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IMPORTANT SAFETY INSTRUCTIONS

The lightning flash with arrowhead symbol, within
an equilateral triangle is interded to alert the user
to the presence of uninsulated “dangerous volt-

/A

RSK OF ELECTRC SHOCK

WARNING: To REDUCE THE RISK OF FIRE OR ELECTRIC SHOCK.
DO NOT EXPOSE THIS APPLIANCE TO RAN OR MOSTURE.

AVIS: RSOUE DE CHOC ELECTROUE. NE PAS OUVRR

C Al]:l-'lON age” within the product's enclosure that may be
I of suificient magnitude to constitute a risk of elec-
DO NOT OPEN H tric shock to persons.

S gl ol B

@

appliance.

Read these instructions before installing unit.

Keep these instruction for future reference.

Heed all warnings contained in these instructions.

Do not use this apperatus near water.

Do not block any ventilation openings.

Install in accordance with the manufactures instructions.
Refer all servicing to qualified service personnel.

20of 32

The exclamation point within an equilateral tri-
angle is intended to alert the user to the presence
of important operating and maintance (servicing)
instructions in the literature accompanying the




INTRODUCTION

FIRST OF ALL, WE WOULD LIKE TO THANK YOU FOR YOUR PURCHASE OF THE ELECTRO-VOICE PSX2000
POWER MIXER.

The Electro-Voice PSX2000 compact stereo powered mixer incorporates features and performance based on our research and development
in the professional audio market and from requests from our customers. With a PSX2000, you own a power mixer that offers a wide range
of functionality in a very compact frame. All the troubling experiences of cabling and matching mixers, amplifiers, FX units, and equalizers is
history. You now own a device with optimally matched components.

The mixer's ergonomic shape and clearly structured controls allow instant access at all times. In case the console is operated in areas with
insufficient lighting, a gooseneck lamp can be easily plugged into the provided socket. During transportation, you will quickly learn to
appreciate the PSX2000's superior features like recessed handles on both sides, a metal cover to protects the controls, compact dimensions
and low weight. In addition, the PSX2000 can be easily mounted in a 19" rack shelf by replacing the plastic side panels by a pair of metal
rack mount ears.

Through its impressive functionality, its powerful amplifier, and extremely low-noise design in combination with its 18bit-Dual-Stereo FX unit,
the PSX2000 is best equipped for universal use. No matter, whether on-stage, in a home recording environment or in a permanent installation,
Electro-Voice's PSX2000 is the ideal professional audio device — effective and reliable.

Of course, you want to operate your new PSX2000 as quickly as possible. But please, take some time to read about all connections, functions,
and controls, first. Every section is explained systematically and in detail within this owner's manual: the input channels, the FX units and
the master section as well as the built-in power amplifier. Through the careful perception of this information, you will learn a great deal about
all functions and find some useful and practical tips for the daily operation of the PSX2000. Even more important, you will find some adjustment
guidelines that should be painstakingly carried out; plus the description of a typical sound reinforcement installation, a block diagram,
specifications, connection guidelines, etc.... So, take your time and keep on reading.

UNPACKING AND WARRANTY

Open the packaging and take out the PSX2000. Detach the FX unit displays' protective foil. In addition to this owner's manual, you will find
the power cord. Please keep the original receipt of purchase together with the warranty certificate.
Keeping all papers and the original packaging of the device is always recommendable.

INSTALLATION AND CONNECTIONS

Always install the PSX2000 on an even surface to allow for sufficient airflow during the operation. The device is equipped with electronically

controlled fans to protect the power amplifier against thermal overload. The direction of the airflow is front to rear. Fresh, cold air enters the

mixer at its lower front side and warm air leaves the device through the ventilation louvres in the rear panel. Do not cover the frontal or the

rear ventilation louvres. If ventilation is blocked, the PSX2000 automatically enters the protect mode to prevent thermal overload. If the unit’s

protect mode is engaged, it will not be damaged, but regular operation is impossible.

In case the PSX2000 is installed in a 19" rack system, you have to allow at least 2 HU of free space above and 1 HU below the device for

ventilation. Of course you can cover the empty space with special plates that have ventilation.

Before plugging in the power cable, please make sure that the device matches the voltage and frequency of your local mains supply by

checking the label next to the mains switch. When switching the power on, the internal fans will run for about 2 seconds at full speed to give

g?u an audible signal that the PSX2000 entered the operation mode. In addition dust particles that might have gotten into the device get
own out.

For a secure connection, the speaker outputs on the PSX2000's rear panel are provided through professional standard NEUTRIK SPEAKON

connectors. The pin assignment of these sockets is 1+ (signal) and 1- (ground).
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1. MIC

Electronically balanced XLR-type inputs for the connection of low impedance microphones, like the ones that are

featured in studio and live mixing consoles. This type of input stage provides extraordinary low- noise signal

amplification with extremely low distortion (typical <0.002%) even in the high frequency range.

Generally, any type of microphone can be connected as long as its pin assignment is

in accordance with the diagram shown aside. When condenser microphones are _ +24V PHANTOM

connected, you have to press the PHANTOM button which is located in the master =%

section. The microphone gets its operational voltage (+24Vdc) through the mixer so @\ Ul Pw o+ suED
S/

can forget about battery replacement . PN 2:a -
i e N7 | mss-
CAUTION: Make sure to always connect the microphones before tuming on
the phantom power or switching the PSX2000 on with phantom power activated. This is the only way to prevent
your microphones from damage. Also be sure to engage the stand-by button in the master section to prevent nasty
power-on fransients.
The connection of condenser type microphones and dynamic microphone models at the same time is possible
and should generally not lead to any problems. Before you do so, please refer to the microphone's manual to make
sure that this kind of operation is in accordance to the manufacturer’s guidelines.
The MIC input is designed for levels between —60dBu ... +11dBu — depending on the setting of the corresponding
gain control. Because of their low impedance design and the phantom power these XLR-type inputs are not meant
for cascading other mixing consoles or the connection of FX units, keyboards or other electronic equipment. When
connecting this type of equipment, please use the LINE level inputs.

2. LINE

Electronically balanced inputs for the connection of electronic instruments, such as keyboards, drum machines,
electric guitars and basses with active outputs, as well as all other high-level signal sources, like additional mixers,
FX units, CD players, etc.

The LINE input is designed for levels between —40dBu and +30dBu. The connection of balanced or unbalanced
signal sources is handled with monaural or stereo phone plugs, wired according to the diagram below. If the device
that you want to connect has a balanced output stage, the use of balanced cables with stereo phone plugs is
preferable. This type of connection greatly lowers the induction of external noise or HF interference.

UNBAL ANCED BALANCED
SHELD D - SGNAL

[ ——ppesew [ | :

Do not connect signal sources to the MIC and the LINE inputs at the same time, since the signals would interfere
with each other, resulting in level reduction.

One more note: Please, do not connect electric guitars or basses with passive, high impedance outputs directly
to one of the LINE inputs. The LINE inputs of the PSX2000 - like the line level inputs of mixers from all other
manufacturers — are meant for the connection of relatively low source impedance of electronic instruments or audio
equipment. The reproduction of the instrument’s original sound characteristics will be unsatisfactory — unless this
effect is intended. Those instruments should be connected using a spacial transformer, direct box or pre-amplifier
with very high input impedance. Musical instruments that are equipped with an active electronic output stage
(battery powered) can be connected without problems.

When connecting signal sources, please make sure that the corresponding channel faders or the master
faders are at their minimal settings or that the STANDBY button is engaged. This will save you, your
audience, and speakers from unpleasant noise.

3. INSERT

Stereo phone jack with breaker function. The low impedance output is assigned to the tip (send) and the high
impedance input (return) is assigned to the ring (body). This jack allows the connection of external compressors,
limiters, EQs, etc. into the corresponding channel's signal path. The insertion point is post gain controls, low-cut
filters, and voicing-filter stage and pre-EQ section and faders. You have to use a stereo phone plug wired according
to the following diagram — in case you intend to use this jack as a true insert bus.

