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Introduction

A musical work of art is avery complex
combination of pieces integrated together
in away that conveys great emotion, passion
and personality. Creating sonic ingredients
that fit tightly together as a powerful and
cohesive—yet musical—unit isn't dways
an easy task.

An excellent engineer drives at each
step to maximize the integrity of the audio
signal. An excellent producer strives at
each step to maximize the integrity of the
musical work. An excellent musician srives
on each take to provide the very best and
most musical performance possible. An
excellent songwriter strives to craft each
lyric into the most powerful and impacting
word picture. Music is teamwork!

Each of us in the audio world must at
some point grasp the concept that details
matter. An inexperienced recordist/pro-
ducer is often pleased tojust get an audio
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signa recorded. Many tracks are printed
as "close enough" or left until mixdown,
where an attempt will be made to polish
them up. At the same time, that

recordist/producer wants their music to

sound as good as their favorite recording.

This approach is flawed.

If we want our music to compete with
what we hear on the radio our standards
must stay high at each stage. Always hold
out for the best take, or the perfect
sound, or the most passionate and emo-
tional ddivery. Remember, we're al
competing with teams of wonderfully
creative and talented people trying their
hardest to take the art of music to the
next level. | love aphrase that | picked
up along time ago from Andy Byrd at
Warner Chappell in Nashville. Doing a
fair amount of work together, we'd work
through the parts with the players and
singers until we had a great take, then
he'd often come back with, "Okay, that's
great! Well save that one. Now let's take
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it alittle further." I've adopted that phi-
losophy in dl | do. Get whatever you're
doing to where it seems as good as you
can get it. Then, reevaluate to see if
there's any possible thing you can do to
"take it alittle further."

When considering equalization, reverbs,
and delays drive to shape each sound into
1 finely honed puzzle piece. Sculpt avay
ingredients that aren't necessary and
smooth off rough edges so each piece fits
together to form awork that has strength,
power, and integrity. Too often, we want to
just turn atrack up, then "throw alitde
reverb" on it orjust "boost the lows alittle"
or perform other very general nonspecific
operations. Then we wonder why the mix
is muddy or why it sounds quiet while the
levels look hot or why it's too boomy in
the car, and on, and on.

This book contains techniques and
information that will help you begin to
findy craft your music for optimum
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power and a competitive edge in the mar-
ketplace. Pay attention to these details
and you will soon see your music take a
guantum leap forward in every way. That's
cooll Now let's "take it alittle further."

Integrating EQs, Reverbs and Delays

It'll be difficult to effectively utilize any of
these tools if they're not connected and
integrated in the manner that's most effi-
cient for the application. Thorough
understanding of the following types of
component integration and signa path
routing will give you confidence in the
integrity of your audio signal.

Channel Insert

Most modern mixers have what is caled a
channel insert. Thisis the point where a
piece of outboard signal processing can
be plugged into the signal path on each
individual channel. If your mixer has
inserts, they're probably directly above or
below the microphone inputs.

Sound Advice on Equalizers, Reverbs & Delays

Channel Insert

Many mixershavea channel insert. Thisisthepoint wherean outboard signal
processor can beplugged into thesignal path. A diannel insert hasa send that
routesthesignal, usually asit comesout ofthepreamp, totheprocessor. The
output ofthesignal processor isthen patched into thereturn ofthechannel
insert. Thiscompl etesthesignal path. Thesignal then continuesonitsway

through. theEQ circuit and on through therest ofitspath.

A channel insert lets you access only
orm channel at atime and is used to
include a signd processor in the signal
path of that specific channel. The proces-
SOr you insert becomes a permanent part
of the signal path from that point on. An
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insert is especialy useful when using a
compressor, gate dr other dynamic
processor.

5imple 5end and Return Channel Inserts

With thissort of setup, the send and return aresaid to be normalled, because
theyarenormallyconnectedtogether.

Contact at these points connects the sends

to the returns when there’s no jack inserted.

The audio signal flows through this patch
_/ point unaffected until you plug into the jack.

y4
< ) vﬁw <€— From mic pre

Normalled Connections

Vo v —y Continue through
> e signal path
- Plugging into the jack breaks the
Breaking the Normal

contact here. When these points
don’t touch, the send and the return
_~~ aren’'t connected through the normal.
. s
R —— <€— From mic pre

N v =5l

Continue through
signal path
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Jumpered Send and Returns

Viesend and return are only connected when thejumper isplugged into both
lacks at once. Ifthisjumper isremoved, you won't hear thesignal. When out-
board processingisneeded, simply removethejumper, patchthesendtoite

Processor i nput, thenpatch theprocessor output tothe. return.

A channel insert utilizes a send to
send the signa (usualy as it comes out of
the preamp) to the signal processor. The
signal processor output is then patched
into the return of the channel insert.
This completes the signal path, and the
signal typicaly continues on its way
through the EQ circuit and on through
the rest of its path.
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effects. The output of the effect is then
The Single Insert Jack plugged into the effects returns or open
channels on the mixer. Thisis good for

To utilize this type ofinsert, you must use a special Y cable, like the one below reverbs and multi-effects [processors.

(male tip-ring-sleeve stereo 1/4" phone plug to two female tip-sleeve mono
1/4" phonejacks). You can also use a special cable with one tip”ring-skeve The Effects Bus

male and two tip-sleeve male connectors. Plug the male stereo phoneplug into When we discuss the input fadersas a

group, we're talking about a bus. The
term bus is confusing to many, but the
basic concept of a bus is simple—and verf
important to understand. A bus usually
Frommilc pts refers to arow of faders or knobs.

the insert. Next, use a line cable to conned one of thefemale mono connectors
to the processor inpu% and patch the output of the processor into the other
i female mono connector. You might need to experiment to determine which of

the mono connectors& s the send and which is the return.

Continue through
— signal path

__ \ If you think about a city bus, you know
N e L that it has apoint of origin (one bus depot)
and a destination (another depot), and
you know that it picks up passengers and

A channel insert and an effects bus are
similar in that they deal with signal pro-
cessing. An insert affects one channel only.
Inserts are ideal for patching dynamics
processors into a signa path. An effects
bus (like aux 1 or aux 2) letsyou send a
mix from the bus to an effect, leaving the
master mix on the input faders without

Sound Advics on Equalizers. Hev&rbs & fialays

delivers them to their destination. That's
exactly what a bus on a mixer does. For
example, in mixdown the faders bus has a
point of origin (the tape tracks) and a
destination (the mixdown recorder). Its
passengers are the different tracks from
the muMtrack.
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Aux Bus with Pre and Post

OnAux 1, thePre-Post switchisset toPre, letting
theAux | busfiear thesignal from the channel input
beforeit gets to the£Q andfader. On Aux 2, the
Pre-Post switch isset to Post, lettingtheAux 2 bus
hear the signal fromtfie channel input after it has

gone through the EQ andfader circuitry.

