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Channel One H P+ Model 2950

hiA 1.1- 6/2009

This manual contains a description of the product. It in no way represents a guarantee of
particular characteristics or results of use. The information in this document has been care-
fully compiled and verified and, unless otherwise stated or agreed upon, correctly describes
the roduct at the time of packaging with this document.

Sound Performance Lab (SPL) continuously strives to improve its products and reserves the
righttomodify the productdescribed inthis manual atany time without prior notice. This
document is the property of SPL and may not be copied or reproduced in any manner, in part
or fully, without prior authorization by SPL.

GATFE AT i (K By s S G R IR, AR TR . AP R MR B R 2O g
HERISAE ), BRARAA RIS E, B, DARASCAE— R et (K7 d ik it

Sound Performance Lab (SPL)TEAKISS Jycsiilt Hor= i, FIREB LM%, AESORF+
PRI IR AR, T T SRR A SPL IS, R SPL HHAEEIAL, AELMTAT
J5 SR BB G N R B AT N A

SPL electronics GmbH

Sohlweg 80, 41372 Niederkruechten, Germany
Fon+49 (0)2163 983 40

Fax +49 (0)2163 983 420

E-Mail: info@spl.info

Internet: www.spl.info

The construction of the Channel One, Model 2950, is in compliance with the stan- c €
dards and regulations of the European Community.
29507 )25 H 75 B WO [F) e ey b A 2

Notes on Environmental Protection

Atthe end of its operating life, this product must not be disposed of with regular
householdwastebutmustbereturnedtoacollectionpointfortherecycling of

electrical and electronic equipment. The wheelie bin symbol on the product,

user‘s manual and packagingindicates that. The materials can be re-used in

accordance with their markings. Through re-use, recycling of raw materials, or | NN
otherformsofrecycling of old products, you are makinganimportant contributiontothe
protection of our environment. Your local administrative office can advise you of the respon-
sible waste disposal point.

FEHAS RTIARR 5 R, AR 7= AN 5305 368 SR 2 3 — R A B, T A 230K [ R SR H T 1A 1 [
Woie Py P TR B A AR E TR X ERPRE AT DR e AT bR I
. T EREA, BRSO P S RO R RATR I S T
HETTHR . B ATEGE 1A TAT T CA YRR IR R b 2 5

WEEE Registration: 973 349 88

© 2009 SPL electronics GmbH. All rights reserved. Names of other companies and their
products are trademarks of their respective owners.

© 2009 SPL electronics GmbH. REZIT G FY. A2 ] R0 H9 5 B 2B 5 H 2 H)
PR
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Symbols and Notes z =z

POTENTIAL FOR DANGEROUS ELECTRICAL SHOCKS - WHICH CAN ALSO OCCUR EVEN AFTER
THE MACHINE HAS BEEN DISCONNECTED FROM A POWER SOURCE. 7EA&F 1, =

2 NN AT S &R A ek aRr i, RMEELESS Bl E ek E.
O
i

A N THIS MANUAL A LIGHTNING SYMBOL WITHIN A TRIANGLE WARNS YOU ABOUT THE

AN EXCLAMATION MARK () WITHIN A TRIANGLE IS INTENDED TO MAKE YOU AWARE OF
IMPORTANT OPERATIONAL ADVICE AND/OR WARNINGS THAT MUST BE FOLLOWED. BE
ESPECIALLYATTENTIVETOTHESEAND ALWAYSFOLLOWTHEADVICETHEY GIVE. =i
TENHIEIUS (1) RN T LR T b 008 7 ) B B AR i DO /BB 7R . BRI ROX
B, IR ZIEIE EA TR HER &

The symbol of alamp directs your attention to explanations of important functions orapplica-
tions. —MTIIFFS 5| AR R B D BB FH IR .

Attention: Do not attempt any alterations to this machine without the approval or supervision
of SPL electronics GmbH. Doing so could nullify completely any and all of your warranty/guar-
anteerights and claims to user support. E&: K% “SPLelectronics GmbH” fitEEk it
B, AEREX AT BN X RS BTA 1 RS /A8 LRAURI AT P SRR SR 58
2R

Scope of Delivery & Packaging 324 ju Fl flH 2&

The scope of delivery comprises the Channel One, the external power supply, the guarantee
card and this manual. 22 %5 E t#EChannel One. AMEEIE. fRIE-RFIATL .

