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Learning the craft of audio engineering is like learning a foreign language. A new
language may be intimidating and difficult at first, but with time and dedica-
tion, a vocabulary is built. Soon words turn into phrases and phrases turn into
full sentences. This chapter will cover details of a sound wave and explore some
of the language of audio. You will be fluent in no time!

WHAT IS SOUND?

Sound is a vibration or a series of vibrations that move through the air. Anything
that creates the vibrations, or waves, is referred to as the source. The source can
be a string, a bell, a voice, or anything that generates a vibration within our hear-
ing range.

Imagine dropping a stone in water. The stone (source) will create a series of
ripples in the water. The ripples (waves) are created by areas of dense molecules
that are being pushed together as sparse molecules expand, thus creating flatter
areas. Sound travels just like this, by compression and rarefaction. Compression
is the area where dense molecules are pushed together and rarefaction is the area
where fewer molecules are pulled apart, or expanded, in the wave. The compres-
sion area is higher in pressure and the rarefaction area is lower in pressure.

This chapter deals with the seven characteristics of a sound wave, such as ampli-
tude, frequency, phase, velocity, wavelength, harmonics, and envelope. Under-
standing these characteristics is essential to make a decent recording, become a
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competent mix engineer, and generally increase your knowledge about audio.
Although a typical sound is more complex than a simple sine wave, the sine
wave is often used to illustrate a sound wave and its seven characteristics.

FIGURE 1.1

SEVEN CHARACTERISTICS OF SOUND

You may already know about amplitude and frequency. If you have ever adjusted
the tone on your amp or stereo, then you have turned up or down the “ampli-
tude” or a “frequency” or range of frequencies. It is necessary to understand
these two important sound wave characteristics, as they are important building
blocks in audio engineering. Two other characteristics of sound help humans
identify one sound from another: harmonics and envelope. The remaining three
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characteristics of sound are velocity, wavelength, and phase. These characteristics
identify how fast a sound wave travels, the physical length of a completed cycle,
and the phase of the sound wave.

Amplitude

Amplitude is associated with the height of a sound wave and is related to volume.

When a stereo, amp, or television’s volume is turned up or down, the amplitude
of the sound being projected is increased or decreased. Loud sounds have higher
amplitudes while quiet sounds have lower amplitudes. The greater the ampli-
tude of a sound the greater the sound pressure level.

Amplitude is measured in decibels (dB). Most people can recognize about a
3 dB change in amplitude. A trained ear can recognize even smaller ampli-
tude changes. An increase in amplitude is usually expressed as a “boost” and a
decrease in amplitude is often expressed as a “cut.” The word volume is often
substituted for amplitude. An audio engineer may say, “boost that 3 dB” or “cut
that 3 dB.” When amplitude is written out, it is expressed with a positive sign
such as +3 dB or a negative sign such as —3 dB.

Hey, could
you boost some
900 Hz +3 dB

FIGURE 1.3

Here are some common activities and their corresponding decibel levels:

0 dB - near silence
40-50 dB - room ambience
50-60 dB - whisper
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60-75 dB - typical conversation

80-85 dB - a blender, optimum level to monitor sound according to the
Fletcher-Munson curve

90 dB - factory noise, regular exposure can cause hearing damage

100 dB - baby crying

110 dB - leaf blower, car horn

120 dB - threshold of pain, can cause hearing damage

140 dB - snare drum played hard from about 1’

150-160 dB - jet engine

As you can see, in our daily lives, we are constantly confronted with amplitude
levels between 0 dB and about 160 dB. Most people listen to music between

70 dB (on the quiet side) and 100 dB (on the loud side). Appendix A covers dBs
in more detail.

Frequency

The amount of cycles per second (cps) created by a sound wave is commonly
referred to as the frequency. If you are a musician, you may have tuned your
instrument to A/440. Here, “440” is the frequency of a sound wave. Unlike
amplitude, which is measured in decibels, frequency is measured in hertz
(Hz), named after the German physicist, Heinrich Hertz. The average human
hearing range is from 20 to 20,000 Hz. Typically, once 1000 cycles per second
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is reached, the frequency is referred in kilohertz (kHz), i.e., 1000 Hz = 1 kHz,
2000 Hz = 2 kHz, and 3000 Hz = 3 kHz. Frequency is related to the pitch of
a sound. Here is a handy chart to help identify the frequency ranges of vari-
ous instruments and how the keys of a piano relate to frequency. The first
note on a piano is A, which is 27.5 Hz. Have you ever turned up the bass or
treble on your car stereo? If so, you are boosting or cutting the amplitude of
a frequency or range of frequencies. This is known as equalization (EQ), a
vital aspect of audio production.

Each frequency range has distinct characteristics, and some common terms can
help you to identify them. I will go into further detail throughout the book, but
let’s start here:

Frequency is often divided into three ranges:

AUDIO CLIP 1.0

Low or bass frequencies are generally between 20 and 200 Hz. These frequencies
are omnidirectional, provide power, make things sound bigger, and can be
destructive if too much is present in a mix.

Mid, or midrange, frequencies are generally between 200 Hz and 5 kHz. This is
the range within which we hear the best. These frequencies are more direc-
tional than bass frequencies and can make a sound appear “in your face,” or
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add attack and edge. Less midrange can sound mellow, dark, or distant. Too
much exposure can cause ear fatigue.

High or treble frequencies are generally between 5 and 20 kHz and are extreme-
ly directional. Boosting in this range makes sounds airy, bright, shiny, or
thinner. This range contains the weakest energy of all the frequency ranges.
High frequencies can add presence to a sound without the added ear fatigue.
A lack of high frequencies will result in a darker, more distant, and possibly
muddy mix or sound.

Midrange is the most heavily represented frequency range in music. It is often
broken down into three additional areas:

Low-mids, from around 200 to 700 Hz darker, hollow tones
Mid-mids, from 700 to 2 kHz more aggressive “live” tones
High-mids or upper-mids, from 2 to 5 kHz brighter, present tones

This chart may come in handy when you are learning how to describe a particu-
lar sound or when you are mixing. These are general areas and are covered in
detail in Chapter 3.

FIGURE 1.6
Lows / Bass Mids / Midrange Highs / Treble
20Hz  60Hz 125Hz  250Hz 500Hz 1K 2K 4K 8K 16K 20K
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Cymbals GONG SAirrrrer
Rack Tom Fullness ATTACK
Floor Tom Fullness ATTACK
Bass Gtr Fullness BEATLES Pluck String
Electric Gtr Fullness BITE
Acoustic Gtr 80TTAM Body Clarity
Organ 80TTOM Bouy Clarity
Piano 88TTOM PRESENCE  ATTACK
Horns Fullness SURILL
Strings Fullness Bowing
Congo/Bongo RESONANT SLAP
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Phase

Phase designates a point in a sound wave’s cycle and is also related to frequency,
see Fig. 1.3. It is measured in degrees and is used to measure the time relation-

ship between two or more sine waves.

Two waves Increased

in phase ~ amplitude

FIGURE 1.7

Twowaves  Decreased
out of phase amplitude

Cancellation

FIGURE 1.8
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As you can see from Figs 1.6 and 1.7, when two sound waves are in phase, the
result is increased amplitude. When they are 180 degrees out of phase, they can
completely cancel each other resulting in little or no sound. This concept is
used in many modern devices, such as noise-cancelling headphones or expen-
sive car mufflers, to eliminate the outside sound or engine noise. However,
sound is not always completely in or out of phase. Sounds can be out of phase
by any number of degrees, ranging from 1 to 359. Phase issues can make some
frequencies louder and others quieter. Often a room’s acoustics create these
areas of cuts and boosts in the frequency spectrum. These cancellations and
amplitude increases influence the way a room is going to sound. Standing
waves and comb filtering are often the result of these phase interferences. Phase
is also very important to keep in mind when stereo miking and when using
multiple mics on an intended source. When listening in a typical stereo envi-
ronment, a sound may be completely out of phase and go unnoticed unless the
phase is checked.

A TP

Some tips to check phase:

Mono button
Phase flip (polarity)
Phase meter

Phase issues can be exposed when a mix or a sound is checked in mono. One
of the first records I mixed was a new wave record with thick delays and effects.
I was mixing a particular track for a music video. The studio where I was work-
ing at that time had a small TV with a mono speaker. I would patch mixes into
the TV in order to hear the mixes in mono. This would expose any existing
phase issues and instrument imbalances. I patched into that TV after com-
pleting what the band and I thought was a pretty good mix, and the vocals
and keyboards almost completely disappeared! Imagine if I hadn’t checked
the phase in mono. The video would have been aired and there would have
been no vocals. I can honestly say after that experience that the mono button
became one of my go to buttons on the recording console. Many live music
venues and dance clubs’ PAs and speaker systems are set-up in a mono con-
figuration to get more power. What would happen if one of your out-of-phase
mixes were played in a club? It would be less than impressive. Always check
your mixes in mono!

