HI-LEVEL PM 10000 PRODUCTION MIXER - Ingruction Manual

The HI-LEVEL PM10000 is an extremdy compact and easy to handle modular 19" rack mountable
mixing console which incorporates al the necessary fadilities for public address and discotheques.
The PM 10000 isthe answer to dl those Stuations where a verstile high quaity mixer is needed.

To become familiar with dl the fadilities of the PM 10000 we suggest you to reed this manud very

carefully. It will give you important information about the operation, inddlation and sarvice of this
high qudity product.

INTRODUCTION

A choice of two modulesis avallable A mono Mic/Line module and a gereo Ling/Line (Phono)/Mic
module. The 19" rack frame can accept a maximum of 10 input modules.

2.0 MONO INPUT CHANNEL

The PM 10000 channds are either mono or stereo. The front pand controls only differ in afew
functions. We shd| describe the mono and stereo channds separatdly.

2.1 MIC/LINE INPUT

The channd can operate in @ther the microphone or lineinput mode. The microphoneinput isan
dectronically balanced design. The input impedance is gregter than 2 kOhms which will not cause any
loading effects (Sgnd 10ss) on today's Sudio microphones. The line leve input has an input impedance
greater than 10kOhms which is high enough to interface with dl available peripherd equipmert,
keyboards and CD players.

22 MIC/LINE SWITCH

Thelineinput is sdected when the LINE button is depressed. The lineinput is now connected to the
baanced lineinput jack. Inthe up-pogtion of this switch the baanced microphone amplifier is
connected to the XLR input on the back of this module.

2.3 MIC/LINE GAIN

The microphone input can be varied between -12 dBu and -65 dBu of gain with agood overload
margin. The lineinput gain (the same control but with sdlected line input) can be varied between -
40dBu and +0dBu.
24 EQUALIZER

The equdizer of the PM 10000 isavery musica and versatile section with three controls to span the
entire audio spectrum.

2.5 HIGH



16dB of boogt or cut isavailable a 10kHz with a shelving curve, which means that when the desired
amount of boost or cut is achieved dl frequencies from 10K and above are boosted or cut equdly.

2.6 MID

This control has arange of = 16dB with abdl curve. Having reached its maximumyminimum & its
centre frequency (1kHz) the amplitude response returns to zero on ether sde of that frequency. A plot
from that response shows a bdll shape. The bandwidth of thet bell curve isfixed.

2.7L0OW

Thelow control has ashdlving characteridtic with £ 16dB control from 80Hz down.

3.0AUXILIARY SECTION

There aretwo AUX send controls on each module. The second AUX contral is on aconcentric knob on
top of the dreedy fitted control.

AUX SENDS

The dandard auxiliary sends are set pre and post-fader. AUX 1 ispost fader and AUX 2 is pre fader.
The AUX sends are designed to be post equaizer and post insart point.

31TALKOVER

The Takover switch sends a post-fader Sgnd to the contral circuitry located in the master section to
atenuate musc sgndsin a controlled amount for compact presentation.

4.0 THE PANPOT

Thiscontral (with a4.5 dB loss a its centre point) pans the signd between the Ieft and right master
buss.

5.0 CUE/ON

The Cue switch (pre fader listen) enables you to ligten to the channd signd before the fader without
effecting the normd sgnd path to the magter outputs. The ON switch activates the input module when
depressed. The ON switch also closes contacts at the start jack at the back of the console.

6.0 CHANNEL FADER

The channd fader hasadide length of 100mm and is manufactured to give an exceptiondly smooth
fed in operation.

7.0 CHANNEL IN/OUTPUTS
Located on the back of the console.

7.1 MICROPHONE INPUT




Thisisthe baanced XLR input for condenser or dynamic microphones. Fin 1isground, pin 2 ishot (in
phase) and pin 3iscold (out of phase).

