a single pitch of notes played every eighth, 16th or
quarter, or are constructed to interweave with the bass to produce a complex groove. Indeed,
simple motifs have a much more dramatic effect on the music than complex arpeggios, so it's
important that they capture the listener's interest.

Because the sound used for any motif should stand out, it's important to consider the frequen-
cies that are used or are to be used in the mix. In many dance tracks where three of four sim-
ple motifs play simultaneously, the combined frequencies can take up a proportionate amount
of the available space within the mix. To prevent clogging up the mix, motifs are usually worked
with as MIDI rather than transformed to audio, as this allows you to use filter cut-off to reduce
the frequencies. This method also allows you to utilize a low-pass filter cut-off and control the
sound’s sonic content while the other motifs are playing. In working with the optimum fre-
quencies of a motif, its rhythmical pitch must be carefully chosen.

Any motif that uses notes above C4 will contain many higher frequencies and few lower ones,
so using a low-pass filter that is almost closed will reduce the frequencies to nothing. Careful
use of the filters will create the final result and often you will need to compromise by cutting
the frequencies of some motifs while opening them up for others. Manipulating the frequen-
cies in this way creates the impression that the sounds are interweaving, which creates the
movement and ‘energy’ that is characteristic of most club tracks.

Creating progression

Although dance music is heavily based on repetition, it retains interest by building and releasing
the groove. This is achieved by adding and removing sonic elements throughout the track and
the gratuitous use of filters. To fully understand how a groove is built and released we need to
look at sections of the whole track, counting what has gone before, how the next event is pre-
pared, what comes after it and how it ends. For example, when you hear the typical dance
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snare crescendo building you automatically know that the main part of the groove will follow.
The longer this is reasonably postponed, the bigger the impact is expected to be. The best way
to learn about this is to listen to and dissect popular dance tracks and then create a song map
charting where the builds and drops occur, essentially charting the emotion that it creates.

There are various methods of song mapping and each is as valid as the next, but because many
psychologists believe that we are naturally disposed to think in pictorial form it may be benefi-
cial to draw a map of the arrangement onto paper. How this is depicted is entirely up to the indi-
vidual and can consist of anything from simple lines to more complex drawings involving
colours and/or symbols to depict each instrument and the parts of the original recording.
Because club mixes can be quite long, often averaging around 6-8 minutes, these types of
maps can be a blessing. Paul Van Dyk and BT, for instance, are well known for creating a song
map before beginning to build any type of track. A song map not only helps you to envisage the
final product, but it also helps you plot out the track in terms of crucial builds and drops.

The basic principle behind this strategy is that it gives a visual reference to where the different
emotional states occur in the dance track, helping you to envisage where the track will bring lis-
teners up on a ‘high’ and then drop them down again.

Emotion level

0660w

I I I [ I I I I I [
0 16 32 48 6472 83 104 116 148 180 196 202

Bar number

Figure 2.17 Example of a song map.

It's evident from the song map shown in Figure 2.17 that dance music differs from the usual
musical structure of verse, chorus, verse, chorus, bridge and outro. Instead, dance music
derives its own set of rules based around mathematical repetition taken to extremes, usually
broken into sections of four bars. This formal structure may seem overtly technical for what is
otherwise a creative art, but try writing a 16-bar loop and introducing an instrument at bar 5, 13
or 15 and it will no doubt sound erroneous.

Looking at Figure 2.17 we can also determine that the typical arrangement consists of an intro,
first body, drop, second body, second drop, reprise, main body and finally an outro. Each of
these changes relates to the emotional states that, ideally, you need to generate for the listen-
ers. Using a map we can see how this might be transferred and used in an imaginary club track,
of which an example is described below.
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The intro

Bars 1-16

This section introduces the track and consists of nothing more than a 4/4 drum loop. This is
kept simple at the beginning of the track and continues unchanged for the first 16 bars. This
standard introduction gives the DJ playing the music a 4/4 beat with no other instrumentation
so that he can mix it in with previous track, keeping the beat going from one record to the next
to keep everyone up on the floor. ‘Dropping a beat’ will easily disorientate the clubbers who are
dancing: we all need a basis on which to keep time.

Bars 16-32

At this point, a new instrument is introduced. In order not to give the game away too soon a
new percussive element comes in. This could consist of another closed or open hi-hat pattern,
snares or claps. This completes the drum loop that will play throughout the rest of the mix.

First body

Bars 32-48

After the initial 32 bars, the main groove is introduced. Now both the bass and drums are play-
ing together, laying the foundations of the groove. This plays unaltered to allow the clubbers to
become comfortable with the general groove of the record.

Bars 48-64

At bar 48 a motif is introduced. This interweaves with the bass and drums using slow filter cut-
off movements. Applying a low-pass filter to the motif and slowly opening it introduces higher
frequencies, giving the effect that the song is building up towards something special. Listen to
any popular record and you'll notice this effect. As the song progresses more instruments are
introduced, usually at the chorus stage, filling out the mix's frequency range, bringing the song
towards a climax. These filter movements are typically used to create tension and movement in
all forms of dance music and have formed the basis of the most well respected dance records.

The drop

Bars 64-72

At this point all the percussive elements, bar the kick drum, have been dropped from the mix
while the motif continually plays along. The filter is closed, giving the impression that the song
is dropping emotionally. However, by the middle fourth bar the drum rhythm picks up again,
starting with the open hi-hats followed by the snares, signifying that the track is about to come
back. As the rhythm picks up, the motifs filter opens up again and is followed by a short snare
roll, where the second body of the track is reintroduced.

The second body

Bars 72-88

At the final beat of the preceding bar’s drop section, a crash cymbal starts a new passage of
music and a new motif is introduced. The filter on both motifs is now contorted, resulting in the
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motifs’ frequencies moving in and out of one another to create a flowing movement that helps
the track groove along.

Bars 88-104

Again, a crash cymbal, snare roll, skip or sound effect is employed to denote the next 16 bars of
the second body and some chorded strings are introduced. Low-pass filter movements
are employed on the strings to prevent them from appearing too static. As before, the filter
movements open, giving the impression that the song is building up again, while in the final
four bars of this section a snare roll signifies that the song is building further.

The drop

Bars 104-108

A sudden crash cymbal at the end of the preceding bar echoes across the mix while the song
drops to just the strings and the motif that was introduced in the second body. Again, the filter
cut-off closes to denote a break to the second bar of this drop, whereby it begins to open again,
giving the impression that the song is once again building.

The reprise

Bars 108-116

At the end of the drop a snare roll is introduced, slowly gaining in volume as the cut-off
frequencies of both the motif and chords are opened further. This snare roll lasts the entire
length of the eight bars, with the snares becoming progressively closer together the closer
they get to the main body of the track. The principle aim in this section is to build emotion to a
maximum, so that when the main body is reached the track is at its apex. |deally, this is a cul-
mination of all the instruments that have been previously introduced throughout the mix and a
new motif.

The main body

Bars 116-148

The main body is used to drive the message of the track home and is signified by all of the pre-
vious instruments playing together, creating a crescendo of emotion. The drums, bass, previous
motifs and a new motif are introduced, filling up the entire frequency spectrum of the mix.
Again, filter cut-offs play a role here to prevent boredom and each instrument interacts with one
another by closing the filter of one motif while opening it on the other.

Bars 148-180

At this point, additional snares are introduced to add a skip to the rhythm and a few sweeping
effects are introduced that pan across the mix.
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The outro

Bars 180-196

One of the motifs is dropped from the mix after a cymbal crash and the filters on the other
motifs and chords are beginning to close, bringing the track back down in emotion. Finally, all
the motifs and chords are removed, leaving just the drums and bass playing.

Bars 196-212

The bass is dropped from the mix, leaving the full drum rhythm playing solo for the final 16 bars,
allowing the DJ to mix in the next record. The track draws to a close.

Of course, this imaginary track is quite simple and in reality building a track is much more com-
plex, but nonetheless this is a good example of typical dance club structure. As with all music
this is open to an individual's interpretation, but bear in mind that dance music is an exact
science and the audience likes to know what to expect. Building a snare crescendo and then
dropping it back again would not be greeted with smiling or gurning faces.

In many cases, the arrangement will differ according to the genre of music being written. While
this type of arrangement may work for trance, it won't work too well for hip-hop and trip-hop, as
these require a more gentle approach. We'll look more closely at the difference between these
genres and their programming in later chapters.
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| know what I'm looking for in a sound as soon as | hear it.

Peter ‘Baby’ Ford

To be proficient at creating dance music, it's necessary to fully comprehend the technology used
in its creation. Because dance music relies as much on the actual production values as on any-
thing else, no matter how musical or well programmed an arrangement is, if it doesn't utilize the
‘right” sounds for the genre then it certainly isn't going to light up a dance floor. Even simple
things — such as using a typical rock drum kick rather than the archetypal 909 or 808 kicks — can
cause a track to lose its dynamic edge. Consequently, to write successful dance music a good
understanding of synthesizer programming and the ability to process the results effectively is
essential.

Before the various programming techniques can be understood, it's necessary to decipher the
purpose of the various knobs and buttons that adorn a typical synth and observe the effects
that each has on a sound, and for that we need to start at the very beginning by examining
acoustics: the science of sound.

Acoustic science

When any object vibrates, air molecules surrounding it begin to vibrate sympathetically in all
directions. These sound waves then cause vibrations in the eardrum 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.

For instance, when a tuning fork is struck the forks first move toward one another, compress-
ing the air molecules directly in front of them before moving in the opposite direction. In this
movement from ‘compression’ to ‘rarefaction’ there is a moment where there are less air mol-
ecules 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 out-
wards by the next cycle of the fork, and a series of alternating compressions and rarefactions
pass through the air.

52
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The number 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 per second has a frequency of 300Hz, while an object that com-
pletes 3000 cycles per second has a frequency of 3kilohertz (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 3.1.

Low frequency High frequency
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Figure 3.1 Difference between low and high frequencies.

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 movement is referred to as the ‘phase’ of
the cycle and is measured in degrees, similar to the measurement of a geometric circle. As
shown in Figure 3.2, each cycle starts at position zero, passes back through this position,
known as the ‘zero crossing’, and returns to zero.
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Figure 3.2 The zero crossing in a wave form.
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Consequently, if two objects vibrate at different speeds and the resulting waveforms 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 another 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 frequency between
them. It's important to note that if two waves have the same frequency and are 180 degrees out
of phase with one another, i.e. one waveform reaches its peak while the second is at its trough,
no sound is produced. This effect, where two waves cancel one another out and no sound is pro-
duced, is known as ‘phase cancellation” and is shown in Figure 3.3.

o 180° R

Figure 3.3 Two waves out of phase.

As long as waveforms are not 180 degrees 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 wires in a piano are adjusted so that each wire oscillates at an exact frequency. When a key
is struck a mallet strikes the corresponding string, forcing it to oscillate. This produces the fun-
damental pitch of the key and, also, if the vibrations from this wire are the same as any of the
other wires’ natural vibration rates, sets these into motion too. These are called ‘'sympathetic
vibrations' 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.

Any frequencies that are an integer of the lowest frequency (i.e. the fundamental) will be in
harmony with one another, an occurrence that was first realized by Pythagoras, from which
he derived the following three rules:

1 If a note’s frequency is multiplied or divided by two, the same note is created but in a different
octave.
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2 If anote’s frequency is multiplied or divided by three, the strongest harmonic relation is cre-
ated. 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.

3 Ifanote’s frequency is multiplied or divided by five, this also creates a strong harmonic rela-
tion. Again, if we look at the first rule, the ratio 5:4 gives the same harmonic relation but this
interval is known as the maijor third.

The relationships between harmonics and frequency ratios are shown in Table 3.1.

Table 3.1 Relationships between harmonics and frequency ratios

Name Distance in semitones Frequency ratios
Unison 0 1:1
Minor second 1 16:15
Major second 2 9:8
Minor third 3 6:5
Maijor third 4 5:4
Perfect fourth 5 4:3
Augmented fourth 6 45:32
Diminished fifth 6 64:45
Perfect fifth 7 3:2
Major sixth 8 8:5
Minor sixth 9 5:3
Major seventh 10 16:9
Minor seventh 11 15:8
Octave 12 2:1

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 orig-
inal are introduced, integer multiples of the fundamental frequency are added to the signal.
These integer multiples of the fundamental are known as 'harmonics’ and make the sound
appear more complex. Harmonics that are not integers of the fundamental are called “partials’,
which also contribute to the complexity of the sound. Through the introduction and relationship
of these harmonics, an infinite number of sounds can be created.

The harmonic content determines the type of sound we hear, whether it's a piano, an electric gui-
tar or a kick drum, and is commonly referred to as the timbre (French for tonal colour and pro-
nounced ‘tamber’). However, while describing a sound is simple enough, representing it on paper
is extremely difficult because the waveform produced by any instrument is incredibly complex.

In an attempt to overcome this, Jean 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 ampli-
tudes, the wavelengths 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 funda-
mental 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 synthesizers are
derived.
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Figure 3.4 How multiple sound waves create harmonics (1).

So far, we've looked at how both the pitch and timbre are determined. The final characteristic to
consider is volume. Changes in volume are caused by the amount of air molecules an oscillat-
ing object displaces. The more air an object displaces, the louder the perceived sound. This vol-
ume, 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 accompa-
nies 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, so for the sound wave to be
heard most musical instruments 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 instrument, or a hollow tube, as in the case of wind instruments.
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Figure 3.5 How multiple sound waves create harmonics (2).

When a piano wire 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 amplifying the sound. Similarly, when a tuning fork is struck, if it's 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 ampli-
tude. If the level of amplification can be adjusted then the ratio between the original and the
changed amplitude is called the ‘gain’. Gain can either be positive or negative and is usually
measured in decibels (dB). This form of measurement, named after Alexander Graham Bell, the
inventor of telephony, indicates the relative difference between sound intensities or sound
pressure levels. Thus, a decibel represents the relative amplitude of two different sounds,
which is in turn related to loudness, but it is not a measurement of it.

Note: If we measure the intensity of one particular sound, it is measured by its Sounds
Pressure Level and is expressed as SPL dB rather than just dB. More importantly, though,
it's vital to comprehend that decibels are always measured on a logarithmic scale in base
10. For instance, if you have two audio signals and there is a 3dB difference between
them, one would be a third louder than the other, although this would be entirely subjective
to the listener.

Loudness is difficult to quantify, because it's entirely relative to the listener. Generally, the
human ear can detect frequencies from as low as 20Hz up to 20 kHz; however, this depends
on a number of factors. Although most of us are capable of hearing frequencies as low as
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20 Hz, the perception of higher frequencies changes with age. Most teenagers are capable of
hearing frequencies as high as 18kHz, while the middle-aged tend not to hear frequencies
above 14kHz. A person’s level of hearing may also have been damaged, for example, by over-
exposure to loud noise or music. Whether it is possible for us to perceive sounds higher than
18 kHz with the presence of other sounds is a subject of debate that has yet to be proven.

Note: Sounds that are between 3 and 5kHz appear perceivably louder than frequencies
that are outside of this range (more on this in later chapters).

Subtractive synthesis

Having looked into the theory of sound, we next need to understand how this relates to synthe-
sis. Subtractive synthesis is the basis of many forms of synthesis and is usually related to ana-
logue synthesizers. 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 synth is entirely dependent on the model,
but all synths 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 synthesis (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.
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Figure 3.6 Layout of a basic synth.

An analogue synth has three components:

An oscillator, to make the initial sound.
A filter, to filter the sound.
An amplifier, to define the overall level of the sound.

Each of these components and their role in synthesis is discussed in the sections below.
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Voltage-controlled oscillator (VCO)

When a key on a keyboard is pressed, a signal is sent to the oscillator to activate it and a spe-
cific control voltage (CV) is also sent 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, 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 regu-
larly. 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 synths 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!

Note: The argument over whether it's possible for DSP oscillators to faithfully reproduce
analogue-based synths is ongoing, but the argument in favour of DSP synthesizers is that
they offer more waveforms and therefore more possibilities for manipulating sound.

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 synthesiz-
ers now offer additional sine, noise, tri-saw, pulse and numerous variable wave shapes as well.
Although these additional waveforms each produce different sounds, they are all based around
the three basic wave shapes and are often introduced into synthesizers to prevent having to mix
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 pro-
duce 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 synth. Even if a synth could utilize three oscillators to pro-
duce this one sound, the number of available oscillators would be reduced. Subsequently, while
there are numerous oscillator waves available, only knowledge of the six types is required.

1. The sine wave

A sine wave is the simplest wave shape and is based on the mathematical sine function. 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 subtractive sense, because if the fundamental is
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Figure 3.7 A sine wave.
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removed no sound is produced (and there are no harmonics upon which the modifiers could act).
Consequently, the sine wave is used independently to create sub-basses or whistling timbres or
is mixed with other waveforms to add extra body or bottom-end to a sound.

2. The square wave

A square wave is the simplest waveform for an electrical circuit to generate because it only
exists in two states: high and low. This wave produces 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.

<—— Amplitude —»

Time ——>»

Figure 3.8 A square wave.

3. The pulse wave

Although pulse waves are often confused with square waves, there is a significant difference
between the two. 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 synth. Rather the square wave offers an addi-
tional 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 timbres along with the wide hollow sounds
created by a square wave.

<— Amplitude ——»

Time ——»

Figure 3.9 A pulse wave.
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4. The sawtooth wave

A sawtooth wave produces all the even and odd harmonics in the series and therefore pro-
duces a bright sound that is an excellent starting point for brassy, raspy sounds. It's also suit-
able 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.

<«—— Amplitude ——»

Time——>»

Figure 3.10 A sawtooth wave.

5. The triangle wave

The triangle wave shape features two linear slopes and is not as harmonically rich as a saw-
tooth wave, since it only contains odd harmonics (partials). 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.

<— Amplitude ——»
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Figure 3.11 A triangle wave.

6. The noise wave

Noise waveforms are unlike the other five waveforms because they create a random mixture of
all frequencies rather than actual tones. Noise waveforms can be ‘pink’ or ‘white’ depending on
the energy of the mixed frequencies they contain. White noise contains the same amount
of energy throughout the frequency range and is comparable to radio static, while pink noise
contains differing amounts of energy at different frequencies and therefore we perceive it to
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produce a heavier, deeper hiss. Noise is useful for generating percussive sounds and was
commonly used in early drum machines to create snares and handclaps. Although this remains
its main use, it can also be useful for simulating wind or sea effects, for producing breath
effects in wind instrument timbres, or for producing the typical trance leads.
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Figure 3.12 Noise.

Creating complex waveforms

Whether oscillators are created by analogue or DSP circuitry, listening to individual oscillators in
isolation can be a mind-numbing experience. To create interesting sounds, several oscillators
should be mixed together and used with the available modulation options. This is achieved by
first mixing different oscillator waveforms together and detuning them all or just those that
share the same waveforms so that they are out of phase from one another, resulting in a beat-
ing 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 introduces further
harmonic content that may mirror the harmonics already provided by the oscillators, causing the
already present harmonics to be summed together.

Note: 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 oscilla-
tors are to be mixed with a timbre from another synth, because the additional timbre 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 synth, allows a number of oscil-
lators’ cycles to be synced to one another. Usually, all oscillators are synced to the first oscilla-
tor's cycle, so no matter where in the cycle any other oscillators are when the first oscillator
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 (hundredths 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 few harmonics and can be ideal for creating big,
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bold leads. Furthermore, if the first oscillator is unchanged and pitch bend is applied to the sec-
ond 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 synth enter the ring modulator and come out 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 oscil-
lator is subtracted from the second:

660 Hz — 440Hz = 220 Hz (A3)

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

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

Based on this example, the difference of 220 Hz provides the fundamental frequency while the
sum of the two signals, 1100 Hz, results in a fifth harmonic overtone. When working with syn-
thesis, though, this calculation is rarely performed. This result is commonly achieved by ring
modulating the oscillators together at any frequency, then tuning the oscillator. Ring modulation
is typically used in the production of metallic-type effect and bell-like sounds. If ring modulation
is used to create actual pitched sounds, a large number of in-harmonic overtones are introduced
into the signal, creating dissonant, unpitched results.

Note: 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 section 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 previously 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 hammer 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 synth, because if the available filters are of poor
quality few sound sculpting options will be available and it will be impossible to create the sound
you're after. Indeed, the choice of filters, combined with the oscillators’ waveforms, is often the
reason why specific synthesizers must be used to recreate certain ‘classic’ dance timbres.
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The most common filter used in basic subtractive synthesizers is a low-pass filter. This is used
to remove frequencies above a defined cut-off point. The effect is progressive, meaning that
the further the control is reduced, the more frequencies are removed from the sound, starting
with the higher harmonics and gradually 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 fun-
damental frequency. While it may appear senseless to create a bright sound with oscillators
only to remove them later with a filter, there are several reasons why you may wish to do this:

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

This latter movement is an essential aspect of sound design because we naturally expect
dynamic movement of sound throughout the length of the note. For instance, when a piano
string is 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 then gradually sweeping the cut-off frequency
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 filters that essentially perform the same function
can make beautiful sweeps, whilst others can produce quite uneventful results.