-
it

INSERT
RETURN
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INPUT/MONO

If you want to use this socket as a DIRECT OUT (Pre EQ), the stereo phone plug's tip and ring have to be short
circuited, so that the audio signal is not interrupted. If you are using a monaural phone plug instead, you will get
a DIRECT OUT with breaker function — the signal flow within the channel is interrupted.
DIRECT OUT . e — |
i — N e shield — 2 I]
N7 2
— 4. GAIN
Fr™\N _ | 3 Rotary control to adjust the MIC/LINE inputs’ sensitivity. These controls let you optimally adjust the incoming
N\ signals to the mixer's internal operation level. Correct adjustment offers the benefits of improved S/N-ratio and
~ INSERT provides you with the full bandwidth of the PSX2000's outstanding sonic capabilities. On the XLR-type connectors,
amplification of +10dB is achieved when the contral is set all the way to the left and +60dB when the control is
o CAIN turned all the way to the right. When dealing with very low input levels, like those that occur during vocal recordings
20 \m 2y or when the sound source is located at a distance, the high gain is extremely beneficial. Using the LINE-input, the
b = signal is generally attenuated by 20 dB. The total adjustment range of 50dB stays the same. The LINE-input's
Fiae unity gain — no amplification (0 dB) — is achieved at the 20dB mark.
g [ 15 The following is meant as a short note for your assistance on how to determine the correct input level:
e 1+-6 Note on how to adjust the input level:
T 1. Set the gain control and the corresponding channel fader to their lowest setting.
:’ = o 2. Connect the desired sound source (microphone, musical instrument, etc.) to the MIC or LINE input.
IS 4) 3. Play the source at its highest volume —sing or speak as loud as possible directly into the microphone or play
L the instrument.
2 1| 4. While you are playing the sound source or singing into the microphone, adjust the input level using the gain
s 5.15 control, so that during the loudest passages the PEAK LED doesn't blink, but the SIGNAL - LED
"3,,,_3\ vo| 7 lights constantly.
B 2 This is the basic channel setting, gives you at least 6dB of headroom, which means you have at least 6dB
L] before signal clipping. In case you intend to make further adjustments to the channel’s EQ setfing, you should
3-0=3_ LO _perform the steps 3. and 4. again, since changes in the sound shaping section also influence the channel’s
:@E,_J overall level.
12 12
=R b 5.LO CUT 80 Hz
B When the LO CUT switch is engaged, frequencies below 80 Hz are attenuated (18 dB-per-octave). In most cases
e using the LO CUT filter with microphone channels is a good advice, since it efficiently suppresses popping sounds
"@:'— and rumbling noise. The only exceptions are kick drum and
U 8 acoustic bass. e i W A  sae 17 aziamian
X2 Sometimes it can be also very effective to combine the LO o
% = CUT filter with the VOICING filter. For instance to providea | 'e
s “thin” voice with more “body”, without getting additional low- it
S0 pitched noise. Whenever the LO CUT is engaged, raising
2 i——Q the bass level (LO EQ) provides you with a richer sound, but
" without additional rumbling or popping noise.
e Another welcome side effect is, that the power amplifier and i
S f N ' the connected loudspeakers do not get “polluted” with unne- T ]
3 3i——10 cessary low-pitched noise. And the audience will be thank- ’ y
=l ful for the use of the LO CUT filter, too, since they can enjoy e
a truly clear, natural, and powerful sound performance. /
6. VOICING FILTER
This button activates an asymmetric microphene filter, which
can be used in addition to the channel EQ. The VOICING T mimr | mme o rewn ST
filter enhances the first harmonics of the human voice and i A
slightly attenuates the mid frequency range. This voice sha- e
ping method provides precisely audible, intelligible, and po- ik
werful vaocals that are clearly emphasized from the rest of
the mix and is not achievable using ordinary third or octave i ]
equalizers. e B B wca i 101 B
= The use of this filter is not restricted to vocals only. Horns, s Tl
™ woodwinds, and other acoustic instruments can also profit
(213  from the voicing filter. i
] 30 We leave it entirely up to your creativity to try the filter with i
—_ =2 as many different sound sources as you like. Normally, you
do not have to worry about the occurrence of feedback. s - u s w
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7. EQ SECTION

The mixer's EQ section allows shaping of the audio signal within different frequency bands. Turning one of the
EQ level controls to the right enhances/amplifies the corresponding frequency range while turning them to the left
lowers/attenuates the signal of the specific frequency band. Before you begin to alter the sound, all EQ controls
should be set to their neutral position; that is: their detented, center position. Try to avoid setting the EQ controls
to extreme positions. Usually, minor changes are totally sufficient and produce the best results in the overall mix.
You should use natural reproduction as an benchmark and rely on your musically trained ear, being the best
instrument to judge the sound quality. The moderate use of the MID control is the best remedy for avoiding
acoustical feedback. In this frequency range, you should try to avoid excessive enhancement. Lowering the level
in this band will provide you with high amplification with lower likelihood of feedback.

Use the LO control according to your pleasing, to add more “punch” to the sound of a kick drum or "body” to the
vocals. Use the HI control in the same way to provide cymbals and the human voice with more treble and a more
transparent sound. The MID EQ section offers separate rotary controls for the adjustment of the level (MID) and
the frequency band (kHz) between 800 Hz and 8 kHz.
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oiinge ® LOW-HI EQ MID EQ
=0= L
L7\ Adjustments in the MID range are certainly the most effective way to shape the sound. As a matter of fact,
3 T determining the correct center frequency is not always as easy as it seems. Here is one method — amongst others
| 5B P — how to quickly find the right setting of the parametric EQ for your application.
5 r“a.:gﬂ Note on how to adjust the parametric EQ:
: @,“— 1. Slightly lower the channel fader to avoid feedback.
O LT 2. Turn the MID rotary control all the way to the right (+15dB).
3 S0 FX2 3. Play the desired sound source or talk into the microphone.
z @n'a— 4. Meanwhile turn the frequency rotary control (kHz) slowly from left to right.
B 5. Quickly, you will detect the frequency range that is not to your liking or
AN causing feedback.
- =1 g 6. Leave the frequency control in this position and turn the MID control to the left until the
0o sound is natural or to your liking.
L0y PAN Enhancing a specific frequency range is a different story. In this case perform steps 1 to 4 as described above.
J @?3 1 10 Set the frequency rotary control to the range you want to enhance or leave it at the position where the sound is
e most satisfactory. Now you can use the MID control to determine the amount of alteration.
L 1—
i 8. AUX/FX
L The AUX/FX controls are used to adjust individual amounts of channel signals to be routed to the FX1 or the FX2

units. The split point of the “dry” signal is POST FADE or in other words: the signal path is split after the audio
signal has passed all stages of the channel module, including the volume fader. That is the reason why the fader
setting also influences the amount of the signal that is fed to the FX units. By using the AUX/FX controls, it is easy
112 to establish an effects mix. For example, you can assign the short reverb effect of the FX1 unit to the lead vocals
and a combined effect program — echo, hall, and chorus — via FX2 to the background vocals. To determine the
desired intensity of each effect, you should start with the controls set at their center and make individual
adjustments from there on. Also keep in mind that there are two AUX/FX1/2 send controls located within the master
section which control the total amount of the FX signals. When you begin to establish the effect mix these controls
should also be set at their center position.
In case you are not using the internal FX units and/or you want to connect external signal processing units, the
—13 pre-mixed AUX/FX1/2 signals are outputted via the AUX1/2 send jacks. Please monitor the PEAK LEDs in the
FX1/2 channels. The indicator should only light briefly at the occurrence of high program peaks. If the indicator is
:[I’: constantly lit, you should lower the send levels of those channels where the program peaks occur. For further
information, please read the paragraphs about the FX1/2 units.

828 Bo s
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9. AUX 3

The AUX 3 control is primarily meant for the monitor mix. Nevertheless, when the master section's AUX3 POST
button is pressed, it can also be used as a third FX send bus. In that case, the signal is split post-fader and outputted
via the AUX 3 send jack.

To establish a monitor mix you can choose between two alternatives. The main difference being the point where
the signal is split according to the setting of the AUX3 POST button.

If the AUX3 POST button is not engaged, the signal split is PRE FADER — the setting of the channel faders does
not affect the signal level that is present at the AUX3 rotary controls. Since the monitor mix is not influenced by
the setting of the channel faders, this alternative is primarily used when the main mix and the monitor mix have to
be completely different—the volume of specific musical instruments or vocals needs to be higher or lower or should
not appear at all in the monitor mix. This mode is also preferable when the PSX2000 is operated by a engineer in
the audience area (front of house).

