Important safety instructions

' CAUTION
REGM OF EICCTRIC RHOCK!
Do NOT BPEN
A ATTENTION

PIEOUE OE CHON ELECTRIDUE!
HE PAL OLATARY

Caunon'

To reduce the fisk of electric shock, do not remove
the top cover (of the rear section). Thare are no user
.serviceabls parts inside.Refer servicing to qualified
personnel,

Caution!

Toreduce the risk of fire or efeciric shock, do not
expose this appliance to rain and moisture. The
apparatus must not be exposed to dripping or
splashing liquigs and no objects filled with
liguids, such as vases, should be placed on

the apparatus. . .

A to Imporiant operaling and maintenancé

" Please read the manual carefully.

voltage inside the enclosure — voltage that

Caution! _

1) Keep these instructions, -

' 2) Heed aliwarnings.

T3y Fuilowaiiinstrucl!ons )

4) Do not use this appara:us near wa:er

5) Clean r.ml‘,r with a dry cloth. -

- 6)-Qonot biuck anyvenlllatlon apenings. install in

' ancuzdance wnh the menifacturer’s Instructions.

7} Do not install near any sources of heat such as

radlators, heal registers, stoves, or other apparatus

{including amplifiers) that produce heat,

8} Do not defeal the safely purpose of the polarized or

' grounding type plug. A polarized plug has two blades

with one wider than the other. & arounding-type plug
has two blades and a third grounding prong. The
wide blade or tha third prong are provided far your
safety, i the provided plug does nof fit into your
outlet, consult an electrician for replacement of the
ohsolete oullet.

9} Place the power cord so that il is pralecled from
being walked on and sharp edges. Be siire that the
power cord is profecied particuiarly al the plbg, |

from the apparalus,
10% The apparatus must be. connecled toa MA!NS
socket outiet with a pro{ecllve earihmg cunnectlnn

This symbod, whereverit appears, aIarts you

“instructions in the accompanying lerature,

may be sufficient to constitute a risk of shock.

11} Where the MAINS piug or an appliance coupler is _
used as the disconnected device, the disconnecied -
device must remain readily operable. [Two images
below]

12} Only use attachments/accessorles specified by the
manufacturer.

43} Use only with the cart, stand, {ripod, bracket, or
1able specified by the manufactiurer, or those sold
with the apparaius. Whena cart is used, use
caution when moving the cart/apparatus
cambination fo avoid injury.

14)- Unplug this apparatus-during lightning storms ot

_ when feftunuged forlong pariods of lime.

18} ‘Refer all setvicing o gualified service personnel.
Servicing is required when the apparatus has heen
damaged in any way, such as when the power
supplycord or plug is damaged, iiquid has been
spilled or objecls have fallen into the apparatus, the

This symbot, wherever it appears, aleris you  2PParatus has been exposed o rain or moisiure,
A to the presence cf uninsulated dangercus - -~

- -fJogs not operate normally, or has been dropped.

'-Before you get started
Shipment

“Your mixing console was carefully packed in the factory
o guarantee sefe transport. Nevertheless, we

- recommend that you carefully axamine the packaging

and its contents for any signs of physical damage,
which may have cecurred during transit.

& fthe unit is damaged, please do-NOT return il 10 us,
but notlity your dealer and the shipping company
immediately, otherwise ctaims for damage or
replacement mey not be granied.

Initial operation’
Be sure ihat there is encugh space around the unit for
cooiing purpases. To avoid overhesling, please do not
place your mixing censole on high-igmperature devices
such as radialors or power amps. The console is
connected to the mains via the supplied cable, The
console meeis the required safety standards. Blown
fuses must only be rep!aced by fuses of the same type
and rating

P Please note that all units must be property grounded.

For your own-saféty, you should never remove any
ground connectars from etectrical devices or power
tables, orrenger them inoperative.

convenisncs receplacies and the paim where itexits ¥ Flegse snsure thatonly quatified individuals install

and operate the mixing console, During installation
and aperation, the user must have sufficient

. electrical contact lo earth, oiherwise elecirostatic
discharges might affect the operation of the unit.