Most mixers also have auxiliary buses,
or effects buses. Aux buses (also called
cue sends, effects sends or monitor sends)
operate in the same way as the faders bus.
An aux bus (another complete set of
knobs or faders) might have its point of
origin at the multitrack or the mic/line
inputs. It picks up its own set of the avail-
able passengers (tracks) and takes them
to their own destination (usudly an
effects unit or the headphones).

Sound Advice on Equalizers, Reverbs & Delays

When abus is used with an effect, like
areverb, delay or multi-effects processor,
the individual controls on the bus are
called effects sends because they're send-
ing different instruments or tracks to the!
effects unit on this bus. The entirebus is
aso called a send.

Return is a term that goes with send.
The send sends the instrument to the
reverb or effect. The return accepts the
output of the reverb or effect as it returns
to themix.

Pre and Post Fader

Aux buses often include a switch that
chooses whether each individual point in
the bus hears the signa before it gets to
the EQ and fader (indicated by the word
pre or pre fader) or after the EQ and
fader (indicated by the word post or post
fader).

Pre letsyou set up amix that's totally
separate from the input faders and EQ.
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Thisis good for headphone sends. Once
the headphone mix is good for the musi-
cians, it's best to leave it set. You don't
want changes you make for your listening
purposes to change the musicians' mix in
the phones.

Post is good for effects sends. A bus used
for reverb sends works best when the send
to the reverb decreases as the instrument or
voice fader is turned down. Post sends are
perfect for this application since the send is
after and dependent on the fader. As the
fader isincreased and decreased, o is the
send to the reverb, maintaining a constant
bal ance between the dry and affected
sounds. If apre send is used for reverb, the
channel fader can be dff, but the send to
the reverb is dill on. When your channel
fader is down, the reverb return can ill be
heard, loud and clear.

Using the Aux Bus
Imagine there's guitar on track 4, and it's
turned up in the mix. We hear the guitar

tSound Advice on Equalizers, Revehbs & Delays

clean and dry, Dry means the sound is
heard without effects. The guitar in Audio
Example 1lisdry.

Audio Example 1

Dry Guitar

If the output of aux bus 1 is patched
into areverb, and the aux 1 send is turned
up at channel 4, we should see areading
at the input meter of the reverb when the
tape isrolling and the track is playing.
This indicates that we have a successful
send to the reverb.

The reverb can't be heard until we
patch the output of the reverb into either
an available, unused channel of the mixer
or into a dedicated effects return. If your
mixer has specific effects returns, it's often
helpful to think of these returns as smply
one or more extra channels on your mixer.

Once the effects outputs are patched
into the returns, raise the return levels on
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the mixer to hear the reverb coming into
the mix. Find the adjustment on your
reverb that says wet/dry. The signa coming
from the reverb should be 100 percent wet.
That means it's putting out only reverber-
ated sound and none of the dry sound.
Maintain separate control of the dry track.
Get the reverberated sound only from the
completely wet returns. With separate wet
and dry control, you can blend the sounds
during mixdown to producejust the right
sonic blend. Listen to Audio Examples 2, 3
and 4 to hear the dry and wet sounds
being blended in the mix.

Audio Example 2

Dry Guitar

o Audio Example 3

neverD oniy

Audio Example 4

B'ienéing wet and Dry

Sound Advice on Equalizers, RevBrbs & belays

The Equalizer

Equalization principles apply to al equal-
izers. Parameter control options vary
between EQ types but a thorough under-
standing of the principles behind EQ
adjustments gives you the ability to
instantly shape audio tonal character to fit
your musical needs. Whether using the
EQ section of a console channel, or an
expensive outboard unit, the following
material provides a foundation for creat-
ing powerful and well-balanced music.

The equalizer or EQ section on a con-
sole channel is usually located at about
the center of each channel and is definitely
one of the most important sections of the
mixer. EQis aso called tone control;
highs and lows, or highs, mids and lows.
Onboard EQ typicdly has an in/out Of
bypass button. With the button set to fa*
your signa goes through the EQ. With
the button set to out or bypass, the EQ
circuitry is not in the signa path. If you're
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not using EQ, it is best to bypass the circuit
rather thanjust set dl of the controls to
flat (no boost and no cut). Any time you
bypass a circuit, you eliminate one more
possibility for coloration or distortion.

From a purist's standpoint, EQis to be
used sparingly, if a all. Before you use
EQ, use the best mic choice and tech-
nique. Be sure the instrument you're
miking sounds its best. Trying to mike a
poorly tuned drum can be a nightmare.
It's a fact that you can get wonderful
sounds withjust the right mic injust the
right place onjust the right instrument.
That's the ideal.

From a practical standpoint, there are
many situations where using EQ is the
only way to a great sound on time and on
budget. This is especialy true if you don't
own al of the right choice mics. During
mixdown, proper use of EQ can be para-
mount to areally outstanding sound.

Sound Advice an Equalizers, Reverts fie Delays

Proper control of each instrument's
unique tone (also called its timbre) is one
of the most musical uses of the mixer, so
let's look more closdly at equalization.

There are several different types of EQ
on the hundreds of different mixers avail-
able. What we want to ook at are some
basic principles that are common to all
kinds of boards.

We use EQ for two (Wferent purposes:

1. to get rid of (cut) part of the tone
that we don't want.

2. to enhance (boost) some part of the
tone that we do want.

Hertz

When we use the term Hertz or frequency
we're talking about a musical waveform
and the number of times it completes its
cycle, with a crest and atrough, per second.

InstantPro Series



Amplitude, Frequency, Length and Speed
Four important characteristics of sound
waves are: amplitude, frequency, length
and speed.

Amplitude, Frequency, Length and Speed

1. Amplitudeisindicated by the height ofthe crest and the depth of the

trough. Wave B hds twice the amplitude of Wave A, moving twicetheair,

2. Frequency isthe number oftimesthewave completesits360° cyclein

second. Thisisexpressedashertz, abbreviatedHz.

3. Wavelength can bemathematically Cal culated asthe speed of sound

(approximately 1130feet per second) divided by thefrequency of thetoavefo

inHz (i.e,, wavelmgth=1130+Hz).