7.2 LINE INPUT

Thisisal/4" tip ring deeve jack which is badanced. Thetip ishat, ring is cold and the deeve iswired
to ground. Thisinput has asengtivity of -40dBu to 0 dBu. The impedance is 10kOhms. It will accept
any Line output of tape recorders, keyboards, CD players and so on.

7.3 INSERT

Thisisthe channd insert (placed ahead of the channd fader). Thetip istheinput and thering of the
dereo jack isthe output, both a aleve of OdBu.

74 START CONNECTOR

On the back of the consoleisa sereo jack labdled START to control start function of mono sgnd
sources such asjingle machines. It can aso be used asared light indicator for broadcast purposes.

8.0 STEREO INPUT CHANNEL

Bascdly thereis not much difference in use between the mono and the triple input sereo channd in
controlling the sound. The Line B input amp can be converted into a stereo phono input with R.LA.A.
correction amp (optiond). All the other dectronicsin the channd are doubled to achieve afull sereo
output with aminimum of crosstak. The panpot has been changed into abaance control to judtify
incorrect balanced sgnds. Thismoduleis capable of mixing sereo line Sgnds, sereo phono sgnas
and baanced mic sgnds, dl in one module.

8.1LINE A/B SWITCH

The Line A/B switch sdectswhich input jack is activated. The optiond R.ILA.A. correction amp can be
placed on the pcb very easlly by taking out the J2 jumpers and putting the smdl board up side down on
the connectors 22 and J4.

By doing thisthe Line B input becomes an R.I.A.A. corrected phono input. The sengtivity and
frequency responseis now changed to amplify phono cartridge s correctly. The Line A/B switch is now
marked by ared push button. In the up position of the Line A/B switch the triple input module can
accept the sgnd from Line A input. In the down pogtion the Line B jack can now accept phono
catridges. Thetipis wired to the left channd amps and the ring to the right channd amps. The phones
amp has a built in correction amplifier which follows the gandard R.I.A.A. frequency curve within 0.5
dB. Connect the turntable ground wire to the large ground termind of your PV 10000.

8.2 GAIN

The gain contral of the stereo channd adjudts the incoming leve of adl connected sourcesto theline
A/B and Mic XLR connectors.

8.3 EQUALIZER



The equdizer of the stereo channd has the same characterigtics as the one designed in the mono
channds. It consgts of two shelving controls for high and low frequencies and abdl curve control for
the mid frequencies. (see description in mono channd)

8.4 AUX SENDS

The AUX sends are factory set pre and post fader. The AUX 1 is post-fader ismono and recelves a
summed |eft right Sgnd. AUX 2 ismono and wired pre fader and recaives asummed stereo Sgnd.

8.5 CROSSFADER ASSIGN SWITCHESA/B

Thetwo switcheslabelled A and B are routing the output of the stereo module to the left(A) or Right
(B) Sdeof the crossfader. In thisway it is possible to crossfade between any module thet is assigned to
the crossfader. It is possible to have multiple modules assgned to the crossfader section at the same
time

8.6 BALANCE CONTROL

This cortrol isableto correct incorrect stereo balanced sgnas. It can even cancd one signd ether Ieft
or right to creete specid effects.

8.70ON SWITCH

The ON switch naturdly switches the channd's audio ON but it can adso sarve gart functions of
equipment.

There are severd possbilities to start equipment connected to the Sart jack.

1. The ON switch closes contacts

2. The Cue switch can gart equipment

3. A fader sart can do thejob

4. The ON switch in serieswith the fader

5. The ON switch in series with the fader and the Cue switch in pardle

It isup to you how you want this function to be active in your set up. In the technica section we will
explain how to achieve dl these individud posshilities

8.8 CUE SWITCH

The Cue switch brings the sereo Sgnd pre-fader to the phones section for setting up channd gain
levels and checking out signd sources. The Cue switch is dso able to Sart equipment when cueing
only.

8.9 FADER

The gtereo channd fader has alength of 200mm and is manufactured to give an exceptiondly smooth
fed in operation. A gart switch is optiona and can be fitted when ordered in advance.