Please keep the original packaging. In case of a service procedure the original packaging
ensuresasafetransport.Italsoservesasasafe packagingforyourowntransportsifyoudo
not use special transportation cases. 1&E R/ R 0% . fE4EEIfET, R AR e 4
B WHRARAE R RIS R, e MEARE Ciziii 2 aake.

Important Security Information ngcéﬁﬁ

Please noteandretainthis manual. Carefully read and followall of the safety and operating
instructions before you use the machine. Be doubly careful to follow all warnings and special
safety instructions noted in this manual and on the unit.

TR IR AR TFM . FEAERNLA AT, A0 s sy g 1 AR E U . 0
RIS T AN & B W T AR ik 22 41 )

Connections: Only use the connections as described. Other connections can lead to health
risks and equipment damage.

EH: AR A AR ey 2. AR T R S S0 R KBS A1 2 4R
2 Water and humidity: Do not use this machine anywhere nearwater (forexample nearawash

basin orbath,inadamp cellar, near swimming pools, orthe like). Insuch cases thereis an
extremely high risk of fatal electrical shocks!

KA ANEAESEK KT (AR Bl SEa v b BIA 6L, (ERRE A R, SEi
TSR T ) o LEAREDLT, A7 (0 H e A U

Insertion of foreign objects or fluids: Never allow a foreign object through any of the
machine’‘s chassis openings. You can easily come into contact with dangerous voltage or
cause adamaging short circuit. Never allow any fluids to be spilled or sprayed on the machine.
Such actions canlead to dangerous electrical shocks or fire!

EASUBAE: T B RS (R AT . KI5 5B B b
ORISR AL TSR AEL 88 1o BORH (T 97T e BB Kt
KiR)

=pol
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Channel One

Openingthe unit: Donotopenthe machinehousing,asthereisgreatriskyouwilldamagethe
machine, or - even after being disconnected - you may receive a dangerous electrical shock!

IR AETIHLEI T, BOVAERKHIAR, IREBUAHLES, B0 -- MR AW 5 -1k n]
e 52 B fa i ) L ly!

Electrical power: Run this machine only from power sources which can provide proper power
in the range from 100 to 250 volts. When in doubt about a source, contact your dealer or a
professional electrician. To be sure you have isolated the machine, do so by disconnecting all
power and signal connections. Be sure that the power supply plug is always accessible. When
not using the machine for a longer period, make sure to unplug it from your wall power socket
and from the guitar amp.

HAIBERE: AHL A AEMRESE (LT 00ZE 250 (RIE FRl 0 3&E 2 RN FURE AT . SR IR B ), IR AR AR )
ZEHET AT, NTHTIRCAERE TR, WSETFHTE R RIEALE S, R0
TR o BT (B A FIHLARIS 58 DR MISR ) LSRN 5 AR OR 28 38 T 4k

Cord protection: Make sure that your power and guitar amplifier signal cords are arranged
toavoid beingsteppedonoranykindofcrimpingand damagerelatedtosuchevent.Donot
allow any equipment or furniture to crimp the cords.

FLERIRIP: ORI RN 5 MBORAR I S B SR, DA S bR B ST T T2 PR B A5 AR O
HIBIR e ANELAE TR B BT Al AT IRz

Power connection overloads: Avoid any kind of overload in connections to wall sockets,
extensionorsplitterpowercords, ortosignalinputs. Always keep manufacturerwarnings
andinstructionsinmind. Overloads create fire hazards and risk of dangerous shocks! >

IR R (SRR SR Aot IR S S A, @ RAETE R . hE
LG R B S AN TR RIERICRAER ) Ly X! >



Important Security Information

Lightning: Beforethunderstorms orothersevereweather, disconnectthe machinefromwall
power (buttoavoidlifethreateninglightningstrikes, notduringastorm).Similarly, before
any severe weather, disconnect all the power connections of other machines and antenna and
phone/network cables which may be interconnected so that no lightning damage or overload
results from such secondary connections.

B AR REUMOE SRR, LS SRR IET (BN T e R, ERKEHAZEEIT) o [
F FEAEMTBS KRR, BT AL 88 AT AT REAR TR A R LA L 3 /2 R BE OB A IR, XA
A BRI PR T 50 L i 3

Air circulation: Chassis openings offer ventilation and serve to protect the machine from over-
heating. Never cover or otherwise close off these openings. Never place the machine on a soft
surface (carpet, sofa, etc.). Make sure to provide for a mounting space of 4-5 cm/2 inches to
the sides and top of the unit when mounting the unitin racks or on cabinets.