Low pass

F Fundamental
Excluded harmonics
Included harmonics

F (Harmonics/Frequency)
—>

Figure 3.13 Action of the low-pass filter.

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 synthesis is required.

When the first analogue synths appeared in the 1960s, different voltages were used to control
both the oscillators and the filters. Any harmonics produced by the oscillators could be removed
gradually by physically manipulating 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 6 dB transition, the atten-
uation increases by 6 dB every time a frequency is doubled.
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Transition slopes

I I I Non filtered harmonics
Harmonics filtered at 12dB

I'§ ! Harmonics filtered at 24.dB

g% 24dB Filter 12dB Filter

Harmonics

Fundamental

Figure 3.14 The difference between 12 and 24 dB slopes.

One RC element creates a 6 dB per octave one-pole filter that is very similar to the gentle slope
created by a mixing desk’s equalizer (EQ). Consequently, manufacturers soon implemented
additional RC elements into their designs to create two-pole filters, which attenuated 12 dB per
octave, and four-pole filters, to provide 24 dB per octave attenuation. Because four-pole filters
attenuate 24 dB per octave, making substantial changes to the sound, they tend to sound more
synthetic than sounds created by a two-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 12 dB filter will create a more natur-
al flowing movement.

If there is more than one filter 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.

Although low-pass filters are the most commonly used type, there are numerous 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 wildly different effect on the sound.

A high-pass filter has the opposite effect to a low-pass filter, first removing the low frequencies
from the sound, gradually moving toward the highest. This is less useful than the low-pass filter
because it effectively removes the fundamental frequency of the sound, leaving only the fizzy
harmonic overtones. Because of this, high-pass filters are rarely used in the creation of instru-
ments and are predominantly used to create effervescent sound effects or bright timbres that
can be laid over the top of another low-pass sound to increase the harmonic content. The typical
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High pass
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Figure 3.15 Action of a high-pass filter.

euphoric trance leads are good examples of this, as they are often created 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 becoming too muddy as a consequence of stacking together fun-
damental frequencies. In both remixing and dance music, it's commonplace to run a high-pass fil-
ter over an entire mix to eliminate the lower frequencies, creating an effect similar to a transistor
radio or 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.

Note: An example of this can be heard on ‘Another Chance’ by Roger Sanchez.

If high- and low-pass filters are connected in series, then it's possible to create 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 select
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Figure 3.16 Action of the band-pass filter.

Band-pass filters, like high-pass filters, are often used to create timbres consisting of fizzy har-
monics. 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
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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 scooping out frequencies, thinning out a sound while leaving the fundamental intact,
making them useful for creating timbres that contain a discernible pitch, but do not have a high
level of harmonic content.

Notch
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Figure 3.17 Action of the notch filter.

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 cannot be accom-
plished any other way. Because of the way that they operate, however, it is rare to find these
featured on a synthesizer and they are usually only available as a third-party effect.

Comb
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Figure 3.18 Action of the comb filter.

As an example, if a 1 kHz signal is put through the filter with a 1-millisecond delay, the signal will
result in phase, because 1millisecond is coincident with the inputted signal, equalling one.
However, if a 500 Hz signal with a 1-millisecond delay were used instead, it would be half of the
period length and so would be shifted out of phase by 180 degrees, 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 3.18. This
method applies to all frequencies, with integer multiples of 1 kHz producing ones and odd mul-
tiples of 500Hz (1.5, 2.5, 3.5kHz, etc.) producing zeros. The effect of using this filter can at
best be described as highly resonant and its use is limited to extreme sound design rather than
the more basic sound sculpting.

One final element of sound manipulation in a synthesizer's filter section is the resonance con-
trol. Also referred to as Peak or Q, this refers to the amount of the output of the filter that is fed
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back directly into the input, emphasizing any frequencies that are situated around the cut-off
frequency. This has a similar effect to employing a band-pass filter at the cut-off point, effec-
tively creating a peak. Although this also affects the filter's transition period, it is more notice-
able 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 partic-
ularly effective when used in conjunction with low-pass filter sweeps.

Resonance
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Figure 3.19 The effect of resonance.

On many analogue and DSP analogue-modelled synths, 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 exag-
gerated 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
oscillators. 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.

Note: 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 harmonics 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 synths the
depth of this parameter is adjustable, allowing you to determine how much or how little the fil-
ter 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 filter, 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. 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-follow is set to its neutral state. Key-follow is useful
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for recreating real instruments such as brass, where the higher notes are often mellower than
the lower notes, and is also useful on complex lead lines that jump over an octave, adding fur-
ther variation to a rhythm.

[ When keyfollow is set to negative | | [When keyfollow is set to positive
Low notes Low notes
F12345678910 F12345678910
High notes High notes

F1234567 8910 F12345678910
> « > «
Keyfollow difference Keyfollow difference
when set to negative when set to positive

Figure 3.20 The effect of filter key-follow.

Voltage-controlled amplifier (VCA)

Once the filters have sculpted a sound, the signal then moves into the final stage of synthesis:
the amplifier. When a key is pressed, rather than the volume rising immediately to its maximum
and falling to zero when released, an ‘envelope 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 gen-
erator’ — a feature of all synths — 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
gradually, 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 3.21.

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.
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Figure 3.21 The ADSR envelope.

Decay

Immediately after a note has begun it may initially decay in volume. 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'.

Sustain

The sustain period occurs after the initial attack and decay periods, 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 will be ineffective, because at the attack stage the volume is at maximum 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.

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 variations, such as AR,
TADSR and ADSTR. Because there are no decay or sustain elements contained in most drum
timbres, AR (Attack—Release) 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
(Time—Attack—Delay-Sustain—Release) and ADSTR (Attack—Delay—Sustain—-Time—Release) enve-
lopes are only usually found on more expensive synthesizers. With the additional period,
T (Time), in TADSR, for instance, it is possible to set the amount of time that passes before the
Attack stage is reached.
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Figure 3.22 The TADSR envelope.

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 entirely of the straight line shown in
Figure 3.22. On some synths these stages may be concave or convex, while other synths
may allow you to state whether the envelope stages should be linear, concave or convex. The
differences between the linear and exponential envelopes are shown in Figure 3.23.
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Figure 3.23 Linear and exponential envelopes.

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 independent parameter, hence the name ‘modifiers’. The
number of modifiers available, along with the destinations they can affect, is entirely dependent
on the synthesizer. Many synths feature a number of envelope generators that allow the action
of other parameters alongside the amplifier to be controlled. For example, in many synths an
envelope may be used to modify the filter'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 envelope gen-
erator, a sound that starts with the filter wide open before quickly sweeping down to fully
closed is produced.
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Note: 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 LFOs which
can be used in the envelope’s place. For instance, by using a triangle waveform LFO to
modulate the amp, it will slowly rise in volume before slowly dropping again.

Low-frequency oscillator (LFO)

LFOs produce output frequencies in much the same way as VCOs. The difference is that a VCO
produces an audible frequency (within the 20Hz to 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 synth in question, but they commonly
employ sine, saw, triangle, square, and sample and hold waveforms. The sample and hold wave-
form is usually constructed with a randomly generated noise waveform that momentarily freezes
every few samples before beginning again.

Synths include LFOs because they can be used to modulate other parameters, known as ‘des-
tination’, to introduce additional movement into a sound. For instance, if an LFO is set to a rela-
tively 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 similar to
vibrato is generated. If a sine wave is used for the LFO then it will essentially create an effect
similar to 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 some may also feature a fade-in control. This is particularly
useful for creating pads and string patches that gradually begin to warp and twist since, using
this, you can control how quickly the LFO begins to affect the waveform after a key has been
pressed. An example of this is shown in Figure 3.24.

Sine wave LFO

e

«-- LFO fade-in time --»|

Figure 3.24 LFO fade-in.
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The LFO on more capable synths may also have access to its own envelope. This gives control
of the LFQO's performance over a specified time period, allowing it not only to fade-in after a key
has been pressed, but also decay, sustain and fade away gradually. It is worth noting, however,
that the destinations an LFO can modulate are entirely dependent on the synth 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 destina-
tions 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 synth
itself in the form of two modulation wheels. The first, pitch bend, is hard-wired and provides a
convenient method of applying a modulating control voltage 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 normally spring
loaded to return to the centre position, where no bend is applied, if you let go of it and is com-
monly used in synth 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 make of synth. On some
synths the wheels are hard coded to only allow oscillator modulation (for a vibrato effect), while
some others do not have a separate modulation wheel and instead a pitch bend lever can be
pushed forward to produce LFO modulation.

Other synthesis methods
Frequency modulation (FM)

Frequency modulation is a form of synthesis 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 synthesizers produce sound by using operators; these are very similar to
oscillators in an analogue synthesizer but can only produce simple sine waves. Sounds are gen-
erated by using the output of the first operator to modulate the pitch of the second, thereby
introducing harmonics. Like an analogue synth, this means that each FM voice requires a mini-
mum of two oscillators 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 synths provide many operators that can be configured and con-
nected in any number of ways. Because there are numerous ways these connections can be
made, many will not produce musical results, so to simplify matters various algorithms are
used. These algorithms 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 with the same subtractive methods as in any analogue synth.

This means that it should also be possible to emulate FM synthesis in an analogue synth with
two oscillators, where the first oscillator acts as a modulator and the second acts as a carrier.
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When the keyboard is played both oscillators produce their respective waveforms, with the fre-
quency 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 in
time with the frequency of the first, essentially creating a basic FM synth. Although this is effec-
tively frequency modulation, it is usually called ‘cross-modulation’ in analogue synthesizers.

Due to the nature of frequency modulation many of the timbres created are quite metallic and
digital in character, particularly when compared to the warmth generated by the drifting of ana-
logue oscillators. Also, due to the digital nature of FM synths the fascia generally contains few
real-time controllers. Instead, numerous buttons adorn the front panel, forcing you to navigate
and adjust any parameters through a small LCD display.

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

Sample synthesis

Unlike analogue or frequency modulation, sample synthesis utilizes samples in place of the
oscillators. These samples, rather than consisting of whole instrument sounds, are actually
samples of the various stages of a real instrument (although they do contain samples of oscilla-
tors too). For instance, a typical sample-based synth 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 produce a timbre and
each of these individual tones can have access to numerous modifiers, including LFQOs, 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 synth producing realistic instruments. By combining samples of real-
world sounds with all the editing features and functionality of analogue synthesis, they can
offer a huge scope for creating both realistic and synthetic sounds.

Granular synthesis

One final form of synthesis that has started to make an appearance with the evolution of technol-
ogy is granular synthesis. It is rare to see granular synthesis employed in hardware synths due to
its complexity, but software synths are starting to be 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 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.

Granular synthesis operates in this 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
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over a period of time. To do this, each grain must be less than 30 milliseconds (ms) in length, as
generally 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 synthesis appears mostly in the form of software. Typically, a granular synth will offer
most, but not necessarily all, of these five parameters:

Grain length. This can be used to alter the length of each individual grain. As previously
touched upon, the human ear can differentiate between two grains if they are more than
30-50ms apart, but many granular synths usually go above this range, covering from 20 to
100 ms. By setting this length to a longer value, it's possible to create a pulsing effect.
Density. This is the percentage of grains that are created by the synth. Generally, it can be
said that the more grains that are 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 ampli-
tude, helping the individual grains mix together coherently to produce the overall sound. By
setting a longer envelope (a higher number), two individual grains will mix together, which
can create too many harmonics and often results 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 that each grain is
created. This is particularly useful for creating timbres 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 30 ms in length it will be inaudible.

The sound produced with granular synthesis depends on the synth in question. Usually, each
grain consists of single frequencies with specific waveforms 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 modified using envelopes, filters and LFOs.



4 Sampling and digital audio

| went into the studio with all my favourite records and said sample this, this and this.

Goldie

Sampling is the cornerstone of all dance music. In fact, it's fair to say that without the introduction
of samplers and sampling, drum 'n’ bass, jungle and trip-hop wouldn’t have come about, and
neither would many house and trance tracks exist. Sampling plays such a vital role in dance
music that, without it, it is incredibly difficult to produce most forms of music. This isn't solely
due to the numerous genre-specific sample CDs that are available, although these do often play
a role, but because samplers are one of the most creative tools you can have at your disposal.
With some creative thought, a recording of a ping-pong ball being thrown at a garage door can
become a tom drum, hitting a rolled up newspaper against a wall can make an excellent house
drum kick, and the hissing from a compressed air freshener can produce great hi-hats. As a way
of making music, sampling can be quick, easy and an immensely creative resource, so much so
that if you don't own a sampler, it's about time you did!

At a very basic level, a sampler is the digital equivalent of an analogue tape recorder, but rather
than recording the audio signal onto a magnetic tape, it is recorded digitally into random access
memory (RAM) or directly onto a hard disk drive. After a sound has been recorded, it can then be
manipulated using a series of editing parameters, very similar to those on synthesizers, and also
played back at varying pitches from any attached controller keyboard. The variations in pitch are
created by the sampler artificially increasing or decreasing the original frequency of the sampled
sound according to the key that is pressed. To raise the pitch the frequency is increased, while
the pitch is lowered as the frequency is decreased.

This principle is analogous to the way that analogue tape behaves, whereby the speed that the
tape is played alters the pitch. However, as with analogue tape, if the sample's speed is
increased or decreased by a significant amount it will no longer sound anything like the original
source. For instance, if a single key strike from a piano is sampled at C3 and is played back at
this same pitch from a controller keyboard, the sample will play back perfectly. If, however, this
same sample were played back at C4 the sampler would increase the frequency of the original
sound by 12 semitones (from 130.81 to 523.25Hz) and the result would sound more like two
spoons knocking together than the original recording.

These extreme pitch adjustments aren’t necessarily a bad thing — particularly for a creative
endeavour such as dance music — but to recreate a real instrument, sampling a single note
doesn't provide a realistic sounding instrument throughout the octaves. Indeed, most samplers
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only reproduce an acceptable instrument sound four or five keys from the original root key, so if
an original instrument is needed throughout the key range, samples should be taken every few
keys of the original source instrument. This is called ‘multi-sampling’ and is when the source is
sampled at every couple of keys and the samples assigned to the same keys in the sampler. For
example, with a piano it is prudent to sample the keys at CO, EO, GO and BO, then C1, E1, G1,
B1 and so forth until the entire range has been sampled.

Naturally, recording a sound in this way would equate to over 16 samples and the more sam-
ples that are taken, the more memory the sampler must have available. Because most hard-
ware (and some software) samplers hold the sampled sounds in their on-board RAM, the
maximum sampling time is limited by the amount of available memory. At full audio bandwidth
(20Hz to 20kHz) and a 44.1 kHz sampling rate, 1 minute of mono recording will use approxi-
mately 5 megabytes (MB) of RAM. In the case of sampling a piano, this would equate to 80 MB
of memory, and you can double this if you wanted it in stereo! Consequently, over the years
samplers have adopted various techniques to make the most of the available memory, the first
of which is to loop the samples.

As the overall length of a sample determines the amount of RAM that is required, reducing the
sample’s length means more samples will fit into the memory space. Because most sounds
have a distinctive attack and decay period but the sustain element remains consistent, the sus-
tain portion can be continually looped for as long as the key is held, moving to the release part
after the key is released. This means that only a short burst of the sustain period must be sam-
pled, helping to conserve memory. Well, that's the theory anyway. In practice, sustain looping
can prove particularly difficult.

The difficulty arises from the fact that what appears to be a consistent sustain period of a sound
is, in most cases, rarely static due to slight yet continual changes in the harmonic structure. If
only a small segment of this harmonic movement is looped, the results would sound unnatural.
Conversely, if too long a section is looped in an effort to capture the harmonic movements, the
decay or some of the release period may also be captured and again, when looped, the final
sound will still be unusual. In addition, any looping points must start and end at the same phase
and level during the waveform. If not, the difference in phase or volume could result in an audible
click as the waveform reaches the end of its looped section and jumps back to the beginning.

Some samplers offer a work-around to this latter problem and automatically locate the nearest
zero crossing to the position you choose. While this increases the likelihood that a smoother
crossover is achieved, if the waveform's level is different at the two loop points there will still
be a glitch. These glitches can, however, be avoided if the sampler has a cross-fading feature.

Cross-fading works by fading out the end of the looped section and overlapping this fade-out
with the start of the loop that's fading in. This creates a smooth crossover between the two
looping points, reducing the possibility that glitches are introduced. Although this goes some
way to resolve the problems associated with looped samples, this is not necessarily the best
solution, because if the start and end of the looped points are at different frequencies there will
be an apparent change in the overall timbre during the cross-fade. Unfortunately, there is no
quick fix for avoiding the pitfalls associated with successfully creating a looped segment, so
success can only be accredited to patience and experimentation.

Having said that, some samplers now utilize ‘'sample streaming’, which eliminates the need to
squeeze all the samples into available RAM. Often referred to as 'ROMplers’, samples are
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stored on a local hard disk and only the start of the sample is held in the RAM. By using a small
buffer, the RAM begins playback after the key is pressed and is constantly updated with the
new data directly from the hard disk, allowing samples of any length to be played back. With
today’s disk drives capable of storing up to and above 200 gigabytes (GB) of data, it's possible
to store massive multi-samples. Indeed, it's quite usual for ROMplers to use sample sets made
up of the source instrument sampled at every note, at different velocities, and with the foot
pedals (if applicable) in different positions.

[t'll come as no surprise to learn that this form of key multi-sampling is incredibly time-consuming
to undertake yourself and, without access to the right equipment, impossible to accomplish
accurately. Even most professional dance artists do not have the experience or equipment
required to successfully multi-sample real instruments. With this in mind, if real instruments are
required it's much easier to buy a collection of well-recorded sounds on a sample CD than to
attempt to build them yourself.

Sample CDs

Sample CDs are produced in several formats to suit different samplers and essentially fall into
three categories: Audio CD, Wave CD (WAV) and CD-ROM. Due to the popularity of using PCs
and Macs for music, Wave CD formats are the most popular format, as these can be copied digi-
tally from the CD into a compatible software sampler, where they can then be key mapped
and edited further. Audio CDs, on the other hand, can be played by any conventional CD player
and can be recorded into any sampler hardware or software. Alternatively, if a software sampler
is used, the audio can be ‘ripped’ into the computer and used directly with no loss in audio qual-
ity and no need to constantly check the recording levels to ensure that you have the best signal-
to-noise ratio.

The disadvantage of both these formats, however, is that after the sounds have been sampled,
they must be named, loops created if needed, cross-fades created and key ranges defined.
This can be incredibly time-consuming, taking anything from a few hours to over a few days to
set up a multi-sampled instrument, depending on the sampler’s interface. This is where sample
CD-ROMs offer the advantage, though they are considerably more expensive than both Wave
and Audio CDs. Because the samples are all stored on a CD in a data format, the samples
are already named, key mapped and looped (if necessary) to suit the sampler. This means that
it's not necessary to spend time arranging the samples across the keyboard, setting up loops
and so on. The data files are simply loaded into the sampler ready for work.

While this has the obvious advantage of easing the sampling process, typically there are also
some disadvantages. If the sampler doesn’t have a CD-ROM drive attached, you'll have to buy
one and, as many external CD-ROM drives use SCSI connections, you may also have to purchase
an SCSI card for the sampler too! What's more, the actual data on the CD must be compatible
with the operating system used by the sampler. This isnt so much of a problem with the most
established sampler manufacturers such as AKAI and E-MU, since these are cross-compatible
with each other to a certain extent. For instance, the AKAI S6000 sampler will import CDs that are
designed for use with E-MU samplers (and vice versa), but keep in mind that there may be slight
discrepancies when using a format-specific CD across different samplers in this way.

Even though the basic operating systems of most samplers are quite similar, each has slightly
different parameters on offer. If these have been exploited in the CD-ROM then they may not
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interpret well on a different sampler. The most common consequence is a difference in the
timbre, simply because different filter algorithms and settings are employed by different
samplers, but in more severe cases the key mapping may not come out quite as expected, the
sustain samples may not loop properly, or velocity modulation may not work correctly.

In an attempt to decipher what will (or should!) work on different samplers, a list of the cur-
rently available software and hardware samplers and the formats that they can accept are listed
in Tables 4.1 and 4.2. These lists are by no means exhaustive, however, as samplers are con-
stantly being updated and replaced to accept different formats.

Table 4.1 Software sampler compatibility
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a0nly accessible on a Mac.
bSupport for E-MU Elll, ESI and EIV is planned.

Although sample CDs have some quite obvious advantages (and are quite heavily used in all
dance music genres), it's important to understand the various clauses involved in their com-
mercial use. When a sample CD is purchased, the cost includes a licence to use the sounds in
your own projects. This licence does not include the copyright to the sounds, as these belong
to the manufacturer. You are simply granted a licence to use them. It's important to understand
the content of this licence because if a mistake is made and a commercial track using them is
released, you could be in for a heavy ride for copyright infringement.