Velocity

Velocity is the speed at which sound travels. Sound travels about 1130 ft per
second at 68 degrees Fahrenheit (344 m/s at 20°C). The speed at which sound
travels is dependent on temperature. For example, sound will travel faster at
higher temperatures and slower at lower temperatures, knowing that the velocity
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of sound can come in handy when calculating a standing wave or working with
live sound.

Wavelength

Wavelength is the length of the sound wave from one peak to the next. Consider
the wavelength to be one compression and rarefaction of a sound wave. In deter-
mining the wavelength, the speed of sound and divide it by the frequency. This
will identify the length between these two peaks.

1130 ft/30 Hz = 37.66 ft
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3000 Hz H 1130 ft/3000 Hz = .376 ft
FIGURE 1.9

As seen in the figures, the lower the frequency the longer the wavelength. This
demonstrates the power and energy that low end creates as a result of a longer
wavelength. High frequencies are much smaller in length resulting in a weaker
form of energy that is highly directional.
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FIGURE 1.10
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The Ruben’s Tube is a great visual example of compression, rarefaction, fre-
quency, and wavelength. Look up the Ruben'’s tube built by The Naked Scien-
tists on their Garage Science blog: http://www.thenakedscientists.com/HTML/
content/kitchenscience/garage-science/exp/rubens-tube/.!

Unlike other sound wave characteristics previously discussed, harmonics and enve-
lope help humans differentiate between one instrument or sound from the other.

Harmonics

The richness and character of a musical note is often found within the harmonics.
Harmonics are commonly referred to as “timbre.” Every instrument has a funda-
mental frequency, referred to as the fundamental, and harmonics associated with
it. On an oscilloscope, the fundamental shows up as a pure sine wave, as seen in
the Ruben’s Tube video; however, sound is much more complex. Most sounds
contain more information in addition to the fundamental. In music, instruments
have their own musical makeup of a fundamental
plus additional harmonics unique to that instru-
ment. This is how we can distinguish a bass guitar
from a tuba, a French horn from a violin, or any
two sounds when the same note at the same vol-
ume is played. Instruments that sound smoother,
like a flute, have less-harmonic information and
the fundamental note is more apparent in the
sound. Instruments that sound edgier, like a trum-
pet, tend to have more harmonics in the sound
with decreased emphasis on the fundamental.

If you were to play a low E on the bass guitar, known
as E1, the fundamental note would be about 41 Hz.
You can figure out the harmonics by simply multi-
plying the fundamental times 2, 3, 4, etc.

The fundamental note E1 = 41 Hz.

The second harmonic would be 82 Hz (41 x 2).
The third harmonic would be 123 Hz (41 X 3).
The fourth harmonic would be 164 Hz (41 x 4).

It is a common practice among engineers to bring
out a sound by boosting the harmonics instead
of boosting the fundamental. For instance, if the
goal is to hear more bass, boosting 900 Hz may

14
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bring out the neck, or fret board, of the instrument and make the note pop out
of the mix. The result is more apparent in bass, without the addition of destruc-
tive low end to the instrument.

Additionally, harmonics are divided into evens and odds. Even harmonics
are smoother and can make the listener feel comfortable, whereas odd har-
monics often make the listener feel edgy. Many engineers and musicians use
this knowledge when seeking out microphone preamps, amplifiers, and other
musical equipment containing vacuum tubes. These tubes create even distor-
tion harmonics that are pleasing to the ear and odd distortion harmonics that
generate more edge and grit.

FIGURE 1.11
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Taking a music fundamentals class or studying music theory can definitely ben-
efit you as an audio engineer. These classes and concepts can help you develop
a well-rounded background and better understanding of music. You can never
know too much in this field!

The more you know, the easier time you will have communicating effectively
with skilled musicians. If you are able to speak intelligently, they are more likely
to be comfortable working with you and putting their trust in you. The more
skills you possess the better your chance for success.
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Envelope

Like harmonic content, the envelope helps the listener distinguish one instru-
ment or voice from the other. The envelope contains four distinct characteristics:
attack, decay, sustain, and release.
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Attack is the first point of a note or sounds envelope. It is identified as the
area that rises from silence to its peak volume.

Decay is the next area of the envelope that goes from the peak to a medium
level of decline.

Sustain identifies the portion of the envelope that is constant in the declin-
ing stage.

Release identifies the last point in the envelope where the sound returns back
to silence.

A percussive instrument has a very quick attack, reaching the note instantly
upon striking. With woodwinds, brass, and reed instruments, no matter how
quickly the note is played, it will never reach the note as fast as striking a drum.

OTHER PERIODIC WAVEFORM TYPES

Waveform defines the size and shape of a sound wave. Up to this point, a sim-
ple sine wave has been used to illustrate sound. Sound can come in different
waveforms, other than a sine wave. Other common waveforms include triangle,
square, and sawtooth waves. Each waveform has its own sound and characteris-
tics and each may be used for different applications.

A triangle wave looks like a triangle when viewed on an oscilloscope, a square
wave appears as a square, and a sawtooth wave appears as a sawtooth.

SQUARE

TRIANGLE

SAWTOOTH

FIGURE 1.13

A square wave is typically associated with digital audio. A square wave’s sound
is often described as hollow and contains the fundamental note plus the odd
harmonics. These harmonics gradually decrease in amplitude as we go higher in
the frequency range.

A triangle wave is similar to a square wave in that it also contains only the fun-
damental plus the odd harmonics. It is a kind of a cross between a sine wave and
a square wave. One main difference is that the higher frequencies harmonics are

CHAPTER 1 @
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even lower in amplitude than those of square waves. This results in a less harsh
sound and is often used in synthesis.

A sawtooth wave contains both the even and the odd harmonics of the funda-
mental. Its sound is harsh and clear. Sawtooth waveforms are best known for
their use in synthesizers and are often used for bowed string sounds.

AUDIO CLIP 1.1
NOISE

Noise is any unwanted sound that is usually non-repeating. Noise is a hum, a
hiss, or a variety of extraneous sounds that accompany a sound wave when it
is mixed or recorded. Noise comes from a variety of sources besides the instru-
ment, such as an air conditioner, fluorescent lights, or outside traffic.

One way to express quality of sound is by using the Signal-to-Noise Ratio, short-
ened S/N. This ratio compares the amount of the desired signal with the amount
of unwanted signal that accompanies it. A high-quality sound will have signifi-
cantly more signal (desired sound) than noise (undesired sound).

Distortion, unlike noise, is caused by setting or recording levels too hot, pushing
vacuum tubes, or by bad electronics. When needed, adding it can be an effective
way to make a sound dirty, more aggressive, or in your face.

Headroom is the maximum amount a signal can be turned up or amplified
without distortion. As an audio engineer you should be aware that audio devices
have different amounts of headroom. Make sure you allow for plenty of head-
room when setting audio signal levels. If you don't, a loud spike of sound may
ruin a take. Analog level settings can exceed zero, while digital cannot. Level set-
tings will be discussed in Chapters 8 and 11.

In this chapter, we learned about seven key sound wave characteristics: ampli-
tude, frequency, velocity, wavelength, phase, harmonics, and envelope. Distin-
guishing between a decibel and a hertz, or a low-frequency and a high-frequency
sound will be very important with music production. Having a basic grasp of
these terms will help create a solid foundation in audio engineering.
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This chapter examines the ear and how sound is interpreted. We will also discuss
other important skills and ideas like analyzing music recordings, the frequency pyra-
mid, and the 3D reference ball. Understanding human hearing and learning how to
better interpret frequencies will result in an increased ability to manipulate sound.

HOW THE EAR WORKS
The Ear

Like a microphone, the ear is a transducer. Our ears convert acoustic sound
vibrations into mechanical energy which is then sent to our brains as electrical
impulses. The human ear is made up of the outer, middle, and inner ear. The
bones in our middle ear help amplify sound, while the inner ear’s muscles help
protect it from loud or sudden volume changes.

