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BCAT AUDIO MICROPHONES
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Shure SM58
Tronsuducer: Dynomic
Polar Pottern: Cordioid
Frequency Response: 5OHz- l5kHz
Output connectors: XLR-3M
Output impedonce: 15O Ohms
Retoil price: $gg.OO

Sony-ECM 448 & 668
44b
Tronsuducer: Condenser
Polar Pattern: Omni-directionol
Frequency Response: 4OHz- l5kHz
Output connectors: XLR-3M
Output impedonce: 25O Ohms
Retail price: $tg+.gs

668
Tronsuduc erz Con denser
Polor Pattern: Uni-directionol
Freguency Response: 3OHz- l8kHz
Output connectors: XLR-3M
Output impedance: 10O Ohms
Retoil pricez $SZO.OO

Shure SM89
Transud uc erz Con denser
Polar Pottern: Cardioid
Frequency Response: 6OHz- ZOkHz
Output connectors: XLR-3M
Output impedonce: 150 Ohms
Retoil price: $579.95

\\



Sound wave properties

Wavelength: The distonce belween ony point
on a wove and the equivalent poinf on the next
phase. Li feral ly,  the lengfh of the wove.

Ampli tude: The sfrength or power of o wave
signol.  The "height" of  o wave when viewed os
o graph.

l-{igher amplitudes ore interpreted os o higher
volume - hence fhe nome "omplifier" for a
device, which increoses ampl i fude.

The opposite of ampl i tude is attenuote, which
decreoses the power of fhe signal.

Freguency: The number of t imes the
wavelength occurs in one second. Measured in
Herlz (Hz) or cycles per second. The faster fhe
sound source vibrotes, fhe higher the
frequency.

Higher freguencies are inlerpreted os o higher
pi tch. For example, when you sing in a high-
pitched voice you are forcing your vocal chords
to vibrate quickly.
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Brooklyn Communi fy  Access Telev is ion
Glossory of  Audio Terms

Amplitude: the strength or power of a sound wove signol

Attenuatez decreases the power of the signol

Assign: to select where a channel is to be sent

Audio: sound converted into electr ical energy

Eondwidth: o meosure of frequency ronge, meosured in herfz

Center Frequency: frequency of the oudio signol fhat is most boosted by an Ee

Channel: the single path fhat on oudio signal trovels fhrough a device from an input
to on output

Decibel (dB): o measure of the loudness of sound

Direct 8ox: device lo directly wire the output of on electr ic instrument (such os an
elect r ic  Aui tor )  to  a mic input

Distort ion: gorbled sound heard when on audio overloods on input

Equolization: processing specif ic sets of frequencies to increase or decrease more
than other frequencies

Foder: sl iding control on o chonnel of the mixer that determines fhe audio level for
fhat channel

Feedback: often caused when o mic picks up its own signal from a speaker

Frequency: lhe number of cycles (or wavelength occurrences) thot occur in o
second, meosured in Hz.
High Frequency (High-end) sounds are obove 6OOOHz or 6kHz
Low frequency (Low-end) sounds are below IOOOHz or lkHz
Mid-ronge Frequencies are between Z50Hz and 6OO0Hz

Goin: amount of audio boost, measured in dB.

Group: an orray of output channels control led by a set of sriders.

Hertz (Hz): unit of medsurement for frequency or cycres per second



Fleadroom: The safe range between your optimum l ine level ond the level of
d is tor t ion

Impedance: meosures the omount of opposit ion a device has to on AC current ( l ike
on audio signol. Generally, low impedance devices are beller fhon those with high
impedonce

Input: refers both to the source ond the connector that receives the source.

Level :  the amount  of  o  s ignols '  s t rength.

Meter: device fhof measures and disploys the level of on input or on output.

Microphone (mic): Device that transduces (converts) sound woves into electr icol
energy.

Mix: (verb) to blend various audio signals into one signol; (noun) fhe signol made by
blending vorious signals together.

Mixer: both the console that blends together audio signals but olso fhe person who
mixes.