TR RIERTF R TER, TR AT DI SRR T, AL
FRMRE G WRF) ko BHEHLES RIS L, 50 R 2 AL &S 00 00 A0 T80 B i 4-5
K /23T 2R )

Controls and switches: Operate the controls and switches only as described in the manual.
Incorrect adjustments outside safe parameters can lead to damage and unnecessary repair
costs.Neverusetheswitchesorlevel controlsto effect excessive orextreme changes.

BHIATTR: RAERIE TR ioRd, W EHRITRERE. ELeSHING, SRR L FEHR
7= AEA BN Y) 70 B8 T SR B0 4% R S I3 BE sl O 22 4k«

Repairs: Unplug the unitfromall powerand signal connections and immediately contactaquali-
fied technician when you think repairs are needed or when moisture or foreign objects may
accidentally have gotten in to the housing, or in cases when the machine may have fallen and
shows anysignofhavingbeendamaged.Thisalsoappliestoanysituationinwhichthe unit
has not been subjected to any of these unusual circumstances but still is not functioning
normallyorits performance is substantially altered.

Incases of damagetothe powersupplyand cord, first consider turning off the main circuit
breaker before unplugging the power cord.

BE: LRI TEEBR, SR TERM ARSI N, BCAbLE TRERR A A BURIE S
N, SRR T IR S S 8, IR A SRR R, TEM TR, BR&RaZ T
(R RN, EAAREER TR A RS,

TR ARASIR I T, ERBER AW, K5 AR AL,

Replacement/substitute parts: Be sure that any service technician uses original replacement
parts or those with identical specifications as the originals. Incorrectly substituted parts can
leadtofire, electrical shock, orotherdangers,including further equipmentdamage.

B/ BRBM: WM T LS N QAR e 2 R RS AHRI 2. A4
BTl ie 80k R . s AbE, aiEiE— PR &L,
Safety inspection: Be sure always to ask a service technician to conduct a thorough safety

checkandensurethatthestate of therepaired machineisinallrespects uptofactory stan-
dards.

ZEWNE: —EEHEESHARN QAT IRKN Z 2R, WIRGEIE G RNLES RS L& 7 T #e
B bR

Cleaning: In cleaning, do not use any solvents, as these can damage the chassis finish. Use
a clean, dry cloth (if necessary, with an acid-free cleaning oil). Disconnect the machine from
your power source before cleaning.

R RN, AEAEEMAT, ROV T S BURRS R . BT
AW, ARG o G, WL S IR .
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Hook Up

Be very careful to check that the rear chassis power selection switch is set to the correct
local line voltage position before using the unit (230V position: 220-240V/50 Hz, 115V posi-
tion: 110-120V/60Hz)! When in doubt about a source, contact your dealer or a professional
electrician.

TEREHANIZET, EARE MO E IR RIRE R IR, REBRELSMIEHNLHENE 230V
fir#: 220-240 V/50 Hz, 115 VALE: 110-120 V/60 Hz) ! Wt A beil, Wk RAHM %k
ML

Before connecting any equipment make sure that any machine to be connected is turned off.
Follow all safety instructions on pages 4 and 5 and read further information about the rear
sockets and switches on pages 8, 9 an 10.

FEEREMRELH, FHREERNEMNSHORA. BEBITNESTRFHEZERH, FHHES
8. IMNOMA K/EMAEEMTFRIHE—FER.

Placement
B E

Place the unit on a level and stable surface. The unit’s enclosure is EMC-safe and effectively
shielded against HF interference. Nonetheless, you should carefully consider where you place
the unit to avoid electrical disturbances. It should be positioned so that you can easily reach
it, but there are other considerations. Try not to place it near heat sources or in direct sunlight,
and avoid exposure to vibrations, dust, heat, cold or moisture. It should also be kept away
from transformers, motors, power amplifiers and digital processors. Always ensure sufficient
air circulation by keeping a distance of 4-5 cm/2 inches to the sides and top of the unit.