9.0 STEREO CHANNEL INPUTS




These are located at the back of the console and are accessible through jack socketsand an XLR
connector.

0.1 LINE A

Thisisadereo input for lineleve input sgnaswith a sengtivity between -20dBu and +20dBu.

9.2LINE B

Theline B input isagtereo jack socket acoepting ajack stereo plug. Tip isleft, ring isright and deeve
Isground. If amono sgnd has to be connected to the stereo channd it is necessary to short circuit both
tip and ring with each other. Note: If amono jack plug isinsarted only theleft channd will function.
Theright channd path input is shorted to ground.

The B input can dso be converted to a Phono input as described before. The tip will be the left input
and the ring will be the right input.

9.3 START

The dart sereo jack connector is for connecting start functions together with externd equipment. If a
fader sart switch isfitted the tip of the Stereo jack socket will short to the ring when the fader isup or
the ON switch is activated or the Cue switch.

10.0 MASTER MODULE

The magter module of the PM 10000 contains dl the dectronics for the summing of the left/right
ggnds, the AUX sgnds, the crossfader sgndss, the Cue Sgndls, the Takover Sgnds, and the control

room monitoring as well as the power supply. The width of this module is four times the width of the
channd module.

10.1 VU-METER

The VU-Meter is apesk reading instrument with attack and release times confirming world standards.
The 0dB led lights when the output reaches +10dBu. This dso conforms to sudio sandards. The pesk
reading VU-Meter iscdlibrated -6dB down from the output of the console The VU-Meter will indicate
al levels heard in the PHONES sgnd path. If adifferent cdibration is requested, two smdl holes
below the VU-Meer dlow for adjusment of the ledbar sengtivity.

10.2 AUX SENDS

The AUX sends are the master controls of the outgoing leve to the AUX outputs. Nomind leve is
+4dBu ground compensated balanced at 100 ohm output impedance. There are two CUE switchesto
check the AUX outputs post fader.

10.3 AUX RETURN

The AUX return isagtereo line input for the program mixing amps, the Takover does not have any
influence on these because the AUX return isintended to return effects coming from mics from the
mono channds that contral the Takover drcuitry.



All sgnds are fed to the program mix amp and adjusted in level by the AUX return control. Thereisa
CUE switch to ligen pre fader AUX return.

104 TALKOVER SECTION

The Tdkover section contrals the leve dynamicdly of the Sgnds coming from the sereo channds.
Any Mic/Line channd where a Takover switch is activated is able to lower the program level (which
are the gereo sgnds coming from the stereo modules directly or through the crossfader section), ina
controlled way. This festure is used when announcing needs to be done without having to contral dl
sorts of levels a the sametime. It dso gives avery compact way of combining music with speech.

The amount of atenuation of the music Sgna can be controlled by the ATT contral. (A maximum of
20dB ispossble). The Takover switch activates the circuit. The REL control below the ATT control
adjus how fast the music returnsto its origing leve after the control voltage from the mic/line
modules has gopped. In large buildings with back ground music and regularly announcementsit is
wise to sat the REL (ease) control hdfway or even further to avoid having music between each word or

line spoken.
105LIGHT OUTPUT

The light output of the PM 10000 is a trandformer isolated output to control light equipment. Thereisa
source selector for choosing between Program (which isal thet is send to the magter) or Music only. A
level pot controls the output.

10.6 MASTER OUTPUT

The PM 20000 has three individudly adjustable main outputs apart from the Light, AUX, Subbass and
Phones outputs.

The MASTER output isintended to be the main output of the console. It is a ground compensated
baanced XLR +4dBu output, which can be switched to mono.

The MASTER output will give dl 9gnds send to the output through direct routing from the channds
pan-pots and balance controls, aswell as dl sgnds coming from the crossfader section. Both left and
right outputs have insarts for limiters or grgphic equdizers.