Monitor: to l isten or fhe device used to l isten.

Monophonic (mono): one chonnel audio con be either input or oufput.

Mute switch: turns off a chonnel; removes o signal from fhe monitor; or turns off
the monitor signol.

Ocfave: in music, is the intervol belween one musicol note and another with holf or
double the frequency. For exomple, if one note has o frequency of 4OO Hz, lhe note
an octove above if is of 800 Hz, ond the note on octave below is at 2OO Hz. The
rotio of frequencies of fwo notes an octove apart is therefore 2:1.

Output: the jack or physical location where o signal is sent or the signal that is
sent out by a device

Pan pot: rototing control used to distr ibute one audio signol to two channels;
equivalent to the "bolance" control in home sfereo systems.

Parometric EQ: equalizer in which al l  of fhe paramefers of equalization (center
freguency, amounf of boost or cut) con be odjusted.

PFL: obbreviation for pre-fader l isfen, which ol lows a channel signal lo be heord and
metered without sending it  to the main mix



Phontom Power: supplies power to condenser mics through the mixer

Pick up pot tern:  orea that  o  mic wi t l  evenly  p ick up sound f rom

Polor  pot tern:  two-d imensionol  grophic  representat ion of  o  mic 's  p ick up pot tern

Ployback: reproduces music over loudspeakers so tatenf can "1ip-sync" or perform
fo the music track

Roll-off:  gradual reduction of sound level below a set of frequency, as in the "75Hz

roll-off switch"

Rumble: low frequency noise, oflen made by the hondling of a mic or o/c systems

Solo but ton:  a l lows only  one channel  io  be heord

Sound: vibrotions in oir between ?;OHz and ?}kHz

sound frock: oudio recording on video, f i lm, or non-l inear edit system

Speaker: device fhot transduces electr icol signals to sound (acousticol energy) by
v ibrat ing

Stereophonic sound (stereo): the reproduction of sound, using two independent
audio chonnels, fo create a pleosoni ond notural impression of sound heard from
various directions as in natural hearing

Sub mix: mix of audio signols thot is lreoled os one channel or two chonnels
(stereo) in o mix

Tolkback: system thal al lows communication between lhe control room ond the
sfudio floor

Tone: a f ixed signol usuolly lHz

Wovelengfh: the distance belween any poinf on a sound wove and the equivalent
point in fhe wove's next phose

VU: short for Volume Unit, which meosure loudness chonges

XLR conn ector: 3-pin grounded connector used in audio.



:s1s$Jwl/_qfl{i
o o o o o o o o
o o o o o o o ( )
o o o o o o o o
o o o o o o o o
o  o o  o o  o o o

o o
) o o o o o o o o o o o o o o o
E O O O O O O O O O e E O O E O

o o o o o o o o o o o o o o o
oo oo oo oo oo oo oo oo oo oo oo oo oo oo oo
o o o o o o o o o o o o o o o
oo oo oo oo oo oo oo oo oo oo oo oo oo oo oo

o o E o o o o o o o o o o o o
o o o o o o o o o o o o o o o

o o o o o o o o o o o o o o o
o o - ^  - ^ - ^ o o o

3 g clrAilltnsnPs ;3 g
o o o o o o o o o o o o o o o

r o o o o o o o o o o o o o o o
o o o o o o o o o o o o o o o o
o o o o o o o o E o o o o q o o

o o o o o o o o o o o o o o o
r o o o o o o o o o o o o o o o
o c t o o o o o o o t r t r g o o t r D
o a o o o o o o o o o o o o o o
r o  t o r o r o r o r o r o t o  3 0 t o  r o r o r o  a o r o  r

o l  o t  o t  o t o l  o l E t  E t o t  E t  o t  o t o t 6 t  b t  o  .
o  o  o  o  o  o  o  o  o  0  t r  B  o  o  t !  o B o o o o o t r

+++++++++

Trr
i =

{45
$ $ ,= :
i :
i =: :
H

FI
t --1

r-l T.l T-'l n T.l r-l r.1 T-l "

trrrtr trrrF Frr? []rr?
nl [n n l tn  n l l .n  n l tn
L]--LJ UJ-I

-  
t  

.  
'  