R BB — MK AR E ORI L. A& Wb REMCZ 21, ARChRR THFTI. REWL,
TRRZNEE IRIRHE RS ML E, D@, CRAERMZRIRT URE At h s e, Eth
8. REAEUE AR ARERDE BRI, Rl RREARD KA A REEHE RS .
TR A A L DDRBOCEMBr A DRATR ORI 1 8, 5B A0 T (R 4-
SR/ 2% (B .
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Introduction 41+

Principles FL75

Many audio engineers know SPL’s specialized audio tools, following our philosophy “one
product for one task”. This aims at fast and simple operation in conjunction with high
processing quality to ensure highest musical performance.

VB TR T ESPLAE LA TR, EARRATME S "— A, —MES". K EAENR
] R B S S TR AL T AR S &, DA ORI A 5 R Rt

With the Channel One we have produced a fully-featured channel strip which for the greater
partisbasedontheprocessingconceptsalreadyknowninotherproducts,suchasthe SPL
De-Esserand the DynaMaxx compressor. Thevery complextask ofachannel strip profits
particularly fromthe innovative techniques that have always allowed the operation of SPL
equipment to be efficient and objective.

HifChannel One, A4S T —ANFF&RIBIEN, EEMRKFERE LR AR5 f 4k
PN, HnSPL De-EsserfiDynaMaxxE4igs. — AN IEH & 24 s # ATF 552 52 58 T80
AR, KB — B A SPLUE A /R & A W

Toahighdegreetheusualrecordingdayisdeterminedbyaseries of opposingtime limits -
the singer/speaker desires atrouble-free and efficient recording; however, if technical prepa-
rationtakesalongtimebecause ofunsuitable equipment, timewill belost,increasing the
costsand souringtheworking environment. The Channel Oneinall cases howeverallows
fast production withoutany loss of professional precision and diligence.

FEARNRERE L, 0 A5 H S B — ZR B0 S I [a] FR A R E )-8/ R 5 A B — etk
PR AR s BRI, R R AS B I B T BOR TARME R AL PRARAI 0], X BRI
], ELHEIMSAFAE AR, 487, Channel OnefEALA &L F#B AT APEHIE, 1M
A EARFATAT T FOAE A BEAN G

The Channel One consists of a transistor/tube pre-amplifier with microphone-, line- and
instrumental inputs, a de-esser, a compressor/limiter with noise gate, an equalizer (EQ)
section and a latency-free headphone monitor.

Channel Onetufffi— /ML M LLEEAUREH A K S S /T ERTE RO, — >R
WERE G, — AR TR GEES/ IR g, — s (EQ) # A — A AER A HA LI W
o

8

Sothe Channel One has all tools on board for recording a track - along with the preamp it
offers the most needed processors for corrective and creative sound design.

R, Channel Oneffi A il E S ITA TR SHTZBORE i, eedt 1R ZERLH
& HTAIEMRNEE R A it

To maximize user friendliness all modules have been reduced to the most important regu-
latingand switching facilities. Fastand effective operationisinnowayimpeded, quite the
opposite-itis supported. And more time remains for the creative tasks.

N T BRI T s P A DR A Dol 381 b BB S )0 P AT R Bt . AR 2L
AR ZEIERG, 1B, ERE TS0 A E N ES T RNEERES .

From the outset great value was placed on high flexibility. An example are the three separate
inputs for microphone, line signals or instruments, each of which has been optimized to its
function.

M—IT0G, BATHARR B RGN B, =MHOZRZ R L5 S BURE R,
BN H DI REREAT T 1Ak

Atwin triode tube is utilized in the process at two positions - one immediately after the
preamplifier stage and the other at the end of the chain, so that the processed signal passes
the tube stage twice. This construction combines the advantages of the transistor pre-
amplifier stage (high performance with minimal distortion and low noise) with the improved
musical expression of the tone produced by tubes.

Channel One



Channel One

AR, AP EMEH TR — NREAARTERRSEN B G, 55— MEBEN
Ay, XFEAEEEHIE S M2 I B XM RIS & 1 A AT OB I
CrthRe, RIEEUD, A0 MR FE A& KR

The microphone input can optionally be equipped with an input transformer from Lundahl.
The input transformer delivers a fivefold amplified microphone level to the preamplifier. This
additional amplification reduces the equivalent load to the preamplifier electronics. The
balanced outputs canalso be equipped with a Lundahl transformer.

250 MU AT UL SR IC 2 Lundahl (% NS TR 28 . i N A8 TR 28 [ BT B RO S FR AL HL A ORI 2
S RESE o IR RIS RO AE 8D T R B OR A B R A P A A T DA A —
Lundahl 255 % .

