ARISTON AMP25
PROFESSIONAL POWER MIXER
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Important safety instructions

Caution!

To reduce the risk of electric shock, do not remove
the top cover (or the rear section). No user serviceable
parts inside. Refer servicing to qualifi ed personnal

Caution!

To raduce the risk of fi re or electric shock, do nol
sxpose this appliance to rain and moisture. The
apparatus shall not be exposed to dripping or
splashing liquids and no objects fi lted with liquids,
such as vases | shall be placed on the apparalus.

A
A

Caution!

[1]. Keep these instructions.

[2]. Heed ail warnings.

[3). Follow all Instructions.

[4]. Follow all instructions.

[5]. Do not use this apparatus near water

[6]. Clean cnly with dry cloth.

[7]. Do not block any ventilation openings. Install

in accordance with the manufacturer's

Instructions.

Do notinstall near any heat sources such as

radiators, heat registers, stoves, or other

apparatus (including amplifiers) that produce
heal

Do not defeat the safety purpose of the polari-

zed or grounding- type piug. A polarized plug

has two blades with one wider than the other.

Agrounding-type plug has two blades and a

third grounding prong. The wide blade or the

third prong are provided for your safety. Ifthe
provided plug does not fit into your outlet,
consult an electrician for replacement of the
obsolete cutlet.

[10]. Place the power cord sothatit |s prolecled
from beingwalked on and sharp edges. Be
sure that the power cord is protected particu-
larly alplugs, convenience receplacles and
the point where it exits from the apparatus

[11]. The apparatus shall be connected to a MAINS
socke! outlet with a pretective earthing conne-

LR ction.

This symbol, wherever it appears, alerts
you lo important operating and mainten-
ance instructionsin the accompanying
literature. Please read the manual.

This symbol, wherever it appears, alerts
you to the presence of uninsulaled dan-
gerous vollage Inside lhe enclosure -
voltage that may be suffi clent to const-
itute a risk of shock.

(8].

—

19].

—

[12]). Where the MAINS plug or an appliance ‘
coupler is used as the disconnect device,
the disconnect device shall remain readily
operable,

[3]. Only use attachments/accessories specified
by the manufacturer.

[14] Use only with the carl, stand, tripod, brackat,
or table specifi ed by the manufacturer, or soid
with the apparatus. When a carlis used, use
caution when moving the cart/apparatus
combinalion te avoid injury from lip-over,

[15] . Unplug this apparatus during lightning storms

or when unused for long periods of time.

[16]. Refer all servicing to qualified service persen-
nel. Servicing is required when the apparatus
has been damaged in any way, such as power
supply cord or plug is damaged, liquid has been
spilled or objects have fallen into the apparatus,
the apparatus has been exposed {o rain or moi-
sture, does not operate normally, or has been
dropped.,

Before you get started

Shipment
Your mixing console was carefully packed in the
factory to guarantee safe transport. Nevertheless,
we recommend that you carefully examine the pa-
ckaging and Its contents for any signs of physical
damage, which may have occurred during transit

" |fthe unitis damaged, please do NOT return it
o us, . but notify your dealer and the shipping
company immadiately, otherwise claims for
damage or replacement may not be granted.

Initial operation
Be sure that there is enough space around the unit
for cooling purposes and lo aveid over-healing ple-
ase do not place your mixing console on high-temp-
erature devices such as radiators or power amps.
The console is connecled to the mains via the supp-
lied cable. The console meets the required safety
standards. Blown fuses must only be repiaced by
fuses of the same type and rating.

@ Please note that all units mus! be properly grou-
nded, For yourown safely, you should never
remove any ground connectors from electrical
devices or power cables, or render them inope-
ralive.

&~ Please ensure that only qualified people Install

and . operate the mixing console. During Instal-
lation and operation, the user must have suffici-
ent elecirical contact to earth, otherwise electr-
ostatic discharges might affect the operation

of the unit. ‘




Introduction

Please read through this manual carefully before beginning use, so that you will be able to
take full advantage of this mixer's superlative features.

Contents
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You’ve got yourself a mixer and now you're ready to 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, but if this is the first time you've
ever used a mixer you might want to read through this little tutorial and pick up a few basics
that will help you get better performance and make better mixes.

Balanced, Unbalanced—What's the Difference?