In the previous chapter, frequency was divided into three areas: the bass, or lows,
from 20 to 200 Hz; midrange frequencies from about 200 Hz to 5 kHz; and treble,
or highs, from 5 to 20 kHz. Most humans hear best in the following order: mid-
range, highs, and then lows. However, as volume increases, the different frequency
ranges are heard more equally. According to the Fletcher-Munson curve, most
humans will hear all frequency ranges equally between 80 and 85 dB. It is impor-
tant to understand what frequencies will be heard at any given volume. When you
are in the studio monitor mixes at both lower and higher volumes to ensure that
the recording sounds good when the music is played quietly or at full volume.

Audio Engineering 101. DOI: 10.1016/B978-0-240-81915-0.00002-3
© 2012 Timothy A. Dittmar. Published by Elsevier Inc. All rights reserved.
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Turn on your stereo, iPod, or personal listening device. Listen at a low volume
and note which instruments are heard well. You are likely to hear the vocals,
snare drum, and other midrange tones. Next, increase the volume and notice
how the bass range fills up the overall sound.

Around 95 dB, the ear’s natural defense is to limit the volume of the sound. At
volumes more than 95 dB, the brain interprets bass sounds as flatter and treble
sounds as sharper in pitch. This is one of the many reasons not to blast head-
phones, especially for singers! If you have ever been to a loud concert, you prob-
ably recognize that your ears adjust to the louder volume. Our ears actually limit
these louder sounds in an attempt to prevent damage. As previously mentioned,
humans are unable to hear sound accurately at louder volumes. Limit the time
you spend listening to loud volumes. Consider taking short breaks throughout
a session to allow the ears time to recover. How can you expect a great result if
you cannot hear accurately due to ear fatigue?

FIGURE 2.1



Extended exposure to loud sound can lead to permanent hearing loss. Keep
earplugs handy for loud concerts and other events with loud volumes. If you are
practicing with your rock band in the garage, wear earplugs! They may be annoy-
ing at first, but you will get used to them. There are a variety of different types of
earplugs, at different price ranges. The typical foam earplugs reduce volume and
more of the mid and higher frequencies. These are intended more for industrial
use than for music application. These are effective in reducing extreme volumes,
but can severely compromise the tone of a sound (Fig. 2.2).

Some companies make earplugs specifically suited for use when listening to and
working with music and are available at local music stores or online. These ear-
plugs decrease the amplitude, but retain the frequency range (Fig. 2.3).

Also, an Audiologist can provide custom earplugs that are suited for more
critical listening and are molded to fit your ear. The professional molded ear-
plugs can include inserts for —10, —15, and —20 dB attenuators along with
other filters (Fig. 2.4).

Links for audio earplugs:

www.hearos.com
www.earplugstore.stores.yahoo.net/
http://www.hear-more.com/musician.htm

Age and gender contribute to a person’s ability to hear sound. As we get
older, many of us will not be able to hear frequencies much above 16 kHz,
while some of us may not be able to hear much above 13 kHz. The legend-
ary George Martin can only hear up to about 12 kHz. Most of our “perfect”
hearing years occur before our 25th birthday. In terms of gender and hear-
ing, women tend to hear higher frequencies better than men. The inner ear
hairs (organ of corti) and cochlea are stiffer in women, resulting in a more
sensitive frequency response. Statistics show that men have more hearing
deficiencies, and women'’s hearing deteriorates at a slower pace in compari-
son with men.

FIGURE 2.2 FIGURE 2.3 FIGURE 2.4
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To learn more about your own ears, you can get your hearing checked by an
Audiologist. To check your hearing for free, go to www.digital-recordings.com/,
where there are several great online tests.

Ears are sensitive transducers with a non-linear frequency response. Frequen-
cies that humans hear best are between 1 and 4 kHz, and at lower volumes, the
ear doesn’t respond well to bass frequencies. At lower volumes, the three small
bones in the middle ear help amplify quieter sounds so that we can hear them
better. To protect your ears at louder volumes, insert earplugs and enjoy.

Also worth considering is the resonant frequency of the ear canal, which
is roughly 3 kHz in an average adult ear. This resonant frequency means we
humans are more sensitive to that particular frequency. One interesting point is
that a newborn baby’s cry is also roughly 3 kHz.

A TP

To ensure the mix is not bass heavy or bass light, monitor sound between 80 and
85 dB. Remember, this is the volume where frequency ranges are heard more
equally. To get to know what 80-85 dB sounds like, you can purchase a dB or
a sound pressure meter at your local electronics store, music store, or find one
online. There are also multiple phone apps that offer different types of sound
pressure meters.

Direct, Early Reflections, Reverberation

Sound can be divided into three successively occurring categories that arrive at
the ears in the following order: direct path, early reflections, and reverberation.

The direct path is the quickest path to the listener. It helps identify the loca-
tion where a sound is coming. As binaural creatures, we use two ears with our
head acting as an object blocking the sound between each ear, to determine the
direction of a sound. If a sound reaches our left ear first, we recognize the sound
as originating from the left side. The same applies to the right side. If a sound
reaches both ears at the same time, the sound originates either directly in front
and center or directly behind us.

Early reflections occur immediately after the direct sound. These reflections
clue us in to the surface type (wood, tile, carpet, etc.) around a particular
sound. We hear early reflections from all directions fairly equally. Early reflec-
tions appearing from the sides make a sound appear wider and more spa-
cious. Our brains have a difficult time interpreting early reflections under
about 20 ms. This psychoacoustic phenomenon is known as the Haas effect.
We can actually use this to fatten up a sound. For example, try putting a 6 ms
delay on the bass, voice, or guitar. Pan the dry, or unprocessed, signal left and
the delayed, or wet, signal right. This will stretch the signal between the two
speakers providing a single thick sound. The signal will not be heard as two
individual sounds.


http://www.digital-recordings.com/

FIGURE 2.5

FIGURE 2.6

Reverberation is the last component of sound that is processed by the brain.
This is how the size of the space where the sound originated is determined.
Reverberation is the sound decay or “wash” left after the initial sound and early
reflections. The longer it takes for the wash or reverb to go away, the larger is the
space. The words “environment” and “space” may also be used to represent the
word reverberation.

Direct path, early reflections, and reverberation are not necessarily sound waves
you will hear independently of one another. The time differences that can occur
between each one are so minute that they are typically interpreted as a single
sound. Our brain processes a sound and provides us clues to its direction,

CHAPTER 2 @



@ CHAPTER 2

the surface material around it, and the size of the space or environment, even
though we think we are hearing a single sound. We can use this information to
recreate spaces, to better evaluate sound, and to add depth and dimension to
our recordings.

EAR TRAINING TOOLS AND TECHNIQUES
3D Reference Ball

E Explaining the 3D Ball

Audio engineers work with intangible tools: sounds, pitches, and instruments. It
can be difficult to manipulate these invisible elements into a well-rounded mix. To
help create a full mix, when monitoring or recording, imagine a 3D ball suspended
between the two speakers. This gives you a physical reference to work with. In this
space, you will control where the sounds are situated — whether be it the front or
back, left or right, and top or bottom. The specific controls used to arrange sounds
within this 3D reference ball will be discussed in detail in Chapter 6, “Mixing Con-
soles.” Many new engineers do not take advantage of the entire 3D space, the refer-
ence ball, thus creating a mix lacking dimension, texture, and clarity.

Different tools are used to manipulate sound in different ways. In order to move
sound around in the 3D ball, volume/amplitude, reverberation, also known as
environment, panning, and EQ are used. One way to move a sound to the fore-
front of the 3D space, or toward the listener, is to turn up the volume or ampli-
tude. To move a sound to the background, turn down the amplitude. Likewise,
boost or cut midrange to influence where a sound is placed in the ball. Use less
midrange to make the sound appear further back and more midrange to make
the sound appear upfront and in your face. Another way to move a sound to the
front or back of the 3D ball is to apply reverberation (environment). Consider
reverb, or environment, as the ambient sound created by a hall, garage, living
room, or other acoustic space. Apply less environment or reverb to bring a sound
or image toward the listener, or the front of the ball. Use more environment or
reverb to push a sound away from the listener, or to the back of the 3D space.

Panning is another tool used to control sound placement within the 3D ball.
Panning is applied to move a sound from left to right and is often times described
as time on a clock face. An image panned to 3 o'clock will appear to mainly
come from the right speaker. An image panned to 9 o’clock will appear mainly
from the left speaker. A hard-panned image appears strictly from that speaker
side. Panning is one of the most effective ways to separate two like instruments
within the 3D space, such as two guitars or backing vocals. Often secondary
instruments, such as tambourine, shaker, bells, hi-hats, and cymbals, are panned
hard. Bass guitar and kick drum are rarely panned hard left and right because
the powerful low-end associated with these instruments is efficiently divided
between the two speakers and bass is omnidirectional. Consider them as your
anchors. The main vocals are also usually centrally panned to draw the listener’s
attention (Fig. 2.7).