Introduction

Please read through this manuat carefully before beginning use, so that you will be able to
take full advantage of this mixer's superlative features.
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You've got yourself a mixer and now you're ready {o use it

Just plug everything in, twiddle the controls, and away you go. .. right?
Well, if you've done this before you won't have any problems, bul if this is the first time you've ever usad
a mixer you might want to read through this tutorial and pick up a few basics thal will help you get better
periormance and make betler mixes.

Balanced/Unbaianced—What's the Difference?

in @ word: “noise.” The whole poinl of balanced lines is noise rejection, and it's something they're very
good at. Any length of wire will act as an antenna to pick up the randem eleciromagnetic radiation we're
constantly surrounded by: radio and TV signals as well 8s spurious electromagnetic naise generated by
power fines, motors, electric appliances, computer monilors, and a variety of other sources. The longer
the wire, the more noise it is likely Yo pick up. That's why balanced fines are the best choice for fong
cable runs, If your “studio” is basically confined to your deskiop and 2l connectiens are no more than a
meter of two in lengih, then unbalanced lines are fine - unless you're surrounded by exirémaly high
levels of electromagneatic Roise. Another place balanced lines are aimost always used is in microphone
cables, The reason for Lhis is that the oiput signai from most microphones is very small, sc even a tiny
amount of noise will be relatively large, and will be amplified to an alarming degres in the mixer's high-
gain head amplifier.

Balanced noise cancellation To summarize
1 1 T TR T
l Moiss ! Miziol 11_“33;':"‘; Use batanced lines.
. : A E Unbatanced fines are fine o
; you're in a relatively nolse-
\\/A\/"’\ Hot {+) \\/‘}’\U/\ '\UV\\},-"\ \U/\UA Iree srwiranment.
' i
4 Coldi=t 1 Y T ) Noiset The amblent elecliomag-
Phass b o P sl;::l- fee netie nolse level will be the
inverslon Ground 1 . ultimale deciding factor, but
P .
=" batanced is best.

Signal Levels and the Decibel

Let's take a look at-one of Lhe mosl commonly used units in +00
audio: the decibel {dBY. If ihe smalfest sound that canbe . .
- : »i; Mes! professional mivers,

heard by the humiar ear is given an arbitrary value of 1,

then the loudest sound that can be heard is approximately * 20 dBu
1,000,000 (one miltion) times Jouder. That's too many

digits to deal with for praclical calculations, and so the 0 dBu
more appropriate "decibel” {dB) unit was created for

power armplifiers. and other

typas of equipmen have inpuis

and ouiputs with & nominal ievel
cenrranes: OF 44 dBWL

.,

Lo
=

'“%’l W‘:‘l

D.775Y  The inputs and ouiputs on
home-yse atdio gear ustraly

J,E P e _
sound-related measurements. In this system, the ﬂ ?f;: :gs)m‘m fevelof 7.8 dBu
difference between the softest and loudest sounds that -2 dBu i

§ Micraphons signal levels vary

can be heardis 120 dB. Thisis a non-linear scale, and a
difference’of 3 dB actually results in a doubling or halving  ~# dB“
of the loudness. You might encounter & number of differen{
variglies of the dB: dBu, dBV, dBM and others, but the dBu —SﬁdBu ing of & bird might be lower $han
is the baslc decibel unit, fn the case ol dBu, "0 dBu™ is -E¢ dBu while a solid bass
specified as 2 signallevel 6 0.775 volts. For example, ifa - drim beat might produce a level
microphone's output level Is -40 dBu {0.00775 V), then to as high as 0 dBu.

raise that level to 0 dBu (8.775 V) in Lhe mixet's preamp stage requires that the signal be amplified by 100
timas. Amixer may be required 10 handie signals at a wide range of levals, and itis necessary to match
input and outpul levels as closeiy as possible. in most cases the “nominal” level for a2 mixer's input and
opuls is marked on the panelorlisted in the owner’s manual.

over & wide ranga depanding on
the typa of microphane and the
.. anurea, Avarage cpeach is

abuul =30 dBu, but the twitter-

EQ or notte EQ

In generak less is betier. There are many siluations in which you'll need 1o cut certain frequency rangas. but
use boost sparingly, and with caution. Praper use of EQ can eliminate interference between instrumenisina

mix and give the overall scund betier deflaition, Bad EQ — and most commenly bad boast - just sounds
ferrible.