In a word: “noise.’ The whole point of balancad Ines is noise rejection, and it's something they're vary good at.
Any length of wire will act as an antennz to pick up the random electromagnetic radiation we're consiandy sur-
rounded by: radio and TV signals as well as spurious electromagnetic noise generated by power knss, motors,
electric appliances, computer monitors, and a variety of other sources. The longer the wire, the more noise it is
likely to pick up. That's why balanced lines are the best choice for long cable runs. I your “studio” is basically con=
fined to your deskiop and all connections are no more than a meter or two in length, then unbalanced lines are
fine=—urless you're surrounded by extremely high levels of electromagnetic noise. Another place balanced nes
are almost alwvays used ls in microphone cables. The reason for this is thal the output signal from mest micro=
phones is very small, so even a tiny amount of noise willl be rddatively large. and wil be amplified to an alarming
degree in the mixer's high-gain head ampFier.

Balanced noise cancellation To summarize
o jilokee Microphones | Lzy bobuocedbrez.
o Mh' Urbdjanced fnes are fine il

vl runs you're in a refatvely noise=

Hot(+) P / \ N ;
12} - Al Irea anvironmaenl,

A : | The ambient doctromage
N Novadros a” natic noiso bevel will be the
vellruns | ultmate deciding facsor, but

balancad s best,

Signal Levels and the Decibel 160

Let’s take a look at one of the most commonly used units in i
audic: the decibel (dB). Il the smallest sound that can be 3 ;‘,?‘;.,"':,'3?.:‘,’;‘",’;::2‘,:,,
heard by the human ear is given an arbitrary value of 1, then | 29 4gy— lypes of eqapment have inputs
the boudest sound that can be heard is approximately :{"d :3“‘5"”"' a nominallusl
1,000,000 (one milion) times louder. That's too many digits s

to deal with for practcal calcdatons, and so the more appro= 0 d8u— O775Y  The npess and ouipans on
priate "decicel (dB) unit was created for sound=refated mea- hemesuze aude goar usudlly

surements. In this system the difference between the softest "’“‘::a";;.""" level of =13 68u
and loudsst sounds that can be heard is 120 dB. This is & =20 dBu— i

nonHnear scale, and a difference of 3 dB aciually resubs ina Micrephans sgnal bvelle vary
doublng or halving of the boudness. | overawide rangs cepanding on
You might encounter a number of different varieties of the =40 d3u— Ihe type of miczophens and the
dB: dBu, dBV, dBM and others, but the dBu is the basic deci= Ly ToUrce. Awerage speech is

el unit. In the case of dBu, “0 4By’ is specified as a signal Abaa =30 4R, ik e fwtiste

lovel of 0,775 volts. For oxamplo, it a microphone's output =0 9BU—= [ g anrd mign belowstran
levelis <40 dBu (0.00775 V), then to raise that level 1o 0 dBu -0 drom beat gt prockios a evel
(0.775 V) n the mixer's preamp stage requires thal the sianal as high 23 0 dBu,

be amglified by 100 times.

A mixer may be required to handle signals at a wide range of

levels, and it is necessary match input and outout kevels as dosely as possible, In most cases the "nominal” evel
for a mixer's input and outputs is marked on the panel or listed in the owner's manual




To EQ or Not to EQ

In general: kess is betler. There are many situations in which youll need le cut cerlaln frequency ranges, but use
boost sparingly, and with caution. Proper use of EQ can efminate interference between instruments in a mix and

give the overall sound better definition, Bad EQ=—and most commonly bad hoost=—ust sounds terrible,

Cut for a Cleaner Mix

For example: cymbals have a lot of energy in the mid and
low frequency ranges that you don't really perceive as
musical sound, but which can interfere with the darity of
other instruments in these ranges, You can bhasically turn
the Jow £Q on cymbal channels all the way down without
changing the way they sound in the max. You'll hear the die
ference, however, in the way the mix seunds more ‘spa-
clous,” and Instruments in the kwer ranges will have better
definition. Surprisingly enough. piane akso has an incradi-
bly powerful low end that can benefit from a bil of kow=ire-
quency rolkoff to let other instruments—=notadly drums and
bass=—do their jobs more effectivaly, Naturally you won't
want 1o do ths if the piane is playing soko.