Finally, adjusting the EQ will move sound up or down in the 3D reference ball.
When listening to typical monitors, the high frequencies that emanate from the
tweeter will be highly directional and will appear around ear level. The mid and
low frequencies will be directed to the woofer at the bottom of the speaker and
will sit at the lower portion of the 3D ball. The midrange will hit you in the chest
and the lows will surround you and fill up the floor.
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Don’t be afraid to utilize the entire 3D space. Visualize where each sound will
sit in the final mix. One thing you want to avoid is positioning everything in
the middle of the 3D space, the equivalent to up front in the mix. This results
in a very 1D mix and makes it more difficult for the listener to focus on any one
sound. Try to envisage yourself watching the song live and imagine where the
instruments/musicians would be on the stage. This image in your mind should
help when it comes to positioning within a mix.

A TP

When I am mixing I try to imagine an old school balancing scale. If I pan one
guitar right, I want to put something of equal weight on the other side, say
another guitar, or trumpet.

FIGURE 2.8



Frequency Pyramid

Another visualization tool is to consider building a pyramid with the different
frequency ranges. The pyramid would be built with low frequencies on the bot-
tom, mid frequencies in the middle, and high frequencies on the top. While
recording and mixing, keep this pyramid in mind and make sure you have
enough of each frequency range. If the pyramid is lacking a particular frequency
range, the mix may sound unbalanced or incomplete.
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Selective Hearing

Selective hearing is essential if you want to succeed as an audio engineer or
musician. Selective hearing involves focusing on individual components of a
sound, the different frequency ranges, and the overall sound. As an audio engi-
neer, you should be able to pick out any instrument in a mix, focus on it, and
evaluate the dynamic and tonal relationship it has with the other instruments
or sounds.

A TP

Tips for selective hearing:

m Practice focusing on an individual instrument for the entire song.
m Try to follow every note or beat.
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m Repeat this for each instrument or sound in the mix.

m Listen to like instruments, for example, bass and kick drum or two electric
guitars. Examine their relationship in the mix.

m Focus on groups of instruments, such as strings, vocals, and rhythm tracks.
What are the overall relationships in the mix?

Analyzing Music Recordings

Selective hearing involves being able to pick out an instrument in a recording or
mix. Related to selective hearing is the ability to analyze and recreate a sound.
Just like a filmmaker watches a film and notices the different camera angles,
lighting, and movement of the actors, it will be your job as an audio engineer to
identify certain details in a mix or recording. These details may include noticing
tones, reverbs and effects, the balance of instruments, and other specific produc-
tion details. Analyzing music recordings to help mimic a particular sound for a
client or to be able to communicate with other audio professionals is essential
in music production.

A TP

Try the following exercise:

1. Listen to a song and identify all the instruments or sounds in the mix.

2. Where are all the sounds placed in the 3D reference ball? Which sounds
appear in the center? Which sounds appear on the sides? Do any instruments
have a stereo spread?

3. How do the vocals sit in the mix? Are they in the front of the ball or do they
blend more with the music?

4. What are the tones of the individual sounds? Are some sounds bright while
others are dark or dull? What is the overall tone of the recording?

5. Can you hear the environment around each sound? Do all the instruments
appear to be in the same space? What does the overall environment sound like?

6. Is it a “wet” mix or a “dry” mix? A wet mix will have a lot of effects, such as
reverb, delay, or echo, and is often used in pop, psychedelic, surf, and reggae
music (see Chapter 7). A dry mix will be more organic with little or no effects
apparent in the mix. Dry mixes are more common to folk, blues, jazz, classi-
cal, and bluegrass music.

7. Finally, and most importantly, how does the recording make you feel? (The
recording makes me feel like driving faster, sitting on the couch, smiling, etc.)

You may want to compare two separate recordings, especially when determining
the overall tone. You might think that the recording you are analyzing is fairly
dark, but compared to what? It is always good to establish some type of refer-
ence point between two different instruments or mixes. Comparing one sound
against another is often referred to as “A/B.”

This chapter discussed how the ear works and interprets sound. If you under-
stand those things, you should be able to evaluate and adjust sound. In music
production, it is important to analyze recordings. Selective hearing along with



imagining the 3D reference ball and the frequency pyramid will make this task
easier. Listen to music and practice these exercises. Auricula has a half-dozen ear
training applications that can be found at www.auriculaonline.com. Auricula’s
Helices is a plug-in that can be purchased for Garage Band and they also offer
a free phone app. This is a great tool for learning how to recognize different
frequencies and for general ear training. The next chapter will introduce ways
to communicate with musicians and provide some additional vocabulary to
express sound quality.
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EQUALIZATION (EQ) AND FREQUENCY

Equalization, or EQ, can be used to describe the action of equalizing a sound, a
control to change the tone, or a reference to the tone of a sound. More than likely
you have already equalized something in your life. If you have ever changed the
bass or treble settings on your car or home stereo, then you have performed this
basic engineering function. In audio production, there are a variety of equalizer
controls at your disposal, to change the tone of a recording. Equalizers, also
called EQs, are available as standalone rack units, as part of a channel strip, and
as software plug-ins.

What actually happens when a sound is equalized? The tone of an overall sound
is altered by increasing or decreasing the amplitude of a particular frequency or
a range of frequencies, such as bass. Remember the terms frequency and ampli-
tude, found in Chapters 1 and 2? They are two essential elements in understand-
ing audio, especially when we are discussing equalization.

Understanding the different frequency ranges and how to describe them is a
necessary skill before you can begin to equalize. It is important to be familiar
with specific frequencies and how they are often described and reproduced. This
will make it much easier for you, as an engineer, to create or re-create a sound
the client may be describing.

Audio Engineering 101. DOI: 10.1016/B978-0-240-81915-0.00003-5
© 2012 Timothy A. Dittmar. Published by Elsevier Inc. All rights reserved.
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Although there are exceptions, most musicians do not communicate using
technical terms like “boost 100 Hz 3 dB on my bass.” They are more likely to

s

describe something in layman's terms. “I wish my bass sounded ‘fatter’,” or “My
bass sounds too ‘thin’” While there is no universal language to describe sound,
there are many helpful ways to communicate with musicians who may describe

sound quality in their own ways.

In this chapter we will discuss common EQ properties to help you identify
frequencies quickly and communication tips for talking with musicians who
often speak in layman’s terms.

For example, the two outer frequency ranges, the Low and High, sit on the
opposite sides of the frequency spectrum and are simplified in Table 3.1.

Table 3.1 Frequency Comparisons

Low High
20-200 Hz 5-20 kHz
Bass Treble
Fat Thin
Dark Bright
Big Small
Powerful Weak
On the ground In the air
Huge Tiny
Black White
Sad Happy

As you can see from the table, the low-frequency range and the high-frequency
range produce sounds that are opposite in description. Low-frequency areas
may be described as big, fat, dark, and having power. High-frequency areas are
commonly described as small, thin, bright, and sounding weak.

Boost or Cut

As previously stated, equalization is boosting or cutting a frequency or a
range of frequencies by using an equalizer. Boosting a frequency increases the
amplitude (volume) of a particular tone or pitch. Cutting a frequency subtracts
amplitude from a particular tone or pitch. If a frequency is neither boosted nor
cut, it is said to be “flat.” In music production, a flat frequency response does
not have a negative connotation, like a “flat note” or “flat performance” does.
It simply means no particular frequency range is added or subtracted from the
sound.



Slope

When a sound is equalized, the frequency that has been boosted or cut may
be referred to as the “peak” frequency. Typically, this will be the frequency that
is boosted or cut the most. Other frequencies are affected on either side of the
peak. This area is known as the slope, or Q.

A graphic equalizer has a preset Q that cannot be changed, while a parametric
equalizer gives the user the ability to change Q, if needed. A parametric EQ is a
much more precise equalizer than most other EQs, because you can control ampli-
tude, frequency, and Q.
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Low-Cut or High-Pass Filters

A button or switch often located on a console, preamp, or mic, when selected, cuts
low frequencies and passes high frequencies at a predetermined setting. It does
not allow you to control Q. These EQs also come in a high-cut or low-pass filter.
A low cut is great to clear up any “mud” in a mix (see muddy, below). Try applying

Low cut/High pass
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125 Hz 250 Hz 500 Hz
High cut/Low pass
0 dB
-10 dB
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100 Hz 1K 10 K
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a low cut to instruments that don’t have lows (electric guitar and snare drum) and a
high cut to instruments that don’t have highs (bass/kick drum). These filters can help
eliminate any extraneous or unwanted frequencies in the instruments, leaving only
the desired sound. Applying high and low cuts for clearing recordings of unwanted
frequencies also helps in reducing the overall headroom of a track, allowing it to be
louder overall without clipping (distorting).