Cut for cleaner mix

For example: cymbals have alot of energy inthe mid and  rae fundtamental B and § ic [ frequency ranger of some
low frequency ranges that you don't really perceive as miptical tnstrourenls,

musical sound, but which can interfare with the clarity of — Cymbal

other instruments In these rangas. You can basically turn Pisne

the Jow EQ on cymbal channels all the way down without T —

changing the way they sound it the mix, Yow'l hear the .

difference, however, in the way the mix sounds more —— T

“spacious,” and Instruments in the lower ranges will have . Bam

petier definition. Surprisingly enough, plano also has an — Gitae

incredibly powerful iow end that can benefit from a bit of
{ow-freguency rofl-off to ief other instruments — natably
drums and bass - da their jobs more effectively. Naturally -
you won'i want lo do this if the pianois playing sale. The 33725 100 200 500 1kzk &k 0k 20K Mzt
reverss applies to kick drums and bass guitars; you can
often rol off the high end Lo create more space in the mix

A A N Fund 2 The I that delermi 1 ji
without compromising the character of the Instruments. . mi;w ';iich.f hat deterines the basic
You'll have lo use your ears, though, because each Harmopics:  Mullidles of the tundamenial fegquency
instrument is different.and someiimes you'll want the that play a tole in delermining the fimbra

“snap” of a bass guitar, for example, to come through. of the ingiryment.

Some Frequency Facis

The lowest and highest frequencies than can be heard by the human eur are generally considered to be around
20 Hz and 20,000 Hz, respectively. Average conversation accurs in the range from about 500 Hz to sbout 8,000
Hz. The fraquency of astandard pitchfork used to tune guitars and other insiruments is 440 Hz (this
correspands te the “A3" key on a pianc tuned to concert pitch}. Double this frequency to 50 Hz and you havea
pitch one octave higher (.e. "A4" on the piano keyboard). Tn the same way you can halve the frequency to 220

Hz to produce “A27 an octave lower.

Boost with Caution

Hyou're trying to ereate special or unusuat
effects, go shaad and boost away as much as
youiike. But if you're just trying {o achieve a
good-sounding mix, boost only in very small
incramsnts. A tiny boostin the midrange can

ey
WID Bosst o s

@phpnsy -

give vocals more presence, of a iouch of high @
baost can give certain instruments more “air™. ?a.
Lister, ahd if things don’t sound clear and

zlean iry using col to remove freguencies that
are cluttering up the mix rather than trying to
boost the mix into ¢larity. One of the biggest
problems with teo much boost is that it adds
gain 1o the signal, increasing noize and
poientizlly overloading the subsequent
circuitry.

MID Cut

Frequency (H2)




Ambience For chorus and flanging the signal is delayed by sev-
eral milliseconds, with the delay time modulated by

an LFO, and recombined with the direct signal. In
addition to the phasing affect dascribed abave, the
delay modulation causes a perceived pilch shift
which, when mixed with the direct signal, results in a
harmonically rich swirling or swishing sotnd.

The difference between chorus and flanging effects is
primasily in the amount of detay time and feedback
used-—fanging uses ionger delay times than chorus,
whereas chorus generally uses a more complex

Your mixes can be further refined by adding ambi-
ence effects such as reverh or detay. intarnal effects
can be usad o add reverb or delay to individual
channels in the same way as exlernal effects
PIOCessors.