10.7 MONITOR OQUTPUT

The MONITOR output isapardle output of the MASTER section and has the same signd sourcing.
The ggnd istaken preinserts and fed to the MONITOR gereo fader.

The MONITOR FOLLOWS PHONES switch is desgned to give the same functions as the isin the
PHONES section. Some DJs prefer not to work with headphones and thisis an ided way of mixing
through externd loudspeskers (in aclosed DJ booth or radio station). The output of the MONITOR
section is unbaanced on one XL R type connector with aleve of +4dBu.

10.8 ZONE OUTPUT

The ZONE output is a +4dBu unbaanced output on ajack connector. The ZONE leve can be
controlled and it is d o possble to contral the content of music and microphone sgnd amount with a
rotary knob.

10.9 PHONES



The Phones saction has many ussful possibilities which wewill explain in detail. Theinput source can
be ather the cue 9gnds from the channds or the MASTER or 2 outputs. A Cue led indicates thet
anywhere in the console a Cue switch is activated which will in turn disconnect the Phones section
from the main output sgna and redirect it to the sdected Cue switch. All sereo sgnaswill be heard in
deren. The SPLIT switch directs the program Sgnd (everything that is coming from the channdls) to
the left and the summed stereo cue Sgnd to theright. This circuitry makes synching of two input
ggndsan essy task. The program sgnd can be mixed into the Cue sgnd (if necessary), so the main
sgnd will not disgppear completely when using the autocue function.

Caution: the Phones amplifier is capable of driving headphones extremdy loud and can handle
headphones as low as 8 ohms.

10.10 CROSSFADER

Thelinear crossfader isfed by the assgn switches in the sereo channd's and makes smoath trangtions

possible between any of the assigned input channds. The crossfader can eadily be replaced or
disconnected by lifting the Magter module out of the 19 frame.

10.11 CUT SWITCHES

The CUT switches control Soft Fet switches which slently mute one or two of the crossfader outputs.
Thisfegture crestes intermittent rhythmic effects needed in todays live DJ performances.

10.12 POWER SUPPLY

The power supply, which islocated in the master section, isa highly regulated dircuit with atorroidd
trandformer to minimise hum pickup.

The phantom power supply switch sets +48 volt on every microphone input, when the ind ividud
jumper setting on the mic/line channdsis st to recaive the phantom voltage.

11.0 MASTER IN/OUTPUTS

Located on the back of the master module the master in/outs are 6.3mm jack sockets and XLR type
connectors.

11.1 MASTER OUTPUT

These outputs are ground compensated baanced which means that they behave like abaanced output

but without the doubling of output power related with servo balanced output amps. The XLR type
connector wiring is conform internationa standards, pinl is ground, pin2 is hot, pin3iscold.

112 ZONE OUTPUT

This output is an unbaanced output which iswired as follows pinl is ground, pin2 isleft sgnd, and
pin 3istheright output Sgndl.

11.3 SUBBASS OUTPUT




The Subbass output of the PM 10000 is a+4dBu ground compensated baanced output which hasa
frequency rall off above 80Hz by a gentle 6dB/octave dope avoiding phasing errors. The subbass
output is directly fed from the MASTER output. The MASTER output controls the level of the subbass

output at the sametime.

11.4LIGHT OUTPUT

The transformer balanced light output has alevel of +4dBu and iswired on astereo jack plug with the
transformer winding between the tip and ring. It isimportant not to wire the ground of thisjack to the
light equipment. By only wiring the tip and ring to the light equipment a separation of ground is
guaranteed, which isimportant for your safety.

115 TAPE OUTPUT

The tape outputs are derived just ahead of the magter faders and the insarts o the Sgnd is unaffected

by adjusments of the master faders. The tape output level is-10dBv with an impedance of 100 ohms.
This output can dso be used to drive any other equipment necessary if thereisaneed for an extra

output.
11.6 AUX RETURN

The AUX return is astereo jack socket. Thetip goesto the left program buss and the ring to the right
program buss. A mono signa source hasto feed both tip and ring Smultaneoudy.