Subtractive Equalization Is Your Friend!

Subtractive equalization is a technique used by most professional engineers
to create clearer, more defined mixes. In order to have a clear mix where all
instruments are heard, space will need to be made. Two sounds cannot occupy
the same tone or frequency range and maintain clarity. If two sounds do occupy
the same frequency range, the louder sound may mask, or hide, the quieter
sound. Ultimately, mixing is about “crowd control.” Space must be created for
a sound to be heard. Many inexperienced engineers tend to add what they want
to hear first. For instance, if the goal is a bigger, bassier kick drum, a novice
may add more bass to the mix. A better solution is to take away from one of
the other frequency areas that are dominating the sound, for example, reducing
the amplitude around 600 Hz. The result will be more bass on the kick without
adding destructive low-end. When mids or highs in the kick drum are cut, more
bass will be present. Also, the area that has just been cut opens up more space in
the mix for other instruments to be heard. This is the subtraction in subtractive
equalization. This doesn’t mean that frequencies should never be boosted. Start
by subtracting first, and then add frequencies only as needed.

GENERAL EQ AREAS

Frequency recognition is crucial to being successful in audio production. One
of the easiest ways to become familiar with the different frequency ranges and
the number that goes with them is to initially divide them up in the following
manner:

100 Hz - makes things bigger, fatter (kick drum).
1 kHz - adds attack, makes the sound more “In Your Face” (snare drum).
10 kHz - makes a sound airy, breathy, or brighter (hi-hat or cymbals).

Yo,

~*~ AUDIO CLIP 3.0

These are great EQ starting points. After you have taken out any unwanted
frequencies (applied subtractive EQ'ing techniques), ask yourself, “Do I want
the sound to be fatter, more up front, or brighter?” If the answer is “fatter,”
start at 100 Hz and adjust from there. If the answer is “more up front” or
“more aggressive,” boost 1 kHz. It may turn out that the correct equalization
is another frequency like 2 kHz or 900 Hz. Whatever the adjustment, the key
is in getting to the general area. If the answer is brighter, breathier, or airy, try
boosting 10 kHz. Ultimately, a different frequency may be boosted, but adding
10 kHz should get you started.



With some generalization and through communication with the client, it will be
much easier to recognize the frequency that needs to be adjusted. Locating and
equalizing something quickly will hopefully keep a client happy and coming
back for more!

The following are seven common EQ points of interest: subs, big/fat, muddy,
boxy/hollow, in your face!, presence/clarity, and airy. Becoming familiar with
these seven areas can help you locate a specific EQ point quickly. Following
this section are even more terms to help you describe and communicate audio
frequencies and sounds.

EQ POINTS OF INTEREST

Subs (Below 80 Hz), Low Frequencies

Frequencies below 80 Hz can make sounds huge and are referred to as “subs.”
Subs are often accentuated in various dance, electronic, rap, R&B, and reggae
styles of music. This is the frequency area that is represented by a subwoofer.
Pay close attention to this frequency area. Too much sub information can domi-
nate a mix and make the other instruments appear weak and hidden.

"+~ AUDIO CLIP 3.1
Big/Fat (20-200 Hz), Low Frequencies

The low-frequency area generally makes sounds appear bigger and fatter. The
human ear doesn't hear bass as well at lower volumes. But when we do crank it
up here, terms such as big, fat, beefy, huge, and thumping are used to describe
these powerful wavelengths. Too much sound here can blanket a mix, and not
enough could make a mix sound weak.

- AUDIO CLIP 3.2
Muddy (100-300 Hz), Low - Low-Mid Frequencies

Too much of the low and low-mid frequencies can muddy an instrument or mix.
If a sound isn't very clear, or muddy, try subtracting between 100 and 300 Hz.
This is especially helpful with vocals, acoustic guitars, and piano. Because close
miking can cause proximity effect, a low-end boost of around 100 Hz, it is often
unnecessarily present, and will likely need to be rolled off.

*~ AUDIO CLIP 3.3
Boxy/Hollow (300-700 Hz), Low-Mid Frequencies

The frequency range 300-700 Hz is often described as boxy or hollow. This is typi-
cally an area where subtractive EQ is applied, although there are always exceptions.
Kick drum mics are often designed to cut frequencies from this area. Subtracting
low-mids can clean up a sound and make it more distinct, but it can also leave
a sound hollow and colorless. This is not the most flattering frequency area on
many instruments. An electric guitar tone, if described as boxy, has too much of this
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frequency range. A boxy sound can also be the result of overly compressed audio with
a very fast attack setting, especially with a snare drum or tom.

w )

~** AUDIO CLIP 3.4
In Your Face (1.5-4 kHz), Mid-Mid — Upper-Mid Frequencies

Sounds in the midrange area, especially in the mid-mid and upper midrange are
best heard by the human ear. This is the area between 1.5 and 4 kHz. This also
happens to be the same frequency area as a baby crying. Because we hear best in
this area, sounds often appear “In Your Face.” 1.5-4 kHz is often described with
aggressive terms such as slap, bite, crunch, edge, and attack. Punk rock music
accentuates this frequency range. Some country, folk, and acoustic music might
also have more sounds in the midrange. Too much here can cause ear fatigue,
whereas not enough here can make a mix or sound appear dark and distant.

u

<%= AUDIO CLIP 3.5

Presence And Clarity (4-10 kHz), Upper-Mid - High
Frequencies

The frequency area between 4 and 10 kHz is an area that can add presence
and clarity to a mix. Often vocals are emphasized in this range to help them
cut through or sit on top of a track without making the vocal sound too edgy.
Note that sibilance is also in this area. Sibilance is associated with the “s” sound
and this frequency area may need to be carefully managed with some singers.
A de-esser is often used to help remove or soften sibilance. Inclusion of just
enough information here makes a mix have presence and clarity.

% AUDIO CLIP 3.6
Airy (Above 10 kHz), High frequencies

Frequencies above 10 kHz make sounds appear higher in the mix. Make sure to
highlight this area to make a vocal, string, tambourine, or any other sound appear
airy, breathy, thin, or bright. Transients and harmonics dominate this range. Terms
associated with the sky are often used to describe this area: airy, sunny, bright, light,
angelic, clouds, sparkle, and feathery. This frequency range often helps differentiate
what is considered high fidelity (hi-fi) and low fidelity (lo-fi). A lo-fi recording will
likely have very little, if any, frequency information above 10 kHz.

w )

~“* AUDIO CLIP 3.7

A TP

Pay special attention to the range of frequencies below 80 Hz. This is the most
destructive frequency range and too much here can negatively affect a mix. On
the other hand, just enough of this frequency range can make a mix sound huge
and powerful!



ADJECTIVES: SPEAKING ABOUT AUDIO USING
PLAIN ENGLISH

Additional adjectives are needed by nonengineers to describe a tone, sound,
or the physical space that surrounds a sound. Although professional engineers
typically use more technical descriptions, particularly in discussing frequency
ranges, most engineers are familiar with interpreting a musician’s request. It is
likely that not all engineers will agree on the definitions used here, because of
the subjective nature of describing sound, but I have full confidence that these
terms, in most cases, will help you communicate and interpret ideas related to
music production.

Angelic - Usually a sound buried in a large reverb and with the high-frequency
range accentuated. Try applying a “cathedral” or “church” reverb and boost the
extreme highs.

Beefy - Probably a sound with a lot of low and low-mid frequencies. May
also be described as “thick.” Guitarists often request a beefy guitar tone.
When the term beefy comes up, think of a sound with a solid low-end that
probably isn’t too quiet in the mix.

Big - Contains a lot of low-end. Associated with the frequency range
20-200 Hz. A large room can make a big sound seem even bigger if miked
from a distance. Applying certain reverbs may also make a sound appear
bigger. Some musicians may also say that they want a bigger sound and all
they really want you to do is turn it up!

Bite - A sound emphasized in the midrange area. If a snare is described as
having bite, imagine the snare being tight and in your face. It would sit some-
where between 1 kHz and 3 kHz. Some guitar tones are often described as
having bite.

Body - Depending on the frequency range of the instrument or voice, the
lower frequency area would need to be dominant. Often people want to hear
the body of an acoustic instrument, such as an acoustic guitar or snare drum.
This request would require plenty of 100-250 Hz present in the sound.