The other alternative should be used when you have to operate the mixer on-stage and still want to have control
over the main mix. :

If the AUX3 POST button is engaged (LED is lit), the signal at the AUX3 rotary control is POST FADER — the signal
is split after it passes the channel faders and therefore is affected by their settings. Setting all AUX3 controls to
their center position, the main mix is also present on the monitor bus, giving you the opportunity to control the
volume settings individually from the stage. The overall volume of the monitor mix is set with the AUX3 fader in
the master section. If you are using this option you have to keep in mind that all volume changes made with the
channel faders also appear in the monitor mix, leaving you with a higher risk of acoustical feedback.

To reduce the risk of feedback, you still have the option to adjust the individual send levels via the channels’ AUX3
rotary contrals. There is even the possibility to cancel some loud instruments — like the kick drum or the snare
drum, which are in fact already loud enough on-stage — totally from the monitor mix by turning the corresponding
controls all the way to the left.

10. PAN

This control determines the position of the connected sound source within the stereo image. When this control is
setatits center position, the audio signal is fed equally to the left and the right master busses. Through the extensive
PAN section circuitry the essential sound pressure level always stays the same, no matter to what position within
the stereo image the PAN control is set.

11. PFL

Engaging the PFL button (Pre Fader Listening) routes the audio signal of the corresponding channel to the
headphone bus. In this way you can route as many signals as you want to the bus at the same time. The volume
levels of the individual signals are not affected by the channel fader settings — PRE FADER LISTENING. This
gives you the opportunity to set the level or the EQ of a channel without the need to include it in the main mix. The
overall signal of the headphone bus is present at the headphone output.

12. SIGNAL (present) / PEAK indicator

These indicators play a key role during the level adjustment of the input channels, offering visual confirmation of
the actual signal level. They provide the possibility of detecting the risk of overdrive before you would actually hear
the distortion, unlike the mixers of many other manufacturers that either only provide a PEAK indicator or no
channel indicator at all.

As described before, the signal “present” LED should blink in the rhythm of the incoming signal. If this is not the
case, you should increase the gain. If the PEAK LED blinks frequently or lights up constantly, the corresponding
channel is likely to enter clipping and you should turn the gain control a bit to the left. The signal “present” LED
lights atlevels —30dB below clipping while the peak LED lights at a level of —8dB below the occurrence of overdrive.
It is also a good idea to watch the indicator during a performance. During performances, some musicians get
carried away by the music and the atmosphere and tend to play their instruments more dynamic than during the
rehearsal. This, of course, can easily lead to channel clipping, resulting in degradation of the sound.

13. VOLUME

The channel faders are used to set the volume of the corresponding channels and to establish an accurately
proportioned mix. The channel faders should be positioned within the range of —5dB to 0dB, leaving you with a
degree of control that allows the precise matching of relatively large differences in the channels’ level settings.
The overall volume is set through the use of the master faders.

Even though the channel faders offer an additional gain of +10dB, we would recommend that you not exceed the
+5dB mark. If the PSX2000’s main bus gets “overloaded” with toe many “high level” input channels, despite its
special negative gain structure, the summing amplifier could be driven into clipping. Once you reach a level where
some channel faders are set above the 0dB marking, we would recommend you lower the setting of each channel
fader by about ~5dB and increase the overall output level by elevating the master faders. The proportion of the
mix and the overall volume stay the same while the risk of clipping is prohibited.
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Since most features of the stereo inputs are virtually identical to those of the monaural inputs, we will not discuss
their functions in detail again. Thus, we only point out the differences and ask you to refer to the paragraphs in the
first chapter of this owner's manual.

14. MIC
Like their monaural counterparts the stereo input channels of the PSX2000 incor- 424V BHANTOM
porate extensive circuitry and electronically balanced XLR-type connectors for the o

connection of low impedance microphones. Whether your setup is more micropho- PIN 4 SHELD
ne-criented or you have more line level sound sources to connect, you can always PN 2: a, +
use the full amount of input channels, provided by your PSX2000. The functioning PN 3: b, -

principles were already discussed in detail in the previous chapter.

15. STEREQ INPUT L/MONO R

Electronically balanced inputs for the connection of musical instruments with stereo output, like keyboards and
drum machines, Electric guitars and basses with an active outputs, as well as all other equivalent sound sources
with high level outputs, like additional mixing consoles, FX units, CD players, etc.

The stereo LINE input is meant for balanced or unbalanced sources with levels between —20dBu and +30dBu. For
the connection of external devices you can use monaural or sterec phaone plugs which are in accordance to the
diagram below. If the external device is equipped with a balanced output stage, you should preferably use balanced
cables and plugs, since this type of connection provides better shielding against HF induction and external noise.

UNBAL ANCED BAL ANCED
SHIELD SHIELD - SIGNAL

- (P rhpee

In case you want to connect a monaural source to a stereo input channel, plug it into the L/MONGQ input. The signal
gets internally routed to both channels. For further information, please refer to the chapter “INPUT/MONO”.

16. GAIN MIC

Rotary control to adjust the MIC inputs’ sensitivity, providing the possibility to optimally match the incoming signals
with the mixer's internal operation level. The MIC GAIN control is only active for the XLR-type connections of the
stereo input channels.

Adjustment and functioning of these controls are identical to those of the monaural inputs.

CAUTION: The MIC GAIN control of an unused microphone input should always be set to its minimal marking.
Otherwise the noise of the inactive input is added to the audio signal of the corresponding LINE input, which could
lead to unnecessary extra noise at the main output, becoming clearly audible in program breaks.

17. LINE TRIM

These rotary controls are used to match the incoming line level signals with the operational level of the PSX2000.
The total adjustment range is 30dB. Unity gain — no amplification (0 dB) — is achieved at the 0dB mark. The control
offers a level reduction of the incoming signal by —20dB and an amplification of +20dB. This range is wide enough
to allow the connection of most professional, semi professional, and even hi-fi audio sources.

For further details on how to adjust the LINE TRIM control, please refer to paragraph 4. GAIN.

If you use a keyboard as sound source on one of the stereo inputs, make sure that no split zones or layers with
channel separation are activated. Otherwise the sterec channel mapping will appear like it is set on the keyboard
and you will not have the opportunity to re-position the sound in the overall stereo image, using the controls of the
mixer. The better alternative to connect a keyboard with pre-programmed channel mapping is to use two adjacent
monaural input channels, leaving you the option to place the sound in the final mix via PAN controls.

One more tip, in case you desperately need another input and all channels of the PSX2000 are already in use;
The microphone input and the phone plug-type inputs are electrically separated from each other. Each input is
equipped with its own gain control — respectively trim control, providing you with the possibility to connect a LINE
level source in addition to a microphone. Of course, the two sources share all other controls. Consequently,
separate adjustments are not possible. This option is only meant as a subsidiary function and can be used when
there is absolutely no other alternative.
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18. EQ SECTION

The mixer's EQ section allows very differentiated shaping of the incoming audio signal within miscellaneous
frequency bands. Turning one of the EQ level controls to the right enhances/amplifies the corresponding frequency
range while turning them to the left lowers/attenuates the signal of the specific frequency band. Before you begin
to alter the sound, all EQ controls should be set to their neutral position; that is: their marker points straight up
(locked in place). Try to avoid setting EQ controls to extreme positions. Usually, minor changes are totally sufficient

SERRY 1 and produce the best results in the overall sound. You should use the natural reproduction as an orientation mark
(G- and rely on your musically trained ear to judge the sound quality. The moderate use of the MID control is the best
= remedy to avoid acoustical feedback. In this frequency range, you should try to avoid excessive enhancement.

15 Lowering the level in this band will provide you with high amplification rates without feedback.
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s o —] The HI and LO controls of the STEREOQ channels’ EQ section provide a degree of contral that is equally adequate
C s for LINE level inputs and microphones. The MID control is active in a comparably wide frequency band around 2.4
43-0-5 MD kHz. With most microphones this is the critical range, where a slight attenuation offers excellent resuits.
P .
o S
e 19. AUX/FX
e These contrals determine the amount of the summed L/R signal that is send to the AUX/FX bus. The signal routing
L] 0 —] is POST FADER. For more details on the functioning of these controls, please refer to the INPUT/MONQ section
A of this owner's manual.
5 4238, Fx1
2 3 20. AUX3
R = These controls determine the amount of the summed L/R signal that is send to the AUX3 bus. Depending on the
‘,5_5:&}:!% 18 setting of the AUX3 POST switch within the PSX2000 master section you can choose if the signal is routed PRE
3 ".a = or POST FADER.
1 9
®  auxa
AN 21. BAL
2 8s—— 20 The function of the BAL control of the stereo channels is equivalent to the PAN control’s function of the monaural
=" channels. If you turn the rotary control all the way to the right, the signal is routed to the right output while the signal
e of the left channel is muted. When the control is set to its center position, the signal is present with equal intensity
P, 91 ZBN- at the corresponding L/R outputs. Whenever stereo sound sources are connected to a sterec channel, you should
3 3 —— 71 leave the BAL control at the center position or make only minor adjustments in either direction. In case a
L= microphone or another monaural sound source is connected, the BAL controls function absolutely identical to the

PAN controls of the monaural input section.