Most sample CDs specifically mention the ‘'musical context’ for their use, meaning that they
can be used in musical productions without having to notify the original artist or pay royalties,
but you cannot use them for library music or other sample CDs. It is vitally important that
you read all the terms, though, since some sample CDs have quite unusual terms, ranging
from acknowledging the sample’s source on the documentation accompanying a commercial
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Table 4.2 Hardware sampler compatibility
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release, asking the copyright owner for permission, or paying them a share of the royalties from
every sale! These latter clauses are rare, but always check first.

Practical sampling

Nearly all the sample CDs that are aimed at dance musicians consist of single hits rather than
multi-sampled instruments. This is because the bass and melodies in dance music are usually
simple, with very little movement throughout the octave. Also, single hit samples of synthe-
sized basses and leads, along with most woodwind and brass instruments, can be success-
fully stretched over more keys than string instruments such as pianos, violins, harps or guitars.

Nevertheless, before any of these are imported into a sampler, the ‘root’ key must be set. This is
the key that the sampler will use as a reference point for stretching the subsequent notes up or
down along the length of the keyboard. For instance, bass samples are typically set up with the
root key at C1, meaning that if this key is pressed the sample will play back at its original frequen-
cy. This can then be stretched across the keyboard'’s range as much as required. In most hardware
samples, the root key is set in the key range or key zone page, along with the lowest and highest
keys available for the sample. Using this information the sampler automatically spreads the root
note across the defined range and the bass can be played within the specified range of notes.
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Note: To gain the best results from the subsequent pitch adjustments on each key, it is
preferable that the sampler’s key range is set to six notes above and below the root. This
allows the sample to be played over the octave, if required, and will produce much more
natural results than if the root note were stretched 12 semitones up or down. Even if you're
not planning to play the instrument over an octave, it's still prudent to set the key range to
span an octave anyway, as this makes more pitches available if they're needed later.

When setting a key zone for bass sounds, it may be possible to set the range much lower than
six semitones, as pitch is determined by the fundamental frequency and the lower this is the
more difficult it is to perceive pitch. Thus, for bass samples it may be possible to set the lowest
key of the key zone to 12 semitones (an octave) below the root without introducing any
unwanted artefacts. In fact, pretty much anything sounds good if it's pitched down low enough.

Most competent samplers will also allow a number of key zones to be set across the keyboard.
This makes it possible to have, say, a bass sample occupying FO to F1 and a lead sample occu-
pying F2 to F3. If set up in this way, both the bass and lead can be played simultaneously from
an attached controller keyboard. In taking this approach, it is worth checking that each key zone
can access different parameters of the sampler's modulation engine. If this is not possible, set-
tings applied to the bass will also apply to the lead. To avoid this it's prudent to allocate each key
zone to an individual MIDI channel. Because the majority of samplers are multi-timbral, it's usu-
ally possible to set different synthesis parameters on each MIDI channel.

After the samples are arranged into key zones, you can set how the sampler will behave
depending on how hard the key is hit on a controller keyboard. This uses ‘velocity modulation’,
which is useful for recreating the movement within sounds. The immediate use for this is to set
the velocity to react with a low-pass filter so that the harder the key is hit, the more the filter
opens. This can be used to add expression to any riffs or melodies and prevent the static feel
that is often a consequence of using a series of sampled sounds.

‘Velocity cross-fading’ and ‘switching’ are also worth experimenting with, if the sampler has
these facilities. Switching involves taking two samples and using velocity values to determine
which one should play. The two samples are imported into the same key range and hitting the
key harder (or softer) changes between the two samples. Velocity cross-fading uses this same
principle, but morphs the two samples together creating a (hopefully) seamless blend rather
than an immediate switch between one and the other. Although velocity cross-fading produces
more convincing results, it also reduces the polyphony of the sampler, as it has to play two sam-
ples together while it cross-fades between them. Both these velocity-related parameters are
typically used to emulate the nuances of real-world instruments such as a piano, where the
harder a note is struck the more the tonal content changes.

Working with loops

Alongside single synthesizer hits, the majority of sample CDs also feature a number of
programmed or recorded drum loops to suit the genre of the CD. These can be imported/
recorded into a sampler and subsequently re-triggered continually to create the effect of a
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constant drum track to play throughout the length of the music. More interestingly, because
samplers store the audio in RAM (or on a hard drive), once a loop is recorded the sound will
start over from the beginning every time a key is pressed. Thus, if a key on a controller key-
board is tapped continually the loop will start repeatedly, producing a stuttering effect. This
technique can be used to create breakdowns in dance music. Alternatively, the sampler can be
set to ‘one-shot trigger mode’, so that a quick tap on a controller keyboard plays the sample in
its entirety even if the key is released before the sample has finished playback. This is useful if
you want the original sample to play through to its normal conclusion while triggering the same
sample again to play over the top. This technique can be used to create complex drum loops
and break beats; a few instances of the same loop are playing simultaneously, each out of time
and perhaps pitch with one another.

If either of these methods are used to trigger a drum loop or motif to play throughout the length
of the track, it is important to ensure that the sample is not looped from within the sampler but
is, instead, re-triggered every couple of bars by the sequencer. Bear in mind that whenever a
sample is triggered, the only part that will be in sync with the rest of the music is the start of the
sample. After this, you're relying entirely on the sampler’s internal clock to keep in time with the
sequencer. This may not necessarily be an issue if the sampler can be locked to a MIDI clock,
but if this is not possible the two could drift apart. For example, if a two-bar drum loop is sam-
pled and programmed to constantly repeat for as long as a MIDI note-on is present, unless it
has been looped with sample accuracy the timing will begin to drift as the track continues.
While a couple of milliseconds drift near the beginning of the track may be unnoticeable, over
the length of a 5- or 6-minute track the timing could drift out by a couple of seconds.

A similar technique to looping is phrase sampling, but this consists of sampling a short musical
phrase that is only used a couple of times throughout a song. This method is commonly used in
dance music for sampling a short vocal phrase or hook that is then triggered occasionally to fit
with the music. This phrase sampling technique can also be developed further to test new musi-
cal ideas. By slicing your own song into a series of four-bar sections and assigning each loop to a
particular key on the keyboard you can trigger the loops in different orders so you can determine
the order that works best. What's more, if four bars of each individual track of the mix (drums,
bass, lead, etc.) are sampled, each one can be played back from the keyboard, allowing you to
quickly change the timing of each track in relation to the others. Many club records are construct-
ed this way, but with the sampler’s one-shot triggering deactivated so that either the entire track
or the groove of the record can be ‘stuttered’ to signify a break or build in the music.

A potential problem with using pre-sampled loops or phrases from a sample CD is that it's
unlikely they'll be at the same pitch and/or tempo as your current project. Accordingly, all sam-
plers provide pitch-shifting and time-stretching functions so that the pitch and tempo of the
phrase or loop can be adjusted to fit with the music. Both these functions are pretty much self-
explanatory: the pitch-shift function changes the pitch of notes or an entire riff without chang-
ing the tempo and time-stretching adjusts the tempo without affecting the pitch.

These are, of course, both useful tools to have, but it's important to note that the quality of the
results is proportionate to how far they are pushed. While most pitch-shifting algorithms remain
musical when moving notes up or down the range by a few semitones, if the pitch is shifted by
more than five or six semitones the sound may begin to exhibit an unnatural quality. Similarly, while
it should be possible to adjust the tempo by 25 BPM without introducing any digital artefacts, any
adjustments above this may introduce noise or crunching that will compromise the audio.



Sampling and digital audio 83

Recycling loops

Due to the limitations of time-stretching, software developers Propellerhead designed the
product ReCycle. This is a software tool that slices loops into their constituent parts, and pro-
vides tools for editing or applying processing to each section. Much of the initial slicing process
is fully automated and, after importing a drum loop for instance, the software scans the file for
the transients (the fast attack stage) and places a slice point at each, intelligently breaking the
loop. Once accomplished, any severe tempo adjustments will produce more natural results
than normal time-stretching methods, because only the spacing between the slices is adjusted.
This, however, is only the start, since once a loop has been sliced, a series of editing tools
become available. These allow you to adjust the length, attack and decay, or apply compression
and EQ to each individual slice. The resulting slices can then be transmitted digitally to a sam-
pler while a MIDI file is also created, denoting the position of each slice in the original drum
loop. Thus, the MIDI file is imported into a sequencer and the original loop can be changed by
simply moving a series of MIDI notes.

Alternatively, if the sequencer supports ReCycle’s own propriety format of REX files, these can
be imported directly into the audio track of the sequencer. These contain all the slice informa-
tion along with the audio, making it possible to grab individual audio slices and move them
around, changing the feel of the loop. ReCycle is not the only software that performs these
tasks (Square Circle's Wavesurgeon offers more comprehensive functions than ReCycle, and
Steinberg’s premiere sequencer Cubase SX 1 and 2 has a similar feature built in), but whichever
tool is used this form of sample slicing is essential not only for producing dance music, but also
remixing.
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Figure 4.1 Propellerhead’s ReCycle in action.
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In addition to using sample CDs, many artists record their own samples from the real world.
The Future Sound of London (FSOL) are renowned for creating most of their music using sam-
ples created in this way. Indeed, the true art of creative sampling lies with listening out for
everyday sounds; all it requires is a creative imagination. Try popping paper bags, hitting things
with newspapers, kicking footballs against garage doors, or hitting a spoon against a cup. Each
of these, if creatively mangled and manipulated in a sampler, can be used as sound effects or
even as instruments.

It can also be advantageous to sample some of your own synthesizer's sounds, although the rea-
son for taking this approach may not be immediately obvious. For example, if you want to play a
timbre polyphonically but the synth is monophonic (can only play one sound at any one time) or
monotimbral (can only play one type of sound at one time) and you want to use more than one
type of sound from the same synth, the sampler will allow these possibilities. Multi-sampling the
synthesizer at every key essentially recreates the synthesizer in the sampler, allowing for poly-
phonic or multi-timbral operation. In some instances the sampler may also even offer more syn-
thesis parameters than are available on the synthesizer, enabling you to, say, synchronize the
LFO to the tempo, use numerous LFOs, or access numerous different filter types.

There's more to sampling a synth than simply recording the timbre into a sampler, though, and
creating an acceptable multi-sampled (or even single-keyed) instrument requires careful consid-
eration. For starters, it's prudent to expose the filter (by setting the cut-off fully open and reso-
nance fully closed so that they have no effect on the timbre), deactivate any LFO modulation,
and set the amplifier envelope to its fastest attack and longest release. By doing so, a relatively
static sound will be easier to sustain in a loop, and the envelope, filter and LFO movements can
be replicated using the sampler’s own synthesis engine.

While this approach is generally the best, there will undoubtedly be occasions where it isn't
possible to remove the modulation (such as sampling from previous ‘hit’ records), in which case
you'll have to exercise care. Bear in mind that any timbre that evolves over time will be difficult
to map across a keyboard, because as the pitch is adjusted by playing over the keyboard, the
modulation rate will increase or decrease. This can be particularly apparent when an LFO has
been used to augment the timbre, because the timing may be slightly out, making any sustain
looping impossible to achieve. Unfortunately, there is no direct way of overcoming these limita-
tions short of applying a series of effects such as reverb or distortion in an attempt to mask
some of the modulation.

Recording samples

While samplers are certainly versatile instruments, the quality of the results they produce will
depend entirely on the initial sampling techniques used. While the basic premise behind sam-
pling any source isn't too difficult — plug in an instrument, CD/turntables (or whatever) into the
sampler and press record — unless the bit rate, sample rate and recording levels are carefully
controlled the resulting sound could contain more noise than original sound. Indeed, when
recording anything directly into a sampler, computer soundcard or any digital recording device,
high-level recordings combined with good sample and bit rates are of paramount importance for
producing the best results.

When using any digital recording system, sound has to be converted from an analogue signal
(i.e. the sound you hear) to a digital format that the device can work with. Any digital recording
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device accomplishes this by measuring the waveform of the incoming signal at specific intervals
and converting these measurements into a series of numbers based on the position of the wave-
form. Each of these numbers is known as an ‘individual sample’ and the total number of samples
that are taken every second is called the ‘sample rate’. On this basis, the more samples that
are taken every second, the better the overall quality of the recording will be. For instance, if a
waveform is sampled at 44 000 times per second, it will produce more accurate results than if it
were sampled at 22 000 times per second.

— —
Sample rate

Figure 4.2 Example of sample rate measurements.

As simple as this may seem, any sampling rate must be higher than the frequency of the wave-
form being recorded in order to produce accurate results. If it isn't, then the analogue-to-digital
converter (ADC) could miss anything from half to entire cycles of the waveform, resulting in a side-
effect known as ‘aliasing’. This is the result of an audio waveform not being ‘measured’ in the cor-
rect places. For instance, a high-frequency waveform could confuse the ADC into believing it's
actually of a lower frequency, which would effectively introduce a series of spurious low-frequency
spikes into the audio file. Worse still, if the sample rate were set at the exact same frequency as
the waveform or at exactly twice the frequency, then the same position in the waveform would be
sampled repeatedly, resulting in nothing more than a straight line (i.e. total silence).

To avoid this problem, the sampling rate must be greater than twice the frequency of the wave-
form —a principle called the Nyquist Theorem. This states that to recreate any waveform accurately
in digital form, at least two different points of a waveform’s cycle must be sampled. Consequently,
as the highest range of the human ear is a frequency of approximately 20kHz, the sample rate
should be just over double this. This is the principle from which the CD quality is derived.

Note: The sample rate of a typical domestic audio CD is 44.1 kHz, which is derived from
the calculation:

Human hearing limit = 20 000 Hz

20000Hz X 2 = 40000 Hz + 4100 Hz (to make the rate more than twice the optimum
frequency)

Although this frequency response is the de facto standard used for all domestic audio CDs,
there are higher sampling frequencies available: 48000, 88200, 96000 and 192000 Hz.
Though these sampling rates are far beyond the frequency response of CDs, it is quite usual
to work at these higher rates while processing and editing. Although there has been no solid
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evidence to support the theory, it is believed that higher sample rates provide better spatial
signal resolution. Thus, if the ADC supports higher rates, theoretically there is no harm in work-
ing at the highest available rate.

Note: Many engineers argue that, because the signal must be reduced to 44.1 kHz when
the mix is put onto CD, the downward conversion may introduce errors, so working at
higher sampling rates is pointless. If you do decide to work at a higher sample rate, it may
be worthwhile using a rate of 88200 Hz, as this simplifies the down-sampling process.

Bit rates

In addition to the sample rate, the bit rate also determines the overall quality of the results
when recording audio into a digital device. To comprehend the importance of this, we need to
examine the binary language used by all computers.

All computers utilize the binary language that consists of two values, 1 and 0. The computer
can count up to a specific number depending on how many bits are used. For example, using an
8-bit system it is possible to count to a maximum of 255, while in a 24-bit system the maximum
value is 16777 215.

Relating this to a digital audio recording system, the number of bits determines the number of
analogue voltages that are used to measure the volume of a waveform, in effect increasing the
overall dynamic range. In technical applications the dynamic range is the ratio between the
residual noise (known as the noise floor) created by all audio equipment and the maximum
allowable volume before a specific amount of distortion is introduced.’

In relation to music, the dynamic range is the difference between the quietest and loudest
parts. For instance, classical music utilizes a huge dynamic range by suddenly moving from very
low to very high volume, the cannons in the 7872 Overture being a prime example. Most dance
and pop music, on the other hand, has a deliberately limited dynamic range so that it remains
permanently up front and ‘in your face’. Essentially, this means is that if a low bit rate is used for
a recording, only a small dynamic range will be achieved. The inevitable result is that the ratio
between the noise floor and the loudest part of the audio will be small, so background noise
will be more evident. By increasing the bit rate, each additional bit introduces another analogue
voltage, which adds another 6 dB to the dynamic range.

For example, if only 1bit is used to record a sound, the recorder will produce a square wave at
the same frequency as the original signal and at fixed amplitude. This is because only one voltage
is used to measure the volume throughout the sampling frequency. However, if an 8-bit system
is used, the signal’s dynamic range will be represented by 255 different analogue voltages and a
more accurate representation of the waveform will result. It's clear, then, that a 24-bit audio signal
will have a higher dynamic range than a 16-bit (the bit rate used by CDs) signal.

T According to the IEC 268 standard, the dynamic range of any professional audio equipment is measured by the
difference between the total noise floor and the equivalent sound pressure level where a certain amount of total
harmonic distortion (measured in THD) appears.
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Table 4.3 Bit rates

8-Bit  Binary  16-Bit  Binary 20-Bit Binary 24-Bit Binary

0 1 0 1 0 1 0 1
1 1 1 1 1 1 1 1
2 1 2 1 2 1 2 1
4 1 4 1 4 1 4 1
8 1 8 1 8 1 8 1
16 1 16 1 16 1 16 1
32 1 32 1 32 1 32 1
64 1 64 1 64 1 64 1
128 1 128 1 128 1 128 1
256 1 256 1 256 1
512 1 512 1 512 1
1024 1 1024 1 1024 1
2048 1 2048 1 2 048 1
4096 1 4096 1 4 096 1
8192 1 8192 1 8192 1
16 384 1 16 384 1 16 384 1
32 768 1 32 768 1 32 768 1
65 536 1 65 536 1
131072 1 131 072 1
262 144 1 262 144 1
524 288 1 524 288 1
1048 576 1
2 097 152 1
4194 304 1

8 388 607

Total 255 65 535 1048 575 16 777 215

Bit depth

Figure 4.3 Example of bit depth.

At the time of writing, although 24-bit is the highest resolution available to samplers’ and sound-
cards’ ADCs, a proportionate amount of audio-capable software utilizes internal 32- or 64-bit
processing. The reasoning behind using bit rates this high is that whenever any form of pro-
cessing is applied to a digitized audio signal, quantization noise is introduced. This is a cumula-
tive effect, meaning that as more digital processing is applied, more quantization noise is
introduced and this needs to be kept to a minimum. In more practical terms, this means
that while a CD may only accept a 16-bit recording, if a 24-bit process is used throughout digital
mixing, editing and processing, when the final sound is dropped to 16-bit resolution for burning
to CD the quantization noise will be less apparent.
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The process of ‘dropping out’ bits from a recording to reduce the bit rate is known as ‘dithering’.
The principle behind how this actually works is not vital to comprehend, but what is important
is that the best available dithering algorithms are used. Poor quality algorithms will have a detri-
mental effect on the music as a whole, resulting in clicks, hiss or noise. As a reference, Apogee
are well known and respected for producing excellent dithering algorithms and the Waves
Native Gold Bundle? on the CD features an excellent dithering algorithm.

It isn't always necessary to work at such a high bit rate and some genres of dance music ben-
efit from using a much lower rate. For instance, 12-bit samples are often used in hip-hop to
obtain the typical hip-hop sound. This is because the original artists used old samplers that
could only sample at 12-bit resolution; thus, to write music in this genre it's quite usual to limit
the maximum bit rate in order to reproduce these timbres. Similarly, with trip-hop and lo-fi, the
sample rate is often lowered to 22 or 11 kHz, as this reproduces the gritty timbres that are char-
acteristic of the genre.

Ultimately, no matter what sample or bit rate is used, it's important that the converters on the
soundcard or digital recorder are of a good standard and that the amplitude of the signal for
recording is as loud as possible (but without clipping the recorder). Although all digital editors
allow the gain of a recorded signal to be increased after recording, the signal should ideally be
recorded as loud as possible so as to avoid having to artificially increase a signal’s gain using
software algorithms. This is because all electrical circuitry, no matter how good or expensive,
will have some residual noise associated with it due to the random movement of electrons. Of
course, the better the overall design the less random movement there will be, but there will
always be some noise present, so the ratio between the signal and this noise should be as high
as possible. If not, when you artificially increase the gain after it has been recorded it will also
increase any residual noise by the same amount.

For instance, if a melodic riff is sampled from a record at a relatively low level then the gain is
artificially increased to make the sound audible, the noise floor will increase in direct proportion
to the audio signal. This produces a loud signal with loud background noise too. If, however, the
signal is recorded as loud as possible, the ratio between the noise floor and the signal is greatly
increased. There is, however, a fine line between capturing a recording at optimum gain and
actually recording the signal too loud so that it clips the recorder’s inputs. This isn't necessarily a
problem with analogue recorders as they don’t immediately distort when the input level gets a
little too high, since they have ‘headroom’ in case the odd transient hit pushes it too hard, but
digital recorders will ‘clip” immediately. Unlike analogue distortion, which can often be quite
pleasant, digital distortion cuts off the top of the waveform, resulting in an ear-piercing clicking
sound. This type of distortion obviously needs to be avoided so you need to set a recording level
that is not too loud to cause distortion, yet not too low to introduce too much noise.