Boomy - A sound that is boomy resides in the low and low-mid frequency
range. Similar to body but is generally more of a negative term. Try cutting
between 100 and 400 Hz to reduce boominess.

Brittle - As the word suggests, it means “about to break.” This is seldom a
flattering term. A brittle sound lacks low frequencies and highlights the upper
midrange and high-frequency area above 3 kHz. Cheap digital equipment can
make the high frequencies sound brittle.

Breathy - A term often associated with a vocal tone. A breathy tone would
be dominated by high frequencies. Try boosting 10 kHz and up for a breathy
vocal. This can be achieved by EQ and/or compression.

Chimey - Contains mostly high frequencies in the sound and would accen-
tuate an instrument’s upper harmonics. Can be found in the 10 kHz and up
range. Similar to glassy.

Chunky - A chunky vocal or guitar tone would have a lot of low-mids and
would likely have emphasis in the 100-300 Hz area. Similar to a thick
sound.
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Crispy - Think of sizzling bacon. A crispy sound would emphasize the
upper-mids and highs above about 4 kHz. A crispy sound may even have
some distortion present. Not usually a flattering term.

Crunchy - A crunchy sound often involves some degree of distortion or
overdrive. The emphasis is in the midrange area between 1 and 4 kHz.
Crunchy may be used to describe a certain guitar tone.

Deep - A sound that has a lot of depth to it from front to back, or enhanced
low frequencies under 250 Hz. An example would be a deep bass tone.

Dirty - The opposite of a clean, clear sound. A dirty tone would have some
amount of distortion, noise, or overdrive in the signal. Similar to fuzzy.

Distant - If a sound lacks midrange and high frequencies, it will appear
further back in the sound field. Add upper-mids or high frequencies to
make a sound less distant. A distant sound could also mean that it is too
low in the mix or has way too much reverb.

Dry - Asound with little or no FX can be described as dry. A dry sound would
not have reverb or other obvious effects present. A dry sound is most com-
mon with folk, bluegrass, and acoustic styles of music.

Dull - A sound can appear dull if it is lacking energy, highs, or is overly com-
pressed. Add upper-mids or highs to a dull sound, or slow the attack setting
on a compressor to make a sound less dull.

Edgy - Describes a sound that accentuates where we hear best, in the 1-4 kHz
range. An edgy sound can make the listener feel uncomfortable like nails
scratching on a chalkboard. Definitely in your face!

Fat - A fat sound accentuates the lower frequency range. A fat guitar tone,
a fat vocal, a fat kick, and a fat snare sound are common requests. The fat
frequency range would be around 20-250 Hz.

Fuzzy - Describes a tone that is not clear and likely has a substantial amount
of overdrive or distortion associated with it.

Glassy - A glassy sound is a very thin sound with lots of apparent highs.
Definitely not bassy! A clean, electric guitar tone that is extremely bright
could be described as glassy.

Hard - A hard sound has a lot of midrange and accentuates the attack part
of a sound’s envelope. Harder frequencies are found between approximately
1 and 4 kHz.

Hollow - A hollow sound lacks a portion of its frequency range. This can be
caused by phase cancellations due to room acoustics or other variances.

Hot - A sound described as hot may mean that it is turned up too loud, or
the high frequency range is more noticeable. Try turning the amplitude down
or rolling off some higher frequencies.

Huge - Describes a sound with excessive lows or one that is recorded in a
big space.

Loose - Aloose sound would lack the harder mid-mid frequency area. Loose
could also describe a space or environment that has very little treatment and
results in a less focused sound.

Mellow - A sound lacking upper-mids and highs is often described as
mellow. A mellow guitar tone would be a darker, tubey sound as opposed



to a distorted, in your face tone with a lot of 2 kHz present. Also, reverb can
mellow a harder sound.

Muffled - A muffled sound would be dominated by low and low-mid
frequencies in the 100-250 Hz range, resulting in a tone with less presence
and clarity. Imagine singing with a blanket over your head.

Nasally - Often used to describe a vocal tone. Try cutting between 500 Hz
and 3 kHz. People may also describe this same area as telephone-like, honky,
or tinny.

Ringy - Aringy tone will be dominated by the mid frequencies. Snare drums
are often described as ringy. A ringy tone is produced when the mic is placed
close to the drum rim and both heads are tuned extremely tight. Taking away
frequencies between 900 Hz and 3 kHz will likely reduce a ringy tone.

Shimmering - A sound dominated by extreme highs. A shimmering sound is
in the 10 kHz and up range. To create a shimmering sounds boost the upper
highs.

Shiny - Similar to shimmering. A shiny sound has plenty of highs.

Sizzly - Rarely a flattering term, sizzly describes a tone with a great deal of
treble. Something referred to as sizzly can also be called glassy or crispy.

Slap(py) - Usually associated with the neck of a guitar or bass, or the kick
pedal striking the head of a drum. More slap would be in the 500 Hz-3 kHz
range. It can also describe a sound reflecting back, as in a slap echo.

Small - A small sound would either be overly compressed or a sound with
little low or low-mid frequencies. It is likely that a small sound wouldn't
have frequencies below 200 Hz. Close miking produces a smaller sound
versus room miking. A snare or guitar amp may appear smaller when mic is
extremely close.

Smooth - A smooth tone generally has a flatter frequency response. No
frequency range would be emphasized over another. It can also be described
as easy on the ears.

Soft - A soft tone typically lacks the harder midrange frequencies. Therefore,
it is safe to say that extreme lows, extreme highs, or a combination, creates
a softer sound. It could also refer to volume. If it is too soft, turn it up. If it's
not soft enough, turn it down.

Thick - See beefy. A sound that is thick has plenty of lows and low-mids. The
thick area is between 20 and 300 Hz.

Thin - A sound that is not very fat or deep. A thin sound is dominated by
upper-mids and high frequencies above 4 kHz.

Tight - Tight sounds have very little reverb or environment in the sound.
Close miking an instrument or voice will result in a tight sound. A tight
sound is dominated by the direct signal instead of the early reflections or
reverberant field. Any frequency range can be considered tight, but it is often
used to describe a bass or kick drum sound that is too boomy or resonant.

Tinny - A tinny sound is a thin sound dominated by the mid-mid and
upper midrange. If the vocals are described as tinny, it is not a compli-
ment. Try cutting between 2 and 7 kHz or adding some low or low-mid
frequencies.
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Tiny - Asound with extreme highs and almost no lows will likely sound tiny.
Not enough volume may also make a sound tiny.

Tubby - An unflattering term that describes too much low or low-mids in a
sound. Try cutting between 100 and 400 Hz.

Warm - A warm tone accentuates the low and low-mid frequency range.
Analog tape and tube amps are often described as warm. The opposite of a
warm sound would be a cold or brittle sound.

Wet - A wet sound or wet mix would have an obvious amount of FX present.
The opposite of a wet sound is a dry sound. If the vocals are drenched in reverb
and the guitar sounds like it is floating in space, then you have achieved this
adjective.

Here are some more helpful terms when communicating with others about the
quality of sound:

If a sound lacks highs, it may be described as dark, distant, or dull.

If a sound lacks midrange, it may be described as mellow, soft, or unclear.

If a sound lacks lows, it may be described as thin, small, or bright.

If a sound has too little reverb, it may be described as dry, dead, flat, or
lifeless.

If a sound has too much reverb, it may be described as wet, muddy, washy,
distant, or cavernous.

If something is too loud in a mix, it may be described as in your face, up
front, on top, forward, masking, dominating, hot, or separate.

If something is too quiet in a mix, it may be described as buried, masked,
hidden, lost, in the background or distant.

People communicate differently when referring to the quality of sound. By
learning to describe sounds in a descriptive manner, you will be able to identify
and execute a sound change much more quickly than randomly searching for
an unknown frequency or sound. These terms offer a starting point when equal-
izing, applying reverb, or executing other audio engineering functions. Without
this starting point, much time will be wasted turning knobs without direction.
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NO KNOBS OR FADERS REQUIRED

Before we go much further, let’s talk about something that is not technical, is
often overlooked, and is usually underrated: people skills.

It will be helpful to you as a recording engineer if people like you. You will work
with all types of people and personalities and it will benefit you if you are some-
what likeable. When an artist shares their songs with you, they are putting their
very closest emotions out to be judged. A good engineer will be sensitive to the
vulnerability that this can create. One of the easiest ways to influence a recording
does not require a knob or fader, or any technical skills at all. It requires you to
be positive and supportive of the artist(s). Not to mention, a bad attitude can
negatively affect a recording session or performance.