.  
t  

. t  . t  . t  . t  . '= =  = =  = =  = =  = =  = =  = =  = =
r - r : *  l i ! ,9  SS iJ$ :  : lS  .  F  - l J i *  *$ :
- 5  - j  * -  E :  * 3  G E  * 5  g :

i l $  , . i s  q S  $ S  S $  S S  & " q  F l
= = : _ =  = =  = :  = : : _ :  = = : =
: : : : : : : : =  = =  = : : : :
: : : : : : : : : : : : : : : :
: : :  = : : : : : : : : : : : :
- t i i i - t H t : i u t i u
Er Et Ef Ef Et Ef tf t=
r:] rJ El E:l ri r] r:t L l

Console
Mackie 8.b



BCAT Audio for Studio
Mackie
Master Output

Stereo auxiliary returns l-6
with level & balance controls
assign switches &
solo buttons

Auxiliary sends l-6
output levels
& solo buttons

& assisn swi

Phones I &2 stereo
output levels, solo switch
& source select buttons

VU Meters for
tput of MAIN



BCAT Audio for Studi
Mackie

lS t r ip
Diagram

Aux I Level control

Auxiliary
Sends 3,4,5,& 6

Aux 4 Level confol

Lo-Mid EQ
(semi-parametric

Hi- EQ (shelving)

Lo- EQ (shelving)

EQ switch

w cut swltc

Mix- B controls

Solo light

Mute
switch

for Submix
Buses | -8
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To fully achieve the Nlackie g.Bus console's

impressive headroom and specs, you should ,"tune" 
channel sensitivity for each channel.

$#i,i r'.rirs f fi I I F;t a"i{* {}irri il p r.;l{
**{i4 {"M;lriif*f'[, r$* a;$*:
l. Assign signal to channel fader: 5.

I If channel will be used with a micro_
phone, MIC/LINE switch should be r.rp &
FLIP switch should be zp.

I If channel will be used with line input,
IUIC/LINE switch should bednutn & 6.

FLIP switch should be zp.
I If channel will be used with a tane

input keep the FLIp svitch dsum.
2. Set channel strip controls as follows:

I TRII\,I pot all the way counterclockwise 7.
(+4dB)

I AUX SEND controls all the way counter- 8.
cloclrwise (qfl

I EQ switchzp
I LOW-CUT switch eitherore oro;f
(oz recommended for mic inputs)
I Pan hard left or right
I Channel fader at UNITY
tr S0L0 svitchdrntnt

3. I Make appropriate,,noise" into the channel
input. For example, have a performer play/
sing/strike something or someone, etc.. at
the level at which they're going to record or
perform. Don't just play a single sustained
note, but rather, jam away as you would be
during recording or performance. If the
channel is being used for a tape input

during mixdown, roll an already_recorded
track from your recorder.

The channel's -20d8 LED may light. The
UR main meters will show the actual internal
operating level of soloed signals. Now you will
optimize levels.

! For mic or line inputs, adjust the TRIIVI
99ntr9l clockwise to get peaks that regularly
hit OdB on the UR meters. For mic innuts
this may require full CCW rotation denend_
ing on the sensitivity of the mic.

Ifdesired (optional):
! Press the EQ sMtch iz.
f Adjust the channel strip's EQ to about

what you will be using during the session.
I Re-perform Step b.
I Return the channel strip's SOLO button to

its zp position.

D Repeat Steps 1-7 r.rn the next channel that
is beingused.
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The channel fader@ is 100 millimeters long,
with aprecise Iogarithmic taper and attenuation in
dBs printed along the slot for exact and repeatable
level adjushnents. The fader affects either the mic or
Iine input to the channel (for recording) or the tape
retum to the channei (for mxing), depending on
the nosition of the FLIP switch.