All recording software or hardware, including samplers, will display a level meter informing you
how loud the input signal is to help to determine the appropriate levels. Before beginning to
record, it's vital to set this up correctly and this is accomplished by adjusting the gain of the
source so that the signal overload peaks light on only the most powerful parts and then back off
slightly so that they are just below the clipping level. This approach is suitable only if there isn’t
too much volume fluctuation throughout the entire recording, though. If a sample is taken from
a record, CD or electronic instrument, there's a good chance that the volume will be constant,

2 The Waves Gold Bundle featured on the CD is copyright to RC Waves.
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but if a live source, such as vocals or bass guitars, are recorded there can be a huge difference
in the dynamics. It's doubtful that any vocalist, no matter how well trained, will perform at a
constant level and in the music itself it's quite common for the vocals to be softer in the verse
sections than they are in the chorus sections.

If the recording level is set so that the loudest sections don't clip the recorder, any quieter sec-
tions will have a smaller signal-to-noise ratio, while if the recording levels are set so that the
quieter sections are captured at a high level, any louder parts will send the meters into the red.
To prevent this, it's necessary to use a device that will reduce the dynamic range of the perfor-
mance by automatically reducing the gain on the loud parts, while leaving the quieter parts unaf-
fected, thus allowing the recording levels to be increased on the quietest parts. This dynamic
restriction is accomplished by strapping a compressor between the signal source and the input
of the sampler or recording device. By setting the compressor to squash any signal from the
source above a certain threshold, any peaks that could cause clipping in the recorder are
reduced and the recording can be made at a substantially higher volume. The uses of a com-
pressor will be covered in more detail in the next chapter.

Copyright law

| couldn't possibly end a chapter on sampling without mentioning copyright law. Ever since
dance music broke onto the scene, motifs, vocal hooks, drum loops, basses and even entire
sections of music from countless records have been sampled, manipulated and otherwise man-
gled in the name of art. Hits by James Brown, Chicago, Donna Summer, Chic, Chaka Khan,
Sylvester, Lolita Holloway, Locksmith and Michael Jackson, along with innumerable others,
have come under the dance musicians’ sample knife and been remodelled for the dance floor.

Although in the earlier years of dance artists managed to get away with releasing records with-
out clearing the samples, this was because it was a new trend and neither the original artists
nor record companies were aware of a way that they could prevent it. This changed in the early
1990s, when the sampling of original records proved it was more that just a passing fad. Today,
companies know exactly what to do if they hear that one of their artists’ hits has been sampled
and in most cases they come down particularly hard on those responsible.

At the time of writing, the most recent and well-published case of illegal sample use was when
Bjork sampled some of Scanner’s work and used it on her One Little Indian track. Scanner'’s rep-
resentatives noticed the sample and demanded that all the copies of Bjork's album were with-
drawn from circulation. They were, and another version of the track had to be produced at great
cost to the record company involved. The moral of the story is quite clear: before you begin
sampling another artist's motif, drum, vocals or entire verse/chorus, consider that by law you
cannot sample anything from anybody else and use it commercially without clearance. To help
clear up some of the myths that still circulate — about how small initial pressings or samples
under a certain length are not covered by law — | spoke to John Mitchell, a music solicitor who
has successfully cleared innumerable samples for me and many other artists.

Q: What is copyright?

A: Copyright exists in numerous forms and if | were to explain the entire copyright law it would
probably use up most of your publication. To summarize, it belongs to the creator and is pro-
tected from the moment of conception, exists for the lifetime of the creator and another 70
years after their death. Once out of copyright, the work becomes ‘public domain’ and any new
versions of that work can be copyrighted again.
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Q: So it would be okay to sample Beethoven or another classical composer?

A: In theory yes, but most probably no. The question arises as to where did you sample the record-
ing from, because it certainly wouldn't have been from the original composer. Although copyright
belongs to the creator, the performance is also copyrighted. When a company releases a compila-
tion of classical records they will have been re-recorded and the company will own the copyright to
that particular performance. If you sample it you're breaching the performance copyright.

Q: What if you've transcribed it and recorded your own performance?

A: This is a legal wrangle that is far too complex to discuss here, as it depends on the original
composer and the piece of music. When the original copyright expires and it's re-recorded, the
subsequent company may own the copyright to both the performance and the creation. My
advice is to check first before you attempt to sample or transcribe anything.

Q: So what can you get away with when sampling copyright music or speech?

A: Nothing — there seems to be a rumour circulating that if the sample is less than 30 seconds
in length you don’t need any clearance, but this simply isn't true. If the sample is only a second
in length and its copyright protected you are breaking the law if you commercially release your
music containing it.

Q: What if the sample were heavily disguised with effects and EQ?

A: You do stand a better chance of getting away with it, but that's not to say you will. Many
artists spend a surmountable amount of time creating their sounds and melodies and it isn't too
difficult to spot them if they're used on other tracks. It really isn’t worth the risk!

Q: Does this same copyright law apply to sampling snippets of vocals from TV, radio, DVD, etc?
A: Yes, sampling vocal snippets or music from films breaches a number of copyrights, including
the script writer (the creator) and the actor who performed the words (the performer).

Q: Is there an organization that monitors all the releases?

A: Not as far as I'm aware, but | do know that the Mechanical Copyright Protection Society
employs a number of DJs who actively listen out for records containing illegal samples. Plus, if
the record becomes a big hit more people will hear it and the chances are that someone wiill
recognize it eventually.

Q: So what action can be taken if clearance hasn’t been obtained?

A: It all depends on the artist and the record company who own the recording. If the record is
selling well then they may approach you and work a deal, but be forewarned that the record
company and artist will have the upper hand when negotiating monies. Alternatively, they can
take out an injunction to have all copies of the record destroyed. They also have the right to sue
the samplist.

Q: Does it make any difference how many pressings are being produced for retail with the
uncleared samples on them?

A: This reminds me of another urban myth: if you produce and sell fewer than 500 copies then
there is no need to obtain sample clearance. This couldn’t be further from the truth. If just one
record were released commercially containing an illegal sample the original artist has the legal
rights to prevent any more pressings being released.

Q: What if the record were released to DJs only?
A: It makes no difference. The recording is being aired to a public audience.
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Q: Can you go to prison for illegal use of samples?

A: It hasn’t happened yet but that's not to say that it never will. At the moment, breaching copy-
right law is viewed as a civil not criminal offence, but times change and | would fully recom-
mend acquiring the clearance before using any samples. You don’t want to be the first
exception to the rule.

Q: How much does it cost to get sample clearance?

A: It depends on a number of factors. How well known the original artist is, the sampled
record’s previous chart history, how much of the sample you've used in your track and how
many pressings you're planning to make. Some artists are all too willing to give sample clear-
ance because it earns them royalties, while others will want ridiculous sums of money.

Q: How do you clear a sample?

A: Due to the popularity of sampling from other records there are companies appearing every
week who will work on your behalf to clear a sample. However, my personal advice would be to
talk to the Mechanical Copyright Protection Society. These guys handle the licensing for the
recording of musical works and started a Sample Clearance Department in 1994. Although they
will not personally handle the clearance itself — for that you need someone like myself — they
can certainly put you in touch with the artist or record company involved.



compression, processing
and effects

Compression plays a major part of my sound. | have them patched across every output of the desk.

Armand Van Helden

Before looking at the principles behind designing sounds for different music genres, it's first
necessary to examine the various processors and effects that are available and understand how
they are accessed through the mixing desk. This is because effects are often used as part
of the sound design process as well as during the mixing stage, 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. 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, limiters and compressors.

Of all the effects and processors available, a compressor is the most important tool in any
dance musician’s arsenal, so a thorough understanding of it is essential. Without compression,
drums appear wimpy in comparison to the chest-thudding results heard in professionally pro-
duced music, mixes can appear lacking in depth, and basses, vocals and leads can lack any real
presence. Despite its importance, the compressor remains the least understood processor of
them all, largely because if properly applied the effect should be particularly subtle.

Compression theory

The fundamental application of a compressor is to reduce the dynamic range of a performance
and this is vital when working with any form of music. As touched upon in the previous chapter,
whenever you record any source you should aim to capture the hottest signal possible so that
you can avoid artificially increasing the gain. This is because if you record a source that's too low
in gain and then artificially increase it, not only will it increase the volume of the recorded
source, it'll also increase the background noise. To prevent this, you need to record a signal as
loud as possible, but vocals and ‘real’ instruments have a huge dynamic range, and the differ-
ence between clipping and a nominal level can be as much as 20dB.

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

92
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the recording will clip. Conversely, setting the recorder so that the loud sections do not clip, any
quieter sections will be exposed to more residual 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 lightning 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 compressor so that any sounds that exceed
this are automatically pulled down in gain, 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
gain is adjusted so that the loudest parts fit well within the mix, the quieter parts may disappear
behind other instrumentation. 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, further
allowing the sound to sit better in a mix.

Although these are the key reasons why compressors were first introduced, a compressor's
action also has more creative applications that are especially suited towards dance musicians.
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 volume as they were
before compression. In other words, the difference in volume between the loudest and
quietest parts of the recording are reduced, which means that any uncompressed signals
will become louder relative to the compressed 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.

il | T

Figure 5.1 A drum loop waveform before compression.
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Figure 5.2 A drum loop waveform after compression (note how the volume difference (dynamics)
between instruments has changed).

Note: 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), not from the transient peaks
created by kick drums.

What's more, 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.

It is important to note, however, that although there are numerous publications stating the com-
pression settings to use, 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 to a kick drum constructed in a synth, while if
sampled from a CD, synthesizer or film, different approaches are required again. Therefore,
rather than dictate a set list of compression settings, you can achieve much better 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 as touched upon sets the signal level
where the compressor will begin squashing the incoming signal. These are commonly calibrated in
decibels and will work in direct relationship 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.
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Ratio

The amount of gain reduction that takes place after a sound exceeds the threshold is set using
a ratio control. Expressed in ratios, this control is used to set the dynamic range the compres-
sor 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 4 dB, 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
were 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 reduc-
tion ratio always remains constant no matter how much compression takes place. In most com-
pressors 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, how-
ever, 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
transient, which reduces its high-frequency content. For instance, if you were to set up a com-
pressor to squash a snare drum, the compressor will clamp down on the attack stage, which in
effect diminishes the initial transient, reducing it to a ‘thunk’. What's more, this instantaneous
action will also appear when the sound drops below the threshold again as the compressor
stops processing the audio. This can be especially evident when compressing low-frequency
waveforms such as basses, since compressors can apply gain changes during a waveform's
period. That is, 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 similar manner 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 ini-
tial attack of the source sound it could introduce distortion/clipping before the compressor ac-
tivates. 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
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of the envelopes curve, and hence the characteristic 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 incoming
signal and when it approaches 3-14dB (depending 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 thresh-
old 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.

Note: The action of the knee is entirely dependent on the compressor being used and
some can be particularly long, starting 12 dB before the threshold, while others may start
3dB 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 com-
pressor 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 feature these two modes will operate in RMS and this means that the
compressor 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 sensi-
tive to short sharp peaks and clamps down on them as soon as they come close to the thresh-
old, 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 threshold, 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 compression takes place you can use the make-up gain to bring
the signal back up to it's pre-compressed volume level.
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Side-chaining

Alongside the physical input and output connections on hardware compressors, many also fea-
ture 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 enter-
ing 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 their voice becomes audible, then when they stop speaking
the record returns to its original volume. This is accomplished 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 microphone is spoken into,
compressing (in effect lowering the volume of the music) by the amount set with the ratio con-
trol. This technigue 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 appropriate level (depending 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 associated ‘hold’ control
on the fascia 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 waveform
activating and deactivating the compressor, resulting in distortion. By using a hold the com-
pressor is forced to wait a finite amount of time (usually 40-60 ms on automated hold) before
beginning the release phase, which is longer than the period of a low-frequency waveform.

Practical compression

Despite the amount of control offered by the average compressor, they are relatively 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 reduction 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 500 ms. Using these as preliminary settings, they
can then be adjusted further to suit any particular sound.

Note: It's advisable that compression is applied sparingly during the recording stage,
because once applied it cannot be removed. Any exuberant parts of the performance
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.
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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 com-
pression 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 processing is noticeable, then increased slowly
until it isn't.

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

Table 5.1 Compression settings

Compression Ratio Attack Release Gain Knee
settings parameter parameter reduction
(ms) (ms) (dB)

Starting settings 5:11t0 10:1 1-10 40-100 —5to —15 Hard
Drum loop 5:11t0 10:1 1-10 40-100 —5to —15 Hard
Bass 4:1t0 12:1 1-10 20 or auto —6to—13 Hard
Leads 2:1 10 8:1 3-10 40 or auto —-8to —10 Hard
Vocals 2:1to 7:1 1-7 50 or auto —-31to —10 Soft

Brass 4:1to0 10:1 1-7 30 or auto —8to —13 Hard

instruments

Electric guitars 8:1to 10:1 2-7 50 or auto —5to —-12 Hard
Acoustic guitars 5:1 to 9:1 5-20 40 or auto —5t0 —12 Hard

The settings shown in Table 5.1 are naturally only starting points and too much compres-
sion should be avoided during the recording stage, something that can only be accomplished
by setting both the ratio and threshold controls carefully. 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 though 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 0 dB during any silent periods. If it
doesn'’t, then the loop is being over-compressed. If the gain reduction only drops to —2 dB dur-
ing 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
8dB, 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.
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Creative compression

While it is generally worth avoiding any evident compression during the recording stage, delib-
erately 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 submix to experiment upon.
This is a typical dance drum loop consisting of a kick, snare, closed and open hi-hats.

il | T

Figure 5.3 The waveform of the drum pattern.

Note: On the audio CD you can hear the basic drum pattern.

It's clear from listening to the drum loop (or simply looking at its waveform) 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 the release time is set short, the compressor will activate on the kick then quickly release
when the kick drops below the threshold. This results in rapid changes in volume, producing a
pumping effect as the compressor activates and deactivates on each kick. This is called ‘gain
pumping’ which, 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.

Note: On the audio CD you can hear the effect the release has on a sound.
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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 rhythm of the piece.

Note: On the audio CD you can hear the effect of compression on the bass, pad and chord
structure.

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 instru-
ments 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 buss (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 20-30 ms attack with a 250 ms
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 are many instances, for example on MTV
Dance or the more recent Rapture channel, where gain pumping is so forceful that it's blinding-
ly obvious, so the degree to which you employ these techniques in your own mix is entirely up
to you.

Compression can also be used on individual sounds to change the tonal content 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 compression 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.

Note: Because hip-hop, rap, house and big beat 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 volume, making space for the kick and
thereby preventing any conflicts.

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
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most part, using a valve only at the compressor’'s make-up gain. Solid-state compressors are
usually more transparent than their valve-based counterparts and are usually 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
free movement of electrons within the valves and occurs at exactly twice the frequency of the
amplified signal. Despite the fact that this distortion only contributes 0.2% to the amplified sig-
nal, 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 dif-
ferences and the variations from compressor to compressor are the reasons why many dance
producers will spend a fortune on the right compressor and also why it isn't uncommon for
producers to own a number of both valve and solid-state types.

Note: Most dance producers agree that solid-state circuitry tends to react faster, producing
a more defined, less forgiving sound, while valve compressors add warmth that improve
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 an excellent conversation stopper, 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 con-
trol. 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 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. Nonetheless, variable MU compressors are renowned for their distinctive,
phat, lush character, and can work magic on basses and pumping dance mixes. The most noto-
rious variable MU compressors are made by Manley and can cost in excess of £3500.

T John Ambrose Fleming originally developed the valve in 1904, but it was 2 years later before Lee De Forest
constructed the first Triode configuration. Edwin Howard Armstrong then used this to create the first ever valve amplifier
in 1912.
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Field effect transistor (FET)

FET compressors are often recognized as simulating the action of a typical valve compressor
because they use a field effect transitor to vary the gain. 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 limited 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 (approx. £1800) and the LA Audio
Classic Il (approx. £2000), are a worthwhile alternative.

Optical

Optical (or ‘opto’) compressors rely on a light bulb and phototransistor assembly to automati-
cally adjust the gain of the compressor. The phototransistor monitors the current illumination
level of the light bulb and subsequently adjusts the gain to suit. Because the phototransistor
must monitor the light-bulb before it takes any action, some latency is created in the compres-
sor'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 natural 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 (lim-
iters will be explained later).

There are plenty of opto compressors to choose from, including the ADL 1500 (approx. £2500),
the UREI LA3 and UREI Teletronix LA-2A (approx. £2900 each), the Joe Meek C2 (approx. £250)
and the Joe Meek SC2.2 (approx. £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.

Note: Incidentally, 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 bright 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 produce the pumping energy that
is typical of models that are more expensive. Nonetheless, these types of compressor are suit-
able for use on any sound. The most widely celebrated VCA compressor is the Empirical Labs
Stereo Distressor (approx. £2500), which is a digitally controlled analogue compressor with VCA,
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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 compressors 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 (part of the Waves Native
Bundle featured on the CD) can be switched to emulate an optical compressor. Similarly, the
PSP Vintage Warmer (also featured on the CD) can add an incredible amount of valve warmth.

Note: Another benefit of using plug-in-compressors that emulate valves is that they're
generally less noisy and cost considerably less than their hardware counterparts.

The look-ahead functions employed in computer-based compressors can be emulated in hard-
ware with some creative thought, which can be especially useful 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 original by 50 ms. By then feeding the delayed drum track into the compres-
sor'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 sig-
nal 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 volume doesn’t persuade you
that it sounds better.

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 compressor 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 nomi-
nal 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 physically moving the loudspeaker’s cone in
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and out. The more the cone is physically 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 unexciting
track with no energetic punch from the kick.

Figure 5.4 A mix with excursion.
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Figure 5.5 A mix with no excursion (all the contents of the mix are almost at equal volume).
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Note: On the CD you can hear a short mix with a large excursion followed by the same
mix with a small excursion.

Limiters

While compression is applied, it's common practice to pass the audio through a limiter, just in
case any transients are not captured by the compressor. Limiters work along similar principles to
compressors, but rather than compress a signal 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 a '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 circuitry 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 thresh-
old 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 com-
pressor, 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 straight-
forward and allows the time it takes the limiter to return to its nominal state after controlling a
peak. As with compression, however, this must be set cautiously, giving the limiter time to
recover before the next signal is received to avoid distorting the subsequent transients.

Since the main purpose of a limiter is to prevent transient signals from ever overshooting the
threshold, there is generally no need for an attack control, but 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 limiting can result in a loud but
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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 limiting stage,
otherwise any dynamics deliberately left in during the compression stage may be destroyed.

1| |

Figure 5.6 Drum loop before limiting.
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Figure 5.7 Drum loop after limiting.

Note: On the audio CD you can hear the effect limiting has on drums.
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Noise gates

Noise gates can be described as the opposite of compressors. This is because while a com-
pressor attenuates the level of any signal that exceeds the threshold, 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 only have a drum kick playing before the main reprise, so
that when the track returns fully, the sudden change from almost nothing into everything play-
ing at once creates a massive impact. The problem 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 when-
ever sounds fall below its threshold the gate activates and creates 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
gate’s threshold throughout, if it fluctuates even slightly 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.

Note: The action of this hold function is sometimes confused with a similar gate process
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 predefined amount of
time before closing, hysteresis adjusts the threshold’s tolerance independently for open-
ing and closing the gate. For example, if the threshold was set at, say, —12dB the audio
signal must breach this before the gate will open, but the signal must fall a few extra deci-
bels below —12dB before the gate will close again. Consequently, while both hold and
hysteresis accomplish the same goal in preventing 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 volume, 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 suddenly 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 threshold 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 com-
pressor’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.
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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 to take 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, otherwise it'll sound
totally unnatural — the audience instinctively knows that vocalists have to breathe!

Consequently, we need a way of lowering the volume of any sounds that fall below the thre-
shold rather than totally attenuating them and 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 attenuated when it falls below the threshold. The more that 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 vol-
ume by a small amount, it will sound much more natural. Furthermore, by setting the gate's
attack to around 100 ms 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 vocals being cut short. 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.

Note: 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 nonetheless they behave in a similar manner to a
compressor's side-chain. Fundamentally, they allow you to insert an audio signal in the key
input that can then be used to control the action of the gate, which in turn affects the audio trav-
elling through the noise gate’s normal inputs. This obviously has numerous creative uses, but
the most common use is to program 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 setting, but the attack, release, range, hold
or hysteresis controls are often still available, allowing you to contour the reaction of the gate on
the audio signal.

Another use for 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 process is reversed so that any
signals that enter the key input will ‘duck’ the volume 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
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supersedes the threshold control, but all of the other parameters are still available, 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 expen-
sive gates will feature a MIDI in port that prevents you from having to insert an audio signal into
the key input; instead, MIDI note-on messages can be used to control the action of the gate.