*  28Hz=40.36 feel
(lowest note on the piano)

o 100Hz=11.3 feet

* IkHz = 1.13 feet

o 4186Hz = .27 feet or 3.24 inches

(highest note on the piano)

Wave A

0 —1= Ty | |
=
>

Time

| \ [ Wavle B
e <t

Air Pressure Air Pressure

® 10kHz = .113 feet or 1.36 inches

* 20kHz =.0565 feet or .678 inches

Sound Advice on Equalizers, Hevarbs & Delays

Amplitude expresses the amount of
energy in awaveform (the amount of air
being moved). In our graphic representa-
tion of the sine wave, the amplitude is
indicated by the height of the crest and
the depth of the trough. Wave B has twice
the amplitude of Wave A and, therefore,
moves twice the amount of air.

Frequency is the number of times the
wave completesits 360" cycle in one second.
This is expressed as hertz, abbreviated Hz.
One thousand Hz is expressed in kilohertz
and is abbreviated kHz. A frequency like
12,000Hz is abbreviated 12kHz or is Ssmply
expressed as 12k.

Each frequency has its own length
(the number of feet sound travels while it
completes one 360° cycle). Wavelength
can be mathematically calculated as the
speed of sound (approximately 1130 feet
per second) divided by the frequency of
die waveform in Hz (i.e., wavelength =
1130-rHz).
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As areference, the human ear can

hear a range of frequencies from about Equalization Curve
20Hz at the low end to about 20,000Hz at
the high end. 20,000Hz is adso called 20 hostingor cuttingaparticular frequency also boostsor Hutsthefrequencies
kilohertz or 20kHz. nearby. Ifyou boost 500Hz on an equalizer, 500Hz isthe center point of a
curve being boosted. Keepin mind that a substantial range of frequencies
The ability to hear the effect of isolat- might be boosted al ongxvith thecenter point ofthecurve. Theexactrange& fi
ing these frequencies provides a point of frequencies boosted isdependent upon the shape of the cutoe.
reference from which to work. Try to s
m
learn the sound of each frequency and Sl :i ******************
the number of hertz that goes with that gL /\
sound while visualizing a curve with its ol 220 40 100 200 500 Tk 2 4k sk
center point at that frequency. S T3
18
Listen to the effect that cutting and
boosting certain frequencies has on Audio 'y
e Audio Example 6
- Examples 5 through 13. BT
v Audio Example 5 Audio Example 6 demonstrates a boost then a cut
: o at 120Hz

Audio Example 5 starts outflat (meaning no fre-

quenciesarecut or boosted). Noticea boost at 60Hz & Audio Example 7

240Hz
followed by a cut at 60Hz.
Audio Example 7 demonstrates a boost then a cut

at 240Hz

Sound A&slige_-&m Equalizers. Reverbs & Delays InstantPro  Series



Audio Example B demonstrates a Boost then a cut
at 500Hz.

Audio Example 9

1kHz

Audio Example 9 demonstrates a boost then a cut at
1kHz

Audio Example 10
2KkHz

Audio Example 10 demonstrates a boost then a cut
at 2kHz

Audio Example 11
4kHz

Audio Example 11 demoftstratesa boost then u put
at 4kHz.

Audio Example 12
8kHz

Audio Example 12 demonstrates a boost then a cut
at 8kHz.

Sound Advice on Equalizers,-- Reverbs & Delays

Audio Example 13 demonstrates a boost then a cut
at 16kHz.

Our god in understanding and recog-
nizing these frequenciesis to be able to
create sound pieces that fit together. The
frequencies in Audio Examples 5 through
13 represent most of the center points for
the diders on a 10-band graphic EQ.

If the guitar track has many different
frequencies, it might sound great al by
itsdlf. If the bass track has many different
frequencies, it might sound great al by
itsdlf. If the keyboard track has many dif-
ferent frequencies, it might sound great
al by itsdf. However, when you put these
instruments together in a song, they can
get in each other'sway and cause problems
for the overall mix.
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Idedlly, we'll find the frequencies that Listen to Audio Example 15 as | turn

are unnecessary on each track and cut down a frequency with its center point at
those and then locate frequencies that we 250Hz. It sounds much better because
like on each track and enhance, or boost, I've turned down the frequency range
those. If we keep the big picture in mind that typicdly clouds the sound.

while selecting frequencies to cut or £ I

boost, we can use different frequencies on

the different instruments and fit the SR

pieces together.

) Audio Example 16
T Guitar (Flat)

For instance, if the bass sounds muddy

and needs to be cleaned up by cutting at Audio Example 16 demonstratesaguitar recorded
about 250Hz and if the high end of the flat.

bass could use a little attack at about y ™

2500Hz, that's great. When we EQthe o)
electric guitar track, it's very possible that Guitar (Boost 250H2)

we could end up boosting the 250Hz Audio Example 17 demonstrates the guitar with a
range to add punch. That works great boost at 250Hz. Thisfrequencyis typical for
because wevejust filled the hole that we adding punch to the guitar sound.

created in the bass EQ.

' Audioi Egrple 14 QG Guitar and Bass Together
_ Bass (Flat

Audio Example 18 demonstrates theguitar and

AudioExample 14 demonstratesabassrecorded bassblendingtogether . Noticehoweachpart-
without EQ (flat). becomesmor eunder standabl eastheEQisinserted.

jjSound Advice on Bguatizer$, Reverbs & Delays InstontPKt r



In amix, the lead or rhythm guitar
doesn't generally need the lower frequen-
cies below about 80OH2. Yau can cut those
frequencies subgantidly (if not completely),
minimizing interference of the guitar's
low end with the bass guitar.

If the guitar needs a little grind
(edge, presence, etc.) in the high end,
select from the 2 to 4kHz range. Since
you have already boosted 2.5kHz on the
bass guitar, the best choice is to boost 3.5
to 4kHz on guitar. If these frequencies
don't work well on the guitar, try shifting
the bass high-end EQ dightly. Find different
frequencies to boost on each instrument—
frequencies that work well together and
still sound good on the individual tracks.
If you avoid equalizing each instrument at
the same frequency, your song will sound
smoother and it'll be easier to listen to on
more systems.

Sound Advieeon Equalizers. R&i/<&r&?s &. Datays

Definition of Frequency Ranges

The range of frequencies that the human.'
ear can hear is roughly from 20Hz to
20kHz. Individual response may vay,
depending on age, climate and how many
rock bands the ears' owner might have
heard or played in. This broad frequency
range is broken down into specific
groups. It's necessary for us to know and
recognize these ranges.

Listen to Audio Examples 19 through
29 as | isolate these specific ranges.

Audio Example 19

Flat

_ Audio Example 20
Highs (Above 3.5KkHz)
- Audio Example 21
Mids (250Hz to 3.5kHz)
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Audio Example 22

Lows (Below 250Hz)

These are often broken down into
more specific categories. Listen to each of
these more specific ranges.