The MUTE switch, located at the top of the
fader (Z), turns off the primary outputs of the
channel: the eight buses, the L & R buses, the
channel solo, the direct output and the post-
fader AUX sends. Pre-fader aux sends are not
muted. With the exception of lighting the mute
LED, pushing the MUTE switch is the same as
pulling the fader all the way down.

:  1 * : , r 1 i 1 . , , , '  . , . ,  
3  1 4

The PAN conho@, m*.AUt*Y'atnrle tfre
fader, pans the channel signal between the two sides
of the UR Mix buses, and also between odd and even
pairs ofbuses I through 8.

The actual bus assignment ofthe PAN control
depends on the positions of the five assignment
switches located along the length of the fader.
With no switches depressed, the PAN control has
no effect (well, unless you solo the channel; it
still pans the solo).

Pushing the L/R MIX switch @ assgns the PAN
to the main L/R Mix buses. Panning from L to R
moves the sound smootNy (with constant loudnes)
from the left channel to the right chumel. Assigning
the PAN to a pair of the 8 buses has a similar effect.
For example, pushing the l-2 switch assi4ts the PAN
0o buses I and 2, and panning L to R will move the
sound from bus I to bus 2 (from odd to even).

Ifyou want bo equally assign a charurel to both
buses I and 2, leave the PAN conhol at the top, or
center, of its havel. If you onlywant bus 2, hrn the
PAN confrol tullyclockwise (to the right).

Other comparab$-priced consoles provide as
little as 50dB atbenuation/separation. We use active,
buffered circuiffy and a custom-taper potentiomeier

bo achieve 87dB atbenuation. You get far better
channel separation plus freedom from level shifts
caused by channel assignment and panning. In
addition, our pan pots are corxtnrrt krufurcs.
When you sit between a pair of monitors and pan

from side to side, the apparent volume at your
ears should stay the same, no matter where the
srgnal is positioned. Our special pan circuitry
maintains consistent apparent energl whether the
pot is dead center, hard left or hard right.

. : . .  :  ' i  E
J

The two LEDs ([) next to the PAN conhol check
ttre channel strip sigral level at three important cir-
cuit points: at the output of the mic/lhe prcamp,

after the EQ and after the channel fader amplifier.
The geen LED marked-20 is there to assure

you that, yes, something is plugged inbo the charurel
(andyes, it does have some ou@ut). Most stgnals
more inberesting than tape noise will cause the
green LEDs tn flicker, so they give you a good visual
indication ofwtrich channels are active. Anypeaks
higher than -20dBu (@ lkHz) higger the indicator.
When we say"channel', we mean the signal going

through the channel fader. . . but not the signal
gourg through ttre MIX B Section. Please refer 0o the
MIX B secfion of this manual, starting on the next
page, for more details.

The red LED, labeled OL for overload, lights
when the signal level is high enough to cause clip
ping at any of the three lest points. In normal
operation itwill almost never light. If it is flashing at
you, yot r lwel in that channel is much too htgh. You
need to tum something down.
. First trythe mic/line him. If that has no effect,
" T[rn down the EQ and/or the insert device,

and if that doesn't fix it,

' Tbmdovmthe channel. Ifthis doesntfixit,your
input signal is too hot (gasp) Use an external pad
bo reduce the level (see the sidebar onpage 25).

(
13

The charurel SOLO switch@ assigrsthe output
ofthe channel PAN conhol to the sterco solo buses
and disconnects all other sources from the monitor
section. S0l,O does not intemrpt the eight Submas-
ben, the UR Mix or the AIX sends, and can be
used at anytime without affecting the rec,ording
process.

SOLO is hanff for spot<hecking the presence
and qualiff of individual inputs while sett'utg up,
recording and mixing. More than one SOL0 swiich
maybe pressed at the same time, allowingyou bo
Iisten bo the blend of arry combination of channels
throughout the console in sterco.

On the Mackie 8.Bus console. the SOt0
assignments are stereo except for the AtX sends.
S0l,O maintairs the perspective set up with the
PAN conhols.When anySOLObutton on the con-
sole is depressed, its associated SOLO LED will $ow
steadib/, and the RUDE S0t0 UTE above the
8rBus LED meters blinks annoyingly, serving as a
reminder with an attitude.