The optional 24 bit/96 kHz AD converter module provides digital outputs. An additional input
socket on the Channel One may feed a second signal to the AD converter.

A[IE 2461 /96kHZIMADE: #udf BEHUR A7t . Channel One b {f— NS A A J 2 1] DA ADF: 46t
BIRRE -GS
Displays and LEDs for signal level, gain reduction, s-detection, clip warning, warm-up status

and signal presence are combined and contained in a single display area to be monitored at
aglance.

GET. MR, ST, LS. TARSHESFENERMLEDIT 4 & —i, BRRER—X
B, W — B AT T

Aspecial feature of the PCB layoutis the central star ground wiring: Disturbing influences
that could affect the ground paths are minimized by separating audio-ground from the
remaining equipment. This leads, in the truest sense of the word "clean”, to considerably
improved tonalquality.

PCBAf f i) — AN s e B T 4 i e 3 it 5 HoR 46 70 I, T RERE T e B 42 (1T
PR PR RGeS BT A B G

The scatter free toroidal transformer supplies the equipment with the necessary voltages
and forms the basis for a clean electrical supply to all parts of the circuitry.

AR LA N B AR GEA ZE R R, I e (KT 0 2 S 35 ) FhL 0 7 B 5 B
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Make sure that the voltage switch setting
reflects the correctlocal power line voltage.
TOR AL TT O UCE St 1 IEA ) 3t AL 2
JE

p
CAUTION =
ISK OF ELECTRIC SHOCK
DO NOT OPEN

\VIS: RISQUE DE CHOC ELECTRIQUE - NE PAS OUVRIR

TO REDUCE RISK OF FIRE OR ELECTRIC SHOCK
DO NOT EXPOSE THIS UNIT TO
RAIN OR MOISTURE. THIS
EQUIPMENT MUST BEEARTHED.

X LR WIRING :
PIN1=GND/PIN2=HOT (+)/PIN 3=COLD (-)

TR S -JACK WIRING:
TIP = LEFT / RING = RIGHT / SLEEVE = GND

Sound Performance Lab 115V -60Hz
www.spl.info Fuse: 630mA slow

MADE IN GERMANY

2ND signal source to 2ND channel of the optional 7
converter (e. g. a 2ND Channel One) % {5 55Z|
TR HAS ) @l (W " Channel One)

Playback Out In
Effects Synthesizer,
Console/DAW/Interface (delay, reverb, etc.) sampler etc.

o . ; Pin wiring 1/4" TRS socket (stereo jack):
Pin wiring XLR input sockets: — — =
—IL|" [~ctound, 20T, 3ol O N el {8 POGASE SRR,
B @

tip=left, sleeve=ground

1=GRound, 2=HOT (+), 3=cold (-)

e
j Pin wiring XLR output sockets:

M

buui

|aued Jeay
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Rear Panel
J5 BB AR

Sockets and switches
BRI o2

A

“—C|

4—»

Signal connection
o =
5%
Switch off the unit before you begin the process of making the first orany subsequent connec-
tions. Neglecting this can damage either or both your ears and your equipment.

FETF IR BEAT 38 — IRBRAE T J5 SR HERRI AR B, BRI . BIRIX — TR H S0
RGBT RE A B o

1/4" TRS sockets i B

The TRS sockets LINE IN, INSERT SEND/RETURN, OUTPUTS und AD INPUT 2 support both
balanced (1/4" TRS/stereo jack connector) and unbalanced connections (1/4" TS/mono jack
connector). The PLAYBACK INPUTS sockets only support unbalanced connections.

TRSHJ%LINE IN. INSERT SEND/RETURN, OUTPUTSHIAD INPUT 2RI 2 £ F 4 (1/4 "TRS/ 4 7 4
M) AIEPaER (1/4 "TS/HABERT) . PLAYBACK INPUTSHE: H 37 # 3P sk,

XLR sockets 3 i

Al XLR sockets are balanced inputs or outputs. Input sockets are always female for plugging
in male connectors, output sockets are always male for female connectors. All in all acompre-
hensible principle.

JIT A XLRA FEA & P NS o NI R BEREE, TR AN AR ER I 3298, B I
BN, FTRHEREERS . SIS, X MEEKEN.

Balancedconnections 7 1% 22

Itisimpossibleto excludeall interferences when an audio signal is transmitted through a
single wire. Shielding is effective against electric, but not against electromagnetic influences.
Motors, transformers, and alternating current can always induce interferences. But even if the
transmission would succeed, differences in ground potentials between driver and receiver
would producedisturbances.