Audio Example 23

Flat (Reference)

Audio Example 24

Brilliance

Audio Example 25

Fresence

Audio Example 2

l

Upper Midrange

Audio Example 27

Lower Midrange

Audio Example 28

Bass

Sound Advice on Equalizers. Reverbs & Delays

( *1 Audio Example 29
S Sub-bass

Frequency Ranges 1
Therange offrequencies that the human ear can hear is roughlyfrom 20Hz
to 20kHz. This broadfrequency rangeis broken down into specificgroups. Ifs
necessarytoknowandrecogni zetheseranges.

* highs—above 3.5kHz

* tnids—between 250Hz and 3.5kHz

* lows—Dbelow 250Hz

Thesear eoftenbr okenintomor eSpecificcategories:

* brilliance—above 6kHz

*  presence—3.5-6kHz

e upper midrange—1.5-3.5kHz

* |ower midrange—250Hz-1.5kHz

*  bass—60-250Hz

sub-bass—below 60Hz

G — FrequencyinHz —

——— Lows Mids Highs
e | | | | | | “ | | |

I I
20Hz 40Hz 100Hz 200Hz 500Hz 1kHz 2kHz 4kHz 8kHz 16kH

e . - —'h—.,—f—,_m_.v_Ld

0 o] @ @©
(0] 0 h% ,_8, 5] Q
@ @ = [T = = =
Q @ =d o @ o B

i o 1] =
2 oo - @ =
= —t e o= = =
2] = = o o
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Some of these ranges may be more or
less audible on your system, though
they're recorded at the same level. Even
on the best system, these won't sound
equally loud because of the uneven fre-
guency response of the human ear.

Bandwidth

Bandwidth has to do with pinpointing
how much of the frequency spectrum is
being adjusted. A parametric equalizer has
a bandwidth control. Most equalizers that
don't have a bandwidth control cut or
boost a curve that's about one octave wide.
A one-octave bandwidth is specific enough
to enable us to get thejob done but not
so specific that we might create more
problems than we eliminate. Bandwidth is
sometimes referred to as the Q.

A wide bandwidth (two or more octaves)
is good for overal tone coloring. A narrow
bandwidth (less than half an octave) is
good for finding aproblem frequency
and cutting it.

Sound Advice on Equalizers, Reverbs, & Delays

Bandwidth (The Q)

Manyequalizer sprovidecontrol oxfer thewidthof thecurvebei ngmani pul ated.

Notice thediffering bandwidthsin thisillustration,. Refer to bandxaidth in

octavesor fractionsof an octave.

+ Band #1 is about one octave wide.

Band #Jis about two octaves wide.

Band #5i s abouthalf& n Octavetoide.

—+8
- +6
— +4
- 4+2

Boost in dB
11

#1 #3

wAuY A 1§

|
|

Cut in dB

|
1
o & & R

T i ] T T i i
20Hz 40Hz 100Hz 200Mz 500Hz ~1kHz 2kHz @ 4kHz 8kHz

#2

- Frequency in Hz —_—

2-Band Onboard EQ

A simple, personal multitrack might only
have adjustment for highs and lows. These
are each centered on one frequency. Highs
are usualy between 8 and 10kHz, lows
around IO0OHz
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This type of EQcan be of some help.
For instance, it can help on the guitar
track to cut the lows in order to say out
of the way of the bass guitar. Also, on the
cymbals you can boost the highs for
added brilliance.

If you only have two bands of EQ, con-
sider buying a good outboard graphic or
parametric EQ. Thisisn't asflexible as
having great EQ built in to adl your mixer
channels, but with pre-planning of your
arrangement and instrumentation, it is
possible to get lots of mileage out of one
good EQ. In the 4-track world, pre-planning
Is the answer to nearly al problems.

Some EQs cut or boostjust one fixed
frequency. A button near the cut/boost
knob can select between two predetermined
frequencies.

Sound Advice on Equalizers, Reverts & Delays

Selectable Frequencies

Two bands of EQ are available on each knob,
enablingaccesstoeight frequencybands. Pressing
theFrequencySel ectbuttondeter mineswhichfre-
guency isboosted or cut. Each knob adjustsone

frequency or theother, not both at thesametime.

Sweepable EQ

A lot of mixers have sweepable EQ (aso
called semi-parametric EQ). Sweepable
EQ dramatically increases the flexibility of
sound shaping. There are two controls
per sweepable band:

1. A cut/boost control to turn the
selected frequency up or down.

Instanipro Series



2. A frequency selector that letsyou
sweep a certain range of frequencies.

Thisisavery convenient and flexible
EQ. With the frequency selector, you can
zexo in on the exact frequency you need to
cut or boost. Often, the kick drum has one
sweet spot where the lows are warm and
rich or the attack on die guitar is at avery
specific frequency. With sweepable EQ, you
can set up aboost or cut, men did in the

frequency that breameslife into your music.

Mixers that have sweepable EQ amost
dways have three separate bands on each
channel: one for highs, one for mids and
one for lows. Sometimes the highs and
lows are fixed-frequency equalizers but
the mids are sweepable.

Parametric EQ

Thisis the most flexible type of EQ. It
operatesjust like a sweepable EQ but
provides one other control: the band-
width, or Q.

Sound Advice Oft Equalizers, Reverbs & Delays

Sweepable EQ

Asweepableequalizer hasa
cut/boost control todeterminethe
severity of EQ. Thefrequency
selector letsyouslidetheband
throughout aspecificrange.

Equalization likethisprovides

7

10kHz
1’ 1

easy and rapid location ofjust < Y

therightfreguency band to cut or

boast.

With the bandwidth control, you
choose whether you're cutting or boost-
ing a large range of frequencies or a
very specific range of frequencies. For
example, you might boost a four-octave
band centered at IOO0OHZz, or you might
cut a very narrow band of frequencies, a
guarter of an octave wide, centered at
(000 274
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Parametric EQ

Thewidth of the sel ectedfregquency
band i$ controlled by the (I
adjustment (also called band-
width). CurveA isavery broad

toneControl. Curve2?#avery

specific pinpoint boost The Q ca- .
vary infinitelyfrom its widest Boost/Cut

bandwidth to its narrowest.

Frequency and Boost/Cut operate

Narmow Wite

like the sweepableEQ. Theonly Bandwidth (Q)

differencebetweensweepabl eand
parametric EQis the addition of

theparametric” bandwidth control.