Other non-technical skills such as time management and organization can come
in handy. In addition, showing up on time and keeping track of your own sched-
ule will be necessary skills for your success. After all, if you decide to become an
audio engineer for a living, much of your competition will be musicians who
aren’t known for being punctual! Show up on time, or better yet, show up early,
and you will only increase your odds for success.

WORD OF MOUTH

You are likely to get hired in the recording field through word of mouth. If the
word is that you are difficult or unpleasant to work with, then you may not get
a lot returning clients or references for new clients. If an artist has a positive
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experience working with you, they are likely to share their success story with
other musicians and return to you the next time they want to record something.
Often musicians play in more than one band or quit and move on to other
musical projects. A friend of mine, John, who owns his studio and is an engi-
neer says that he attributes his first three years of clients all to the first band he
recorded. The band realized that they didn't really like each other enough to
continue their initial project. Members of the original band went on to create
several other bands, which chose to record with John, because they had such a
good experience with him the first time around.

I have clients whom I have continued to work with over the years and clients
who moved on to record with other people for a variety of reasons: they
wanted to record in a new studio, they were looking for a new vibe, they were
won over by studio hype, or they needed some new inspiration. When a client
moves on, whatever the reason, you can’t take it personally. Many of those
clients will return at some point. Again, if they initially had a good experience
working with you, they are likely to suggest working with you again when it
is time to record their next project or recommend you to a friend’s band. This
is also why it is important to get to know your local music scene. Your local
music scene is where you will find most of your future clients and contacts.
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You never want musicians to guess what you are thinking, especially if it is
negative. Look and act positive.

While recording AVOID

m Staring blankly at the artist(s).

m Looking disinterested in the project.

m Saying negative things.

m Body language that says, “I would rather be anywhere but here.”

m  Getting into arguments.

m Dlicking sides if an argument or disagreement breaks out between band

members.
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VIBE

One of the intangible qualities that occur during a recording session is the
“vibe” of the recording. Vibe is that underlying feeling that exists with the music
and the people surrounding it. It is often up to the engineer to keep a good vibe
going during a session by saying positive things, encouraging people to go for
it, and maybe even smiling more than usual. Some musicians will light candles,
put down a special carpet, dim the studio lights, or do a variety of other things
to enhance the mood for a particular performance. An artist needs to be in the
moment to perform the song at his or her best level, and creating a good atmo-
sphere assists with that. If you can capture this higher level, or good vibe, it will
make the recording that much better.

Pointing out things you like during a recording session contributes to good
energy being captured. Don’t focus on the negative. Always tell an artist what
they are doing well if they ask. For instance, “that vocal take had great energy,
but I think you can do it even better” instead of, “you were kind of pitchy, try
again.” Keep the mood light and accentuate the positive!

When designing a new studio, the designer often keeps the idea of vibe in mind.
Elements that can assist in creating a good vibe are not limited to the recording
space. A comfortable spot in the studio or outside that welcomes the musicians
to relax, hangout, and get out of the studio can go a long way. A comfy couch,
an espresso machine, a box of percussion toys, vintage equipment, or anything
that says “Come and hang out here, and create music,” can enhance the vibe of
a session. A studio should be a place to escape from the world and create music.
As an engineer, don’t bring your personal problems or issues into a session. You
never want to risk bringing the vibe down on a session. Besides, it isn't about
you, it is about their music.

The vibe can influence how the music comes across. After all, you are record-
ing vibrations. Are they good or bad? This is something that can’t be controlled
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with a knob or fader or the latest technology. A good vibe always creates a better
recording. As in life, if you stay positive and move forward, good things happen.
This also holds true when recording music.

WHAT ABOUT MY OPINION?

There are two areas where opinions can be offered: the technical and the cre-
ative. You shouldn’t be afraid to express your opinion on technical matters,
such as if the guitar player is asking “Which guitar amp sounds better, the VOX
or the Marshall?” Equipment choices, tone selection, and technical aspects of
recording are typical areas where an engineer voices an opinion. As an engineer,
your primary job is to record the music as best you can and not to put your
personal preferences ahead of the artist or band. Some bands may demand
or expect your opinions about the creative areas. If asked, choose your words
wisely. It is possible that the honest opinion the band is asking for isn’t the
honest opinion the band wants to hear! Don’t forget that you work for the band
and not the other way around.

It really isn’t your place to give your opinion on things like song selection, song
structure, band politics, or picking good takes. Those are the responsibilities of
the band and the producer. However, many recording sessions do not have a pro-
ducer so you will get stuck with some of those duties. If you are asked your opin-
ion, you certainly want to remain positive and at the minimum remain neutral.
Always be encouraging. If you do have an opinion on something you really feel
passionate about, present a good argument and don’t get emotional. It helps to
know the skill level of the artist or band you are recording, so you can accurately
give them feedback. Don't get caught telling the band or artist that they could
do a better take unless you actually know what that band or artist’s “good take”
sounds like. I made that mistake early on in my career telling a band “you can
do that better” and they came back saying, “Really, that was the best we've ever
performed that song.” My opinion ended up crushing the band’s momentum.
A good take for one artist may not be an acceptable take to another.

THE INSECURE ARTIST

Artists can often feel insecure. Can you blame them? They are sharing something
very close and personal with you and a potential audience. This is especially
true of singers and actual songwriters, if they are performing. Put yourself in the
artist’s shoes: imagine singing and feeling like everyone is judging your choice
of words and melody. For some artists this is a nightmare, especially for the
inexperienced! If you aren’t engaged with the session, and you are texting your
buddies, offering a big yawn, or a glazed stare, at the end of a take, you run the
risk of affecting everything from the artist’s delivery to their attitude throughout
the session. They may think you are in the control room bored with their perfor-
mance. You will never create a good vibe this way. Even if you aren't fully into
the music, the band is still owed your full attention and support. This isn't to say



that all artists need special attention. You will learn over time to recognize the
clients who do need special attention and provide it.

Some vocalists perform better with a small audience in the studio: friends, fam-
ily, band members, and fans. One band I recorded had between twenty and
thirty people hanging around for most of the performance. It pumped them up
and inspired their recording. I was willing to go along because it did positively
affect the band'’s performance. They fed off the energy of friends and fans plus
it gave their music the party beach vibe they wanted to share with listeners. On
the opposite end of the spectrum, some singers appreciate a low-key environ-
ment, preferring only to work with the engineer or producer in the studio. You
may have to ask guests or even band members to leave the studio while a singer
performs so that the singer doesn't feel intimidated or too nervous. Feel it out.
If the singer seems affected by other people listening and watching, politely ask
the offenders to find something to do outside the studio. In general, an insecure
artist will require more positive reinforcement than a more confident artist.

PATIENCE

A high level of patience will be required from you, if you decide to become an engi-
neer for your career or even if you are just helping record your friends. You may have
to listen to a song over and over again (sometimes a song you don't want to hear
over and over again), or you may have to listen to fifty takes of a vocal that makes
you want to scratch out your eyes, but you will need to take a deep breath and push
forward. Exhibiting your impatience may make the artist feel even more pressure to
finish up, which may make the performance worse. I once listened to a drummer
attempt a drum fill for three hours! Being a drummer, I wanted to kick the person
off their drum throne and do it in one take, but I didn’t, and the drummer eventu-
ally got it. More inexperienced players will generally require more of your patience
as they are learning how to control their instruments or voices.
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Of course, there are just some people that require additional patience to deal
with in general. Patience is a great life lesson and invaluable skill and will help
you tremendously in studio situations.

COMMUNICATION SKILLS

Communication skills are key to being a successful recording engineer. You need
to be able to clearly communicate a variety of things, ranging from listening to
and understanding what the artist(s) or band is trying to achieve in terms of a
“sound,” to understanding when to punch in on a particular track to how to coax
the best performance out of the band.

Since communication skills often involve verbal cues, it will be helpful to have a
vocabulary that musicians and other engineers understand. Chapter 1 provides
you with some of the necessary technical vocabulary, whereas the previous chap-
ter provides you with descriptive terms often used in audio engineering.

To communicate well, you will have to be a good listener. You will also have to
choose your words wisely. Gaining the techniques and language to deal with
clients will come with time. Many artists, and people in general, aren’t the best
communicators. It may be up to you to get an artist to express what they are
thinking to keep the session moving forward and on the right track. The only
thing worse than too much feedback on a session is when an artist that says little
or nothing. You may have to be more animated and extraverted than normal if
your client isn't providing some necessary feedback for you to better perform
your job. Maybe the artist is intimidated by the process, or by you, or just doesn't
know how to express their opinion. Encourage them to speak up. Use tact, be
patient, and don’t be a jerk when you are trying to communicate during a session.