Note: On the audio CD you can hear a gate in action on a drum loop.

Transient designers

Transient designers are quite simple processors that generally only feature 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 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 some-
thing else.

Similarly, if you've sampled or recorded vocals, pianos, strings or any instrument 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. Like the previously discussed processors, these can be an invaluable tool
to a dance producer and we'll be looking more closely at their uses in the genre chapters.

Note: On the audio CD you can hear the effect of altering the attack and sustain of a
drum loop.

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 proportion 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
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sound’s energy, therefore reducing the amplitude. However, each surface also has a distinct
frequency response and this means that different materials will absorb the sound’s energy at
different frequencies. For instance, stone walls will rebound high-frequency energy more read-
ily than soft furnishings, which absorb them. 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 you are, the more reverberation there would be 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 reflections. In fact, reverb is such a natural occur-
rence that if it's totally removed (such as in 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 create 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 background. 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 differently depending on the furnish-
ings and wall coverings, so all reverb units will offer many more parameters and using it suc-
cessfully 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 pre-
venting the reflections from washing over the transient of instruments, forcing them towards
the back of a mix or muddying the sound.
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Early reflections

Early reflections are used to control the sonic properties of the first few reflections we receive.
Since sounds reflect off a multitude of surfaces, it creates subtle differences between each
subsequent reflection reaching our ears. Due to the complex nature of these first reflections,
only the high-end processors feature this type of control, but if present, it allows you to deter-
mine 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 away 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 disap-
pears 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 cautiously, 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 even-
tually turns into an incoherent mush of frequencies.

Note: 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 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,
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so by reducing the high-frequency content (and reducing the decay time) you can give the impres-
sion that the sound is in a small enclosed area or an area with 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. Alternatively, by boosting the lower frequency
damping it can be used to emulate a large open space. For instance, 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 uncommon to use two or three different models of reverb in one mix.

Note: On the audio CD you can hear the effect of reverb.

Chorus

Chorus effects attempt to emulate the sound of two or more of the same instruments playing
the same parts simultaneously. Since no two instrumentalists could play exactly in time with
one another, the result is a series of phase cancellations. 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 continually changing the amount of delay and amplitude applied to
the incoming signal.

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 delayed signal, while
the second and third parameters allow you to set the modulation rate (referred to as the fre-
quency) 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 experience with real instrumentalists.
Nonetheless, 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.

Note: On the audio CD you can hear the effect of chorus.

Phasers and flangers

Phasers and flangers are very similar effects with subtle differences in how they are created, but
work on a comparable principle 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 imag-
ine, this created an irregularity between the two machines which resulted in the phase relation-
ship of the audio being slightly different, in effect producing a hollow, phase-shifted sound.
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This idea was developed further in the 1950s by Les Paul, as he experimented by applying pres-
sure 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 the speed. With digital
effects 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 either modulate 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 con-
trol 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.

Note: On the audio CD you can hear the effect of flangers and phasers.

Digital delay

To the dance music producer, digital delay (often referred to as DDL — Digital Delay Line) 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 numbers of
delays produced by the unit are often referred to as the feedback, so by increasing the feed-
back 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 lev-
els 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 modula-
tion 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 filter's cut-off or pitch, or both, with an LFO. The number and type of wave-
forms 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.
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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 granular delay. As we touched upon
in Chapter 3, we cannot perceive individual sounds if they are less than 30 milliseconds 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 milliseconds 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.

Note: On the audio CD you can hear the effect of DDL.

EQ

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

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

A 'Q’ control allowing you to determine how many frequencies either side of the centre fre-
guency you want to adjust.

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 fre-
quency or a fixed Q, meaning that you can only adjust the volume of the frequencies that are
preset by the manufacturer. EQ plays a role in both mixing and sound design, but this has only
been a quick introduction for the purpose of the technology chapters 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 over-
drive 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 effect.
However, if distortion were applied to the sine wave it would introduce a series of harmonics
into the signal, giving the aforementioned effects something more substantial to work with.

Note: On the audio CD you can hear the effect of distortion.



Cables, mixing desks and
effects busses

| don't just use a (mixing) desk to mix sounds together | use it as a creative tool.

Juan Atkins

With a fundamental understanding of the different processors and effects available, it's also
important to grasp how they are accessed through a typical mixing desk, how the desk treats
these signals and the effects it can impart on the audio signals. Before we jump into the theory
behind using a mixing desk, however, there's one vital element that's often overlooked and
that's the cables used to connect the various samplers, effects, processors and synthesizers to
the mixing desk.

We've already touched upon the importance of capturing a signal with a low noise, yet it's sur-
prising how many users purchase expensive equipment with a low signal-to-noise ratio (SNR)
and connect them together with poor quality cables. Any studio is only as capable as its weak-
est link, so if low-quality cables are used to connect devices together, the SNR of the equip-
ment is meaningless since 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
nevertheless 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 instruments from the mixing desk and
through to earth. This produces a continual loop, resulting in an electromagnetic field that sur-
rounds all the cables. This field introduces 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, supports 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 con-
nectors at each end. Cables terminated with mono jack or phono connectors are unbalanced,
while stereo TRS (Tip—Ring-Sleeve) jack connections or XLR connections will be found on bal-
anced cables. Examples of these are shown in Figure 6.1.

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
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Audio
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Figure 6.1 Mono, stereo jack and XLR connectors.

audio signal and is connected to the ring 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 sus-
ceptible 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.

Note: 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
environment they are more commonly used to transfer a mono signal.

Balanced cables contain three wires within the outer screen. In this configuration 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
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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 Chapter 3. 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 equipment 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 +4 dBu rather than the semi-professional signal level of —10dBV. The reasons
for this are more the subject matter of electrical engineering than music and although it's not
necessarily important to understand this, a short explanation is given in the note below. 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 generally preferred as the sig-
nal is over 11dB hotter, so the chance of capturing a poor signal is reduced.

Note: Before LED and 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 (mVW) 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 reference level
of milliwatt because the power levels today are much higher, so the level of 0 dBm is now
obsolete and we use voltage levels instead. To convert this into an equivalent voltage
level, the impedance has to be specified, which in this case is 600 ohms. For those with
some prior electrical knowledge it can be calculated with the equation (P = V,/R(0.001 W) =
Vo/600 W(V, = 0.001 W) X 600 W(V = sg(0.001 W X 600 W))). For the layman, the sum
of this equation equals 0.775 volts 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 ref-
erence 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 professional equipment will output a level that is +4 dB,
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 1 volt as the
reference instead, which is where the dBV standard originates. Unlike professional equip-
ment, which uses the +4dBu output level, unbalanced equipment outputs at 0.316 V,
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 0.775 V is considerably
higher than the 0.316 V generated by consumer equipment. WWhen converted to decibels,
this results in an 11.8dB 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 into 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
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unbalanced recorder’s levels jumping 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
setting the clipping meters below the maximum signal level. This is, of course, a one-way con-
nection from a balanced signal to an unbalanced piece of hardware 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 equipment will be of the
unbalanced type; therefore, the use of unbalanced connections is unavoidable. If this is the
case, it's prudent to take some precautions that will prevent the introduction of unwanted elec-
tromagnetic 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 be present yourself as a short cut.

A less suicidal technique is to remove the earth connection from one end of the 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 sig-
nals from passing police cars, taxis, mobile phones and any nearby citizen's band radios. While
this could be useful 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 amplifiers and mixing desks use them.
Consequently, amplifiers should be kept a good distance from other equipment, especially sen-
sitive equipment such as microphone pre-amps. If the amplifiers are rack-mounted, a minimum
space of four rack units should be between the amplifier and any other devices. This same prin-
ciple 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 pro-
fessional mains suppressor. This should be sourced from a professional studio supplier rather
than from the local electrical 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 associated with normal
household equipment.
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Note: From a purely personal opinion, the best place to source professional suppressors,
suppressed PDUs, quality cables and most other studio-related gear is Studio Spares
(Wwww.studiospares.com).

Digital connections can be used as an alternative to analogue cables if the sampler/sound-
card/mixer allows it. This has the immediate benefit that no noise will be introduced into the sig-
nal, 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 con-
nectivity is usually accomplished via a direct SCSI interface, so there is little need to be con-
cerned about the digital standards, but on occasion it may be preferable to transmit audio
signals through true digital interfaces such as ADAT, TDIF, S/PDIF or AES/EBU.

The problem is that digital interfacing is more complex than analogue interfacing 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 (amongst many others) Toshiba's TDIF formats, Sony’s SDIF,
Sony and Philips” 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
(AES) combined with the European Broadcasting Union (EBU) 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
realm.

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

With compatible interfaces between two devices, both the receiving and transmitting device
must be clocked together so that they are fully synchronized. This ensures that they can com-
municate 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 difficult to describe, but rather than fill up the book’s accompanying CD with the ensu-
ing ear-piercing noises, it's probably best explained as an annoying high-frequency racket mixed
with an unstable stereo image. To avoid this, most professional 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 abbreviated to WCLK but still pronounced word clock) messages simultaneously to
all devices to keep them clocked together.

The WCLK message works by sending a 1-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 receiv-
ing 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.
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These standalone WCLK generators can be expensive, so within a home studio set-up the digi-
tal mixing desk or soundcard usually generates the WCLK message, 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 micro-
phone 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.

Providing that the clock rate is correctly transmitted and received, another important factor to
consider is the sample rate. When recording, both the transmitting and 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 an original and prevents further
copies being made from this one copy. 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.

Note: If you own a 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 — look more ominous. Whatever the level of complexity, all types of
hardware- and software-based mixing 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 instru-
ments and provide an interface that allows you to adjust the tonal characteristics of each per-
spective 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 individual 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 engineers as a 'strip’) is designed
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to accept either a mono or stereo signal from one musical source and provide some tonal edit-
ing features for that one strip. Clearly, this means that if you have five external hardware instru-
ments each with a mono output you would need a desk with an absolute minimum total of
five ‘strips’ so you could input each into a separate channel of the desk. Or at least it would in
theory, since for reasons we'll touch upon, you should always aim to have as many channel
strips in a mixer as you can afford, no matter how few instruments you may own.

Generally, the physical inputs for each channel are located at the rear of the desk and will con-
sist of a “-inch jack or XLR connection, or both. This latter configuration doesn’t mean that two
inputs can be directed into the same channel strip simultaneously; rather it allows you to
choose whether that particular channel accepts a signal from a jack oran XLR connector. Most
desks will have the capacity to accept a signal of any level, whether its mic level (—60dBu) or
line level (—10dBV or +4dBu) and whether the cables are balanced or unbalanced.

Note: 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.

As all mixing desks operate at line level to keep the signal-to-noise ratio at a minimum, once a
signal enters the desk it is first directed to the pre-amplifier stage to bring the incoming signal
up to the 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 fascia of the desk (often
called pots — an acronym for potentiometer), labelled ‘trim’ or ‘gain’. As its name would sug-
gest, this allows you to adjust the volume of the signal entering the channel’s input by increas-
ing the amount of amplification at the pre-amp.

Note: 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 and this 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 12dB
and the volume could then be made back up to unity gain with the trim pot on that particular
channel.
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Note: Unity gain is a term used to describe where the audio signal’s output level is equal to
its input level. In other words there is no amplification or attenuation applied to the signal
(i.e. faders at 0dB).

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:

Phantom power is used to supply capacitor microphones with the voltage they require to
operate. This does also mean that the mixer has to use its own amplifier to increase its sig-
nal level and, generally, the amp circuits in mixers will not be as good as those found in
standalone microphone pre-amplifiers.

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 cir-
cuitry. Again, as touched upon, this will eliminate any ground hum or extraneous noises.
Phase reverse — sometimes marked by a small circle with a diagonal line through it — switches
the polarity of the incoming signal and this can have a multitude of uses. Typically, they're
included on mixing desks to prevent any recordings taken simultaneously with a number of
microphones from interfering with one another, since the sound of one microphone can
weaken the sound from a second microphone that's positioned further away. Subsequently,
phase reverse switches are only usually found next to XLR microphone inputs, since they're
easy to implement on these — the switch simply swaps over the two signal pins.

Following this input section, the signal is commonly routed through a mute switch (allowing you
to instantly mute the channel) and into the insert buss.! These allow you to insert processors
such as compressors or noise gates to clean up or bring a signal under control before it's rout-
ed into the EQ. On a mixing desk EQ is the most important circuitry, as it allows you to modify
the tonal content of a sound for creative applications or, more commonly, so that the timbre fits
into a mix better. As a result, when looking for a mixing desk, it's worthwhile seeing how well
equipped the EQ section is, as this will give a good impression of how useful the desk will be
to you. Most cheap consumer mixers will only offer a high and low EQ boost, which can be
used to increase or reduce the gain at a predetermined frequency. More expensive desks will
offer parametric EQs that allow you to select and boost any frequency you choose and offer fil-
ters so that you can remove all the frequencies above or below a certain frequency. This section
may also offer a pre- or post-EQ button that allows you to re-route the signal path to bypass the
EQ section (pre-EQ) and move directly to the pre-fader buss, or move through the EQ section
(post-EQ) and then into the pre-fader buss. Obviously, this allows you to bypass the EQ section
once in a while to determine the effect that any EQ adjustments have had on a sound.

Similar to the EQ buss, the pre-fader buss allows you to bypass the channel’s volume fader and
route the signal at it's nominal volume to the auxiliary (aux) buss or go through the faders and
then to the auxiliary buss. Fundamentally, an aux buss is a way of routing the channel’s signal to
physical outputs usually labelled as ‘aux outs’ located at the rear of the desk. The purpose
behind this is to send the channel's signal out to an external effect and then return the results
back into the desk (we'll look more closely at aux and insert effects in a moment). The number

T Busses refer to the various signal paths within a mixer that the inputted audio can travel through.



Cables, mixing desks and effects busses 123

of aux busses featured on a desk varies wildly from one to over 20, and not all desks will give
the option of pre- or post-fader aux sends and may be hard-wired to the pre-fader. This means
that you would have no control over the level that's sent to the aux buss.

After this aux buss section, the signal is passed through onto the volume control for the channel.
These can sometimes appear in the form of rotary controllers on cheaper desks, but generally
they use faders with a 60 or 100 mm throw.? Although these shouldn't particularly require any real
explanation, it's astounding how many users believe that they are used to increase the amplifica-
tion of a particular channel. This isn't the case at all, since if you look at any desk the faders are
marked 0 dB close to the top of their throw instead of at the bottom. This means that you're not
amplifying the incoming signal by increasing the fader’s position, rather you're allowing more of
the original signal to travel through the fader’s circuitry, which increases the gain on that channel.

After the faders, the resulting signal then travels through the panning buss (allowing you to pan
the signal left and right) and into a subgroup buss. The number of subgroup busses depends
entirely on the price and model of mixer, but essentially these allow you to group a number of
fader positions together and control them all with just one fader control. A typical application of
this is if the kick, snare, claps, hi-hats and cymbals each have a channel of their own in the
mixer. By then setting each individual element to its respective volume and required EQ (in
effect mixing down the drum loop so it sounds right), all of these levels can be routed to a sin-
gle group track, whereby moving just one subgroup fader, the volume of the entire drum sub-
mix can be adjusted to suit the rest of the mix.

Finally, these subgroup channels, if used, along with the rest of the ‘free’ faders, are combined
together into the main stereo mix buss, which passes to the main mix fader, allowing you to adjust
the overall level of the mix. It's at this stage that things can become more complicated, since the
direction and options available to this stereo buss are entirely dependent on the mixer in question.

In the majority of smaller, less expensive mixers the buss will simply pass through a pan control
and then out to the mixer's physical outputs. Semi-professional desks may pass through the
pan control and an EQ before sending the mix out to the main physical outputs. And profes-
sional desks may go through panning, EQ and then split the buss into any number of other
stereo busses, allowing you to send the mix not only to the speakers, but also headphones,
another pair of monitors (situated in the recording room) and a recording device.

Ultimately, the more EQ and routing options a desk has to offer, the more creative you can
become. But, at the same time, the more features on offer, the more expensive it will be.
Naturally, most of these concerns are circumvented with audio sequencers, as they generally
offer everything a professional desk does; the only limitation is the number of physical connec-
tions, dictated by the soundcard you have fitted. Nevertheless, this doesn’t deter many from
relying entirely on sequencers, as any external instruments can always be recorded as audio,
placed on their own track and have software effects applied.

Routing effects and processors

Understanding the internal buss structure of a typical mixing desk (hardware or software) is
only part of the puzzle, because when it comes to actually processing signals, the insert/aux

2 "Throw' refers to the two extremes of a fader's movement from minimum to maximum.
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Figure 6.2 The typical structure of a mixing desk.

buss system they are transferred through will often dictate the overall results. Any ‘external’
signal processing can be divided into two groups: processors and effects. The difference
between these two is relatively simple but important to recognize.

All effects will utilize a wet/dry control (wet is the affected signal and dry is the uneffected signal)
that allows you to configure how much of the original signal remains uneffected and how much
is effected. A typical example of this would be for reverb, whereby you don't necessarily want to
run the entire audio through the effect, otherwise it could appear swamped in decays; instead,
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you would want to effect the signal by a only small amount. For instance, you may keep 75% of
the original signal and apply just 25% of the reverb effect. Conversely, all processors, such as
compressors, noise gates and limiters, are designed to work with 100% of the signal and thus
have no wet/dry parameter. This is simply because in many instances there would be little point
trying to control the dynamics of just some of the signal because the rest of it would still retain
its dynamic range. Nonetheless, due to the different nature of these two processes, a mixing
desk uses two different buss systems to access them: an insert buss for processors and an auxil-
iary buss for effects. The difference and reasons behind using these two busses will become
clear as we look at both.

Auxiliary buss

Nearly all mixers will feature the aux buss after the EQ rather than before, since it's considered
that effects are applied at the final stages of a mix to add the final ‘polish’. At this point, a per-
centage of the signal can be routed through the aux buss and to a series of aux outs located at
the back of the mixer. Each aux out is connected to an effects unit and the signal is then
returned into the desk. With the aux potentiometer on the channel strip set at zero, the audio
signal ignores the buss and moves directly onto the fader. However, by gradually increasing the
aux pot you can control how much of the signal is split and routed to the aux buss and onto
the effect. The more that this is increased the more audio signal will be directed to the aux
buss. The aux return (the effected signal) is then returned to a separate channel on the mixing
desk, which can then be mixed with the original channel.

Inputs

Aux out

> Effects unit

Aux return

Figure 6.3 An aux send configuration.

As you can see from Figure 6.3, two separate audio leads are required. One has to carry the sig-
nal from the mixer and into the effects unit while the other has to return the effect back into the
desk. Additionally, the effected signal cannot be returned into the original channel, since there
will still be some dry audio at the fader; instead, they are usually returned into specific aux
returns. These signals are then bussed through the mixer into additional mixer ‘subgroup’ chan-
nels. These are most commonly a group of volume faders or pots (one for each return) that per-
mit you to balance the volume of the effected signal with the original dry channel.

Note: When accessing effects from a mixing desk, the mix control on the effects unit
should generally be set to 100% wet, since you can control the amount of wet/dry signal
with the mixing desk itself.
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While retuning the effected signal to its predefined aux channel return may seem sensible, very
few artists will actually bother using the aux returns at all, instead preferring to return the signal to
a normal free mixing channel. This opens up a whole new realm of possibilities, since the returning
effect has access to the channel’'s pre-amp, an insert, EQ, pan and volume. For example,
a returned reverb effect could be pushed into distortion through increasing the mixer's pre-amp, or
the EQ could be used as a low- and high-frequency filter if the effects unit doesn't feature them.

Another benefit of using aux sends is that each channel on the mixer will have access to the same
auxiliary busses, meaning that signals from other channels could also be sent down the same aux-
iliary buss to the effects unit. This approach can be especially useful when using computer-based
audio sequencers, since opening multiple instances of the same effect can use up a proportionate
amount of the CPU. Instead, you can simply open up one effect and send each channel to the
same effect; this also saves time from having to set a number of effects units up, all of which share
the same parameters. What's more, in a hardware situation, as only a portion of the signal is being
sent to the effect, there is less noise and signal degradation, and as the effect is returned to a sep-
arate channel, you have total control over the wet and dry levels through the mixer.

One final aspect of aux busses is that they can sometimes be configured to operate the aux
buss either pre- or post-fader. Of the two, pre-fader is possibly the least used, since the signal
is split into two before it reaches the fader. This means that if you were to reduce the fader you
would not reduce the gain of the signal being bussed to the effect, so with every fader adjust-
ment you would also need to readjust the aux pot to suit. This can have its uses, as it allows
you to reduce the volume of the dry signal while leaving the wet at a constant volume, but gen-
erally post-fader is much more useful while mixing. Using post-fader, reducing the channel’s
fader will also systematically reduce the auxiliary send, saving the need to continually adjust the
aux buss send level whenever you change the volume.