With a tool like this, you can create
sonic pieces that fit together like a glove.
A parametric equalizer is agreat addition
to your home studio. They are readily
available in outboard configurations and
some of the more expensive consoles even
have built-in parametric equalization.
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Fitting EQs Together

TheseEQsworkwel | together, becausewher ethekick drumhasaboost, the

bassguitar has a cut, and vice versa. This use of EQ resultsin the two

sounds being independently distinguishable, and it minimizestherisk of

accumulating #% abundance ofoneparticular frequency.

Boost in dB CutindB Boostin dB
L 1

Cutin dB

~ +B
| +6

,ﬁ;/\ ™
I | | E [} I/I\

T 1 1 ]
@Mz 60Hz 120Hz 250HNS00Hz thHz Diz dkHz BkHz 16kHz
.4 Kick Drum

L]

| -6

| +6
L +4
- +2 Bass Guitar

L} 1 1

| | 1 I/\k
T 1 | | 1 ] T
0N 60z 120Kz 260Hz S00Hz TkHz 26z e Bz ek
| s

L -5
L -8

Graphic EQ

This is called a graphic equalizer because
it's the most visualy graphic of al EQs.
It's obvious, at a glance, which frequencies
you've boosted or cui.
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A graphic equalizer isn't appropriate
to include in the channels of a mixer, but
itis a standard type of outboard EQ. The
graphic EQs that we use in recording have
10, 31 or sometimes 15 individual diders
that each cut or boost a set frequency with
a set bandwidth. The bandwidth on a 10-
band graphic is one octave. The bandwidth

on a 31-baiad graphic is onethird @f aa
octave.

Notch Filter

A notch filter is used to seek and destroy
problem frequencies, like a high-end
squeal, ground hum or possibly a noise
from a heater, fan or camera

Graphic Equalizer Notch filters have avery narrow band-
width and are often sweepable. These:
The 10-band graphic EQprovidesgood gener al sonic shaping. Each slider filters generally cut only.

controlsaoneoctave bandwidth. For moredetailed and specificcontrol, try
usinga31-band graphic equalizer, whereeach slider controlsonethird ofan Highpass Filter
A highpass filter lets the high frequencies
pass through unaffected but cuts the low
frequencies, usualy below about 80Hz. A
1#?-[_ highpass filter can help minimize 60-cycle
e "‘f"‘“"’m e "‘”‘ "““““""‘ hum on a particular drack by filtering, or
_ turning down, the fundamental frequency

ﬁ! H {{{ Hifi| of the hum.

Zﬂ b B 1 ‘D 50 60 B lw‘!ﬁmmwsismmmm 5 3 & 453154 5 &3 H 10 125 18 29 Highp% filte,.s function Vay Wdl
B 2 "?%%'Sﬂ'ilfrfe“r“s’h'éii when you need to eliminate an ambient
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rumble, like afurnace in the background
or street noise that leaks into a vocal mic.

L owpass Filter

A lowpass filter lets the low frequencies
pass through unaffected and cuts the
highs, usually above about 8 to 10kHz.
These filters have many uses. For instance,
a lowpass filter can help minimize cymba
leakage onto the torn tracks, filter out a
high buzz in a guitar amp or filter out
string noise on a bass guitar track.

Highpass and lowpass filters are a
specific type of equalizer called a shelv-
ing equalizer. A shelving EQ leaves al
frequencies flat to a certain point, then
turns al frequencies above or below that
point down or up at a rate specified in
dB per octave. Most high- and lowpass
filters roll off the highs or lows at a rate
between 6 and 12dB per octave.

Shelving equalizers are useful when try-
ing to get rid of unnecessary frequencies

Sound Advice on Equalizers, Reverbs St Delays

on the individua tracks. For example, pn a
bass guitar or kick drum track, the frequen-
cies above 8k or so are typicdly usdess.
Applying the lowpass filter here could help
get rid of any tape noise or leskage in the
high frequencies on these tracks.

Use of these filters might be barely
noticeable. That's good because it indicates
that we're keeping the part of the signal
we want and filtering out the frequencies
that we don't need. Some mixers include
sweepable shelving EQ (adjustable high-
and lowpeass filters). With sweepable shelv-
ing EQ, you can carve away at the highs
and lows of each track to totaly eliminate
unnecessary frequency conflicts. Be sure,
though, that you're not robbing your
music of life-giving upper harmonics.

Remember, even with the multitude of
equalizers available, don't use EQfirst to
shape your sounds. First, get as close to the
sound you want using mic choice and mic
technique, then use EQ if it's necessary.

InatantPro Series



Delay Effects

A delay doesjust what its name says. it
hears a sound and then waits for awhile
before it reproduces it. Current delays are
smply digital recorders that digitally
record the incoming signal and then play
it back with a time delay selected by the
user. This time delay can vary from unit to
unit, but most delays have arange of delay
length from a portion of a millisecond up
to one or more seconds. Thisis caled the
delay time or delay length and is variable
in milliseconds.

Almost al digital delays are much
more than simple echo units. Within
the delay are dl of the controls you
need to produce slapback, repeating
echo, doubling, chorusing, flanging,
phase shifting, some primitive reverb
sounds and any hybrid variation you can
dream up.
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Slapback Delay

The smplest form of delay is called a slap
back. The dapback delay is a single repeat of
the 9gnd. Its dday time isanything above
about 35ms. Any single repeat with adelay
time of less than 35msis called adouble.

To achieve a dlapback from a ddlay,
smply adjust the delay time and turn the
delayed signal up, either on the return
channel or on the mix control within the
deay.

For a single dapback delay, feedback
and modulation are set to their off pos-
tions. Slapback delays of between 150ms
and about 300ms are very effective and
common for creating a big voca or guitar
sound.

D Audio Example 30

250ms SlapbacK

Audio Example 30 demonstrates a track with a
250msslapback delay.
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Slapback delays between 35 and 75ms The vocal track in Audio Example 32

are very effective for thickening avoca or starts with a simple single dapback, then
instrumental sound. the feedback raises until we hear three or
AP four repeats.
50mS5 Slapback @F 0 0  Audiobxamples?
. e Y Repeating Delays
Audio Example 31 demonstrates a tr®ck vinthm
50msdelay.
Why does a smple delay make a track
Slapback delay can be turned into a sound so much bigger and better? Delay
repeating delay. This smooths out the gives the brain the perception of listening
sound of a track even more and is in alarger, more interesting environment.
accomplished through the use of the As the delays combine with the original
regeneration control. Thisis aso called sound, the harmonics of each part combine
feedback or repeat. In interestingways Any pitch discrepancies
are averaged out as the delay combines
This control takes the delayed signal with the original signal. If a note was
and feeds it back into the input of the sharp or flat, it's hidden when heard
delay unit, so we hear the original, the aong with the delay of a previous note
delay and then a delay of the delayed that was in tune. This helps most vocal
signal. The higher you turn the feedback sounds tremendously and adds to the
up, the more times the delay is repeated. richness and fullness of the mix.
Practically speaking, anything past about
three repeats gets too muddy and does The human brain gets its cue for room
more musical harm than good. gze from the initial reflections, or repeats,
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that it hears off surrounding surfaces.
Longer delay times indicate, to the brain*
that the room is larger. The dlapback is
really perceived as the reflection off the
back wal of the room or auditorium as
the sound bounces back (daps back) to
the performer. Many great lead vocd tracks
have used a simple dapback delay as the
primary or only effect. Frequently, this deay
sounds cleaner than reverb and has less of
a tendency to intrusively accumulate.