The reverse applies to kick deums and bass guitars: you
can often roll off the high end to create more space In the
mix without compromising the character of the instruments,
You'll have lo use your ears, though. because each instru=
ment i different and sometimes youll want the “snap” of a
bass guitar, for example, to come through,
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Harmonics:

Some Frequency Facly

The lowest and highest frequencies than can be heard by the human ear are generally considered 1o be around 20 Hz

and 20,000 Hz, respectively. Average conversation ocurs in the range from abour 300 H to about 3,000 Hz. The fre-
quency of a standard pitchfork used 1o tune guitars and other insiruments is 440 Hz (thes corresponds to the “Ai” key
on @ piang tuned o concert pich). Double this frequency to 880 He and you have a pitch one octave higher (Le. “Ad"
on the piana keybaard). In the same way you can halve the frequency to 220 Hz to produce “A2" an actave lower,

Boost with Caution

If you're trying to create special or unusual effscts.
go ahead and boos!t away as much as you like.
Butif you're just trying to achieve a good-sounding
mix, boast only In very smal| Increments, A tiny
beost in the midrange can give vecals more pres-
ance. or a touch of high boost can give certain
Instruments more “air.’ Listen, and if things don’t
sound dear and dean try using cut 1o removs fre-
quencies that are cluttering up the mix rather than
trying to hoost the mix into dlarity,

One of the biggest problems with too much boos!
is that it adds gain to the signal. increasing noise
and potentially overloading the subsequent cir
cuitry.

(gp) o]
Jeuilts

Frequency (Hz)
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Ambience

Your mixes can be further refined by adding ambi-
ence effects such as reverb or defay, The GS-12FX s
internal effects can be used to add reverb or delay 1o
individual channels in the same way as external
effects processors. (Refer to page 15).

Reverb and Delay Time

The optimum reverb time for a piece of music wil
depend on the musc's tempo and density, but as a
general rule longer reverd times are good for ballads,
while shorter reverb timas are more suited lo up-
tempo tunes, Delay times can be adjusted to create a
wide variety of "groovas”, When adding delay to &
vocal, for example, try setting the delay time to dotted
eighth notes corresponding to the tune's tempa,

Reverb Tone

Different revarb programs will have different “revert
tone” due to differences in the raverb time of the high
or kw fraquencizs. Too much raverb, particularly n
the high frequencies, can resull in unnatural sound
and interfere with the high frequencies in other parts
of Ihe mix.It's always a good idea lo choose a reverb
program that gives you the depth you want without
detracting from the clarity of the mix,

Reverb Level

It's amazing now quckly your ears can bose perspecs
tive and fool you into bebieving that a totally washed-
oul mix sounds perfectly fine. To avoid falling into this
trap start with reverb bkevel all the way down, then
gradually bring the reverb into the mix until you can
just hear the difference. Any more than this normally
becomss a “special effsct)

The Modulation Effects:

Phasing, Chorus, and Flanging

All of these effects work on basically the same prince
ple: a portion of the audio signal is “time-shifted” and
then mixed hack with the direct signal. The amount of
time shilt is controlled, or ‘moculated”, by an LFO
(Low-fraquency Oscillator).

For phasing effecls the shilt s very small. The phase
difference between the modulated and direct signals
causes cancellation at some frequencies and rein=
forces the signal at ethers and this causes the shirm=
mering sound we hear,

For chorus and flanging the signal is delayed by sew- l
eral mlliseconds, with the delay tme modulated by
an LFO, and recombinad with the direct signal In
addition to the phasing effect described above, the
delay modulation causes a perceived pitch shift
which, when mixed with the direct signal resulis in a
harmeonically rich swirng or swishing sound.

The difference betwsen chorus and flanging effects is
primarly in the amount of delay tme and feedback
used—ilanging uses longer delay times than chorus,
whereas chorus generally uses a more complex
delay structure, Chorus is most often used to thicken
the sound of an instrument. while flanging is usually
used as an outright "special effect” to produce other-
workily sonic swoops.

Compression

One form of compression known as imiting” can,
when properdy used. produce a smooth, undied
sound with no excassive peaks or distortion, A com=
mon example of the use of compression is 1o “tame” a
vocal that has a wige dynamic range in order to
tighten up the mix. With the right amount of compres-
sion youll be able to cleady hear whisperad pas-
sages while passionate shouts are sUll well balanced
in the mix. Compression can also be valuable on
bass guitar, Too much compression can be a cause of
feedbacx, however, so use it sparingly.