Insert buss

Unlike aux busses, insert busses are positioned just before the EQ and are designed for use
with processors rather than effects. This is because processors require the entire signal and
there is no point in applying compression or gating to only part of a signal! The purpose of insert
points can be described by examining a typical recording situation where the output of a micro-
phone’s pre-amp is connected into a compressor. This signal would then be connected into
the mixing desk’s channel so that the signal flows out of the mic pre-amp into the compressor
and then finally into the desk for mixing. This, however, is a rather convoluted way of working
because if you wanted to compress the output of another source with the same compressor
you would have to scrabble around at the back of the rack and rewire all the necessary connec-
tions. In addition, if the output from the synthesizer was particularly low, there is no way of
increasing its gain into the compressor.

This can be avoided if the mixing desk features insert points, which commonly appear directly after
the pre-amp stage. Consequently, the mixer's pre-amp stage can be used to increase the signal

Note: On occasion, compressors may be accessed through the aux send buss rather than
the insert buss. With this configuration, you can increase the overall level of the signal
by mixing the compressed with the uncompressed signal. This can help to preserve the
transients of the signal.
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Figure 6.4 An insert configuration.

level from the synthesizer before it's passed on to the insert buss. This is then passed into the exter-
nal compressor, where the signal is squashed before being returned to the same mixing channel.

This is accomplished using only one physical connection — an insert cable — on the mixing desk.
Fundamentally, this is an ordinary audio cable with a TRS (Tip—-Ring-Sleeve) jack at one end and
a TS (Tip-Sleeve) jack at the other. The ring is used to transmit the signal from the desk’s chan-
nel to the compressor and is returned back into the same mixing channel through the tip con-
nection of the same cable. Most mixers return this processed signal before the EQ and volume
buss, allowing shaping of the overall signal after processing.

Tonal shaping after processing won't necessarily create any problems if the processor happens
to be a noise gate, but if it's a compressor, it raises the issue that if the EQ were raised after
compression, the signal would be increased past the level of the previously controlled dynam-
ics. To understand the issue, we first need to consider what would happen if the compressor
was returned after the EQ section.

To begin with, the EQ section would be used to correct the tone of the incoming signal on that
particular channel before it was sent to the compressor. This compressor would then be adjust-
ed so that it controls the dynamics of the timbre and the subsequent EQ before the signal is
returned to the desk. Due to the nature of compression, however, the tonal content of the
sound will be modified, so it would need to be equalized again. This subsequent EQ wiill
re-introduce the peaks that were previously controlled by the compressor, so the compressor
must be adjusted again. This would alter the tonal content, so it would need equalizing yet
again, and so on. Thus, an ever-increasing circle of EQ-compression—EQ-compression must
continue until the signal is over-compressed or pushing beyond unity gain, distorting the desk.
By inserting the compressor before the EQ section, this continual circle can be avoided.

With the compressor positioned before the EQ, the issue of destroying the previously controlled
dynamics when boosting the EQ is still raised, but this shouldn’t be the case providing the EQ is
correctly used. As touched upon in earlier chapters, it's in our nature to perceive louder sounds
to be infinitely better than quieter, even if the louder sound is tonally worse than the quieter one.
Thus, when working with EQ it's necessary to reduce the channel’s fader while boosting any fre-
quencies, so that they remain at the same volume as the unequalized version. Used in this way,
when bypassing the modified EQ to compare it with the unmodified version, a difference in vol-
ume cannot cloud your judgement. As a result, the signal level of the modified EQ is the same as
the unmodified version, so the dynamics from the compressor remain the same.

This approach maintains a more natural sound, but it is worth experimenting by placing the EQ
before the compressor. For example, using this configuration the EQ could be used to create a
frequency-selective compressor. In this set-up, the loudest frequencies control the compressor’s
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action. By boosting quieter frequencies so that they instead breach the compressor's threshold,
it's possible to change the dynamic action of a drum loop or motif. In fact, it's important to note
that the order of any processing or effects, if they're inserted, can have a dramatic influence on
the overall sound.

From a theoretical mixing point of view, effects should not be accessed as inserts. This is
because, although it is perfectly feasible to route reverb, delay, chorus, flangers and phasers
into a mix as inserts, working in this way can introduce a number of problems. If an effect is
used as an insert, 100% of the signal will be directed into the external effects unit and because
many units introduce low levels of noise while also degrading the signal’s overall quality, both
the affected signal and the noise will be returned into the desk. What's more, the control over
the relationship between dry audio and wet effects would be from the effects interface and in
many instances greater control will be required.

Many effects use a single control to adjust the balance between dry and wet, so as the wet
level is increased, the dry level decreases proportionally. Equally, increasing the dry level pro-
portionally decreases the wet level. While this may not initially appear problematic, if you decid-
ed to thicken out a trance lead with delay or reverb but wanted to keep the same amount of dry
level in the mix that you already have, it isn’t going to be possible. As soon as the wetness fac-
tor is increased the dry will decrease proportionally, which may result in a more wet than dry
sound. This can cause the transients of each hit to be washed over by the subsequent delays or
reverb tail from the preceding notes, reducing the impact of the sound.

Nevertheless, by using effects as inserts and chaining them together in series, it's possible to
create new effects because both dry and wet results from each preceding effect would be
transformed by the ones that follow them. This opens up a whole world of experimental and
creative opportunity that could easily digest the rest of this book, so rather than list all of the
possible combinations (as if | could!), we'll examine the reasoning behind why, theoretically at
least, some processors and effects should precede others.

Gate > compressor > EQ > effects

Normally, to maintain a ‘natural’ sound a gate should always appear first in the line of any proces-
sor or effects, since they're used to remove unwanted noise from the signal before it's com-
pressed, equalized or effected. While it is perfectly feasible to place the compressor before the
gate, as it would make little difference to the actual sound it's unwise to do so. This is because
the compressor reduces the dynamic range of the signal and as a gate works by monitoring
the dynamic range and removing artefacts below a certain volume, placing compression first, the
gate would be more difficult to set up and may remove some of the signal you wish to keep. For
reasons we've already touched upon, the EQ should then appear after compression and the
effects should follow the EQ section, as they're usually the last aspect in the mixing chain.

Gate > compressor > effects > EQ

Again, the beginning aspects of this arrangement will keep the signal natural, but by placing the
EQ after the effects it can be used to sculpt the tonal qualities produced by the effect. For
example, if the effect following the compression is distortion, the compressor will even out the
signal level, making the distortion effect more noticeable on the decays of notes. Additionally,
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since distortion will introduce more harmonics into the signal, some of which can be unpleas-
ant, it can be carefully sculpted with the EQ unit to produce a more controlled, pleasing result.

Gate > compressor > EQ > effects > effects

The beginning of this signal chain will produce the most natural results, but the order of the
effects afterwards will determine the outcome. For instance, if you were to place reverb before
distortion, the reverb tails will be treated to distortion, but if it were placed afterwards the effect
would not be as strong, since the reverb’s tail would not be treated. Similarly, if delay were
placed after distortion, the subsequent delays would be of the distorted signal, while if the
delay came first, the distortion would be applied to the delays, producing a different sound alto-
gether. If flanger were added to this set-up, things become even more complicated, since this
effect is essentially a modulated comb filter. By placing it after distortion the flanger would
comb filter the distorted signal, producing a rather spectacular phased effect, yet if it were
placed before, the effect would vary the intensity of the distortion.

To go further, if the flanger were placed after distortion but before reverb, the flange effect
would contain some distorted frequencies but the reverb’s tail would wash over the flanger,
diluting the effect but producing a reverb that modulates as if it were controlled with an LFO.
The possibilities here are, as they say, endless, and it's worth experimenting by placing the
effects in a different order to create new effects.

Gate > effects > EQ > effects > compressor

While the aforementioned method of placing one effect after the other can be useful, the sub-
sequent results can be quite heavy-handed, but by placing an EQ after the first series of effects
the tonal content can be modified so that there isn’t an uncontrolled mess of frequencies enter-
ing the second series of effects, muddying the effect further. Additionally, by placing a com-
pressor at the end of the arrangement, any peaking frequencies introduced by a flanger
following distortion or similar arrangement can be brought back under control with the com-
pressor sat at the end of the line.

Compressor > EQ > effects > gate

We've already discussed the effects of placing a compressor before the gate and EQ, but using
this configuration the compressor could be used to control the dynamics of sounds before they
were equalized and subsequently effected. However, by placing the gate after the effects
would mean that the effected signals could be treated to a gate effect. Although there is a long
list of possible uses for this if you use a little imagination, possibly the most common technique
is to apply reverb to a drum kick or trance/techno/house lead and then use the following gate to
remove the reverb’s tail. This has the effect of thickening out the sound without turning the
result into a washed over mush.

Gate > effects > compressor > EQ

Although it is generally accepted that the compressor should come before effects, placing
it directly after can have its uses. For instance, if a filter effect has been used to boost some
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frequencies and this has been followed by chorus or flanger there may be clipping, so the com-
pressor can be used to bring these under control before they're shaped tonally with the EQ.
Notably, though, placing compression after distortion will have little effect, since distortion
effects tend to reduce the dynamic range anyway.

Above all, though, keep in mind that setting effects in an order that would not theoretically pro-
duce great results most probably will in practice. Indeed, it's the artists that are willing to experi-
ment that often produce the most memorable effects on records and, with many of today's
audio sequencers offering a multitude of free effects, experimentation is cheap but the results
may be priceless.

Automation

A final yet vital aspect of mixing desks appears in the form of mix automation. We've already
touched upon the importance of movement within programmed sounds, but it's also important
to manipulate a timbre constantly throughout the music. Techno would be nowhere if it were not
possible to program a mixer or effects unit to gradually change parameters during the course of
the track. With a mixer that features automation, these parameter changes can be recorded as
data (usually MIDI) into a sequencer, which when played back to the mixer forces it to either
jump or gradually move to the new settings.

Originally, mix automation was carried out by three or four engineers sat by the faders/effects
and adjusting the relevant parameters when they received a nod from the producer. This includ-
ed riding the desk’s volume faders throughout the mix to counter any volume inconsistencies.
As a result, any parameter changes had to be performed perfectly in one pass, since the out-
puts of the desk are connected directly into a recording device. If you made a mistake, then you
had to do it all again, and again, and again until it was right. In fact, this approach was the only
option available when dance music first began to develop and all tracks of that time will have
the filters or parameters tweaked live while recording direct to tape. This type of approach is
almost impossible today, however, since the development of dance music has embraced the
latest forms of mixer automation, so much so that it isn’t unusual to have five or six parameters
changing at once, or for the mixer and effects units to jump to a whole new range of settings
for different parts of the track.

Mix automation is only featured on high-end mixing desks due to the additional circuitry
involved, and the more parameters that can be automated the more expensive the desk will
generally be. Nonetheless, mix automation appears in two forms: VCA and motorized. Each of
these perform the same functions but in a slightly different way. Whereas motorized automa-
tion utilizes motors on each fader so that they physically move to the new positions, VCA faders
remain in the same position while the relative parameters change. This is accomplished by the
faders generating MIDI information rather then audio. This is then transferred to the desk's
computer, which adjusts the volume accordingly. While this does mean that you have to look at
a computer screen for the ‘real’ position of the faders, it's often preferred by many profession-
al studios, since motorized faders can be quite noisy when they move.

Alongside automating the volume, most desks will also permit you to automate the muting of
each channel. This can be particularly useful when tracks are not currently playing in the
arrangement, since muting the channel will remove the possibility of hiss on the mixer’s chan-
nel. On top of this, some of the considerably expensive desks also allow you to automate the



Cables, mixing desks and effects busses 131

send and return system and store snapshots (or ‘scenes’) of mixes. Essentially, these are a cap-
ture of the current fader, EQ and mute settings which can be recalled at any time by sending
the respective data to the desk. Despite the fact that these features are fairly essential to mix-
ing, it is only available on expensive desks and it is not possible to automate any effects para-
meters. For this type of automation, software sequencers offer much better potential.

Most audio-capable MIDI sequencers will offer mix automation, but unlike hardware this is not
limited to just the volume, muting and send/return system. It's usually possible to also auto-
mate panning, EQ along with all the parameters on VST instruments and plug-in effects or
processors. These can usually be identified by an R (Read automation) and W (Write automa-
tion) appearing somewhere on the plug-in's interface. By activating the Write button and com-
mencing playback any movements of the plug-in or mixing desk will be recorded, and can then
be played back by activating the Read button. What's more, many sequencers also offer the
opportunity to finely edit any recorded automation data with an editor. This can be invaluable to
the dance musician, since you can finely control volume or filter sweeps easily.
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[t's ridiculous to think that your music will sound better if you go out and buy the latest keyboard.
People tend to crave more equipment when they don’t know what they want from their music.

A Guy Called Gerald

Sound design is one of the most vital elements of creating dance music, since the sounds will
more often than not determine the overall genre of music. However, although it would be fair to
say that quite a few timbres are gleaned from other records or sample CDs, there are numer-
ous advantages to programming your own sounds. Not only do you have much more control
over the parameters when compared to samples, there are no key range/pitch-shifting restric-
tions and no copyright issues. What's more, you'll get a lot more synth for your money than if
you simply stuck with the presets and you'll also open up a whole new host of avenues that you
would otherwise have missed.

To many, the general approach to writing music is to get the general arrangement/idea of the
piece down in MIDI form and then begin programming the sounds to suit the arrangement. It
doesn’'t necessarily have to be a complete song before you begin programming, but it is helpful
if most of the final elements of the mix are present. This is because, when it comes to creating
the timbres, it's preferable to have an idea of the various MIDI files that will be playing together
so that you can determine each file's overall frequency content. Keep in mind that the sounds of
any instrument/programmed timbre will occupy a specific part of the frequency range. If you pro-
gram each individually without any thought to the other instruments that will be playing along-
side it, you can wind up programming a host of complex timbres that sound great on their own,
but when placed in the mix they all conflict with one another, creating a cluttered mix. With the
MIDI down from the start you can prioritize the instruments depending on the genre of music.

Knowing which frequencies are free after creating the most important parts is down to
experience, but to help you on the way it's often worth employing a spectral analyser. These are
available in software or hardware form and display the relative volume of each frequency band
of every sound that is played through them. For example, if you program the groove and lead
element first you can use an analyser to give you an idea of the frequencies left for other
instruments.

In some cases, once these fundamental elements are created you may find that there is too
much going on in the frequency range, so you can remove the superfluous parts or place them
elsewhere in the arrangement. Alternatively, you could EQ the less important parts to thin them
out so that they fit in with the main programmed elements. Although they may then sound
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B - - -
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Figure 7.1 As the above spectral analysis reveals, the groove and motif take up specific frequencies while
leaving others free for new instruments.

peculiar on their own, it doesn’t particularly matter so long as they sound right in the context of
the mix and they’re not played in isolation during the arrangement. If they are, then it's prudent
to either use two different versions of the timbre, one for playing in isolation and one for play-
ing with the rest of the mix, or more simply leave the timbre out when the other instruments
are playing. Indeed, the main key to producing a good track/mix is to play back sections of the
arrangement and program the sounds so that they all fit together agreeably, and it isn’t unusual
at this stage to modify the arrangement to accomplish this. By doing so, when it comes to mix-
ing you're not continually fighting with the EQ to make everything fit together appropriately. If it
sounds right at the end of the programming stage, the mixing will not only be much easier, but
the entire mix will sound more professional due to less cluttering. As a result, it shouldn’t need
explaining that after you've programmed each timbre you should leave it playing back while you
work on the next in line, progressively programming the less important instruments until they
are all complete.

Timbre effects

One of the main instigators of creating a cluttered mix or sounds that are too powerful is a
synthesizer/sampler’s effects algorithm. All synthesizers and many sample patches are designed
to sound great in isolation to coax you into parting with money, but when these are all com-
bined into the final mix, the effects tails, delays, chorus, etc. will all combine together to pro-
duce a muddy result. Much of the impact of dance music comes from noticeable spaces within
the mix and a great house motif, for instance, is often created sparingly by keeping the lengths
of the samples short so that there are gaps between the hits. This adds a dynamic edge
because there are sudden shifts from silence to sound. If, however, there are effects such as
delay or reverb applied to the sound from the source, the gaps in between the notes are
smeared over, which considerably lessens the overall impact. Consequently, before even begin-
ning to program you should create a user bank of sounds by either copying the presets you like
into the user bank or creating your own and turning any and all effects off.

Naturally, some timbres will benefit heavily from effects, but if this is heavily effected to make
it wider and more in your face, it's prudent to refrain from using effects on any other instru-
ments. A lead soaked in reverb/delay/chorus, etc. will have a huge impact if the rest of the
instruments are dry, whereas if all the instruments are soaked in effects the impact will be
significantly lessened.
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Note: A good mix/arrangement works in contrast — you can have too much of a good thing
and it's better to leave the audience gasping for more than gasping for breath. Also, if
many of the instruments are left dry, if when it comes to mixing you feel that they need
some effecting, you can always introduce the effects at the mixing desk.

This approach may not always be suitable, since the effects signature may actually contribute
heavily towards the timbre. If this is the case, then you'll need to consider your approach care-
fully. For example, if reverb is contributing to the sound’s colour, ask yourself whether the sub-
sequent tails are really necessary, as these will often reduce the impact. If they're not required
then it's prudent to run the timbre through a noise gate set to remove the reverb tail. This way,
the colour of the sound is not affected but the successive tails are removed, which also pre-
vents it from being moved to the back of the mix. Similarly, if delay is making the timbre sound
great with the programmed motif, try emulating the delay by ghosting the notes in MIDI and
using velocity. This can often reduce the additional harmonics that are introduced through the
delay running over the next note, and as many delay algorithms are in stereo it allows you
to keep the effect in mono (more on this in a moment). Naturally, if this overrun is contributing
to the sound'’s overall colour then you will have no option but to leave it in, but you may need to
reconsider other sounds that are accompanying the part to prevent the overall mix becoming
cluttered.

Another facet of synthesizers and samplers that may result in problems is through the use of
stereo. Most tone modules, keyboards, VST instruments and samplers will greatly exaggerate
the stereo spread to make the individual sounds appear more impressive. These are created in
one of two ways, either through the use of effects or layering two different timbres together
that are spread to the left and right speakers. Again, this makes them sound great in isolation,
but when placed into a mix they can overpower it quickly, resulting in a wall of incomprehen-
sible sound. To avoid this, you should always look towards programming sounds in mono unless
it is a particularly important part of the music and requires the width (such as a lead instrument).
Even then, the bass kick drum and snare, while forming an essential part of the music, should be
in mono as these will most commonly sit dead centre of the mix so that the energy is shared by
both speakers. Naturally, if you're using a sampled drum loop then they will most probably be in
stereo, but this shouldn’t be the cause of any great concern. Provided that the source of the
sample (whether it's a record or sample CD) has been programmed and mixed competently,
the instruments will have been positioned efficiently with the kick sat in the centre and perhaps
the hi-hats and other percussive instruments spread thoughtfully across the image. This will, how-
ever, often dictate the positioning and frequencies of other elements in the mix.

On the subject of using samples, due to dance music mostly being formed around analogue
synths, most professional sample CDs will contain samples of them. However, part of the charm
of analogue is that they often drift out of tune, so there is no guarantee that the pitch you previ-
ously programmed in MIDI will be in the correct key when it's replaced with a sample.
Additionally, as touched upon in Chapter 4, most sample CDs will only contain single hits — not
multi-samples — so they will have a restricted range. If your choice of sampler has poor algo-
rithms for shifting notes up and down the key range, then this will also limit the previously pro-
grammed motif. Since you should aim to program the most important parts first, if the sample
plays a part in one of these you may have to change the key of the rest of the track or change the
rhythm that the sample plays.
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Theory of programming

Fundamentally, there are two ways to program synthesizers. You can use careful analysis to
reconstruct the sound you have in mind or alternatively you can simply tweak the parameters of
a preset patch to see what you come up with. It's important to keep in mind that both these
options are viable ways of working, and despite the upturned noses from some musicians at
the thought of using presets, a proportion of professional dance musicians do use them. The
Chemical Brothers have used unaltered presets from the Roland JP8080 and JV1080; David
Morales has used presets from the JV2080, the Korg Z-1, E-Mu Orbit and Planet Phatt; Paul
Oakenfold has used presets from the Novation SuperNova, E-Mu Orbit and the Xtreme lead;
and Sasha, Andy Gray, Matt Darey and, well, just about every trance musician on the planet has
used presets from the Access Virus. At the end of the day, if the preset fits into your music then
you should feel free to use it.

When it comes to synth programming, it's generally recommended that those with no or little
prior experience begin by using simple editing procedures on the presets so that you can
become accustomed to not only the effects each has on a sound, but also the character of the
synth you're using. Despite the manufacturer’'s bumf that their synth is capable of producing
any sound, they each exhibit a different character and you have to accept that there will be
some sounds that cannot be constructed unless you have the correct synth. Alternatively,
those with a little more experience can begin stripping all the modulation away and building on
the foundation of the oscillators.