Frofesslonsl Powered Hilner

% HOT AlR EXHAUST
8]

s

Reverb and Dalay Time

The optimum reverb time for a piece of music will
depend.on the music's tempe and density, bul as 2

WARNING

g it
P
Sartercgrioes

4550 pretary pan

: 15 £ ; : . ! s
gi'j'le'all_lr”lte ionge:hr.fte}ferb times are g_p‘:::dfc;r baliads. detay structure, Chorus is most often tsed to thicken . i soven sompce [
while shorier revern imes are maore suited {o-up- the sound of an instrument, while flanging is usually , B

ternpo tunes. Delay times.can be adjusted to create a used as an outright “special effect” to preduce other- X SRR S et e i
wide variety of “grooves”. When adding delay to a . :
; . . worldly sonic swoops.
vical, for example, try setting the delay lime to dotted .
eighth nates corresponding 1o the tune’s tefapo. N :
- Compression

Reverb Tone

Ditierent reverb programs will have difierent “reverh
tone” due fo ditferences in the reverb time of the high
of low frequencies. Too much reverh. particularly in

One form of compression known as “limiting” can,
when properly used, produce & smooth. unifisd
sound with 1o excessive peaks or distortion. A com- o speakers
mon example of the use of compression is to “tame™a

the high frequencies, can result in unnatural sound vocal that has a wide dynamic range in order to i:'é? IE
and mte:_‘ler;a: with 1he high fequencies in other parls tighten up the mix. With the right amount of compres- i@\r
of tha mix. it's atways a good idea o choose a revarb sion you'll be able to clearly hear whispered pas- R

Synthesizer : —
Active surveillance

2709'3'_“ that Gi‘-'f;s YCIN-' the depth you wanl without sages whilé passionale shouts are siili wall balanced Guitar g7
etracting from the clarity of the mix. in the mix, Comptession can also be valuable on  Speakers
bass guitar. Too much compression can be a cause of
Reverh Level - ] 3
feedback, however. so use it sparingly. [,

I's amazing how quickly your ears can fose perspec- Most compr ; Y . . -
: ) ST @ss0rs requirg several critical parameters :
tive and fool you inta believing that a fotally washed- P P

a e fo be set propetly to achiave the desired sound. The
otit mix sounds periectly fine. To avaid falling into this S¢ propery

ith rblevel al th n compressar makes achieving great sound much
trap start with reverh level all the way down, then ! easier: all you need to do is set a single "compres-
gradually bring the reverb info the mix until you can !

: o . sion” conlrol and all of the pertingnt parameters are
g:;z;?:e“g:g;":&;fy more than this normally awtomatically adjusted for you.

Powered meniior
speakers

. OUTPUT - : T PO I AR P S AT e
The Modulation Effects: S - DI} 262 0 0 = o S0
Phasing, Chorus, and Flanging ol soiman 30 7=} Wz J0 =) S0 | 0| S0
All of these effects work on basically the same princi- : T e E R E P T K
ple: a poriion of the audio signal is “ime-shifted”and O ;CE -'k?%“_ ﬁ; S .
then mixed back with the direct signal. The amount of | G Sl B .ﬁ% .l S ¥ 1
time shift is controlled, or “modulated”, by an LFD ‘ L e a@gm JaL-~ ‘-:j_‘ém 3“‘0%— BLUETAOTH
{Low-frequency Oscillator). ﬂ e 3-\,., Rl Ol ey
For phasing effects the shift is very small. The phase "-r‘“?—«'z %@&; 3%5-“; ’JQL“.;. ':«@?; %g =
ditference betwegn the medulated and direct signals IOE 7 05 B 298 &%}%é%@'&%a
causes cancellation at some frequencles and rein- (((‘
forces the signat at others and this causes the shim- o

fs)

mesing sound we hear.
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1.Phantom 48V shunt switch
48V LED lights up when phantom power is switched on,This switch switches the Phantom
power onand off. When the switch is a branch channel that supplies 48V Phantom power in
the mixer, there is an XLR microphone input jack. Turn this switch on when using 2 phantom
powered capacitor microphone.