=22

f 5 22. PFL

Engaging the PFL button routes the audio signal of the corresponding input channel to the headphone bus where
the stereo signal is outputted to the headphone output. You can route as many channels as you want to the bus
at the same time. The volume levels of the individual signals are not affected by the setting of the corresponding
23 channel faders - PRE FADER LISTENING. This gives you the opportunity to set the level and the EQ of a channel
without the need to include it in the main mix.

23. SIGNAL/PEAK
For the stereo SIGNAL/PEAK indicator function, the left and the right channels are monitored separately. The

respective highest level reading is indicated, assuring that neither one is already driven into clipping. For further
© descriptions on how to use this indicator most efficiently, please refer to paragraph 12 of the previous chapter.
]
o——24
= 24. VOLUME
—= The channel fader is used to simultaneously adjust both channels of the stereo signal. Functioning and specifica-

tions are totally similar to the monaural channel fader, as previously described.
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FX1/FX2

The PSX2000 offers two independent, identically-configured 18-bit stereo effect units — FX1 and FX2.
Each unit provides 89 program presets which are selected by the use of the UP/DOWN buttons. The
presets are divided according to the different effect types into seven different groups which are shown on
the printed labels. The programs within each preset group are sorted in ascending order where higher
numbers provide the same FX type with increased intensity. The presets 1 - 20 offer high quality
reverberation effects that are equally suited for the use during live performances or your home recording
environment. The program numbers 21 - 40 provide mixed effect types of echo/reverb, chorus/reverb and
flanger. Numbers 41 - 60 offer different delay effects. The last group from 61 - 99 provides different reverse,
chorus, and doubling presets as well as special delay and reverb programs. During the initialization of the
FX units, when turning the PSX2000's power on, the preset 05 (Large Hall 3 Bright) is selected for the FX1
while the FX2 unit is set to preset 55 (Delay Mono 250ms). These two effects are similarly suitable for live
performances and recording applications. They can be used separately or together. Pleass, also refer to
the supplementary information form “EFFECT PRESETS” for a more detailed description of all effect
presets. This list contains all preset groups together with the corresponding program profiles, their
individual characteristics, and a description on how and in what combination to use them. Take your time
to test all presets and select the ones that are best suited for your specific application.

The preset 0 is a slap back echo which is mainly used for service and testing of the effects section and it
doesn't appear on the list at the panel.

The FOOT SWITCH connector is provided to allow the connection of a foot switch pedal to remote control
the FX units' EFFECT ON/OFF function. If your foot switch features a LED - like the EV FOOT SWITCH
does - this indicator will light when the effect is activated.

| FX1/FX2
110 | 11....20 | 21......30 | 81....40 | 41.....50 | 51....60 | 61.....99

REVERB | REVERB ECHO CHORUS DELAY DELAY SPECIAL
HALLS PLATES | REVERB | REVERB STEREO MONO | PROGRAMS

25. AUX1/2 SEND

These jacks are meant for the connection of external FX units, providing the signal mixes that you have
established for the AUX/FX buses —the identical mixes which are fed to the internal EX1/2 units. The output
level is controlled using the carresponding AUX/FX SEND controls. The external devices’ output signals
can be send back to the PSX2000 via the stereo return bus or by using stereo input channels.

The AUX1/2 sends are designed with Ground Sensing technology to prevent the induction of external
noise, even when longer cables are used.

26. DISPLAY
The actual selected effect number is displayed.

27. UP/DOWN buttons
The UP/DOWN buttons are used to select the effect presets. Keeping a button pressed constantly lets you
step quickly through the program numbers.

28. FX to AUX3

These controls allow to mix the FX1/2 output signals with the AUX3 signal. In case you are using the AUX3
bus for monitoring purposes, you are able to add the FX signals at the desired level to the monitor mix.
Experience in mixing has shown that the effect level in the monitor mix should be lower than the level in
the main mix. R

29. AUX/FX SEND

These rotary controls could also be called FX SEND master controls, since they are used to adjust the
overall level of the effect mix that you have established using the channel FX send controls. The AUX/FX
SEND controls are used to set the input levels of the corresponding FX unit, respectively and the levels
of the AUX SEND outputs. Whenever the Peak LED (PK) blinks, there is the potential risk that the FX input
signal is driven into clipping, making it necessary to reduce its level by turning the corresponding AUX/FX
SEND control to the left, until the LED is not lit anymore. Since the AUX/FX SEND controls not only affect
the signals of the FX buses but also the monitor effect level, which is sent by the FX to AUX3 control,
careless changes can result in acoustical feedback.
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30.FX ON

These switches are used to turn the internal FX units on — the green LED is lit. Please keep in mind that
you also can use an external foot switch to turn the FX units on. In this case the LED also shows the
actual state of operation. If you want to use a foot switch, the FX ON switch has to be engaged first. The
corresponding FX unit is activated and you can use the foot switch to turn the selected effect program

on or off.

31. PEAKLED
These indicators show if the input stages of the internal FX units or the AUX 1/ SEND signals are driven
into clipping. To achieve an adequate S/N ratio, please adjust the FX units’ input level as follows:

Note on how to adjust the FX input signal:

Establish a “dry” mix — without effect settings — according to the previous descriptions.

Set the AUX/FX send controls of the effect channels to their center position.

Position the effect return faders of the effect channels at the —5dB marks.

Use the UP/DOWN buttons to select the desired FX program preset.

Press the FX ON switch.

Play the sound source of the desired input channel and adjust the desired

amount of the FX signal, using the AUX/FX controls of this input channel.

Repeat this step for all input channels that you want to include in your effect mix.

7. Adjust the AUX/FX SEND controls, so that the Peak LED only lights frequently
at highly dynamic signal peaks.

8. Use the FX to AUX3 control to add the effect mix to the monitor mix. Use the

FX return faders to add the desired amount of the FX signal to the main mix.

2 S

In case you are using a different effect setting for the second FX unit, you have to repeat the step 2 - 8,
respectively. Pay some attention to the peak indicators when operating your PSX2000 to quickly interact
when the signal levels exceed the normal range and enter clipping.

32. EFFECT RETURN

These stereo faders are used to determine the effect amount of the main mix. In case you have to set
these faders at a position above the +5dB mark, please check if the FX units input signals are adjusted
properly. Otherwise use the AUX/FX SEND controls to increase the input levels.
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Typically, the AUX3 channel is used as monitor bus. Depending on the setting of the AUX3 POST switch, it is also
possible to configure the bus for the connection of an additional, external FX unit.

33. AUX3 SEND

This output is meant for the connection of an external FX unit, 2 power amplifier or active stage monitor speaker
systems, when the AUX3 bus is used for monitoring purposes. Using the AUX3 fader, the output level can be adjusted
overawide range up to +20dBu. The AUX3 send is designed with Ground Sensing technology to prevent the induction
of external noise, even when long cables are used.

34. FEEDBACK FILTER
The feedback filter is a very narrow band notch filter which is only active over a range that is extremely susceptible
to acoustical feedback. The frequency band is set-using the corresponding rotary control. The filter is activated by
pressing the corresponding ON switch. Acoustical feedback occurs when the sound system becomes the largest
acoustical source at a microphone. Or in other words: the speaker signal hits the microphone and gets amplified
again and again, resulting in escalating oscillation, and is audible as a high pitched whistle or loud humming sound.
The following guidelines are meant to assist you in avoiding feedback and you should take them into consideration
even before you activate the feedback filter.
1. Do not position the main speaker systems behind the microphones.
2. Turn off all unused microphenes.
3. Also consider the microphones’ different polar patterns and characteristics, when placing

the monitor speakers.
4. Do nat turn up the monitor system’s volume higher than really necessary.
5. Try to avoid extensive equalization on channels that you want to include in your monitor mix.
6. Keep in mind, that microphones "behave” different when somebody stands right in front of

them. In fact, the amount and intensity of first reflections changes things drastically,
7. Position the microphones as close as possible to the sound source.