Remember that a proportionate amount of instruments within a dance mix share many similar-
ities. For example, a bass sound is just that — a bass sound. As we'll cover a little later, many
specific instruments are programmed in roughly the same manner using the same oscillators,
and it's the actual synthesizer used, along with the modulation from the envelope generators
(EGs), LFOs and filters, that produces the different tones. Thus, it can often be easier to simply
strip all the modulation away from the preset patch so you're left with just the oscillators and
then build on this foundation.

Customizing sounds

Unless you've decided to build the entire track around a preset or have a fortunate coincidence,
presets will benefit from some editing. From earlier chapters, the effects that each controller
will impart on a sound should be quite clear, but for those new to editing presets it can be diffi-
cult knowing the best place to start.

First and foremost, the motif/pad/drums, etc. should be playing into the synthesizer or sampler
in its entirety. A common mistake is to just keep banging away at middle C on a controller key-
board to audition the sounds. While this may give you an idea of the timbre, remember that
velocity and pitch can often change the timbre in weird and wonderful ways, and you could
miss a great motif and sound combination if you were constantly hitting just one key. What's
more, the controls for the envelope generators, LFOs, filters and effects (if employed) will
adjust not only the sound, but also the general mood of the motif. For example, a motif con-
structed of 1/16th notes will sound very different when the amplifier's release is altered. If it's
shortened, the motif will become more ‘stabby’, while if it's lengthened it will flow together
more. Alternatively, if you lengthen the amplifier's attack, the timing of the notes may appear to
shift, which could add more drive to the track.
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Also consider that the LFOs will restart their cycle as you audition each patch, but if they're not
set to restart at key-press they will sound entirely different on a motif than a single key strike.
Plus, if filter key-follow is being used, the filter's action will also change depending on the pitch
of the note. Perhaps most important of all, though, both your hands are free to experiment with
the controls, allowing you to adjust two parameters simultaneously, such as filter and reso-
nance or amp attack and release.

Once you've come across the timbre that shares some similarities with the tonality you require
for the mix, most users tend to go for the filter/resonance combination. However, it's generally
best to start by tweaking the amplifier envelope to shape the overall volume of the sound
before you begin editing the colour of the timbre. This is because the amp EG will have a sig-
nificant effect on the MIDI motif and the shape of the sound over time, so it's beneficial to get
this ‘right’ before you begin adjusting the timbre. We've already covered the implications the
amp EG has on a sound, but here we can look at it in a more practical context.

The initial transient of a note is by far the most important aspect of any sound. The first few
moments of the attack stage provide the listener with a huge amount of information and can
make the difference between a timbre sounding clear-cut, defined and upfront or more atmos-
pheric and sat in the background. This is because we perceive timbres with an immediate
attack to be louder than those with a slower attack and short stabby sounds to be louder than
those with a quick attack but long release. Thus, if a timbre seems too sloppy when played back
from MIDI, reducing the attack and/or release stage will make it appear much more defined.
That said, a common mistake is to shorten the attack and release stage of every instrument to
make all the instruments appear distinct, but this should be avoided.

Dance music relies heavily on contrast and not all timbres should start and/or stop immediately.
You need to think not only in terms of tone, but also time. By using a fast attack and release on
some instruments, employing a fast attack and slow release on others and using a slow attack
and fast release on others will create a mix that gels together more than if all the sounds used
the same envelope settings.

Naturally, what amp EG settings to use on each instrument will depend entirely on the mix in
question, but very roughly speaking, trance, big beat and techno often benefit from the basses,
kicks, snares and percussion having a fast attack and release stage, with the rest of the instru-
ments sharing a mix of slow attack/fast release and a fast attack/slow release. This latter set-
ting is particularly important in attaining the ‘hands in the air’ trance leads.

Conversely, house, drum 'n’ bass, lo-fi and chill-out/ambient benefit from longer release settings
on the basses, almost to the point that the notes are all connected together. Sounds that sit on
top of this then often employ a short attack and release to add contrast. Examples of this behav-
iour can be heard in the latest stem of house releases that utilize the funky guitar riffs. The bass
(and often a phased pad sat in the background using a quick attack and slow release) almost flow
together, while the funk guitars and vocals that sit on top are kept short and stabby.

This leaves the decay and sustain of the amp EG. Sustain can be viewed as the body of the
sound after the initial pluck of the timbre has ended, while the decay controls the amount of
‘pluck’. By decreasing the decay the pluck will become stabby and prominent, and increasing it
will create a more drawn out pluck. What's more, by adjusting the shape of the decay stage
from the usual linear fashion to a convex or concave structure, the sound can take on a more
‘thwacking’ sucking feel or a more rounded transient respectively.
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Note: A popular sound design technique is to use a lengthy decay (and attack) and reduce
the release and sustain parameters to zero. This creates the initial transient of the sound,
which is then mixed with a different timbre with only the release and sustain.

Once the overall shape of the riff has been modified to add contrast to the music, the filter
envelopes and filter cut-off/resonance can be used to modify the tonal content of the timbre. As
the filter's envelope will react to the current filter settings, it's beneficial to adjust these first.
Most timbres in synthesizers will utilize a low-pass filter with a 12 dB transition, as these pro-
duce the most musically useful results, however, it's worthwhile experimenting with the other
filter types on offer, such as band pass and high pass. For instance, by keeping the timbre as is
on a low-pass filter but double tracking the MIDI to another synthesizer and using a high pass or
band pass to remove the low-frequency elements, you're left with just the fizzy overtones. This
can then be mixed with the original timbre to produce a sound that's much richer in harmonic
content. If this is then sampled, the sampler’s filters can be used to craft the sound further.

Also, keep in mind that the filter’s transition will have a large effect on the timbre. As men-
tioned, most synthesizers will utilize a 12 dB transition, but a 24 dB transition used on some tim-
bres of the mix will help to introduce some contrast as the slope is much sharper. A typical use
for this is if two filter sweeps are occurring simultaneously; by setting one to 12dB and the
other to 24 dB the difference in the harmonic movement can produce tonally interesting results
and add some contrast to the music. Alternatively, by double tracking a MIDI file and using a 12
and 24 dB on the same timbre, the two transitions will interact, creating a more complex tone
that warps and shifts in harmonic content.

With the tone correct, you can move onto the filter's EG. These work on the same principle as
the amp’s EG but rather than control volume, they control the filter’'s action over time. This is
why it's important to modify the amp’s envelope before any other parameters, since if the
amp’s attack is set at its fastest and the filter's attack is set quite long, the timbre may reach the
amp’s release portion before the filter has fully been introduced.

While mentioning the attack and decay of the amplifier envelope, we touched upon the pluck
being determined by the decay rate, but the filter's attack and decay also plays a part in this. If
the attack is set to zero, the filter will act upon the sound on key-press, but if it's set slightly
longer than the attack on the amp EG, the filter will sweep into the note, creating a ‘quack’ at the
beginning of the note. Similarly, as the decay setting determines how quickly the filter falls to its
sustaining rate, by shortening this you can introduce a harder/faster plucking character to the
note. Alternatively, with longer progressive pad sounds, if the filter's attack is set so that it's
the same length as the amp EG'’s attack and decay rates, the sound will sweep in to the sustain
stage, whereby the decay and sustain of the filter begin creating harmonic movement in the
sustain.

Note: Keep in mind that, while any form of sonic movement in a sound makes it much
more interesting, it's the initial transient that's the most important, as it provides the listener
with a huge amount of information about the timbre. Thus, before tweaking the release
and sustain parameters, concentrate on getting the transient of the sound right first.
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Of course, the filter's envelope doesn’t always provide the best results and the synthesizer’s
modulation matrix can often produce better results. For instance, by using a sawtooth LFO set
to modulate the filter's cut-off, the harmonic content will rise sharply but fall slowly and the
speed at which all this takes place will be governed by the LFO's rate. In fact, the LFO is one
of the most underrated yet important aspects of any synthesizer as it introduces movement
within a timbre, which is the real key behind producing great results.

Static sounds will bore the ear very quickly and make even the most complex motifs appear
tedious, so it's practical to experiment by changing the LFO's waveforms and its destinations with-
in the patch. Notably, if an LFO is used, remember that its rate is a vital aspect. As the tempo of
dance is of paramount importance, it's sensible to sync the timing of any modulation to the tempo.
Without this, not only can an arrangement become messy, but in many tracks the LFO speeds up
with the tempo and this can only be accomplished by syncing the LFO to the sequencer’s clock.

Programming basics

While customizing presets to fit into a mix can be rewarding, it's only useful if the synth happens
to have a similar timbre to that you're looking for and, if not, you're going to have to program from
the ground up. Before going any further, though, there are a few things that should be made clear.

Firstly, while you may listen to a record and wonder how they programmed that sound or groove,
it's important to note that the artist may not have actually programmed them and they may be
straight off a sample CD, or in some instances another record. If you want to know how Stardust
created the groove on Music Sounds Better with You, how David Morales programmed Needin’
You or Phats and Small managed to produce Turn Around, you should first listen to the original
music they sampled to produce them. In many cases it will become abundantly clear how they
managed to inject such a good groove or sound — they sampled from previous hits or funk records.

Table 7.1 contains a list of the most popular sounds and grooves that have actually been derived

from other records. It's by no means exhaustive, as to catalogue them all would require approxi-
mately 30 pages, but instead it covers the most popular and well-established grooves.

Table 7.1 Popular sounds and grooves derived from other records

Dance artist Title of track Original Original title of
artist track
Stardust Music Sounds Better Chaka Khan Fate
With You
Armand Van You Don’t Know Me Carrie Lucas Dance With You
Helden

David Morales

Daft Punk
Phats and Small

Cassius

The Bucketheads
DJ Angel

Needin’ You

Digital Love
Turn Around

1999

The Bomb
Funk Music

Rare Pleasure
The Chi-lites
George Duke
Tony Lee
Change

Donna Summer

Chicago
Salsoul
Orchestra

Let Me Down Easy

My First Mistake

| Love You More

Reach Up

The Glow Of Love

If It Hurts Just A
Little

Street Player

Take Some Time Out
For Love
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Table 7.1 (Continued)

Dance artist

Title of track

Original
artist

Original title of
track

Blueboy
Full Intention

Todd Terry
Byron Stingly
Soulsearcher

GU

Peppermint Jam
Allstars

Nuyorican Soul

The Bucketheads
Michael Lange
Basement Jaxx
Deaf 'n" Dumb
Crew
Moodyman

Cassius
Spiller

Eddie Amadour
DJ Modjo

Spiller
Prodigy

Moby
FatBoy Slim
Dee-Lite

Massive Attack

Massive Attack
Eminem
De La Soul

The Notorious
BIG

A Tribe Called
Quest

De La Soul

Groove Armada
Dream Warriors

Gang-Star

Remember Me

Everybody Loves The
Sunshine

Keep on Jumpin’

Come On Get Up
Everybody
| Can’t Get Enough

| Need GU
Check It Out

Runaway

| Wanna Know
Brothers and Sisters
Red Alert

Tonite

| Can’t Kick This
Feeling When It Hits
Feeling For You

Batucada

House Music

Lady, Hear Me
Tonight

Groovejet

Out Of Space

Natural Blues

Praise You

Groove Is In The
Heart

Be Thankful

Safe From Harm

My Name Is

3 Is The Magic

Number

Mo Money Mo
Problems

Bonita Applebum

Say No Go

At The River

My Definition Of A
Bombastic Jazz Style

Love Slick

Marlena Shaw
Roy Ayers

Lisa Marie Ex
Musique
Sylvester

Gary's Gang

Sylvester
MFSB

Salsoul
Orchestra

Atmosfear

Bob James

Locksmith

Michael Jackson

Chic
Gwen McCrae
Sergio Mendes

Exodus
Chic

Carol Williams

Max Romeo

And The Upsetters
Vera Hall
Camille Yarbrough
Herbie Hancock

William De-Vaughn
Billy Cobham
Labbi Siffre

Bob Dorough
Diana Ross

Carly Simon

Hall and Oates
Neneh Cherry
Patti Page

Quincy Jones

Young Hot
Unlimited

Woman Of The Ghetto

Everybody Loves The
Sunshine

Keep on Jumpin’

Keep on Jumpin’

Dance (Disco Heat)

Let's Lovedance
Tonight

| Need You

TSOP (The Sound Of
Philadelphia)

Runaway

Motivation
Westchester Lady
Far Beyond

Off The Wall

| Want Your Love

All This Love I'm
Givin’
Batucada

Together Forever
Soup For One

Love Is You
Chase The Devil

Troubled So Hard

Take Yo Praise

Bring Down The
Birds

Be Thankful For
What You've Got

Stratus

| Got The

The Magic Number

I’'m Coming Out
Why

| Can’t Go For That
Buddy X

Old Cape Cod
Soul Bossa Nova

Ain’t There
Something Money
Can't Buy
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Secondly, there is no ‘quick fix" to creating great timbres. It comes from practical experience
and plenty of experimentation with not only the synthesizer parameters, but also effects and
processors. The world’s leading sound designers and dance artists didn't simply read a book
and begin designing fantastic sounds a day later, they will have learnt the basics and then spent
months and in many cases years learning from practical experience and taking the time to study
what each synthesizer, effect, processor and sampler can and cannot accomplish. Thus, if you
want to program great timbres, patience and experimentation are the real keys. You need to set
time aside from writing music and begin to learn exactly what your chosen synth is capable of
and how to manipulate it further using effects or processors.

Finally, and most important of all, there is no such thing as a 'hit" sound. While some genres of
music are created from using a particular type of sound and it can be fun emulating the timbres
from other popular tracks, using them will not instantly make your own music an instant hit.
Instead, it will often make it look like an imitation of a great record and will be subsequently
judged alongside it rather than on its own merits. Despite the promise of many books offering
secret advice to writing hit sounds or music, there is no secret formula; there are no special
synthesizers, no hit making effects and no magic timbres. What's more, copying a timbre exactly
from a previous hit dance track isn’t going to make your music any better, as dance floor tastes
change very quickly.

Note: As a case in point, the ‘pizz’ timbre was bypassed by every dance musician on the planet
as an unworthy sound until Faithless soaked the Roland JD990's ‘pizz’ in reverb and used it
for their massive club hit /nsomnia. Following this, a host of ‘pizz’ saturated tracks appeared
on the scene and it became so popular that it now appears on just about every dance-based
module around. But as tastes have changed, the timbre has now almost vanished into obscu-
rity and is skipped past by most musicians.

Keep in mind that Joe Public, the listening audience, are fickle, insensitive and short of attention
span, and while some timbres may be doing the rounds today, next week/month they could be
completely different. As a result, the following is not devoted to how to program a precise tim-
bre from a specific track, as it would most likely date the book before I've even completed this
chapter. Instead, it will concentrate on building the basic sounds that are synonymous with
dance music and as such will create a number of related ‘presets’ that you can then manipulate
further and experiment with. Creativity may be tiring and difficult at times, but the rewards are
certainly worth it.

Programming timbres

As previously touched upon, despite the claims from the synthesizer's manufacturer, just
one synth is not capable of producing every type of sound suited towards every particular genre. In
fact, in many instances you will have to accept that it is only possible to create some timbres on
certain instruments no matter how good at programming you may be. Just as you wouldn't expect
different models of speakers/monitors to sound exactly alike, the same is true of synthesis.

Although the oscillators, filters and modulation are all based on the same principles, they will all
sound very different. This is why some synthesizers are said to have certain character and is the
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reason why many older analogue keyboards demand such a high price on the second-hand mar-
ket. Musicians are willing to pay for the particular sound characteristics of a synth. As a result,
although you may follow the sound design guidelines in this chapter to the letter, there is no
guarantee that they will produce exactly the same sound. Consequently, before you even begin
programming your own timbres, the first step to understanding programming is to learn your
chosen synthesizers inside out.

Indeed, it's absolutely crucial that you set time aside to experiment to learn the character of the
synths’ oscillators by mixing a sine with a square, a square with a saw, a sine and a saw, a tri-
angle and a saw, a sine and a triangle, and so forth, and noting the results it has on the overall
timbre. This is the only way you'll be able to progress towards creating your own sounds, short
of manipulating presets.

You have to know the characteristics of the synthesizers you use and how to exploit their idio-
syncrasies to create sounds. All professional artists have purchased one synth and learnt it
inside out before purchasing another. This is obviously more difficult today with the multitude of
virtual instruments appearing for ridiculously low prices, but even though it may be tempting to
own every synth on the market you need to limit yourself to a few choice favourites. You'll
never have the chance to program timbres if you have to learn the characteristics of 50 differ-
ent virtual instruments. Gerald’s advice at the beginning of this chapter is very wise counsel
indeed and you have to accept that there are no shortcuts to creating great dance music, short
of ripping from sample CDs.

Programming pads

Although pads are not usually the most important timbre in dance music, we'll look at these
first. This is simply because an understanding of how they're created will help increase your
knowledge of how the various processes of LFO and envelopes can all work together to pro-
duce evolving, interesting sounds. Of course, there are no predetermined pads to use within
dance music production and therefore there are no definitive methods to create them. But,
while it's impossible to suggest ways of creating a pad to suit a particular style of music, there
are, as ever, some guidelines that you can follow.

Firstly, pads in dance music are employed to provide one of three things:

To supply or enhance the atmosphere in the music — especially the case with chill-out/
ambient music.

To fill a "hole” in the mix between the groove of the music and lead or vocals.

To be used as a lead itself.

Depending on which of these functions the pad is to provide will also determine how it should
be programmed. Although many of the sounds in dance will utilize an immediate attack stage
on the amp and filter EG so that the sound starts immediately, it is only really necessary to use
them on pads if the sound is providing the lead of the track. As discussed, we determine tim-
bres that start abruptly to be perceivably louder than those that do not, but more interestingly
we also tend to perceive sounds with a slow attack stage to be ‘less important’ to the mix, even
though in reality this may not be the case at all. As a consequence, when pad sounds are used
as 'backing’ instruments they should not start abruptly but filter in or start slowly, while if
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they're used as leads the attack stage should be quite abrupt, as this not only helps it cut
through the mix but also gives the impression that it's an important aspect of the music.

A popular, if somewhat clichéd and overused, technique to demonstrate this is the gated pad.
Possibly the best example of this in use (which incidentally doesn’t sound clichéd) is from
Sasha’s club hit Xpander, which to many clubbers is viewed as one of the greatest trance tracks
of all time. A single evolving, shifting pad is played as one long progressive note throughout the
track and a noise gate is employed to rhythmically cut the pad. When the noise gate releases
and lets the sound back through, a plucked lead is dropped in to accentuate the return of the
pad. The gated pad effect can be constructed in one of three ways:

Sending a series of MIDI notes to a (MIDI-compatible) gate to determine where the pad
should cut off. The length of the 'gate’ is determined by the length of the MIDI note.

A short percussive sound is inserted into the key input of the gate, so at every kick the gate is
activated. The length of the gate is determined by the hold and release parameters on the gate.
A series of CC11 (expression) commands are sent to the synthesizer creating the pad, which
successively closes and opens the expression to produce a gated sound. The first CC11 com-
mand is set at zero to turn the pad off, while this is followed a few ticks later by another CC11
command set to 127 to switch it back on again. The length of the gate is controlled by the dis-
tance between the CC11 off and on commands in the sequence.

Naturally, for this to work in a musical context the pad must evolve throughout, because if this
technique were used on a sustaining sound with no movement you may as well just retrigger
the timbre for its attack stage whenever required rather than gate it. In fact, it's this movement
that's the real secret behind a creating a good pad. If the timbre remains static throughout with-
out any timbral variations then the ear soon becomes bored and switches off. This is the main
reason why analogue synths are often recommended for the creation of pads, since the ran-
dom fluctuations of the oscillators’ pitch and timbre provide an extra sense of movement that
when augmented with LFOs and/or envelopes produces a sound that has constant movement
that you can’t help but be attracted to. There are various ways you can employ this movement,
ranging from LFOs to using envelopes to gradually increase or decrease the harmonic content
while it plays. To better explain this, we'll look at the methodology behind how the envelopes
are used to create the beginnings of a good pad.

By setting a fast attack and the decay quite long on an amplifier envelope, we can determine
that the sound will take a finite amount of time to reach the sustain portion. Provided that this
sustain portion is set just below the amp’s decay stage, it will decay slowly to sustain and then
continually ‘loop’ until the MIDI note is released, whereby it'll progress onto the release stage.
This creates the basic premise of any pad or string timbre — it continues on and on until the key
is released. Assuming that the pad has a rich harmonic structure, movement can be added by
gradually increasing a low-pass filter's cut-off while the pad is playing — there will be a gradual
rise in the amount of harmonics contained within the pad.