2. MIIC Input jacks
These are balanced XLR-type microphone input jacks.(1:Ground;2: Hot:3:Cold).

3, LINE Input jacks {monaurai channels)
These are balanced TRS phone-jack line inputs. {T: Het; R:Cold; 5: Ground}.
You can caonnect either balanced or unbalanced phone plugs to these jacks.

4, TRIM Control

Adjusts the input signal level.To get the best bailance between the 5/N ratic and the dynamic
range, adjust the gain so that the PEAK indicator lights only occasionally and briefly on the
highest input transients. The +10 to +60 scale is the MIC input adjustment range.The +10to -
40 scale is the LINE input adjustment range.

5. Equalizer {HIGH, MID and LOW)

This three-band equalizer adjusts the channrel's high, mid and low frequency bands. Setting
the knob to the "0" pesition produces a flat response in the corresponding band. Turning the
knoh to the right boosts the corresponding frequency band, while turning to the left
aitenuates the band,

6. AUX1 Control
Menitor and effects busses {AUX1 sends) source their signals via a control from one or mare
channels and sum these signals to 2 se-called bus. This bus signai is sent o an sux send
connector {for monitoring applications:MON GUT ) and then routed, for example, to an
active monitor speaker or external effects device. In the latter case, the effects return can
then be brought hack into the console via the aux return connectors. All moniter and effects
busses are mono, are tapped intc post EQ and offer amplification of up to +15dB.

7. FX/AUX2 Cantrol
The aux send marked FX/AUX2 offers a divect route to the buili-in effects processorandis
therefore post-fader and post-mute,

8.CLIPLED
The PEAK-LED lights up when the input signal is driven too high. If this happens, back off thé
TRIM cantral and, if necessary, check the settingof the channel EQ.

9. PAN Controf

The PAN control determines the position of the channel signal within the stereo image.
When working with subgroups, you can use the PAN control to assigh the signalto just one
output, which gives you additional flexibility in recording situations. For example, when
routing to subgroups 3and 4, panning hard left wili route the signal to group output 3 only,
and panning hard right wiil route to group cutput 4 only.
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1.Phantom 48V shunt switch
48V LED lights up when phantom power is switched on, This switch switches the Phantom
power an and off. When the switch is a branch channel that supplies 48V Phantom powerin
the mixer, there is an XLR microphone input jack. Turn this switch on when using a phantom
powered capacitor micrephone.

2. MIC Input jacks
These ara balanced XLR-type microphone input jacks.{1:Ground;2: Hot:3:Cold}.

3, LINE Input jacks (monaural channels)
These are balanced TRS phone-jack line inputs. (T: Hot; R:Cold; 5: Ground]).
You can connect either balanced or unbalanced phone plugs to these jacks.

4, TRIM Ceontrol

Adjusts the input signal levei.To get the best halance between the $/Nratio and the dynamic
range, adjust the gain so that the PEAK indicatar lights only occasionally and briefly on the
highest input transients. The +10 to +60 scale is the MIC input adjustment range The +10 1o -
40 scale is the LINE inpui adjustment range.

5. Equalizer [HIGH, MID and LOW)

This three-band equalizer adjusts the channe!’s high, mid and low frequency bands, Setting
the knob to the "0" pesition produces a flat response in the correspending band. Turning the
knob to the right boosts the corresponding frequency band, while turning to the left
attenuates the band.

6. AUX1 Control

Maonitor and effects busses (AUX1 sends) source their signals viz a control from one or mare
channels and sum these signals to a so-called bus. This bus signalis sentto an aux send
connector (for monitoring applications:MON OUY ) and then routed, for example, te an
active monitor speaker or external effects device. In the latter case, the effects return can
then be brought back into the console via the aux return connectors. All monitor and effects
husses are mono, are tapped into post EQ and offer amplification of up to +15dB.

.ﬁ-ﬁ_\,

P

7. FX/AUX2 Control
The aux send marked FX/AUXZ offers a direct route to the built-in effects processer and is
therefore post-fader and post-mute.