Most comprassors require several critical parameters
to be set properly te achieve the desired sound. The
MG comprassor makes achisving greal sound much
casier: all you need to do is set a single “compres-
sion" control and all of the pertinant parameters are

automatically adjusted for you.
OUTPUT
. 0{Min)
/4 10 (Max)
mﬂ
" B
INPUT
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INSTRUCTIONS FOR USE



1. BAL ANCE INPUT
Electronially Balanced inputs acceptable @ standard XLR male Connector.
2. LINE INPUT

The unbalanced Micinpulis provided for the use of & unbalance mic and is designed
to accept a unbalanced high impedance input signal.
(This use for connection Deck, Turntable, Keyboard etc..)

3. PEAK (PEAK LEVEL INDICATOR)
A red LED indicates a signal level at the insert return point, premaster Fader, It
iHluminates at approximately 5dB below clipping.

4. GAIN CONTROL
Adjusts input sensitivity from-60dB to -20dB with the -20dB pad switchin the
out position, and -40dB to 0dB when the -20d8 pad switch is pushed,

5. PAD (-20dB)
When push this switch, attenuates the input signal -20dB.

6. HIGH
Control the high frequency tane of each channel. Always set this control to the 12 o'
clock position, but you can contral the high frequency tone according to the speaker,

the conditions of listening position and listener's taste, Clockwise rotation of the
contralincreases level.

7. MID
Control the mid frequency tone of each channel, Always set this control te the 12 o'
clock position, but you can control the mid freguency tone according to the speaker,

the conditions of listening position and listener's taste. Clockwise rotation of
the control increases level.

8. LOW

Control the low frequency tone of each channel. Always set this control to the 12 o'clck
position, but you can control the low frequency tone accaording to the speaker, the
conditions of listening position and listener's state. Clockwise rotation of the control
increase the fevel.

9. AUX

Use this contol to set the leve!l of signal from external stereo source and the main signal
control Is recontrolled by STEREO or MONO section.

10. EFFECT

Use this control when you want to get effect sound by adjustment of input signal.
When you don't use external source, digital delay will be working which installed inside.

11. PAN

The pan control sends continuously variable amounts of the post fader signal to
either the left or right main busses. In the center position equal amounts of signal
are sent to the left and right busses

12, PFL

38N ¥0d SNOILLONY.LSNI

You can monitor the signal of the only channel which PFL switch is turned"ON"by
- headphone . When PFL switch turned on, other channels will cut off automaticalily.




13.MUTE

All output from the channel are enabled when the MUTE switch releasad and muted
when the switch is down.

14, CHANNEL FADER

This is the function to adjust the volume of signal connectinginto each channel
and adjust the volume of output, together with master fader, Normal operating
position is at the"0"mark, providing 4dB of gain adove that point, if required,

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 tha current preset. To recall the selected presel, press
on the button; the flashing stops. You can also recall the selacted preset with the
foot switch.

17. EFFECT DELAY
This is used for adjusting the level of echo delay. You can achieve the delay echo
by the rotation button.

18.MP3 player jack
USB:can be play throrgh U-DISK

19.MP3 PLAY window
Show the Mp3 planing.time.song name and other play instruction.

20.Mp3 player

21.adjust MP3 volume to higher
with bluetooth fumction

22.adjust MP3 volume to lower

23. STEREO GRAPHIC EQUALIZER
2X7-band equalizer is provided for tone control over each frequency, and for
precise high quality sound by final tone control.

24.Level Meter
Show the level signal® s strong
NOTE:The “0" segment corresponds to the nominal output level.The PEAK indicator lightsrd
when the cutput reaches the clipping level..

25.STEREO AUX RETURN1 Control
Adjusts the level at which the signal received at the RETURN
jacks (L (MONO) and R) is sent to the STEREO L/R bus.
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26.AUX SEND Control
Usae this fader can control the AUX output jack

27, EFX SEND
When you use STEREO board, you can adhust the sound olume of all kinds of effects
outside.

28, PHONES/CTRL ROOM ONLY Control
Use this control to adjust the control room output level and the headphones volume.

29.MP3 VOL Fader
Change VOL button can be control the VOL of Mp3.

30. FX SEND Fader
Control effect input signal level.

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

32. OUTPUT JACK (LEFT/RIGHT)
In this product, the final confirmed sound can be sent to main amplifier through XLR &1/4 jack.