If a positive filter envelope was employed to control the filter's action and the envelope amount
was set to fully modulate the filter, by using a long attack, short decay, low sustain and fast
release, the filter's action would be introduced slowly before going through a fast decay stage
and moving onto the sustain. This would create an effect whereby the filter would slowly open
through the course of the amplifier's attack, decay and sustain stage before the filter entered a
short decay stage during the ‘middle’ of the amp’s sustain stage. Conversely, by using the same
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filter envelope settings, but applied negatively, the envelope is inverted, creating an effect of
sweeping downwards rather then upwards. Nevertheless, the amp and filter envelopes working
in different time scales create a pad that evolves in harmonic content over a period of time.
Notably, this is a one-way configuration because if the function of these envelopes were
reversed (in that the filter begins immediately but the amplifier's attack was set long) the filter
would have little effect, since there would be nothing to filter until the pad is introduced.

This leads onto the subject of producing timbres with a high harmonic content and this is
accomplished by mixing a series of oscillators together, along with detuning and modulating.
The main principle here is to create a sound that features plenty of harmonics for the filters to
sweep; saw, triangle, noise and square waves produce the best results, although on some
occasions a sine wave can be used to add some bottom-end presence if required. A good start-
ing point for any pad is to use two saw, triangle or pulse wave oscillators, with one detuned
from the other by —3 or —5 cents. This introduces a slight phasing effect between the oscilla-
tors, helping to widen the timbre and make it more interesting to the ear. To further emphasize
this detuning, a saw, triangle, sine or noise waveform LFO set to gently and slowly modulate
the pitch or volume of one of the oscillators will produce a sound with more analogue feel,
while also preventing the basic timbre from appearing too static.

If the pad is being used as a lead or has to fill in a large "hole’ in the mix, then it's worthwhile
adding a third oscillator and detuning this by +3 or +5 to make the timbre more substantial. The
choice of waveform for the third oscillator depends on the waveform of the original two, but in
general it should be a different waveform. For instance, if two saws have been used to create
the basic patch, adding a third detuned triangle wave will introduce a sparkling effect to the
sound, while replacing this triangle with a square wave would in effect make the timbre exhibit
a hollow character. These oscillators then, combined with the previously discussed envelopes
for both the filter and amp, form the foundation of every pad sound and from here it's up to the
designer to change the envelope settings, modulation routings and the waveform used for the
LFOs to create a pad sound to suit the track. What follows is a guide to how most of the pads
used in dance music are created, but it is by no means a definitive list and it's always worth
experimenting to produce different variations.

Rise and fall pad

To construct this pad, use two sawtooth oscillators with one waveform detuned by 3 cents.
Apply a fast attack, short decay, medium sustain and a long release for the amp envelope and
employ a low-pass filter with the cut-off and resonance set quite low. This should result in a
static buzzing timbre. From this, 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. Finally,
use the filter's key-follow so that it tracks the pitch of the notes being played. This results in the
filter sweeping up through the pad before slowly settling down. If the pad is to continue playing
during the sustain portion for a long period of time, then it's also worth modulating the pitch of
one of the oscillators with a triangle LFO and modulating the filter's cut-off or resonance with a
square wave LFO. Both these should be set to a medium depth and a slow rate.

Resonant pads

Resonant pads can be created by mixing a triangle and square wave together and detuning
one of the oscillators from the other by 5 cents. Similar to the previous pad, the amp’s attack
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should be set to zero with a short decay, medium sustain and long release, but set the filter’s
envelope to a long attack, sustain and release with a short decay. Using a low-pass filter, set the
cut-off quite low but set the resonance to around three-quarters, so that the timbre appears
quite resonant. Finally, modulate the pitch of the triangle oscillator with a sine wave LFO set to
a slow rate and a medium depth and use the filter's key-follow. The LFO modulation creates a
pad that exhibits the natural analogue ‘character’, while the filter tracks the pitch and sweeps in
through the attack and decay of the pad, and then sustains itself through the amp’s sustain.
Again, if the pad’s sustain is going to continue for a length of time, it's worthwhile employing a
sine, pulse or triangle wave LFO to modulate the filter's cut-off to help maintain interest.

Swirling pads

The swirling pad is typical of some of Daft Punk’s work and consists of two sawtooth oscillators
detuned from one another by 5 cents. A square LFO is often applied to one of the saws to gen-
tly modulate the pitch, while a third oscillator set to a triangle wave is pitched approximately six
semitones above the two saws to add a ‘glistening’ tone to the sound. The amp envelope uses
a medium attack, sustain and release with a short decay, while the filter envelope uses a fast
attack and release with a long decay and medium sustain. A low-pass filter is used to modify
the tonal content and this is set to a low cut with the resonance set to midway. Finally, chorus
and then phaser or flanger effects are applied to the timbre to produce a swirling effect. It's
important that the flanger or phaser is inserted after the chorus rather than before, so that it
modulates the chorus effect as well.

Thin pads

All of the pads we've covered so far are quite heavy and in some instances you may need a
lighter pad to sit in the background. For this, pulse oscillators are possibly the best to use, since
they do not contain as many harmonics as saws or triangles and you can use an LFO to modu-
late the pulse width to add some interest to the timbre. These types of pads simply consist of
one pulse oscillator that uses a medium attack, sustain and release with a fast decay on the
amp envelope. A low-pass or high-pass filter is used, depending on how deep or bright you
want the sound to appear, and there is usually little need for a filter envelope, since gently
modulating the pulse width with a sine, sawtooth or noise waveform produces all the move-
ment required. If you decide that it does need more movement, however, a very slow triangle
LFO set to modulate the filter cut-off or resonance set to a medium depth will usually produce
enough movement to maintain some interest, but try not to get too carried away. The purpose
of this pad is to sit in the background and too much movement may push it to the front of the
mix, resulting in all the instruments fighting for their own place in the mix.

Note: On the CD you can hear the pads being constructed (with narration).

Programming analogue drums

The majority of drum timbres used in the creation of dance chiefly originated from four
machines that are now out of production: the Roland TR909, the Roland TR808, the Simmons
SDS-5 and the E-Mu Drumulator. Consequently, while these machines (or, to use their proper
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term, drum synthesizers) are often seen as requisite for producing most genres of dance
music, they're very highly sought after and demand an absurd sum of money on the second-
hand market — if you can find them. Because of this, most musicians will use software or hard-
ware emulations and although, to the author's knowledge, there are no alternatives to the
Simmons SDS-5 and the E-Mu Drumulator, both the infamous TR machines are available from
numerous software and hardware manufacturers. Indeed, due to the importance of using these
kits when producing dance, most keyboards and tone modules today will feature the requisite
TR808 and TR909 kits, and there are plenty of software plug-ins and standalone sequencers
that offer them. The most prominent of these is Propellerhead’s ReBirth, which imitates both
TR machines and a couple of TB303s (more on these later), but Propellerhead’s Reason,
Imagine line's Fruity-loops and D-lusion’s Drum station all offer samples/synthesis of the origi-
nal machines too.

Kick drums

In the majority of cases, the Roland TR909 kick drum is the most frequently used kick in dance
music, but the way it is created and edited with the synth parameters and effects can sometimes
determine the genre of music it suits the most. In the original machines this kick was created
using a sine wave with an envelope generator used to control its pitch. To add more of a transient
to this sine wave, a pulse and a noise waveform were combined together and filtered to produce
an initial click. This was then combined with the sine wave to produce the typical 909 kick sound.
Notably, due to the age of these machines, there was not a huge amount of physical control over
the timbre they created, but by building your own kick you can play with a larger number of param-
eters once the basic elements are down. In fact, this applies to all drum sounds, not just the kick,
and is much better than sampling them from other records or sample CDs, since you can't alter
the really important parameters.

When constructing a kick in a synthesizer, the frequency of the sine wave will determine how
deep the kick becomes, and while anywhere between 30 and 100 Hz will produce a good kick,
it does depend on how deep you want it to be. A sine wave at 30-60 Hz can be used to create
an incredibly deep bowel moving thud typical of hip-hop, a frequency of 50-80 Hz can provide a
starting block for lo-fi and a frequency of 70-100Hz can form the beginning of a typical club
kick. An attack/decay envelope generator (EG) can then be used to modulate the pitch of the
sine wave. These envelopes are most common on drum machines but are also available on
some synthesizers, such as the Roland JP8080 and a number of soft synths. Similarly, this
action can be recreated on any synth by dropping both sustain and release parameters to zero.

Naturally, the depth of the pitch modulation needs to be set to maximum so that the effect of the
pitch envelope can be heard, and it should be set to a positive depth so that the pitch moves
downwards and not upwards (as it would if the pitch envelope were negative). Additionally, the
attack parameter should be set as fast as possible so that the pitch modulation begins the instant
the key is struck. If your synth doesn't have access to a pitch envelope, then the same effect can
be produced by pushing the resonance up to maximum so that the filter begins to self-oscillate.
The filter's envelope will then act in a similar manner to a pitch envelope, so the attack, sustain
and release will need to be set at zero and the decay can be used to control the kick's decay.

Once this initial timbre is created, it's prudent to synthesize a clicking timbre to place over the
transient of the sine wave. This can help to give the kick more presence and help it to pull
through a mix. Possibly the best way to accomplish this is to use a square wave pitched down
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and use a very fast amplifier attack and decay setting to produce a short, sharp click. The
amount that this wave is pitched down will depend entirely on the sound you want to produce,
so it's sensible to layer it over the top of the sine wave and then pitch it up or down until the
transient of the kick sounds right for the mix. This, however, is only to acquire a basic kick
sound and it's now open to tweaking with all the parameters you have at your disposal, which
incidentally are many more than the humble 909 or 808 have to offer.

Firstly, as we've already touched upon, the transient is where we attain most of the information
about a sound, so adjusting the filter cut-off and resonance of the square wave will dramatically
change the entire character of the kick. A high resonance setting will produce a kick with a
more analogue character, while increasing the amplifier's decay will produce a kick that sounds
quite 'boxy’. Increasing the filter's cut-off will result in a more natural sounding kick, while
increasing the pulse width will create a more open, hollow timbre. Additionally, the oscillator
producing the sine wave can also be affected with the synthesis parameters on offer. Using the
pitch and pitch envelope parameters you can adjust how the pitch reacts on the sine wave, but
more importantly you can determine how ‘boomy’ the kick is through the pitch decay. In this
context, this will set the time that it takes to drop from the maximum pitch change to the sine
wave's normal pitch. Thus, by increasing this, the pitch of the sine wave doesn't fall as quickly,
permitting the timbre to continue for longer and creating a ‘boomy’ feel. Similarly, decreasing it
will shorten its length, making it appear snappier. More interestingly, though, if you can adjust
the properties of the envelope’s decay slope you can use it to produce kicks that are fatter or
have a smacking/slapping texture.

If the decay’s slope remains linear, the sound will die in a linear fashion, producing the charac-
teristic 909 kick sound. However, if a convex slope is used in its place, as the pitch decays it will
‘bow’ the pitch at a number of frequencies, which results in a kick that's more ‘rounded’ and
much fatter. On the other hand, if the slope is concave, the pitch will curve ‘inwards’ during the
decay period, producing the sucking/smacking timbre similar to the E-Mu Drumulator. By
increasing the length of the pitch decay further these effects can be drawn out, producing kicks
that are suited towards all genres of dance. It should be noted here, however, that not all syn-
thesizers allow you to edit the envelope’s slope in such a manner, but some software samplers
(such as Steinberg’s HALion) will allow you to modify the slope of a sample. Thus, if you were
to sample a kick with a lengthy decay, you could then modulate the various stages of the
envelope.

Alternatively, if the synthesizer is quite substantial it may allow you to modulate not only the
sine wave, but also certain aspects of the envelope with itself. Fundamentally, this means that
the pitch envelope not only modulates the sine wave, but it also modulates its own parameters.
Using this you can set the synth’s modulation destination to affect the oscillator’s pitch and its
own decay parameter by a negative or positive amount, which results in the decay becoming
convex or concave respectively. This effect is often referred to as ‘recursive’ modulation, but as
mentioned this is only possible on the more adept synthesizers. Nevertheless, whether recur-
sive modulation is available or not, the key, at this stage, is to experiment with different varia-
tions of pitch decay, the filter section on the square wave and both oscillators. For instance,
replacing the sine wave with a square produces a ‘clunky’ sound, while replacing it with a trian-
gle produces a sound similar to the Simmons SDS-5.

While these methods will produce a kick that can be modified to suit all genres, for hip-hop you
can sometimes glean better results using a self-oscillating filter and a noise gate. If you push
the resonance up until it breaks into self-oscillation it will produce a pure sine wave. This is
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often purer than the oscillators themselves and you can use this to produce a deep tone that's
suitable for use as a kick in the track (usually 40 Hz). If you then program a 4/4 loop in a MIDI
sequencer and feed the results into a noise gate it can be used as an envelope generator. While
playing the loop, lower the threshold so that only the peaks of the wave are breaching, set the
attack to zero and use the release to control the kick’s delay. This kick can be modified further
by adjusting the hold time, as this will allow more of the peak through before entering the
release stage.

Once the basic kick element is down it will most likely benefit from some compression, but the
settings to use will depend on the genre of music. Typically, house, techno and trance will ben-
efit from the compressor using a fast attack so that the transient is crushed by the compres-
sion. This produces the emblematic club kick, while setting the compressor so that the attack
misses the transient but grips the decay stage it can be raised in gain to produce the character-
istic hip-hop, big beat or drum 'n’ bass timbre.

Snare drums

The snare drum in most dance music is derived (somewhat unsurprisingly) from the TR909, or
in the case of house the E-Mu Drumulator or the Simmons SDS-5. All these, however, were
synthesized in much the same way through using a triangle oscillator mixed in with pink or
white noise that was treated to positive pitch movements. This can, of course, be emulated in
any synthesizer by selecting a triangle wave for the first oscillator and using either pink or white
noise for the second. The choice between whether to use pink or white noise depends on the
overall effect you wish to achieve, but by and large pink noise is used for house, lo-fi and ambi-
ent snares, while white is used for drum 'n’ bass, techno, garage, trance and big beat. This is
simply because pink noise contains more low-frequency harmonics and energy than white and
so produces a thicker, wider-sounding timbre.

To produce the initial snare sound much of the low-frequency content will need removing, so
it's sensible to employ a high-pass, band-pass or notch filter depending on the type of sound
you require. Notching out the middle frequencies will create a clean snare sound that’s com-
monly used in break beat, while a band-pass filter will add crispness to the timbre, making it
suitable for techno. Alternatively, using a high-pass filter with a medium resonance setting will
create the house ‘thunk’ timbre. As with the kick drum, snares need to start immediately on
key-press and remain fairly short, so the amp’s EG will need setting to a zero attack, sustain and
release, while the decay can be used to control the length of the snare itself. In some cases, if
it's possible in the synthesizer, it's prudent to employ a different amp EG for both the noise and
triangle wave. This way, the triangle wave can be kept quite short and swift by using a fast
decay, while the noise can be made to ring a little further by increasing its decay parameter. The
more that this is increased, the more atmospheric the snare will appear, allowing you to move
from the typical techno snare, through big beat and trance, before finally arriving at ambient.
What's more, this approach may also allow you to use a convex envelope on the noise to pro-
duce a smacking timbre similar to the NIN ‘Closer’ snare.

If two amp EGs are not available, small amounts of reverb can help to lengthen the timbre and,
if this is followed with a noise gate with a fast attack and short hold time, the decay can be used
to control the amount of ambience in the loop. Even if artificial ambience isn't required, employ-
ing a gate can be particularly important when programming house, drum 'n’ bass and hip-hop
loops, as the snare is often cut short in these genres to produce a more dynamic loop.
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Additionally, for drum 'n’ bass the snare can then be pitched further up the keyboard to produce
the characteristic bright ‘snap’.

This initial snare can be further modified using a pitch envelope to modulate both oscillators and
can be applied either positive or negative depending on the genre of music. Most usually, small
amounts of positive pitch modulation are applied to force the pitch downwards as it plays, but
some house tracks will employ a negative envelope to create a snare that exhibits a ‘sucking’
nature, resulting in a thwacking sound. If you decide to use this technique, however, it's often
worth removing the transient of the snare in a wave editor and replacing it with one that uses
positive pitch modulation.

The two combined then produce a sound that has a good solid strike but decays upwards in
pitch at the end of the hit. If this isn't possible in the synthesizer/wave editor, then a viable alter-
native is to sweep the pitch from low to high with a sawtooth or sine LFO (provided that the
saw starts low and moves high) set to a fast rate or program a series of CC messages to sweep
it from the sequencer. Once this is accomplished, small amounts of compression set so that
only the decay is squashed (i.e. slow attack) will help to bring it up in volume so that it doesn’t
disappear into the rest of the mix.

Hi-hats

Hi-hats can be synthesized in a number of ways depending on the type of sound you require,
but in the ‘original’ drum machines they were created with nothing more than filtered white
noise. This can be accomplished in most synthesizers by selecting white noise as an oscillator
and setting the filter envelope to a fast attack, sustain and release with a medium to short
decay. Finally, set the filter to a high pass and use it to roll off any frequencies that are too low
to create a hi-hat. The length of the decay parameter will determine whether the hi-hat is open
or closed (open hats have a longer decay period).

While this is the typical way to produce a typical analogue hi-hat sound, it can sound rather
cheap and nasty on some synthesizers, and even if it produces the timbre it can still appear quite
dreary. As a result, a much better approach is to use either ring or frequency modulation, as this
produces a hi-hat that sounds sparkling and animated, helping to add some energy to the
music. Ring modulation is possibly the easiest solution of the two, simply consisting of modu-
lating a high-pitched triangle wave with a lower pitched triangle. Frequency modulation consists
of modulating a square or sine wave with a high-pitched triangle oscillator. The result is a high-
frequency noise waveform that can then be modified with a volume envelope set to a zero
attack, sustain and release with a short to medium decay. If FM is used and the modulator
source is modified with a pitch envelope and the amount of FM modulation is increased or
reduced, the resulting waveform can take on more interesting properties, so it's worthwhile
experimenting with both these parameters (if available). Once this basic timbre is constructed,
shortening the decay creates a closed hi-hat, while lengthening it will produce an open hat.
Similarly, it's also worth experimenting by changing the decay slope to convex or concave to
produce fatter or thinner sounding hats.

Notably, unlike most percussive instruments, compression should not be used on hi-hats, as all
but the best compressors will reduce the higher frequencies even if the attack is set so that it
skips by the attack stage. This obviously results in a dull sounding top end of a mix, so any form
of dynamic restriction should be avoided on high-frequency sounds, and this includes shakers,
cymbals, cowbells, claves and claps.
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Shakers

Shakers are constructed in a similar fashion to the hi-hats. That is, they are created from white
noise with a short attack, sustain and release with a medium decay on the amplifier and filter
envelope. A high-pass filter is then used to remove any low-end artefacts to produce a timbre
consisting entirely of higher frequencies. Once you have the basic ‘hi-hat’ timbre, the decay can
be lengthened to produce a longer sound and this is then treated to an LFO modulating the
high-pass filter to produce some movement. The waveform, rate and depth of the LFO
depends entirely on the overall sound you want to produce, but as a general starting point a
sine wave LFO with a fast rate and medium depth produces the typical ‘'shaker’ timbre. Again,
once this initial timbre has been constructed, like all drum sounds, it's worth experimenting by
changing the envelope'’s attack and decay slope from linear to convex or concave.

Cymbals

Again, cymbals are created in a similar fashion to hi-hats and shakers as they're constructed
from noise, but rather than use the noise from an oscillator, it's commonly generated from ring
or frequency modulation. Using two square waves played high on the keyboard, detune them
so they're approximately two octaves apart and set the amp’s EG to a fast attack with no
release or sustain and a medium decay (in fact, similar to hi-hats and shakers). Once the tone
is shaped, both need to be fed into a ring or cross-modulator to produce the typical analogue
cymbal noise timbre.

The attack of the cymbal is particularly important, so it may be worth synthesizing a transient to
drop over the top or using a filter envelope to produce more of an initial crash. The filter
envelope is set to a fast attack, sustain and release with a medium to short decay, as this pro-
duces an initial ‘hit’, but you can synthesize an additional transient using an oscillator that pro-
duces pink noise with the same filter settings as previously mentioned. If ring modulation is not
available on the synth, a similar sound can be created using frequency modulation. This con-
sists of modulating a high-pitched square wave with another, lower pitched, square or triangle
wave. As with the frequency modulation used to create hi-hats, by modifying the source with
pitch modulation or increasing/decreasing the amount of frequency modulation you can create
a number of different crash cymbals.

Claps

Claps are perhaps the most difficult ‘percussive’ element to synthesize because they consist of
a large number of ‘snaps’ all played in a rapid, sometimes pitch-shifting, sequence. Although in
the interests of theory we'll look at how they're created, generally you're much better off
recording yourself clapping (remember to run the mic through a compressor first, though, as
the transient will often clip a recorder) and treating them to a chorus or harmonizing effect or,
simpler still, sampling some from a CD or record.

Gene