Slapback delay is typicaly related in
some way to the beat and tempo of the
song. The delay is often in time with the
eighth note or sixteenth note, but it's dso
common to hear a dapback in time with
the quarter note or some triplet subdivi-
sion. The delay time can add to the
rhythmic fee of the song. A delay that'sin
time with the eighth note can redly
smooth out the groove of the song, or if
the delay time is shortened or lengthened
just dighdy, the groove may feedl more

Spund Advice on Equalizers, Reverbs 8e Delays

aggressive or relaxed. Experiment with
dight changesin delay time.

It's easy to calculate the delay time, in
milliseconds, for the quarter note in your
song, especidly when you'reworking from
a sequence and the tempo is already
available on screen. Smply divide 60,000
by the tempo of your song (in beats per
minute). 60,000 -f bpm = delay time per beat
in milliseconds (typicdly the quarter note).

Doubling

A single delay of less than 35msis called a
double. This short delay can combine
with the original track to sound like two
people (or instruments) on the same part.
Often, performers will actually record the
same part twice to achieve the doubled
sound, but sometimes the electronic
double is quicker, easier and sounds more
precise. Audio Example 33 demonstrates
an 11ms delay (with no feedback and no
modulation) combined with the original
vocal. At the end of the example, the
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original and the delayed double pan
apart in the stereo spectrum. This can
be a great sound in stereo, but is a
potential problem when summing to
mono.

Audio Example 33
11ms Vocal Delay

When doubling, use prime numbers
for delay times. You'll hear better results
when your song is played in mono. A
prime number can only be divided by one
anditdf (eqg., 1, 3,5, 7, 11, 13, 17, 19,
23,29 and soon).

Sometimes the LFO comtrol is labeled
modul ation.

As the LFO is dowing down and speed-
ing up the delay, it's speeding up and
dowing down the playback of the delayed
signal. In other words, modulation actual-
ly lowers and raises the pitch in exactly
the same way that a tape recorder does if
the speed is lowered and raised. Audio
Example 34 demonstrates the sound of the
LFO varying the delay time. This example
starts subtly, with the variation from the
original going down dightly, then back
up. Findly, the LFO varies dramatically
downward, then back up again.

Modul ation AT
The modulation control on adeay is for

O | Audio Example 34
creating chorusing, flanging and phase A

=4 The LFO
shifting effects. The key factor here is the
LFO (low frequency oscillator); its function
is to continually vary the delay time. The
LFO is usualy capable of varying the
delay from the setting indicated by the
delay time to half of that value and back.
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On most usable effects, these changes
in pitch are dlight and ill within the
boundaries of acceptable intonation, so
they aren't making the instrument sound
out of tune. In fact, the dight pitch
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change can have the effect of smoothing
out any pitch problems on a track.

Asthe pitchisraised and lowered, the
sound waves are shortened and lengthened.
When two waveforms follow the same
path, they sum together. The result is
twice the amount of energy. In addition,
when two waveforms are out of phase,
they work against and cancel each other,
either totally Or partially.

When the modulation is lengthening
and shortening the waveform and the
resulting sound is combined with the orig-
inal signal, the two waveforms continually
react together in a changing phase rela-
tionship. They sum and cancel at varying
frequencies. The interaction between the
original sound and the modulated delay
can simulate the sound we hear when
severd different instrumentalists or vocal-
ists perform together. Even though each
member of a choir tries their hardest to
day in tune and together rhythmically,

Sound Advice on Equalizers. Reverbs & Delays

they're continually varying pitch and tim-
ing. These variations are like the
interaction of the modulated delay with
the original track. The chorus setting on
an effects processor is simulating the
sound of a real choir by combining the
original signa with the modulated signal.

The speed control adjusts how fast the
pitch raises and lowers. These changes
might happen very dowly, taking a few
seconds to complete one cycle of raising
and lower the pitch, or they might hap-
pen quickly, raising and lowering the
pitch several times per second.

Audio Example 35 demonstrates the
extreme settings of speed and depth. It's
obvious when the speed and depth con-
trols are changed here. Sounds like these
aren't normally used, but when we're using
achorus, flanger or phase shifter, thisis
exactly what is happening, in moderation.
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Extreme 5peed and Depth

Phase Shifter

Now that we're seeing what al these con-
trols do, it's time to use them al together.
Obvioudy, the delay time is the key player
in determining the way that the depth
and speed react. If the delay time is very,
very short, in the neighborhood of Ims or
so, the depth control will produce no
pitch change. When the original and
affected sounds are combined, we hear a
distinct sweep that sounds more like an
EQ frequency sweeping the mids and
highs. With these short delay times, we're
really simulating waveforms, moving in
and out of phase, unlike the larger
changes of singers varying in pitch and
timing. The phase shifter is the most sub-
tle, sweeping effect, and it often produces
a swooshing sound.
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Audio Example 36 demonstrates thesou?id ofa
phaseshifter.

Fianger

A fianger has a sound similar to the phase
shifter, except it has more variation and
color. The primary delay setting on a
fianger is typicaly about 20ms. The LFO
varies the delay from near Oms to 20ms
and back, continually. Adjust the speed to
your own taste.

Flangers and phase shifters work very
well on guitars and Rhodes-type keyboard
sounds.

Audio Example 37
Flanger

Audio Example 37 demonstrates the sound ofa
fianger.
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Chorus

The factor that differentiates a chorus
from the other delay effectsis, again, the
delay time. The typica delay time for a
chorusis about 15 to 35ms, with the LFO
and speed set for the richest effect for the
particular instrument voice or song. With
these longer delay times, as the LFO
varies we actually hear a dight pitch
change. The longer delays dso create
more of a difference in attack time. This
aso enhances the chorus effect. Since the
chorus gets its name from the fact that it's
simulating the pitch and time variation
that exist within a choir, it might seem
obvious that a chorus works great on
background vocals. It does. Chorus is dso
an excellent effect for guitar and key-
board sounds.