SONG STRUCTURE

Recognizing song structure is a common area where communication skills are
necessary. It can be a tool to help effectively communicate about a client’s music.
Being able to recognize song structure will not only give the band confidence in
you, it will help you locate punch in points faster. If the guitar player wants to
overdub a solo and says “take me to the solo section, after the second chorus,”
it would benefit you to recognize and quickly locate that section of the song.
Don't be afraid to take notes. Write down the time next to each section. Most
recording software gives you the option to lay down markers in a song and label
each part accordingly. You should do this to identify the different sections. Songs
are typically made up of three distinct sections: verses, choruses, and a bridge or
solo section.

Averse is usually at the beginning of the song. It generally isn’t the hook but more
of a section to set up the hook or chorus. The lyrics of most verses aren’t repeated
in a song as they are in a chorus. This may also be referred to as the “A” section.

Some songs may start off in the chorus and typically end on a chorus. Choruses
are often bigger in spirit and lift the song to a higher point. From a dynamic



standpoint, choruses typically are the loudest, fullest sections. This may also be
referred to as the “B” section.

Some songs have bridges. Bridges are usually not repeated in a song and occur
once. A bridge often occurs between two choruses but can occur almost any
place in a song. A bridge is used to connect two sections of a song. This may also
be referred to as the “C” section.

A TP

Quickly memorizing song structure is an effective tool to help communicate
during a session. If this isn't one of your strengths, you should practice the fol-
lowing exercise until you can easily memorize song structure.

Listen to a song and quickly identify each section:

What is a song structure? A classic pop song will be verse, chorus, verse, cho-
rus, bridge, and chorus.

How many verses are there?

How about choruses?

Is there a bridge, and if so, when does it appear in the song?

Is there an instrumental solo section, and if so, when does it occur in the
song?

Are there any other sections that are not verses, choruses, solos, or considered
a bridge? Maybe there are pre-choruses, or short sections of only instruments
before the actual verse begins. After a few listens, you should be able to iden-
tify the song structure. A good engineer can listen to a song once and will find
the song structure.

Since a recording session usually involves recording songs, you will need to
understand basic song structure to be able to effectively communicate with
musicians. Austin Community College as well as other colleges and universities
offer classes in song writing to learn these basics.

BODY LANGUAGE

Body language is the non-verbal way in which we communicate. As an engineer, be
aware that musicians are interpreting your body language, whether positive or nega-
tive. Make a conscious effort not to give off pessimistic or indifferent body language,
such as rolling your eyes, avoiding eye contact after a take, or shaking your head
in disgust, as this can heavily influence a studio performance. Though you may
be mulling over your bad choice of microphone, the musicians who just finished
recording a take do not know this, and may interpret these negative cues as a reac-
tion to their performance. Musicians should never have to worry about you being
on their side. Don't give them an opportunity to create scenarios that don't exist.

You need to be not only aware of your own body language, but also cognizant of
the body language demonstrated by the musicians you are recording. Being able
to read this non-verbal language is an important skill to develop if it doesn't
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come naturally. Recognizing gestures, eye movements, and postures may help
you interpret an artist’s true feelings. For instance, a singer with an averted gaze
may indicate he or she is unhappy with a vocal take. If you are focused and pick
up on this cue, you can positively encourage another vocal attempt. This may
take pressure off a musician who is too intimidated to make the request.

A TP

Specific body language to watch for:

Slumped shoulders may indicate that the musician is unhappy or disappointed
in their performance or the way the session is going.

If a musician who normally has no problem making eye contact suddenly stops
making eye contact, take notice. This may indicate that the musician is dissatis-
fied and is trying to avoid an argument or potential disagreement.

If the musicians are eyeing one another and not you while listening back to the
recording, they may not be happy with how things sound.

Clearly, if the musicians are smiling, upbeat, and making eye contact with you
during the recording process, they are likely happy with the vibe of the session.

SCHEDULING, TIME MANAGEMENT,
AND ORGANIZATIONAL SKILLS

Good scheduling, time management, and organizational skills can help a
session run smoothly.

Below is a typical schedule for four-piece band recording a few songs at my studio.

Although every session is different, this should give you a general idea of the
time frame of a recording session, which in my case is usually about 12 hours.
In most recording sessions, more experienced musicians get more done in a
shorter period.

1. 10 a.M. I set up for the session. The drummer arrives.

2. 10:30 A.M. Set up drums, mic drums, and get sounds.

3. 11:30 .M. The bass player arrives with the drummer, so we take advantage
of it and get bass sounds too.

4. 12 r.M. The rest of the band shows up.

5. By 1 p.M. we are tracking bass and drums, listening back, and discussing
how things sound.

6. 3 r.M. We finish recording the drums and bass (rhythm tracks) on the three
songs the band planned to record.
a. Everyone takes a quick break, the drummer breaks down the drums,

I re-patch, and then rest my ears and brain.
7. 3:30 r.M. We start thythm and any other guitar tracks (overdubs).
8. 5 r.M. Pizza is ordered, so we can keep working.



9. 5:15 p.M. We start recording lead vocals.

10. Between 6 and 7 p.M. I grab a slice of pizza and I eat during vocal takes.

11. 7 r.M. We are done with recording lead vocals. We spend the remaining few
hours doing a few backup vocals, percussion overdubs, and some bonus
fun tracks.

12. 9 p.m. The band is tearing down and loading out. I take another quick ear
break and then I get some rough mixes going.

13. Around 10 p.m. we listen back to what we did, talk it up, and celebrate our
accomplishments.

14. 11 r.M. We schedule another day for mixing and I see the band off.

Recording music is like preparing a meal - it’s very much about timing and orga-
nization. Just as a good cook must organize and prepare to have all dishes on the
table at one time, so must a recording engineer prepare and organize to produce
a finished project. Being prepared for what comes next keeps the session and the
creativity flowing. Musicians aren’t thrilled when they are ready to go and you
are not. Mild tantrums could ensue and spoil the session’s good vibe. Remember
that you work for the artist as an engineer, and be ready to record.

It is unlikely that your audio engineering gig will be a Monday-through-Friday
9-5 p.M. situation. This is why you want to make sure you keep some type of
work calendar. As an independent recording engineer, you will be in charge of
your work schedule. No one is going to remind you that you work Friday night
at the club and Saturday morning in the studio. Keeping a work calendar will
ensure that you don’t double book yourself or forget to show up for a gig.

Knowing what comes next is another essential element that isn’t often discussed
but can make a real difference in how a recording session transpires. The more
sessions you run, the better you will become at keeping a session moving
forward. Since most bands have a limited budget, being efficient can benefit you
as an engineer. The band will be happy that they didn't go over budget and they
are likely to feel more satisfied with the outcome of the session. The ways to be
efficient are to plan ahead, be organized, and communicate effectively. Chapter
9 covers studio session procedures in detail.

HOW TO MEET PEOPLE TO RECORD

Another benefit of having decent communication skills and being a likeable person
is that it will help you make connections and meet people to record. A great way
to meet bands and musicians is to run live sound. This will be discussed further in
Chapter 13. Running live sound gives you access to potential clients every night. If
you aren't running live sound, go out and see local shows and get to know some
people and musicians in your town. If people get to know you and like your vibe,
they may trust you to record their music. As mentioned earlier, this is a word-of-
mouth business. You have to get out there so that people know you and will want
to record their music with you. It will be hard for people to discover you and your
audio skills if you never leave your bedroom!
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Playing in a band can also help you meet other musicians and bands. I met
many bands that I ended up recording this way. Your first clients, or guinea pigs,
may be your own band if you play in one or maybe a friend’s band. Offer to
record your own band or a band that you know for free. Get the experience and
don't worry about the money. Your band mates or your friend’s band may be
a little more understanding of your limited skills and would love a free demo
while you learn the ropes. Don't be afraid to tell people what you do but don't
act too anxious, cocky, or pushy about it.

You may be lacking in technical skills when you first get started, so having these
other skills can compensate for your lack of technical prowess. Don’t underrate
people skills! Good communication skills, time management, knowing your
local music scene, and patience can only add to your value. Remember that
recording is more than turning knobs. I can’t stress how important it is to make
a recording session run as smoothly as possible. Don’t forget your reputation is
built by word-of-mouth from your clients and your job is to serve the client. If
even just one client has a problem with you or your attitude, that could affect
your future business. Bite your tongue if necessary and don’t take things too
personally. My former band manager gave me some good advice early on in my
career, “don’t burn bridges, no matter what.”