If you still need more volume from the monitor system, after trying the above mentioned precautions, you can use
the feedback filter to notch the frequency that tends to affect feedback the most. Therefore, you need to perform the
following steps:

Increase the AUX3 (monitor) level until the point where feedback starts. The “sound” you hear is generated within
the system, Turn on the feedback filter and adjust the rotary control at the point where the “ringing” disappears.
Switching the filter on and off lets you easily check if you tuned in the correct frequency. The feedback filter attenuates
the corresponding frequency band by about 9dB. Since the filiered band is extremely narrow, an alteration In the
sound of your monitor system is hardly audible.

CAUTION: Please be extremely careful when you increase the level up to the feedback limit. Careless operation,
resulting in feedback at high SPL, can severely damage your speaker systems and — even more important — the
human ear.

35. AUX3 POST

As mentioned before, this switch determines if the AUX3-mix signal is PRE or POST FADER. When the switch is
engaged and the yellow LED lights, the signals of all AUX3 controls in the input channels are sent after their
corresponding channel faders.

36. PFL

With this button you can route the pre-fader AUX3 signal to the headphones bus. The signal is outputted via the
headphone output. The setting of the AUX3 fader is not relevant for the signal's volume (PRE FADER LISTEN),
leaving you with the opportunity to adjust its level and equalization without the need to route it to the AUX3 SEND
bus.

37. AUX3 VOLUME
This fader controls the AUX3 SEND output level. When the AUX3 bus is used for monitoring, this fader lets you
control the volume of the monitor system.
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38. MONO OQUTPUT
At the monaural output the summed L/R signal of the master is present. It can be used for additional menitoring, side
fill and “next door” applications, or to establish a delay-line.

CAUTION:  The outputted signal is not only affected by the setting of the MONO OUT fader but also by the
MASTER faders’ setting.

39. PHONES OUTPUT
Stereo phone jack for the connection of headphones with an impedance of 32 — 600 ohms. The audio signals of the
channels where the PFL button is engaged is outputted via this connector. -

GROUND RIGHT
[ g

PHONES

40. PHONES LEVEL
This eontrol is used to adjust the headphone's volume.

CAUTION:
Adjust this contral at its minimal setting before connecting the headphones.

41. STANDBY

Pressing the STANDBY button mutes all outputs to which amplifiers could be connected to the PSX2000. Because
the signal flow between the MAIN INSERTS and the MAIN OUTPUTS is interrupted, the internal power amplifier's
signal is also muted. The STANDBY LED indicates that the stand-by mode is engaged and the input channel signals
are not heard over the speaker systems. But, the 2Track Return signal is still fed to the power outputs, providing you
with a very comfortable solution to play intermission music during performance breaks.

42. MONO MASTER VOLUME '
This fader controls the output level of the MONO OUTPUT. The output level is also influenced by the setting of the
MASTER faders (post fader).

In case a PRE FADER signal split would provide the better solution for your application, this can be achieved by some
minor internal changes.

Please consult your dealer for assistance.
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43. STEREO RETURNS

The stereo returns are used to route stereo signals (signal from an external mixer, FX unit, CD player,
keyboard etc.) to the master output.

In case you want to connect a monaural device, please use only the L/MONO return connectar, A
monaural signal is internally routed to both channels.

44. STEREO RETURN
Rotary control for level adjustment of the signals coming in the STEREQ RETURNS. The signal level
is also influenced by the setting of the master L/R faders.

45. RECORD SEND L/R

These RCA-type connectors carry the PRE-FADER master L/R signal. The signal is not affected by
the setting of the master faders and is mostly used for connection of cassette decks, open reel tape
decks or DAT recorders for recording purposes. The nominal level of the outputs is —10dBV to prevent
overload when used with consumer tape decks. Nevertheless, you should use the input gain control
of your recording device to avoid overload and to insure adequate signal level.

CAUTION: On most tape decks, the incoming signal is routed to the outputs. If you connect the REC.
SENDS and the 2-TRACK RETURNS with the PSX2000’s 2-TRACK to MASTER control set to
anything but its lowest setting, the recorded signal will be included in the main mix again. The
difference in delay of the two signals will create drop-outs and general degradation of the sound. In
the worst case, activating the RECORD button on your tape deck could lead to very unpleasant
feedback noise. To prevent this from happening make sure that you always have the 2-TRACK to
MASTER control and the AUX3 control adjusted to their lowest settings when recording.

46. 2-TRACK RETURN L/R

Here you can connect a tape deck, a CD player, an open reel or an additional mixer. The signal is
post master fader and post STANDBY switch, providing you the capability to play intermission music
during performance breaks or check the mix during the rehearsal by using the headphones. You just
have to engage the STANDBY switch to mute all channel signals at the main outputs and the monitor
bus.

47. 2-TRACK to AUX3

The signal coming from the 2-TRACK RETURNS s internally added to the AUX3 bus (monitor bus)
and its level is set with 2-TRACK to AUX3 rotary control. The signal is added to the bus pre-2-TRACK
to MASTER control.

48. 2-TRACK to MASTER

This control is used to mix the 2-TRACK signal to the main mix post-fader of the master L/R controls.
CAUTION: When adjusting the level of the device that is connected to the 2-TRACK RETURNS —
CD player, tape deck, etc. — always begin with the 2-TRACK to MASTER control adjusted at its
minimal setting. Otherwise, depending on the quality and level of the connected source, the outputted
volume can instantly “hit the top”.
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49. MAIN INSERTS

Stereo phone jacks for the left and the right channels with breaker function. The low impedance cutput
is assigned to the tip (send) and the high impedance input (return) is assigned to the ring of the
connector. This jack allows the connecticn of external EQs, compressors, limiters, etc. into the master
L/R signal path. The insertion point is pre-master faders. As with the inserts of the monaural input
channels, different DIRECT OUT functions can be accomplished.

Please, also refer to the corresponding section in the description of the MONO INPUTS.

50. MAIN OUTPUTS

The signals at the MAIN OUTPUTS are post master fader and mainly meant to feed additional,
external power amplifiers. Through these outputs, it is also possible to run a two-way active system
set-up. In this case, the active crossovers — or active subwoofers have to be connected to the MAIN
QUTPUTS. If you want to use the internal power amplifier to supply the high frequency cabinets, the
high-frequency signal coming from the crossover has to be run back into the PSX2000 via the
POWER AMP INPUTS.

51. EQ INPUTS / OUTPUTS

The EQ INPUTS are provided through electronically balanced phone jacks with breaker function.
When inserting a phone plug, the signal path is interrupted between the master L/R controls and the
internal power amplifier. The EQ INPUTS and POWER AMP INPUTS are the only active inputs for
the internal power amplifier.

The signals at the EQ OUTPUTS are post-master fader and post the internal 7-band equalizers.
Likewise, the MAIN OUTPUTS can be used for connecting external devices.

52. POWER AMP INPUTS

The POWER AMP INPUTS are also provided via electronically balanced phone jacks with breaker
function. When inserting a phone plug, the signal path is split between the master and the internal
power amplifier. The POWER AMP INPUTS are then the only active inputs for the internal power
amplifier.

NOTE: For detailed information on the function and operation of the “MASTER PATCHBAY" — MAIN
INSERTS, MAIN OUTPUTS, EQ IN/OUTPUTS, and POWER AMP INPUTS — please refer fo the
corresponding section; later in this owner's manual.

53. FX1/2 FOOTSW.

Phone jack for the connection of the foot switch or other compatible unit, to switch the internal FX
units on or off.

To accomplish this function, the switches FX1 and FX2 have 1o be engaged.

54. LAMP
This XLR-type socket provides a DC voltage of 12V /2.4 watts and is meant for the connection of a
gooseneck lamp. Please make sure that the lamp used complies with the specifications and pin
assignment. shown here. CAUTION: Overload or short circuits can result from damaging this output.
To prevent this from happening, we recommend the use of a Littlelite gooseneck lamp, available from
your Electro-Voice dealer.

For further information, please consult your dealer.
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55. POWER AMP STATUS indicators
These indicators inform you about the momentary operational status of the PSX2000°s
internal power amplifier.