Waming: If amono jack is used in the AUX return jack, the right input will be shorted to ground and
there will be no Sgnd in thisreturn.

11.7 AUX SENDS

The AUX sends are ground compensated output jacks wired as baanced outputs. Thetip is hat, the
ring is the ground compensation, the deeve is ground.

11.8 INSERTS

Theinserts are send and return Sgnas on one jack. Thering isthe send a OdBu leve a 100 Ohms.
Thetip isthe return with an input impedance of 10 kOhms which will dightly vary with the magter
fader sttings

12.0 POWER/FUSE

The power supply is primarily fused between the power supply cable and the power supply
trandformer. For 230 Volt use the vaueisdow 3.15 Amp. For 115 Volt usethe vdueisdow 6.30
Amp.

13.0 OPERATION

The PM 10000 is designed to be the perfect answer to dl stereo output mixing Stuations. The console
can accept a maximum of 10 input modules these can be mono and/or stereo modules.

13.1 STANDARD CONTROL SETTINGS




Before you switch on the PM 10000 check whether you have a 115 Volt verson or a230 Vot verson.
This has to match with your locd voltage. Before you gpply voltage to the PM 10000 put the switches

and contralsin the following settings

Channds

Input/ CUE switches Up/down dependent upon connected
sgnd sources

Gain controls Fully counter clockwise.

Equdizers 12 o'cdock postion.

AUX sends Fully counter clockwise.

Panpots/ba ance controls 12 o clock position

Faders Fully down.

Madter section

All contrals Fully counter clockwise.

Faders Fully down.

13.2 CONNECTIONS

Before you apply power to the PM 10000 you have to wire up your system first. To be of hdp with this
job we will summarise dl type of connectors with their associated wiring. Be very careful with this
wiring procedure. Use professond soldering equipment to achieve professond results. The qudity of
the solder points and their isolation is tremendoudy important for the rdiability of the whole sysem.

MONO INPUT CHANNEL

XLR inputs levd : -65 dButo -OdBu.
pin1: 9gnd ground (shidd)
pin2: 9gnd high (in phese +)
pin 3: sgnd low (out of phase-)

Lineinputs levd :-20 dButo +20dBul.
tip: 9gnd high (in phese +)
ring : Sgnd low (out of phase -)
deave: 9gnd ground.

Inserts leve : OdBu (0.775V)
(only mono mic channdls) tip: return 9gnd.
ring : send Sgnd
deeve: ground.

STEREO INPUT CHANNEL

XLRinputslevd : -65 dBu to -0dBu.
pin1:sgnd ground (shidd)

pin2: 9gnd high (in phese +)

pin 3: 9gnd low (out of phase-)



LineB inputswith RI.A A. Phono inputsleve : 2-5mV.
tip: left.

rng : right.

deeve : ground.

Sereo lineinputs levd : -20 dButo +20dBu
tip: left.
rng : right.
deeve : ground.

START connector levd 24V 500mA max.
Shorts between tip and ring when activated

MASTER outputs level + 4dBu (1.22V).
XLR connectors.
pin 1:sgnd ground (shidd)
pin2: 9gnd high (in phese +)
pin 3: sgnd low (out of phase-)

MONITOR LEFT/RIGHT Leve +4dBu (1.22V) XLR connectors.

SUBBASS OUTPUT

LIGHT OUTPUT

ZONE OUTPUT

INSERTS

TAPE OUTPUTS

pin1: 9gnd ground (shidd)
pin2: Left
pin 3: Right

jack +4dBu a 100 Ohms
tip: in phase

ring: ground compensation
deeve ground

Jack +4dBu a 100 Ohms
tip: in phese

ring: out of phase

Seeve ground

Jack +4dBu a 100 Ohms
tip left.

rng : right.

deeve : ground.

levd : 0dBu (0.775V)
tip : return 9gndl.

rng : ssnd Sgrd.
deeve : ground.

levd -10dBv (300 mV).
tip : left output Sgnd.
ring : right output Sgndl
deeve : ground.