The channel 501,0 function is normally post-

fader/post-mute, but can be modified for PFL or
Pre-Fade (and premube) Listen. See Appendix B:
Options, Add-Ons, and Extra Shrff.

Note: All the SOLO buttons on the 8.Bus
Series operate in the same way (although
the/re not all stereo like the channel SOLO).
SOLO does not interrupt recording; it only
affects the control room monitor.

HIGHLY, MEGA.MONDO-
IMPORTANT: SOLO is
intended for more than just
'soloing.' It is THE way to
set levels for best noise and

headroom. Complete instructions on proper
level setting using SOLO are in Section 3: Gen-
eral lnformation, starting on page 20.

-?
I

CALITION: After switchlng PHANTOM Poweron
oroff,wait I minute before changing anymidline
wihh settings in that 8<harurel block.

At the bop of every eight channels is a PHAN-
TOM Power switch @ hessing it sends +48VDC
to the eight )OR sockets to the switch's left. For in-
stance, depressing the PHANTOM switrh above
Charnel 8 sends phantom power to the XLRs on
channels I through S.IIIAIE: It is always a good
idea to check with the Mic manufacturer to veriSr
phantom power requirements.

R
t /

The TRIM control@seb the gain of the input
amplifier for the MIC and LINE inputs. Proper setting
ofthe TRIM control is essential forgood noise and
headroom performance. Ttim pot settings may\ary
wide\'depending upon the input level. The ou@ut of
difiercnt keylnards, drum machines, guitar effects
boxes, etc., varyfrom exhemeSweak to so hotthat
theycan practicalgbe cormected dircr:tgto speak-
en. See pages 1, 20, or 25 for advice.
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In Section 2, we described FLIp,s use

during tracking and mixdown. Before you
actually get involved with recording, we'd
like to spring a couple of block diagrams
on you that may clarily things further.

The switch labeled FLIp selects the
input that is actually fed into the channel
fader (and the MIX-B control).

As the label indicates, the MIC/LINE input
(after Mic/Line preamp) is fed to the channel
fader when the FLIp switch is in theup position

{Figure 5). When FLIp is zp, the channel is fed
MIC/LINE,and MIX-B gets fepE. ff,ut,"uV, Vo,can use MIX-B to monitor the signal as it comes
back from the recorder. This is tle nor*uL.noJ.
for tracking and overdubbing.

.Inlhe.down position, the TApE return (the
output signal from the corresponding track ofyour recorder) is fed to the channel fader (Fig_
ure 6). When FLIp isd,sun,the channel inpuli,
TAPE and MIX-B receives MIC/LINE. firatin_
ables you to use each channelh MIC/LINE infut
for.another input during mix down. Tfusdntii
ls the normal position for mixing.

For PA, leave the FLIp switch zp.

Tw^ 'Wffi'-w
66.-.*m

E k ,
Ftgun 5: FIIP/ME-B eignat path fuing hwking (W" s.oitch up)

M b g
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Each 8oBus channel strip equal-

izer section has four bands (HI MID,
t0 MID, L0, and HI) plus alow<ut
filter. The equalizer can be split be
tween main channel srgnal and
MIX-B signal.

t5 t6 tl_.!t
The HI MID EQsection(15)isa

true 3<ontrol parametric deYgr, of- 
.

fering:,4) bandwidth variable from 3'
octaves io VtZoctave @B) !
15dB of equalizatioryCl7)Vnd; C,)
vanaote requencv center rrom
500H2 to l8kHz (f8'I

,  _  \ # .
We spent a lot ol 't ime on this

part ofthe 8.Bus Series'EQ. One
of the things we've always noticed
about lower-priced consoies was
how.drastic" their Hi Mid EQ
sounded. Even a little boost could
induce honkiness and nasality.
Frankly, Hi Mid EQ on many
boards is not that useful in studio
applications for just this reason.