33. EFX SEND, RETURN
This can be used to connect all kinds of effects from outside.

34. HEADPHONE JACK
You can monitor working condition by sound through the headphone.

3SN 04 SNOILLONY.LSNI




37. FUSE HOLDER/IEC MAINS RECEPTACLE
The console is connected to the mains via the cable supplied, which mests the required safety
standards. Blown fuses must only be replaced by fuses of the same type and rating. The mains
connection is made via a cable with IEC mains connector. An appropriate mains cable is
supplied with the equipment.

38. POWER Switch
Use the POWER switch to turn on the mixing console. The POWER ewitch should always be in
the "Off” position when you are about to connect your unit to the mains. To disconnect the unit
from the mains, pull out the main cord plug. When installing the praduct, ensure that the plug is
easily accassible.

39. AMPLIFIER OUTPUT
Can be contact with speaker to here

Minimum impedance 4 ohm per channel. Connecting two 4 ohm speakers
per channel will overlioad the amp and void the warranty.Always use 8 ohm
speakers or higher if connecting two speakers per channel.

40. COOLING FAX
Cooling the amplifier to avoid the amplifier too hot to be broken,
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INSTALLATION
Rack mounting
The packaging of your mixing console contains two 18"
rack mounts forinstallation on the side panels of the
console

Before you can altach the rack mounts to the mixing console.
you need to remove the screws holding the left and right side
panels. Then, use these scrows to fasten the two rack mounts,
each speciically lo one side. With the rack mounls inslallad,
you can mount the mixing consale In 2 commercially avallable
19% rack. Be sure to allow for proper air low around the unit,
and do not place the mixing consale close 1o radiators or power
amps, so &8 to avoid averheating

% Only use the screws holding the mixing console side
paneis to fasten the 19" rack mounts

Cable connections
You will need a large number of cables for the various
connections of the conscle. The illustrations below
show the wiring of lhese cables. Be sure lo use only
high-grade cables.

1/4" TS footswitch connector

Sleeve tip

saran relief clamp pole tiground pole 2

sleave

w

l
i & 0

The foetswitch connects both poles momentarnly

Foot switch connector

Audio connections

Please use commercial RCA cables to wire the 2-frack
inputs and outputs,

You can, of course, also connect unbalanced devices 1o
the balanced input/outputs. Use either meno plugs. or
use stereo plugs to link the ring and shaft {orpins 1& 3
inthe case of XLR connactors).

6.3:1/4" mono plug

Sigeve Tip

strain retef clamp (ground/shield)  (signal)

sepve
tip

l
1A = | 1)

Unbalanced " TS connector

6.3: 1/4" mono plug

Balanced 1/4" TRS connector

Slasve Tip
strain reliof clamp (ground/shiald)  hot(vve)
sieove Rring

ring cold (-ve)

tp

]
b — o

Faor connaction of balanced and unbalanced piugs,
ring and sleave have to be bridgec at the stereo plug

Balanced 1/4" TRS connector

Insert send return 1/4" TRS connector

Sleave Tip
strain refief clamp (groundighiald)  send (out)
sieeve Ring
relurn {in)

ring
tip

]
nesfill TTD

Connect the insert send with the input and the
insad return with the output of the effects device,

Balanced use with XLR connectors

1 =ground/shield
2=nhot{+ve}
3= cold (-ve)

Input Quiput

For unbalancead use, pin 1 &nd pin 3 have o b brdged

XLR connections

& Caution! You must never use unbalanced XLR .
conneciors (PIN 1 and 3 connected) at the MIC
Input jacks If you want to use the phantom power
. supply.

Insert send/return stereo plug

Sleaye

tp
stramn rellof clamp {ground/shield)  left signal

slesve
ring

I
D

Ring
right signal

1/4" TRS headphones connector
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Specifications

MICROPHON E INPUTS (XENYX MI FREAMP) Sheres aux seiums
Type L%, levenically bdanced, Tyze 4" T4 romnector,
discete input dreit slecirovicaly el anees
M ELMN. (20 Hz-10 k) Impedane apzre 20 ksl 1040 nbd
@ 0[] dou s pesidance =134 dB / 135.7€B A-meizhisd Mar inputhee] +ildBu
A3 Omureresstange  =131dR/ 153.3 48 A=weighird Mals sutputs
@150 Nsoume reslstaree 12968 { 1305 B A-weighted T AR, electraricaly babced