AUX RETURN levd : OdBU-(775 mV)
tip : left input.
ring : right input.
deeve : ground.

AUX SENDS Jack connector levd : + 4dBu (1.22V).
tip: in phase.

ring: ground compensation
deeve ground

PHONES Stereo jack, leve : + 4du (1.22 V)
tip: left output
ring: right output
deeve ground

14. INSTALLATION

Applying power. Before switching on the power supply of the PV 10000, check the main voltage of the
supply by looking at the sticker on the back of the console, and see whether the power cord matchesthe
onesyou are used to work with. This aso indicates that your PM 10000 has been wired for correct

voltage.
Thisshould be 115 Valt for areals with voltage from 100 Valt to 120 Volt and 230 Valt for areds with

voltages between 220 and 240 volts. Main voltages The main fuse should be 3.15 Amp. dow blow for
230 Valt, and 6.3 Amp 20 mm. dow blow for 115 Volts.

NOTE Do not replace the fuse with any other type, as this should become a safety hazard and will void
the warranty.

14.1 INTERFACE LEVEL S

The PM 10000 is prepared for interfacing with dmaogt dl available equipment. One point of attention
has to be made concerning the output. The outputs ddiver anomind +4dBu leve, which is sometimes
too high for power amps rated & 300mV sengtivity for full output. In those cases you should ingdl an
input attenuator at the power ampsinput to reduce this + 4dBu level by gpproximatdy 12dB. Usea
2K 2 series resgtor and a 680 Ohm shunt resstor across the amplifier inputs.

14.2 GENERAL WIRING PROCEDURES

To teke full advantage of the excdlent Sgnd to noiseratio of the PM 10000 it is necessary to carefully
reed this part of the manud.

Hum, radio frequency interference buzzes and ingability are often caused by improper wiring and
inferior grounding sysemd Sometimes the incoming mains ground is not adequiate for studio and a
separate technica ground has to be made for dl the audio equipment.

Y our dectricity supply company will give you dl the details to avoid insufficient safety regulaions
There are some ground rules to be followed.

All sgndsin astudio are referenced to ground. This ground has to be clean and free of noise. ONE
central point should be decided for the main ground point system and al grounds should be started”
from this point.



Theway your dectricity company has daisy chained the ground in your Stuation is unsuitable for your
dudio. The best way isto run a sparate ground wire from each outlet to the system starpoint ground.
Thisthe safety ground earth and screen reference for dl your equipment. A separate wire from dl the
equipment racks to the Starpoint is nice to have in cases where the ground viamain plugsis not
sidying.

The starpoint should be located at the rear of the console or equipment rack. All equipment hasto be
located asfar as possble from the incoming mains distribution boxes. Unbadanced equipment may
need to be isolated from the rack to avoid ground loops.

143 SETTING UP THE INITIAL WIRING

First connect the power supply of the PM 10000 to the console. All faders must be down and the Phones
control a 12 o'clock with a headphone set connected.

Connect the power amps or headphones to the Phones outputs and check for any hum buzz or
interference. If thisis aready proceeded, now the inputs can be wired up. Check every channd that is
wired to your equipment individualy. Carefully listen for noise and/or hum. Connect Stereo tape
recorders microphones and dl other equipment one by one and dl signd processors one a thetime and
keep checking that your system stays dlean. If not carefully check for aground loop.

14.4 SHIEL DING/EARTHING OF AUDIO EQUIPMENT

The shidd of any audio connection should be connected a one end only. If not, ground loops and high
frequency crosstak will be the result.

Connect the shiddd asagenerd ruleto the sgnd source end. In high RF. aredlsit iswise to ground the
other end of shidd viaa 0.01 uf cgpecitor. Thiswill be ashort circuit a high frequencies but not & low
frequencies.