The POWER ON indicator is always lit when the PSX2000 is in operational mode. If the LED
is not it after you have turned the power on, please make sure that the PSX2000's power
cable is correctly plugged in. If this is the case and the LED is still not Iit, please contact your
dealer.

The LIMIT indicator signals that you are operating the PSX2000 at the internal amplifier's limit.
Frequent blinking of the LED is acceptable, since the amplifier's incorporated limiter prevents
serious distortion. Continuous illumination indicates that you should be aware of a degradation
in sound quality. In that case, the master level should be reduced.

The PROTECT indicator is lit when one of the PSX2000 ’s extensive protection circuits is
guarding against thermal overload, HF-induction, DC at the outputs, or short circuits s
activated. When the PS8X2000 is in protect mode, the speaker outputs are muted and the
amplifier's inputs are shorted to prevent the amplifier from being damaged. In this case you
should first check to see if the ventilation louvres are blocked. Another cause could be that
you have more than three 8 chm speaker systems per output channel connected. You should
also disconnect the SPEAKON output connectors and check the speaker cables for short
circuits.

During normal power-on operation, the PROTECT LED always lights for about two seconds,
signaling that the PSX2000's protection circuitry is operational.

56. PHANTOM POWER

When this switch is engaged, all MIC inputs are supplied with +24V phantom power.
Please make sure prior to engaging phantom power that the PSX2000 is switched off
or in stand-by mode. With active phantom power the connection of unbalanced signal
sources (keyboards, mixer, etc.) to XLR inputs is not advisable, because this could lead
to severe damaging of your equipment.

ATTENTION! IMPORTANT NOTICE!

In general, the operation of phantom-powered condenser microphones and balanced
dynamic microphones at the same time does not lead to any problems.

Nevertheless, some balanced dynamic microphones are extremely sensitive to this.
Some models could get damaged when used on mixers with active phantom power.
Please refer to the microphones’ owner’s manuals to make sure that this operation is
permissible.

To be on the safe side, you should switch the PHANTOM POWER off, when using
balanced dynamic microphones.

57. 7-BAND EQUALIZER

TThe respective EQ ON switches activate each 7-band graphic EQ within the PSX2000’s
master section. The EQ’s insert point is post master fader and pre internal power amplifier.
The EQiis bypassed when the EQ ON switch is not locked in its “ON” position. The two graphic
EQs provide seven frequency bands, each. Through these faders you are able to match the
overall sound optimally to the acoustic conditions of different locations or shape it according
to your personal taste. Each frequency band allows +10dB equalization in the corresponding
range with a Q=1.4.
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The frequency ranges and the characteristics of the of the equalizer were carefully chosen
for live sound. If you want a clear and intelligible sound, which also provides cymbals and
other instruments with added high frequency detail, you should raise the levels of the 8kHz
or 16kHz bands a bit. If the mids sound too nasal, you should attenuate the 1 kHz and 2.5
kHz frequencies a few decibels. To provide the kick drum or other bass instruments with
more punch, you have to boost the low frequency range, using the 80Hz or the 250Hz
controls. In case the overall sound is undefined with too much bass, lowering the levels of
these two frequency bands will solve the problem.
When using the equalizer, you should be aware of the fact that in most cases less adjustments
(especially boosting) provides better results. Thus, your first choice should be to establish
the mix using only the input channel EQs tosee if you can get satisfactory results. If so, you
55 can use the graphic EQ for the AUX3 (monitor), where in most cases it is more needed. You
L — o[ ]—s56 will find the description of how to include the graphic EQ in the monitor bus later in this owner’s

o iur Resvrmin manual.
O POWER ON
- 58. MASTER LED-DISPLAY

bl Ao TS The PSX2000 offers two 10-segment LED ladders to monitor the output levels of the L/R
0 0 master signals. The indication range of the LED-meter is 33dB, displaying the levels in dBu
= 3 which are present at the EQ OUTPUT and the POWER AMP INPUT. The meter's 0dB mark
0 -:-'-'-'-'-,- 0 is referenced to a 0dBu output signal at the POWER AMP INPUT. Increasing this level leads
— to the power amplifier's maximum input level of +6dB — equaling an output power of 500 watts

at 4 ohms per channel. Higher levels are not displayed, since the amplifier's processor limits
the signal at this point. When the LIMIT LED of the status indicator section lights, this shows

Bovz  50Wz 630Wz 28k iz Bk Bl —57 ¥ i . :
that the internal limiter is activated.

59. PFL MASTER

When the master PFLbutton is engaged, the PRE FADER stereo master signal is routed to
the headphones output. The volume of this signal is not affected by the setting of the MASTER
faders.

60. MASTERL + R

O=#=0 Level controls to adjust the output signals of the left and right main outputs (MASTER).
8: : :3 5 Please make sure that the corresponding input channel fader or the master faders are
0-a-0 98 set to their minimum position or the STANDBY switch is engaged, before connecting
g: 2 :8 an external source to an input of the PSX2000. This will save you, your audience, and
00 speakers from unnecessary stress.
O--5-0
Q-2-0
it POWER AMPLIFIER
[_]———539 The PSX2000's PROCESSOR-CONTROLLED stereo power amplifier's design uses bipolar
o A;m = output devices to provide a nominal output power of 500 watts at 4 ohms per channel. The
minimal load impedance of 2.7 ohms allows the operation with a maximum of three paralleled
8 ohm loudspeakers connected to each channel. Their low distortion provides the amplifier
of the PSX2000 with outstanding sound quality that welcomes comparisons with the best
o o professional high-end, stand-alone audio power amplifiers.
s 5 The amplifier is also designed to handle the wear and tear of touring operation. ltincorporates
=== protection against thermal and capacitative overload, short circuit, HF-interference or the
=== oceurrence of DC at the outputs. Further protection against dangerous back-EMF from
speakers is provided by a special circuit. When the PSX2000 is switched on, a relay controls
0 ro switching on of the power outputs. The internal fans run shortly on full speed, signaling
s ) g0  acoustically that the PSX2000 is operational. A limiter controls the initial current inrush,
204 Lso preventing the mains fuse from being blown during power-on.
8= = The extensive comparator circuitry constantly monitors the input and output signals and

activates the internal limiters whenever a non-linear operational state is encountered. This
provides reliable protection of the connected loudspeaker systems against overload and
clipping. Even when the maximum input level is overridden, no distortion is heard on the
output. The amplifier alsc incorporates EVI Audio-patented processors to eliminate transient
problems of typical sound reinforcement speaker systems and provides extraordinarily
precise and powerful reproduction of low frequencies.
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The PSX2000 is equipped with professional SPEAKON connectors, offering an electri-
cal and mechanically secure connection which complies with all security regulations. It
also allows the use of high quality speaker cables with a diameter of 4 x 2.6mm? (up to

10 gauge).

2., 2-
NOT CONNECTED 2+

POWER
mains switch to turn the PSX2000 on or off.

The PSX2000 is operational when the POWER ON indicator is lit and the power outputs
are activated.

Please make sure to set the master faders to their minimal position or engage the
STANDBY switch before turning the power on. This will save you, your audience,
and the equipment from any extraneous noises.

In case additional external equipmentis connected to the PSX2000 - e. g. FX units,
power amplifiers, EQs, etc. — please, proceed in the following order when swit-
ching your equipment on:

1. FX units
2. PSX2000
3. external power amplifiers

When switching the power off, please proceed in the opposite order.
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STANDARD INSTALLATION

CABLING

The ac power cord comes with the PSX2000. The quality of all other cables are your responsibility. Carefully chosen high quality cables are
the best precaution to prevent problems during operation. The following wiring alternatives are recommended to provide a trouble free
operation of your setup.

SPEAKER CABLES

From our experience as a manufacturer of loudspeaker systems we've learned that flexible speaker cables with a rubber jacket (10 - 16
gauge, depending on length) used in combination with NEUTRIK SPEAKON plugs and sockets, are the best choice to guarantee optimal
connection of loudspeaker systems. In accordance to the corresponding diagram, the SPEAKON plugs are connected on the PSX2000 rear
panel. You can also consider the use of 4-wire cables where pins 2+ and 2- are also connected. This provides you with the possibility of
using these cables with active 2-way system configurations, as well. Professional-quality speaker cables with SPEAKON connectors and
all other cables, plugs, and sockets are available at your Electro-Voice dealer.