8. CLIPLED
The PEAK-LED lights up when the input signalis driven too high. If this happens, back off the
TRIM control and, if necessary, check the settingof the channel EQ,

9. PAN Coantrol

The PAN contro!l determines the position of the channel signal within the stereo image.
When working with subgroups, you can use the PAN ¢control to assign the signal to just one
output, which gives you additional flexibility in recording situations. For exarnple, when
routing to subgroups 3and 4, panning hard left will route the signalto group cutput 3 only,
and panning hard right will route to group output 4 only,




10. PFLSWITCH
The PFL switch is used to route the channel signal to the solo bus {Solo in Placelorto the PFL
bus (Pre Fader Listen). This enables you to listen tea channet signal without affecting the
main output sighal. The signal you hearis taken either before the pan controi (PFL, mono) or
after the pan and channet fader {Solo, stereo}

11. CHANNEL FADER
Adjusts the level If the channel signal. Use these faders to adjust the balance between the
varicus channeis.

12, AUX1 OUT Control
Use this fader to control AUX1 output jack.

13.FX JAUN2 OUT Control
Use this fader to control FX/AUX2 output jack.

14, MAIN QUT (L, R) Jacks
These jacks deliver the mixar’s stereo output. You use these jacks, for example, to connect to
the power amplifier driving vour main speakers.

15.EFFECTOR DISPLAY
Show the kind of effector.

16. PROGRAM Dial

You can select the effect preset by turning the PROGRAM control. The display flashes with the
number of the current preset. To recall the selected preset, press onthe button; the flashing
stops. You can zlso recall the selected preset with the foot switch.

PARAMETER Control

Adjusts the parameter{depth,speed,ete.}for the selected effect.The last value used with each
effect typeis saved.

17.FXJAUXZ Cantrol
Use this fader to control FX/AUX2 output jack.

18, AUX1 Control
Use this fader to control AUX1 outputjack.

19. PHONES/CTRL ROOM ONLY Control
Use this controi to adjust the control room output fevel and the headphones volume.

20. MP3 PLAY EQH
The two-band equalizer adjusts the leve! of the MP3 player.

21, Computer USB Contactect Jack
Used USB cable line to contact with computer & mixer,mixer could be play computer audio
,computer could be recording the mixer output audio.

"S$TOP: stop play (Putan the switch of 5TOP 2 seconds to recording. Keep to put Z secondsto

You can select the MP3 preset by turning the PROGRAM control. The display flashes with the

22, MP3 player jack
USB can be piay through U-DISK.

23. MP3 PLAY window
Show the MP3 planing, time, song name and other play instrection.

24, MP3 switch

STOP recording. Put on the coder 2 seconds can be exchange the recording file and U-DISK
music,
PLAY:play music PREV:iast song NEXT:next song REP:single or cycle play.

PROGRAM Dial

number of the current preset. Yo recall the selected preset, press an the button; the flashing
stops.

25, PHANTOM +48V Switch

This switch toggles phantom power on and off, When the switch is on the mixer supplies +48V
phantom power to all channels that have XLR mic input jacks. Turn this switch on when using
one or more phantom-powered condenser microphones.

26. Level Meter

Shows the level signal strength.
NOTE: The"0” segment corresponds to the nominal output level, The PEAK indicator lights
up when the output reaches the clipping level.

27. FX SEND Fader
Controf effect input signal level.

28, USB VOL Fader
Change VOL button can be control the VOL of USB.

29. MAIN MIX Fader
You use the high-precision quality faders to control the output level of the main mix.

30. BLUETQOTH

Contact mobile phone ortablet PC .
Contact way:Put on CONTACT SWITCH two second, the Signal light, used mobile phone or
tablet pc to choose {MIXER-01) to contact.

Put on CONTACT SWITCH to stop contact bluetooth, If you want to turn off bluetooth then
change to useéd another mobile phone or tablet PCto contact, please put on CONTACT
SWITCH twa second, then choose {MIXER-01).