Typicd shidding stuaions

Output Input Shidd a
Unbdanced Unbaanced Source
Unbd anced Bdanced Source
Unba anced Differentid Source
Bdanced Unba anced Dedtination
Bdanced Bdanced Source
Bdanced Differentid Dedination

It is essentid to Sudy the Sgnd flow chart carefully. Thiswill hep to isolate problemsin the
PM10000. If you fallow the signd from input to output jacks it is possible to locate afaullt. If afault is
located, inform your deder or us and we will assst you by phone. If thiswill not help return the
channdl or madter to your dedler, or the factory and we will be happy to repar it within short time.
Many faults can be found by logica thinking and replacing integrated dircuits, which isvery essy.
They are dl on sockets.

15.0 WORKING WITH THE PM 10000




After you have wired up the PM 10000 properly as described in erlier, it istime to switch the unit on.
All the control settings are as described under the heading control settings. The ledbar will light up
partly and fal down dowly leaving the ON led on. Now your PM 10000 is reedy to operate.

Push down the CUE button and adjust the gain control until the VU-Meter are reeching the zero dB

postion. Do thisfor every channed whereadgnd is connected . Now that dl badc adjugments are
mede you can mix al the 9gndstogether.

Bring up the channd faders and the magter fader with the right amount of level needed for the perfect
miX. Y ou can now adjust the equdization until the right coloration of the sound has been made. Please
note that levels can increase if you boost the equdizers because of this, it may be necessary to go back
and push CUE on each input and check the input gain as described before.

Optimum leve in the channd is around Odb, this means a headroom of more than 22dB and asignd to
noise ratio of more than 78 dBr can be achieved . If levels are too high in the channds, you are giving
up headroom and improving Sgnd to noiseratio. Thisisatrade off . On the other hand, too low of a
leve in the channd will increase the headroom and decrease the Sgnd to moiseratio. When al your
levels are set correctly you will maintain the excdlent sgnd to noise ratio the PM 10000 offers. Thisis
the most important thing in producing a clean, dear and professonad sound.

15.1 AUX SENDSAND RETURNS

The mager AUX send controls has to be turned fully dockwise and the AUX return turned dockwise
to adedred levd. Now turn the AUX send controls on the individua channds until you hear the effect

level you require. Y ou must wetch the input and output leve of the comnected processing equipment as
well.

15.2 PAN-POT/BALANCE

These controls let you sat the podition of the Signd in the stereo image. The pan pot has an attenuation
of -4.5 dB in the middle to achieve agood panning range between |eft and right. To make aproper
level set-up, st the pan pot fully left or right, only then you can check the 0dB positions on the channdl
and magter faders. On the stereo channd the centre podition on the baance contral isthe cdibration
position.

15.3VU-METER

In order to achieve optimum results we choose a peek-reeding VU-Meter design. This meansthe meter
iscdibrated 6dB down from the measured output . The 6db down cdibration is an internationa

gtandard and is a good compromise between pesk and average levels. If any other setting isrequired we
have designed the cdlibration trimmers close to the front pand S0 you can adjust them yoursdf.

154 PHONES

The headphone output is a stereo jack (tip-1€ft ring-right) which is cgpable of driving 8-600 ohm
headphones. The output normdly gives the sereo master sgnd but as soon asa CUE switchis
activated this magter Sgnd is automaticaly switched to this ectivated channd. Thissgnd can be
Sereo or mono depending upon the chosen channd (mic/line or Serea/ling).



155 0UTPUTS

Apat from the normad MASTER/MONITOR/ZONE/Subbass and light outputs with their +4dBu leve

there are a so tgpe outputs. These tape outputs are not effected by the master faders and have aleve of
-10dBV and arein phase with the main outputs.

16.0 REMOVING A MODUL E

Switch off the power supply firs. Remove the metd gtrip on top of the modules by smply taking them
from the front panels. They are hold down by magnetic tape. Now remove the two module retaining
screws which will dlow to carefully withdraw the module from the console. First move the module
towards you to take the jack connectors out their mounting holes and remove the flat cable connector
and XLR wiring by unplugging its 3 pin connector. Now the module can be lifted out of the chasss.