LF-CABLES — BALANCED OR UNBALANCED? ]

For all low current wiring , your best choice are balanced cables (2 signal conductors + ground shielding) with XLR-type connectors or with
stereo phone jacks and plugs. The cables should be step proof, shielded, and never longer than really needed. Too many too long cables
mostly lead to confusion and generate unnecessary problems.

Of course, you can also connect unbalanced cables with monaural phone plugs to the PSX2000's inputs and outputs and because of its
superb grounding managing system in most cases no interference will occur. Still, there is a minimal risk that problems could arise and we
believe that this is reason enough to keep on reading. Generally spoken, if you have the choice, a balanced LF-cable is always the better
solution. Today’s modern audio equipment — like amplifiers, equalizers, FX units, mixing consoles, and even some keyboards — offers
balanced in- and outputs. In a balanced signal path the cable screen provides the gapless connection of all metal parts, offering efficient
shielding against the induction of external noise. The balanced cabling in conjunction with the common-mode rejection of the PSX2000’s
input stage effectively eliminates even existing artifacts of interference. All inputs of the PSX2000 provide balanced audio connections and
high common-mode rejection. The mixing stage outputs — AUX, MAIN, EQ, etc. — are laid out in GND-SENSING technology — a special pin
assignment of the output jacks, offering all advantages of the balanced signal transmission, but lets you also connect monaural phone plugs
without a problem. Nevertheless — as mentioned above — when longer cables are involved, using sterea phone plugs and balanced cables
are the better alternative. The diagrams below show the pin assignments of plugs and cables that are used with the PSX2000.

balanced connection

MIC INPUT e R H =24 4
301 == shela coid — == s of microphones
ﬂ—- —— = (_92
All phone jack infout- o o = = ~8 unbalanced :
puts of the PSX2000 external equipment with
XLR-type in/output jacks
qo= it cod- -om = balanced
- shigld s 1
X s . Direct OUT via INSERT,
Che_mTel Insert mj:w]Eﬂ i T m uninterrupted signal path
Main Insert o o o
o hol  + -—r
HH 3 unbalanced
aﬂo&hﬁ?seoﬁﬁg shieid — external equipment
psngoo with XLH-typE infout-
put jacks
balanced

Y-type cable for the
cannection of external
FX units and signal
processors with phone
jacks

Channel Insert
Main insert
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STANDARD INSTALLATION

In this chapter we would like to explain how to install a typical sound reinforcement system in passive configuration and incorporating stage
monitor speakers. The necessary equipment is:

1 PSX2000

1 Power amplifier for the monitor signal — for example. P1200

2 Sx300 Speaker Systems

2 T18 Woofer cabinets w/18" woofer

2 Speaker stands or 2 pole mounts

2 Stage monitor speakers

4 SPEAKON cables (8m), and 2 SPEAKON cables (2m)

1 Balanced LF-cable with a stereo phone plug on one side and an XLR-type connector on the other side
212181212138
CEEEERHAHS b '#.
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lapianaaadd )
LR

Setting up

Place the PSX2000 and the external power amplifier in a way that allows their unobstructed operation during the sound check and
performance.

Try to locate the best position to place the loudspeaker systems. If possible, the woofers should be placed on the floor while the Sx300
cabinets’ most favorable position is above the woofer systems, on the same vertical axis. It is important that the lower edge of the Sx300s
is approximately at the same height level as the heads of the audience. Either use the pole mounts for the Sx300s on top of the woofers
or, in case this kind of installation is not possible in your application, use separate speaker stands.

Do not place the left and the right speakers further apart than necessary. The less distance there is between the two speaker “clusters”
— the more impact to the sound.

Try to avoid positioning the main loudspeakers behind the line of microphones. If you have to run the system at higher sound levels, the
risk of feedback is very high.

When the microphones are placed and all musicians ready, place the monitor speakers facing the musicians. Make sure no microphone
is pointing directly into a monitor. You should also be aware of the individual characteristics of the used microphones.

Make all connections: according to the diagram above. Use the different SPEAKON cables to connect the speaker systems to the
PSX2000's power outputs, respectively to the power outputs of the external amplifier. Make sure not to confuse the channels by accident.
using the short SPEAKON cables, you can connect the Hi cabinets at the woofers’ outputs. The two monitor speakers are connected
to either output of the external amplifier. The amplifier should be run in a parallel mono configuration so that the ampilifier's volume
controls provide the capability to adjust the cutput levels separately.

Connect the PSX2000's AUX3 SEND with the external amplifier's input, using a balanced NF-cable with the stereo phone plug on one
end and the XLR-type connector on the other.

Connect all microphones to the monaural inputs of the PSX2000 and the keyboards and other comparable sound sources to the rest of
the available inputs
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STANDARD INSTALLATION

e Pull all faders down and engage the PSX2000's STANDBY button to prevent unwanted feedback.
s  First, switch the PSX2000 on and then the external amplifier.

¢ Incaseyou have condenser microphones connected to the PSX2000, you can now turn on the phantom power by pressing the PHANTOM
switch.

e Activate the PSX2000's by pressing the STANDBY button again.

SOUND CHECK

=  First, adjust the input levels of the microphones that are connected to the PSX2000. Please proceed as follows:
1. Set the corresponding gain controls and the channel faders to their lowest position.
2. Speak or sing as loud as possible into the microphone.

3. Use the gain control to adjust the level, so that even at loud passages the red PEAK LED is not lit but the
green SIGNAL present LED lights constantly.

* Adjust the EQ of the monaural input channels:

1. Slide the channel fader and the master faders up a bit, so that the sound is heard coming from the main
speakers.

Turn the MID control carefully all the way to the right (+15dB). You should not hear any feedback.

Play the sound source or speak into the connected microphone.

Turn the frequency control (kHz) slowly from left to right.

You will detect the frequency range that is not to your liking or causing the feedback.

Leave the frequency control in this position and turn the MID control to the left until the sound is natural or to your liking.

If necessary, adjust the Hi and LOW controls, starting from their centered position, until the sound is pleasing to you.

@ N > o A~ WP

Repeat the steps 1 - 7 for all monaural input channels in use.

e |ncase you are also using the stereo input channels, you can adjust the levels in a similar way:
1. Set the LINE TRIM controls, the MIC gain controls, and the channel fader to their lowest setting.
2. Play the corresponding sound source at the highest volume that is to be expected during the performance.

3. Use the LINE TRIM control to adjust the level, so that even at loud passages the red PEAK LED is not lit but the green SIGNAL
present LED lights constantly.

=  Adjust the EQ of the stereophonic input channels:

1. Slide the channel fader and the master faders a bit up, so that you can hear the sound through the main
speakers.

2. Adjust the EQ controls at their center position.
3. Play the corresponding sound source.

4. Starting from the center position, you can adjust the controls until the sound is to your liking. Please, keep
in mind that major alteration of the EQ-setting does not necessarily result in the improvement of the overall
sound. Especially when sound shaping is concerned, less can be more.

5. Repeat the steps 1 - 4 for all stereo input channels in use.

= |f musical instruments are connected directly to the monaural inputs, follow the descriptions above for adjustment of the microphones.

s Make sure, that all channel faders, gain controls, and LINE TRIM controls of unused input channels are at their minimal setting. In this
way you avoid unnecessary noise.
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STANDARD INSTALLATION

MAIN MIX

-

T S

Position the master faders in the range between —30dB and —20dB.
Establish a basic mix, using the channel faders, so that the individual sound levels relate to each other according to your personal taste.

The best range for the channel faders to be set to is in the area of —5dB to 0dB. In this way you are provided with enough tolerance for
later adjustments.

Use the master faders to adjust the overall volume.

In case you are using the FX units, please proceed like this:
Adjust the AUX1/FX1 send controls at their center position.
Adjust the FX1 return fader at the —5dB mark.

Use the UP/DOWN buttons to select the desired effect preset.
Press the FX ON button.

Play the sound source of the desired input channel and adjust the desired amount of the FX signal, using the AUX/FX controls
of this input channel. Repeat this step for all input channels that you want to include in your effect mix.

6. Adjust the AUX/FX SEND controls, so that the Peak LED only lights frequently at highly dynamic signal peaks.
If necessary, repeat steps 1 - 6 for the second internal FX unit (FX2).

MONITOR MIX

To successfully adjust your stage monitors, turn off your audience mix on the PSX2000 but keep the on-stage mix alive.
Lower the setting of the AUX3 fader within the master section.
Engage the AUX3 POST button within the master section.