31. PHONES lack
Connect a pair of headphones to this TRS phone-type output jack.
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32: POWER Switch

Use the POWER switch to turn on the mixing console, The POWER switch should always
be inthe "Off" position when you are about to connect your unit to the mains. To
disconnect the unit frem the mains, pull out the main cord plug. When installing the
product, ensure that the plug is easily accessibie.

33: FUSE HOLDER/IEC MAINS RECEPTACLE

The console is connected to the mains via the cable supplied, which meets the reguired
safety standards. Blown fuses must only be replaced by fuses of the sametype and
rating. The mains connection is made via a cable with [EC mains connector. An
zppropriate mains cable is supplied with the equipment.

34: GND
Contact GND order to avoid leakage

35: AMPLIFIER OUTPUT

Can be cantact with speaker to here

NOTE"WARNING )
Minimum impedance 4 ohm per channel, Connecting two 4 ochm speakers per channel
will overload the amp and avoid the warranty. Always use 8 ochm speakers or higher if
connecting two speakers per channel.

36: CODLING FAN
Cooling the amplifier to avoid the amplifier too hoi to be broken.

INSTALLATION
Rack mounting

The packaging of your mixing conscle contains two 197
rack mounts for inslaltztion on the side panels ol the
console. Before you can atlach the rack mounis to the
mixing congole, you nead to remove the serews holding
the leff and right side panels. Then, use these scraws lo
fasten the twa rack mounts each specifically io one
side. Wilh the ratk mounls installed, you can mount the
mixing console in a commercially avallable 19" rack. Be
* sure to allow for proper air flow around the unit, and do
not place the mixing console close to radiators or power

+ Oniy use the screws halding the mixing console side
panels id 1ssten Lhe 197 rack mounis.

Cable connections
You will need a large number of cables lor the various
connections of the sgnsole. The Hlustrallons below
show the wiring of these cables, Be sure 1o use only
high-grade cables.

14" TS footswitch connector

Sleeve tip
strain reflef elamp pote 1fground pale 2

gheeve

tp

I

The footswiteh connects bolh poles momentarity

Fooi switch connecteor

Audio connections
Please use commercial RCA cables to wire the 2-lrack
inpuls and outputs, You can, of course, also connscl
unbalanced devices o the balanced inpuifoulpuls, Use
eilher mona plugs. or use slereo plugs to link the ring
and shaft{or pins 1 and 3 in the case of XIL.R

Balanced use with XLR connectors

1 = groundtshiald
2 =hpl [+ve)
3 = eold {-ve)

Input Qutput

For unbalanced use, pin 1 and pin 3 have to be bridged

) XLR connectioné

iz d Cautlohi"i’_‘éd' must'n_éuer uss unbalanced XLR
conneclors (PiN 1 and 3 connecied) at the MIC input
iacks if you want to use the phaptom power supply.

6.3: 1/4" mono plug

Siesve Tip
strain reliel clamp {graundishield)  (signal)

slageyve

tip

I 'O

Unbalanced " TS connector

6.3: 114" mono plug

Balanced 1/4" TRS connector

Slaeve Tip
strakn relief clamp (ground/zhield)  hol {+ve)
sleave Rring
ring cold {-v&)

l

- 11O

T

[
[

Forsonneclion of balanced end unbatanced plugs,
ring and slaeve have o be bridged a1 the sierac plug.

Balanced 1/4" TRS connector

Insert send return 1/4” TRS conneetor

. Slagve Tip
sirain rellef clamp (groundfshield)  send (ou)
sleeve Ring
ring raturn {in)

1ip

Connect the insert send with the input and the
insert refumn with the output of the effects device.

Insert send/return stereo piug

) Slaeve tip
sirain relisl tlamp {groundishield) lefi signal
sleeve Ring
fing right signal

l""._m

1/4* TRS headphones connector




Specifications

Troubleshooting
Powerdoesn't » Is the power line properly plugged into an AC wall outlet?
come on, » Are the power ling and AC wall outiet connected correctly?
+ Are microphane, external devices, and speakers connected
correctly?
* Are the channel GAIN controls, channet fader, STEREO QUT
No scund. Master fader and GROUP fader set to.appropriate levels?