When you put these consoles on

the test bench, You see that the

bandwidth of their EQ is sim-
ply too narrow - often
around one octave. This is 0K
for exl,reme adjustments in
live situations, but that's about
it. It's just not wide enough to
gently alter the multiPle oc-
taves that voices and
instruments sPan.

This is just
the opposite
of "classic"

big-studio
consoles.

Their EQ (including Hi Mid) can

be adjusted to be extremeiY
broad - three or more octaves
wide in many cases. When You
apply this wideband EQ, it
sounds far more "sweet" and
'natural." Changes sound so
gradual and smooth that You can

add considerablY more EQ than
would ever be possible with nar-
rower-band consoies, Yet without

compromising the overall sound.

On the other hand, ultra-nar-
rowband EQ also has its Place,
both as a corrective tool and for

special effects. So whY not give

you even tighter control than
would be possible with a U3-oc'

tave gpphic equalizer? Thus was

born the 8.Bus' V\2+ctave to 3-

octave width range.
At this point, as we PlaYed

around with the Bandwidth and
BoosV0ut controls using antual
music, we realized that to limit

this circuit tolrsf Hi Mid (WPi-

cally above 2.5kHz) woulc

actually limit its usefulness. The

flexibility that true Parametric
control provides is nice to have in

the oc[aves below the Hi Mid re-
gion as well. So we came uP with

what is probablY the first console
Hi Mid control that can be swePt

all the way down to 500H2. If Hi

Mid doesn't do it for You as a
name, think of these three
controls as the Roving-
Parametric-ProblemSoher0Matic.
0-Rama.

Nowyou know some of the de-

sign philosophybehind our Hi
Mid EQ. It's time to start exPeri-
menting with it Yourself. Don't
forget to try the control at its
bandwidth extremes - esPe-
cially at the 3-octave end. You'll
be pleasantly surprised.

Conversely, ifyou hate tech-
nologr and yearn for the sound of

that old board you sold to buY an
8.Bus, you can achieYe a semt-
parametric sound bY leaving the
BANDWIDTH knob in the middle
at 2 octaves.

t q
t l

The LO MID EQ control@

is a semi-Parametric (sreePable)

equalizer with a broad, fixed

bandwidth of 2 ocfaves, +15d8 of

eoualization and frequencY

variable from 45Hz to 3kHz'

Boosting in this range can

put warmth and bodY into vocals

and instruments. Cutting can

reallY helP the claritY of some

sounds bY reducing boxY and

boomy tones.

- \ n
4-V

The HI EQ control @ ir u
fixed l2kHz shelving eq-ualizer
with +lsdB of equalization
available. A great treble control,
it is switched with L0 EQ into
the MIX-B circuit if the SpLIT
button is depressed.

Shelving equalizers work on a
very broad range of frequencies,
and consequently, are very musi-
cal. In a l2kHz shelf like this
section, that means that all the
upper harmonics of a sound are
raised evenly, basically keeping
their original musical relation-
ship to each other. A
high-frequency shelving Ee is
great for putting shimmer into
acoustic guitar and piano tracks
and sizzle into vocals.

The LO EQ conrrol @ir u
fixed 80Hz shelving eqr)alizer
with +l5dB of equalization

available. It's a trne bass control,
and is switched with HI EQ into
the MIX-B circuit if the SpLIT
button is depressed.

A low-frequency shelving
equalizer will add or remove bass
in a smooth, musical fashion.
Good for working on bass drunr
and bass guitar, fattening up (or
thinning out) a piano or contour-
ing an entire mix.

i'l ',,
J I

The IN switch (E) bypasses the
EQ (though not thdf0 CUT filter)
whentq. Depress ittn enable equaJ-
ization.

a 4
J-3

The l,O CUT switch (8)inserts
an l8dB/oclave low+ut @h-pass)
filter with a -idB point of 75Hz inbo
the main channel signal. The LO
CUT filter is unaffected by the EQ lN
switch.