Adjust the AUX3 faders of all input channels that are momentarily in use at their center position. In this way the main mix and the monitor
mix are completely identical.

Push the AUX3 fader up until low-level feedback is heard.
Activate the FEEDBACK FILTER and adjust its control, so that the feedback disappears.

Use the AUX3 fader to reduce the AUX3 level by about —6dB. This will provide you with enough “headroom” to avoid feedback during
the performance, even when some microphone positions are changed for the worse.

Use the FX to AUX3 control to add the effects mix to the monitor without influencing the main mix.
Normally, the monitor mix uses a smaller amount of effects than the main mix.

Let the artists perform some and check the sound of the system from different angles and distances. If you come to the conclusion that some
carrections in the overall sound are necessary, activate the 7-band equalizer and adjust the sound to your liking. By doing so, you should
keep in mind, that during the performance the sound will be changed when the audience is present and has a major effect on the acoustical
condition of the room, the degree of first reflections, and the absorption of low frequencies. If possible, you should check the sound “in the
house” during the performance and - if necessary — adjust it to the changed conditions.

We wish you lots of fun and success with your new PSX2000 mixer.
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MASTER PATCHBAY AND INSTALLATION ALTERNATIVES

All inputs and outputs in the master section are referred to as the MASTER PATCHBAY.

The mixer's LINE OUTPUTS, RETURNS, and INSERTS are found here. To provide you with a wide variety of connection possibilities, the
MASTER INSERTS, MAIN QUTPUTS, EQ INPUTS and EQ OUTPUTS, POWER AMP INPUTS, and the AUX SENDS and AUX RETURNS
can be independently connected with each other or routed to external devices. In the basic configuration — when no plugs are inserted into
any of the MASTER INPUT connectors — the signals are patched internally and fed to the internal power amplifier. Once you connect a plug
to the INSERTS, EQ INPUTS, or the POWER AMP INPUTS, the internal signal path is interrupted, providing you with the opportunity to
include external signals. We would like to show you some examples of how to use the MASTER PATCHBAY.

1. Connecting an external power amplifier:

If you need to connect more loudspeaker systems than the PSX2000 is capable of handling directly or if you need more power, you have to
use an external power amplifier. Using NF-cables with phone plug-type connectors, you can patch the signal either at the MAIN OUTPUTS
—pre EQ — or at the EQ OUTPUTS - post EQ. In this configuration, the signal path to the internal power amplifier is not interrupted and the
audio signal is outputied to the speaker systems connected to each amplifier.
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2. Connecting an additional mixing console:

If you need additional input channels, you have to connect an external mixing console. In doing so you can either use up another LINE INPUT
of the PSX2000 or — as shown in the diagram below — connect the external mixer to the STEREO RETURNS. In combination with the
PSX2000's stereo return control, the latter solution offers the additional benefit of matching the level of the additional console to the PSX2000's
operating level.
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MASTER PATCHBAY AND INSTALLATION ALTERNATIVES

3. Using the internal power amplifier for monitoring or side-fill purposes:

Incase you want to use an external power amplifier to drive your main speaker systems, the internal power amplifier can be used for monitoring
or side-fill purposes. Use short patch-cables to connect the AUX3 OUTPUT with the EQ INPUT L and the MONO QUTPUT with the EQ
INPUT R. This enables you to use the Internal graphic equalizer to separately adjust the signals of the monitor and the side-fill output channels.
The volume of the main channels can still be controlled via the master faders. The monitor speakers’ volume is determined by the setting of

the AUX3 fader while the MONO-fader controls the volume of the side-fill channel.

SIDEFILL SPEAKER QUTPUTS

MONITOR

= 1 RATED OUTPUT POWER RATED CUTRUT FOWER
300 WATTS & DHMS 500 FATTS & OHMS

STEREQ SN Mady
RETURNS INSERTS  DUTPUTS

@.¢

L

-
PA AMPLIFIER

4. Monaural sound reinforcement with monitoring:
If your application does not demand stereo audio, you can operate the PSX2000 in mono. In

— -
R

that case you can use short patch-cables to

connect the MONO OUTPUT with the EQ INPUT R and the AUX3 OUTPUT with the EQ INPUT L. The right main output is used for the

sound reinforcement while the left main output carries the monitor signal.
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MASTER PATCHBAY AND INSTALLATION ALTERNATIVES

5. Maximum amount of speakers in a passive configuration:

The PSX2000 allows connection of up to three loudspeaker cabinets with an impedance of 8 ohms per channel. In other words: the internal
power amplifier is capable of driving a maximum of six 8 ohm speaker models. The following diagram shows how the speakers have to be

connected.
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6. Active stereo 2-way configuration:

In this example the internal power amplifier of the PSX2000 is used to drive the Hi/Mid cabinets. An active cross-over is connected to the
MAIN OUTPUTS or the EQ OUTPUTS which carry the full-range signals. The LF-signal outputs of the crossover are connected to an external
power amplifier, driving the woofer cabinets. The signal of the crossover's HF-signal outputs is fed into the PSX2000's internal power amplifier
via the POWER AMP INPUTS. Compared to the passive configuration, the overall sound gains clarity and higher volume levels are possible,
since the Hi/Mid cabinets do not have to deal with the low frequency signals.
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SPECIFICATIONS

Technical Specifications PSX2000 Mixing desk in rated condition, Unity Gain ( MIC Gain 20 dB ), all faders position 0 dB, all pots in mid
position, Master fader + 6dB, ampilifier rated output power into 8 chms, one channel driven, unless otherwise specified.

Maximum Midband Output Power, 1 kHz, THD < 1%

into 4 ohms 2x570W

into 8 ohms 2x340W

Rated Output Power, 20 Hz ... 20 kHz, THD < 0.2%

into 4 ohms 2x500W

into 8 ohms 2x250W
Maximum Output Voltage of power amplifier, no load 58 Vrms

THD at 1kHz, MBW=80kHz

MIC input to Main L/R output, +16 dBu < 0.006%

Power amplifier input o Speaker L/R output < 0.05%

DIM 30, power amplifier < 0.015%
IMD-SMPTE, power amplifier, 80Hz, 7 kHz - < 0.015%
Frequency Response, -3dB ref. 1kHz

Any input to any Mixer output 15Hz ... 60kHz
Any input to Speaker L/R output 30Hz ... 40kHz
Crosstalk, 1kHz

Fader and AUX-Send attenuation >80dB

Channel to channel >70dB

CMRR, MIC input, 1kHz > 80dB

Input Sensitivity, all level controls in max. position

MIC Input -74 dBu (155 pV)
Line Input (Mono) -44 dBu (4.9 mV)
Line Input (Stereo) -34 dBu (15.5 mV)

Power Amplifier Input
Maximum Level, mixing desk

+6 dBu (1.55 V)

MIC inputs +11dBu
Line inputs + 30 dBu
All other inputs + 20 dBu
Record Send output + 16 dBu
All other outputs + 20 dBu
Input Impedances

MIC 1.8 kohms
Insert Return 2.2 kohms
EQ Input and 2 Track Retumn 8 kohms
All other inputs > 15 kohms
Output Impedances

Record Send 1 kohms
Phones 47 ohms
All other outputs 75 ohms
Equivalent Input Noise, MIC Input, A-weighted 150 ohms -130 dBu
Noise, Channel inputs to Main L/R outputs, A-weighted

Master fader down -92 dBu
Master fader 0 dB, Channel fader down -89 dBu
Master fader 0 dB, Channel fader 0 dB, Channel gain unity -83 dBu
Signal/Noise-Ratio, power amplifier, A-weighted 104 dB
Equalization '

LO Shelving +15dB /60 Hz

MID Peaking, mono inputs
MID Peaking, stereo inputs
HI Shelving

=15dB/100Hz ... 8 kHz
+12dB/2.4 kHz
+15dB/ 12 kHz

Master EQ, 2x7-band +10dB

Power Consumption at 1/8 maximum output power, 4 ohms 600 W

Dimensions, (WxHxD), mm 508.5x210.3 x 478.7
Weight, including lid 20 kg

Optional Goosneck Lamp, 12V/2.4W, 12", XLR
Footswitch FS11
Rack-Mount-Kit



BLOCK DIAGRAM

POWER AMPLIFIER
2x508 WATTS

MONO CHANNELS

STERED CHANNELS
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