* Are the speaker cables connected properly, or are they
shorted?

« If the above checks do not identify the problem, please
contact the service center.

MICROPHOMNE INPUTS Staren aux zeturns
Type LR, electronically balanced, Type %= TRS conqeclor,
discete input ciecuit electronically batnced
MicEJH. ROHz- 20 kH2) mpedonce approt. 20k Gol. /10K pnbad.
@84 solRee tenstante 13408 135.7 4B A-welghted Ehax. Input bevet +23d8u
gi0fsmurereditace  -E1d8/1333¢BAweighted  Mainoutputs
En0Nsuceresslane  -194B/1SBAweghted Tipe LR, elecirmnicafly balanced
Frequency fespanse <10z~ 150%H2 (-1 0B}, e o WSRO
R <10 Hz- 260 kHz (3.6} 2R only: Yi* TS cormector tnbalanced '
Ganpange | .. *Wwas0dB Impedance  approx, 240HLsnm, / T Dunbalanced
Maz. laput kevel <12 i@ + 1008 Gain B, ol fevel +28dRy
Impadance appror. 26k helanced 473 df
e dhesmmen  Ssloones
Distostion {{HO-+) 0.0055% /0.004% A-visighted Tipe TS conmectar ynbatanced
ine inpit Impedance ppox 208
I i R -
Impedance apptsr, 26 ki) halanced : b L
Type V" TRS connectar, inbalanced
Ganange Mavowpatlesel r19dBusmSeAteSedm)
Macputlewl ] _ Dsp
FADE-GHT ATIENUATION® Converter JzbitSigmaDel,
{CROSSTALK ATTERUATION} o ___.i_.‘j':;ff_'_‘!"lei oversampling L
Mzin fader dhased ndé )
Channel mted ®d MAIN MIXSYSTEM DATS?
Charine fder clused 0 Hokse
FREQUENCY RESPONSE m“&% ” 01ds
Micraghone Input to main out L
<I0Hz-304H2 0484148 Harn it @B,
oW eeae | CeweeEw o 99
Slere fnpts S, 4. e
Trpe VU IRS connector, electronically bakanced ﬁzmﬁ'ﬁgb & o
Impedance  ___ wex kD . -8346
bax, input ievel +2248n -8 48
E mono channels Power supply
Low 80¥z/£1548 s e Manswhage | BW-0bMe
Wi 2.5kHz/ = 1548 Fower consumption
Wb . RMEGEE
Ef steren channels
80tiz/ £1508

Fuse

Main eonmedion

Standard VEC receptacle

Hheag e ng e

et A Tl L
Tt iett i pthle, 2 4 [ g 3 pee i, Stfptenee o b b,

T TeHrelaw G DN~ Jof B I, RN, LN gati.

115 R PRS- Al anne e T A m

Sound is faint,
distorted,or noisy.

« Are the channgl MAIN controls, channel fader, STEREO OUT
Master fader and GROUP fader set to appropriate levels?

» Are twa different instruments connecled to the XLR-type and
phane jacks, or 1o the phone and RCA pin jacks on one channel?
Please connect to only one of these jacks on each channel.

* |s the input signal from the connected device setto an
appropriate level?

* Are you applying the effects at an appropriate level?

« Are microphone connected to the MIC input jacks?

« lf you are using condenser microphone, is the PHANTOM
+48V switch turned on?

No effectis applied.

« Check that the EFFECT control on each channel is correctly
adjusted.

» Be sure that the FX conlrol and EFFECT fader are correctly
adjusted.

I want spoken words
to be heard more
clearly.

« Adjust the equalizers on each channei.

Iwantto outputa
monitor signai
through speakers.

» Connect a powered speaker to the AUX jack, or {o the AUX1
or 2 jack and turn the PRE switch on each channel on, Than
adjusl the output signal by using the AUX controls on each
channel.

The level meter
doesn't show the
cutput signal level.

+ Are Lhe PEL switches for the channels thal you are not using
turned on?