' Audio Example 38

Chorus

Audio Example 38 demonstrates the sound ofa

chorus.
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Phase Reversal and Regeneration

The regeneration control can give us
multiple repeats by feeding the delay
back into the input so that it can be
delayed again. This control can also be
used on the phase shifter, chorus and
flange. Regeneration, also called feed-
back, can make the effect more extreme
or give the music a sti-fi feel. Asyou
practice creating these effects with your
equipment, experiment with feedback to
find your own sounds.

Most units have a phase reversal
switch that inverts the phase of the
affected signal. Inverting the phase of
the delay can cause very extreme effects
when combined with the original signal
(especidly on phase shifter and flanger
effects). This can make your music
sound like it's turning inside out.

Audio Example 39 begins with the
flanger in phase. Noticewhat happens to
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the sound as the phase of the effect is
inverted.

O | Audio Example 39

Inverting Phase

Stereo Effects

The mgority of effects processors are
stereo, and with a stereo unit, different
delay times can be assigned to the left and
the right sides. If you are creating a stereo
chorus, smply set one side to a dday time
between 15 and 35ms, then set the other
side to a different delay time, between 15
and 35ms. All of the rest of the controls
are adjusted in the same way as a mono
chorus. The returns from the processor
can then be panned apart in the mix for a
very wide and extreme effect. Listen as
the chorus in Audio Example 40 pans
from mono to stereo.

Audio Example 40
Stereo Chorus
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For a stereo phase and flange, use the
same procedure. Smply select different
delay times for the left and right sides.

Understanding what is happening
within a delay is important when you're
trying to shape sounds for your music.

Sometimes it's easiest to bake a cake
by smply pressing the Bake Me a Cake
button, but if you are redly trying to create
a meal that flows together perfectly, you
might need to adjust the recipe for the
cake. That's what we need to do when
building a song, mix or arrangement; we
must be able to custom fit the pieces.

Reverberation Effects

Aswe move from the delay effects into
the reverb effects, we must first realize
that reverb isjust a series of delays.
Reverberation is simulation of sound in
an acoustical environment, like a concert
hall, gymnasium or bedroom.
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No two rooms sound exactly alike.
Sound bounces back from al the surfaces
in aroom to the listener or the micro-
phone. These bounces are called
reflections. The combination of the
direct and reflected sound in a room
creates a distinct tonal character for
each acoustical environment. Each one
of the reflectionsin aroom is like a single
delay from a digital delay. When it
bounces around the room, we get the
effect of regeneration. When we take a
single short delay and regenerate it
many times, we're creating the basics of
reverberation. Audio Example 41
demonstrates the unappealing sound of
simulated reverb, using a single delay.

([ (©) Audio Example 41

Simulated Reverb

Reverb must have many delays and
regenerations combining at once to create
a smooth and appealing room sound.
Audio Example 42 demonstrates the
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smooth quality created by many delays
working together in the proper balance.

Audio Example 42
Reverberation

If you can envision thousands of delays
bouncing (reflecting) off thousands of
surfaces in a room and then back to you,
the listener, that's what's happening in
the reverberation of a concert hall or any
acoustical environment. There are so many
reflections happening in such a complex
order that we can no longer distinguish
individual echoes.

Our digital ssimulation of this process
Is accomplished by a digital reverb that
produces enough delays and echoes to
imitate the smooth sound of natural
reverb in aroom. The reason different
reverb settings sound unique is because
of the different combinations of delays
and regenerations.
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A digital reverb is capable of imitating
a lot of different acoustical environments
and can do so with amazing clarity and
accuracy. The many different echoes and
repeats produce a rich and full sound.
Digitd reverbs can aso shape many specia
effects that would never occur acoustically.
In fact, these sounds can be so fun to listen
to that it's hard not to overuse reverb.

Keep in mind that sound perception is
notjust two dimensional, left and right.
Sound perception is at least three dimen-
sional, with the third dimension being
depth (distance). Depth is created by the
use of delays and reverb. If asound (or a
miX) has too much reverb, it loses the
feeling of closeness or intimacy and
sounds like it's at the far end of a gymna
sium. Use enough effect to achieve the
desired results, but don't overuse effects.

Most digital reverbs have severd differ-
ent reverb sounds available. These are
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usually labeled with descriptive names like

halls, plates, chambers, rooms, etc.

Slapback Delay and Reflections

Sound travelsat therate of about 11S0ft/sec. To cal cul ate the amount oftime

(in seconds) it takesfor sound to travel a specific distance, divide thedistance

(infeet) by 1130 (ft,/sec): time = distance (ft.) -f speed (1130ft./sec). In a

100' longroom, sound takes about 88ms to get from one end to the ether

(100*113%

Slapback

- 21 ms ONE WAY
42 ms ROUND

- 88 ms ONE WAY
- 176 ms ROUND TRIP

SLAPBACK = One reflection (round trip)
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Hall Reverb

Hall indicates a concert hall sound. These
are the smoothest and richest of the
reverb settings. Audio Example 43
demonstrates a Hall Reverb.

Hall Reverb

| ‘. Audio Example 43

Chamber Reverb

Chambers imitate the sound of an
acoustical reverberation chamber, some-
times called an echo chamber. Acoustical
chambers are fairly large rooms with hard
surfaces. Music is played into the room
through high-quality, large speakers, and
then a microphone in the chamber is
patched into a channel of the mixer as an
effects return. Chambers aren't very com-
mon now that technology is giving us
great sounds without taking up so much
real estate. The sound of a chamber is
smooth, like the hall's, but has a few
more mids and highs.
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Audio Example 44 demonstrates the
sound of a chamber reverb. Compare this
sound to the concert hall reverb in Audio
Example 43.

Audio Example 44

Chamber Reverb

Plate Reverb

Pates are the brightest sounding of the
reverbs. These sounds imitate a true plate
reverb. A true plate is alarge sheet of
metal (about 4' by 8) suspended in a box
and alowed to vibrate fredy. Sound is
induced onto the plate by a speaker
attached to the plate itsdf. Two contact
microphones are typicaly mounted on
the plate at different locations to give a
stereo return to the mixer. The sound of
atrue plate reverb has lots of highs and is
very clean and nonintrusive.

A digital simulation of the plate is aso
full of clean highs. Audio Example 45
demonstrates a plate reverb sound.
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) ] Audio Example 45

Plate Reverb

Room Reverb

A room setting can imitate many different
types of rooms that are typicdly smaller
than the hall/chamber sounds. These can
range from a bedroom to alarge confer-
ence room or asmdl bathroom with lots of
towds to alarge bathroom with lots of tile.