The same applies for the master module athough there are more screws and more flat cable connectors,

17.0 PRODUCT SAFETY

The product you just unpacked is manufactured with safety in mind and it is double checked in the
quality control department for rdiahility in its high voltage section.

CAUTION

* Never open your equipment yoursdf there are no users servicegble partsingde.

* Opening the unit should be done only by atrained and qudified sarvice technician, who isfully
aware that it can be dangerous to sarvice a mains powered unit.

* Always GROUND the unit.

* Only make use of the product in away asis described in the manufacturers brochures and manuals,
never use it for other purposes than intended by the manufacturer.

* Never use this equipment in an environment with high humidity or exposeit to water.

* Do not use this equipment in the rain, snow, or equivalent type of weether.

* Check your mains cord regularly and seeif it isin safe condition with properly connected mains
plugs on one Sde and securdly tightened in the equipment on the other side.

* Return your product yearly to your deder to give it asafety check.

* The hazard of an dectrica shock can be avoided by careful ly following the above mentioned rules.

PLEASE CAREFULLY READ THE FOLLOWING INFORMATION

Espedidly in sound equipment on stage the following informeation is essantid to know. An dectricd
shock is caused by voltage and current, actudly it is the current that causes the shock. In practice the
higher the voltage the higher the current will be and the higher the shock. But there is ancther thing to
condder and it is resstance. When the resstance (in Ohms) is high between two poles the current will
be low and vice versa

All three of these; voltage current and resstance are important in determining the effect of an dectricd
shock. However the severity of ashock is primerily determined by the amount of current flowing
through a person. A person can fed a shock because the musclesin a body respond to eectrica current
and because the heart isamuscle, it can be affected, when the current is high enough.

Current can dso be fatal when it causes the chest muscles to contract and cause you to stop bregthing.
At what potentid is current dangerous? Well the firg feding of current isatingle a 0.001 amp of



current. The current between 0.1 and 0.2 amp isfata. Imagine that your home fuses of 20 amp can
handle 200 times more current than is necessary to kill.

How does resistance effect the shock a person feds? A typical res stance between one hand to the other
ina"dry" condition could be wdl be over 100.000 ohm. If you are playing on sage your body is
perspiring profusely and your body's resstanceis lowered by morethan 50% ! ThisisasStuationin
which current can easlly flow. Current will flow when there is a difference in ground potentid between
the housing of the mics and the guitar amps which will be linked by your body on sage.

Imagine aguitar in your hand and your lips doseto the mic! A ground potentia difference of above 10
Voaltsisnot unusud. In improperly wired buildingsit can possibly be as high as 240 Volts. Although
removing the ground wire sometimes cures asystem hum, it will cregte avery hazardous Situation for
the performing musdaan.

ALWAY S GROUND dl your equipment by the grounding pin in your mains plug. Hum loops should
only be cured by proper wiring and isolation input/output transformers. Replace fuses dways with the
same type and rating after the equipment has been turned off and unplugged. If the fuse blows again
you have an equipment fallure do not useit again and return it to your deder for repair.

DO NOT TOUCH a person being SHOCKED because you could aso be shocked! Once removed from
the shock have someone serd for medica hdp immediatdly.

ALWAY SKEEP THE ABOVE MENTIONED INFORMATION IN MIND WHEN USING
ELECTRICALLY POWERED EQUIPMENT.

SUMMARY

In this manua we have tried to give you an oversght of dl the possibilities the HI-LEVEL PM 10000
offersyou. If there are any questions eft do not hesitate to contact us or your dedler.

We wish you many years of enjoyable music.

Phase acoustics, Drosselstrasse 16, D-72124 Pliezhausen, Ger many
Tel. +49-7127-972479, Fax +49-7127-972477, email: phase@t-onlinede