Alowrutfilber is handyto get rid
of room rumble, traffic noise, wind
noise, popping, and other unwanted
very-low-frequency sounds. It can
aiso be combined with L0 EQ boosts
to produce some interesting bass
cuwes as shown in the last EQ
graph on this page. It is higlily ru-
om.mmded thnf this swilch fu
mgaged,Jbr a0c0l miovphonA *
pannllg m a lhn P A situnrirnt
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Auxiliary sends are general$ used

to provide mixes for headphone cue
urg and for effects sends, and in
Sound Reinforcement use, can be a.s-
signed monitor submix duties. The
8.Bus Series consoies provide 6
mono auxiliary sends with severd
routing ophons.

Nots All of the 8.Bus Series AIX
sends have averywide range of gain

fiust like the MIX-B level conhol
discussed earlier). The first half of
the conhol's rotation rcaches from
the qfposition to unity gain (U).
This half of the control's range corre
sponds io the full range of a
conventional mixer. The second half
of the conhol's mtation providesyou

with even morc gain, fromunityto +l5dB.
For example, when;rou want a super't'vet'

sound(mostly reverb), the exha gain allows you to
bring the channel faderpartwaydoum (and the
AIX send way up) so the sound is mostly reverb
with just a touch of "d4i'signal.

Don't worry about having mono effects sends:
almost all effects units, mono or stereo, have mono
inputs. Even if there are two jacks labeled I-eft and
Rght, they arc almost always combined inbo mono
infemally. ln the rare cases when an effect actually
has hue stereo inputs, it is often more convenient
to ignore that and treat it as mono arryuray If you
really need to send in stereo, just use two AUX
sends from the console. Route ALX 1, for example,
to the left input andAUX 2 to the right. Then ad-
just the stereo perspective by favoring one or the
other send. For instance, ifyou have a stereo synth
into channels 23 and 2l, use AtX I on channel 23
and AtX 2 on channel 21.

Note: In PRE mode, all AtX SENDS are con-
nected pre-fader but post-EQ. This is usualg the
most useful setup, but if you prefer, all AUX
SENDS can be modifled tn be pre-EQ, prefader.
See Appendix C: Modifications on page 52.
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Auxiliarysends | &2 @have two indepen-
dent level controls and share a common PRE/
POST switch.

When in the normal post mode, sends I & 2 get
their signal afterthe channel fader and the MIJ'IE
svitch. This is the uzual configuration for an effects
send, since the level of the effect should follow the
volume adjushnents made bythe charurel fader.
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With the PRE switch @B)d"p."tr"d, AUX
SENDS I & 2 receive their input from a point
before the channel fader and MUTE switch,
and are not affected by changes in these con-
trols. This is the normal switch setting for
creating stage monitor and,/or studio cue head-
phone sends.

- \ l
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Auxiliarysends 3,4, 5, and 6 €B) are verysimi-
lar to sends I & 2. The differences are in the
SHIFT and SOURCE srvihhes. Read on.

controls, as a pair, to either
sends3&4(htheqpposi-
hon) or to sends 5 & 6 (in
the douzz position). Tkice
the sends in halfthe space.
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The SOURCE switrh @'IrbreaksAUX Sends
&6 awayfrom the main channel stripworld that
sends 1 & 2 are stuck in, and allows the sends 0o
tap from another source: the MIX-B signal for that
channel. This is a very handy thing, whabever you
happen 0o be using MIX-B for.

If MIX-B is an additional input for your mix-
down, then (when the SOURCE switch is
depressed) AUX Sends 3-6 are effects sends
connected to that source. If MIX-B is your stu-
dio monitor submix from the recorder, then
AUX Sends 3-6 are a great source of head-
phone cue signals. Theywill follow playback,
record and punch-ins automatically as your
recorder does its stuff.

The PRE s*if,n @forsends&4b{ tunc-
hors just like the PRE switch sends I & 2. when

*" rr,r*,7" @ connects the rwo tevel

drtodlS@aol.eqm
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the AtX SOURCE s\ryiich is in the CHANNEL (np)
position.

Additionalg the PRBswitch will tap the pre-
level (and pre-mute) signal of whichever
SOURCE you have selected-channel or MIX B.
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