Rooms with lots of soft surfaces have I

litde high-frequency content in their
reverberation. Rooms with lots of hard
surfaces have lots of high-frequency in
their reverberation.

Audio Example 46 demonstrates some
different room sounds. Review and compare
the previous examples of reverberation

types.

Room Reverb

) Audio Example 46
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Reverse Reverb

Most modern reverbs include reverse or
inverse reverb. These are smply back-
wards reverb. After the original sound is
heard, the reverb swdls and stops. Itis
turned around. These can actualy be
farly effective and useful if used in the
appropriate context.

Audio Example 47 demonstrates
reverse reverb.

Audio Example 47
Reverse Reverb

Gated Reverb

Gated reverbs have a sound that is very
intense for a period of time, then closes
off quickly. This has become very popular
because it can give an instrument a very
big sound without overwhelming the mix,
because the gate keeps closing it off.

Though this technique comes and
goes with trends and dyles it has been
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around for along time. Audio Example
48 demonstrates a gated reverb sound.

two) orjust afew milliseconds. The track
isheard clean (dry) first, so the listener can
get amore upfront fed; the reverb comes
along shortly thereafter to fill in the holes
and add richness. Listen to Avidio Example
49 as the predelay setting is changed.

" Audio Example 48

Gated Reverb

There are many variations of labels for

.\ ) | Audio Example 49

reverb. \bu might see bright halls, rich
L\ B, Predelay
plates, dark plates, large rooms, smdl N S
rooms, or bright phone booth, but they
can dl be traced back to the basic sounds Diffusion

of halls, chambers, plates and rooms.

These sounds often have adjustable
parameters. They let us shape the
sounds to our music so that we can use
the technology as completely as possible
to enhance the artistic vision. We need
to consider these variables so that we
call customize and shape the effects.

Predelay

Predelay is atime delay that happens
before the reverb is heard. This can be a
substantial time delay (up to a second or

Sound Advice, ori Equalizers, Reverbs &

Diffuson controls Tiie space between the
reflections.

A low diffusion can be equated with a
very grainy photograph. We might even
hear individual repeats in the reverb.

A high diffuson can be equated with a
very fine grain photograph, and the
sound is a very smooth wash of reverb.

Listen to the reverberation in Audio
Example 50 as the change is made from

low diffuson to high diffusion.
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\ Tl:i_.'-;-jl | Audio Example 50
i/ Diffusion

Decay Time

Reverberation time, reverb time and decay
time dl refer to the same thing.
Traditionaly, reverberation time is defined
as the time it takes for the sound to
decrease to one-millionth of its original
sound pressure level. In other words, it's
the time it takes for the reverb to go away.

Decay time can typicaly be adjusted
from about 1/10 of a second up to about
99 seconds. We have ample control over
the reverberation time. Audio Example 51
demonstrates a constant reverb sound
with a changing decay time.

l 'j Audio Example 51

7 Decay Time

Density
The density control adjusts the initial
short delay times. Low density is good for
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smooth sounds like strings or organ. High
density works best on percussive sounds.

Rever ber ati onxdthl owdiffusi onoftensoundsgr ai nybecausether efl ectionsthat
makeupthereverbsound, arerelaiivelyfar apart. Highdiffusionusual lyresults
inasmooth-soundingreverb. S ncether efl ectionsar ecl osetogether intime, they

blendtogether tocreateawashofreverberation.

L

High Diffusion

U

Low Diffusion
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Should | Print Reverb or Delay to Tape?

It isideal to save additions of reverb and
delay until mixdown. It's common to set
up an effects bus for monitor purposes
only during tracking that isn't recorded.
This helps the artist fed better about the
emotion of the performance.

If you have a small 4-track or 8-track
setup and a limited number of effects,
you'll often be forced to print reverb and
delay along with the instrument or voice
on the same track. Thisis a commitment.
Select the blend of the wet and dry signals
that sounds good at the time you record
the part. If you have a question about the
amount of reverb or delay to record, use
the least amount that you think you need.
If you print too much delay or reverb, it's
tiaere forever. Too much delay and reverb
can make a part sound like it was recorded
from the far end of a gymnasium, especialy
as the mix develops. The only real way to
fix thisis to rerecord the part with less
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effect, which can be costly and is, at the
very leadt, a nuisance. If you record the
part alittle on the dry side, you can dways
add whatever reverb is readily available
during mixdown to make it sound more
distant.

Low-densityreverberationis |~
goodfor smooth soundslike | @ | ‘(_ Low Density

a stringpad or a mellow
organ. Theincreasedspac-
ing ofthe initial reflections\
can sound grainy on

soundswith percussive ol ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ i
: . Ti
attacks. High-densityreoewv\ —_— = —_—

| BN High Density

Intensity of Reflections

ber ationsoundsgood on

ections

percussiveinstruments. The

closer spacing oftheinitial

reflectionsproducesa

Intensity of Refl

smooth-soundingreverbon : l { ‘ ‘ i l ‘ ‘ ‘
per cussiveattacks. [ ot | | ‘ | ||
| Time T
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Summary

Be flexible. If a player has come up
with a great sound that might take you a
while to duplicate, and if they want to
print the sound to tape, give it a try, but
be conservative. Conscientious musicians
often come up with great and interesting
variations of a sound, and much of the
final musical impact depends on how the
signd is patched through the effects.
They may run the chorus through the
distortion or the distortion through the
chorus. Both sound different. These routing
changes can really result in some unique
sounds. Take advantage of the player's
diligence. Youll al share the benefit of a
great sound.

In the recording world of yesteryear, the
only way to adjust reverberation time was to
physicdly change absorption in a physicd
echo chamber (room) or to dampen or
undampen the springs in the spring
reverb tanks or physicaly move abar that

Sound Advice on Equalizers, Reverbs & Delays

moved a felt pad onto, or off of, the plate
reverb. Current technology provides a
myriad of variables when shaping reverb
sounds. In fact, when you consider the
number of possible options, it can be
mind boggling. We can design unnatural
hybrids like a large room with avery short
decay time and plenty of high frequency,
or any other natural or unnatural effect.

Each equalization, delay or reverb
parameter isimportant. Aswe deal with
individual guitar, drum, keyboard and voca
sounds, we must possess understanding
that provides depth and insight to the final
godl. If you expect to have professional-
sounding recordings, you must be able to
use dl the tools available to you in away
that supports and enhances the emotional
and artistic power of the music. Assess what
you're doing and how you're doing it, then
do your best to "take it alittle further."
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