Fraguenty m=panie < 1 Hrm 150 kHz (=1 B},

< 10 He= 00 ez (=1 2B}

30 14" TRS belaned
\&" T4 cannextor unzalanoed

1632F K enky

Gan range Hiltn +50¢H I=pedance apzno 290 0 sy, | 1200 ushafaneed
Mau. i=pun |sve] +17d8u @ + 10 dB Gain e sutpethed +20dBy
Impegancs appear. 16 kil abiesd 3By
SgraHe-naie Ro 11063 /112 d2 A-weighted _
il dsaln @ +21 éB gaie) Carired roo gutpats
Cisteriian (THO-K) 0035% | 20045 foweichisd Tree 1T ensnextr Urizefenced
- I=pedanoe apanat. 1000
neigat [T —— 21dbu
Tipt Liy" TRS connecter eleetrasically sakineed A
Imzedance appeas. 10 k0 bfanced Headphanes sutputs
T T = 14" TRS comnecton, unialnoed
Ganrnge ETT W sutpet feed +19dBu/ 1500 (+25<Bml
Maa. i=pur |ave] dBu Dsp
FADE-OUT ATTENUATION' erter Lich dizmaslefi,
(CROSSTALK ATTENUATION) e
pr—— B fanping ate 0 by
Chemnel muted B MATK MIESYSTEM DATA
Cranng| fader dosed #&dB Hobie
Main min i -m
FREQUENCY RESPONSE Charnel lader @08 10142
Misraphen inpat ta mai= gt =100d
<10 Hr-91 ke I8/ -1d3 é';:n ';";Eﬂgﬂi s
<10 He=160 kb 1B /-3 d8 el B5dE
Seren Inputs -i1dB
PR i Main min e 043,
Tipe 1" TR canmedier, decireniclly balanzed Charinel ades @O 4148
Inzedance ppeen. 1 k0 -43dB
Mas. izput level +13du =048
i3 mena channdks Power supsby
Ler #Hz/ +15dE Mans weltzge 20V, SisdHz
Mid 100 Hr =& kHFS +15d3 Power consumption 4 ohm
High 12k +15d8
1 ez CcHE. 200w O cHe. 450w O cHB. &s50w O
[ steeen channek: cH12. 300w 0 oH12 asow 0 cHi2. ssow O
Low #iHz) <154k cH1E. 300w 00 cH1e asow 0 cHie. ssow O
Leres i 530 Hz ! +15¢8
H“- yi ;II- a+l|.-r|.:. o RLENRLLE
Hg L _“:'_ - " Mains cannection Stendad L reapeade
gh #/ +15
s -
Tipe ¥%"'T4 cannectar, inbalanced _H?Ix-h- . .I;I.q [
& JEEr - FHE i e e ol LTy JIEE i, 3l et o iy mic
Imzecance *p“'u:'“ hanels 19 a1 el o o ek Berrer - 46 650
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Troubleshooting

Power doesn't
come on.

* Is the power line properly plugged into an AC wall outiet?
+ Are the power line and AC wall outlet connected correctiy?

No sound

* Are microphene, external devices,and speakers connected
correctly?

* Ara the channgl GAIN controls, channel fader, STEREO OUT
Mastear fader and GROUP fader sel lo appropriale levels?

* Are the speaker cables connecled properly,or are thay
shorted?

+ If the above checks do not identify the problem,please
contact the service certer.

Sound is faint,
distorted,or noisy

» Are the channel GAIN controls,channel fader, STEREQ OUT
Master fader and GROUP fader set to appropriate levels?

* Are two different instruments connected to the XLR-type and
phone jacks,or to the phone and RCA pin jacks on one channel?
Please connectto only one of these jacks on each channel.

* Is the input signai from the connected device setto an
appropriate level?

* Are you applying the effects atan appropriate level?

« Are microphone connacled to the MIC input jacks?

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

No effect is applied

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

* Be sure that the FX control and EFFECT fader are correctly
adjusted

| want spoken words
to be heard more
clearly

» Adjust the equalizers on each channel.

I want to outputa
monitor signal
through speakers.

» Connecl a powered speaker to the AUX jack, or o the AUX?
or 2 jack and turn the PRE switch on each channel on. Then
adjust the outpul signal by using the AUX conltrals on each
channel.

The level meter
doesn‘t show the
output signal level.

+ Are the PEL swilches for the channels that you are not using
turned on?
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