HEPUE T A, AT REHEERFTAT BT RO FUIR SRR AT R (R FLE
EWH)”JE%AZ HUPL AR M as A LR RE ST T . (ERME e & sy, JRah S A sl as
Z ARt HAT 2 St 2 A T

In balanced connections a reference signal with reversed polarity is transmitted additionally
tothe audio signal througha secondwire. The ground signalis routed separately through
athirdwire. {ESP#RERS, —MUEMKRINSHESETE - FELSEME S — AR . HinE
A AR R . SN SR IR AR R, T DU R R R S
FALIIE S S IR R

Unbalanced connections JE P47 %3

Unbalanced connections from and to RCA or 1/4" TS sockets can be made without adaptors to
the balanced XLR sockets. The correct wiring is important. The diagram shows the pin config-
uration of the XLR sockets and how to correctly connect them for unbalanced connections:
MRCAELT /4 "TSH A2 2=~ 1193% B2 7] DA 75 BE@E e 2t A S D0-F X LRI B (R i . R )
PR REE, KEIPEOR TXLRIGREM T HECE , LAl IERf & B C A 1T R AT E BE:
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Channel One

| Input Qutput |

balanced unbalanced balanced unbalanced

@ Q:L-GND H ﬁ
2=hot (+)
3=cold (-)

Connections to RCA sockets are always unbalanced, a wiring to jack connectors can be both
balanced (1/4" TRS/stereo jack) or unbalanced (1/4" TS/mono jack). We recommend to use
individually configured cables from XLR to RCA or jack sockets instead of adaptors. You can
get cables in any needed configuration from audio dealers. With the diagram above, the dealer
can ensure to provide the appropriate cable for your application.

HRCAH I ERL S RACTHT, 540 HAHEETT LU T (1/4 "TRS/SLAKAR L) BiA
ST (/4 "TS/HFSIESR ) o HA TR DAL AXLRERCA B F ) ML & (K 4, 1A
SRS . IWE AR A AR AT AR BUE T 75 2R A E . Wi R, 28l LA fR oy
PRI ARG A s i e A



Sockets and switches

Rear Panel

VOLTAGE H %

The rear panel VOLTAGE SELECTOR sets the local line voltage (115V position: 110-120
volts/60Hz, 230V position: 220-240 volts/50 Hz). The diagram to the right shows the correct
switch position for 230V power supply.

Je B VOLTAGE SELECTORZE 1 2t £kt i [ (115ViE: 110-1201k/60##2%, 230V &:
220-2401k/50862%) . A EER T 230VALER EHTT R E

BEFORE you connect electrical power make sure that the VOLTAGE SELECTOR setting reflects
the correct local power line voltage! TEREBEHIRZ B, EHAEHEERERHHRER
BT IEH ) 2 b YR £ Fa

MAINS INPUT — power connection and fuses B I i 122 Fl1 1% BT 25

Connect the power cord to the rear MAINS INPUT socket. Transformer, power cord and case
connection conformto VDE, UL and CSA requirements.

The MAINS INPUT socket also houses the fuse. It is accessible from outside and placed right
behind the flap below the socket. Fuse ratings are 315 mA slow blow (230 volts) or 630 mA
slow blow (115 volts).

K HRA RS F I E MR L. RS, RIRAMS FOER A A VDE, ULRICSAZEXK.

MAINS INPUTH# SRS (RIS 22 . e LN BB, JF e 4 e NI A s G T . FRAS 22 e oA
315mA (230f%) Hi630mA (115%) .

GND Lift

The rear panel GND LIFT switch eliminates hum by separating the internal ground from the
unit’s housing ground. Hum can, for example, result when this unit’s housing has acommon
ground connection with other devices that might have a different ground potential. The
switch is usually deactivated to retain the shielding of the housing.

JE A FIGND LIFTOF S8 1 A #2415 B4 SR SE M 4 70 TRV BR SR A o Bl 41k
FHSh5E S AT RE R AT AN M AL R B AT SRR I, AN S . 12T ORI
R, CLORFRSTERI Rl -

MIC IN

You can connect any kind of microphone to the MIC IN socket (dynamic, condenser, tube and
ribbon microphones). 48 volts phantom power, which is required for some microphones,
can be activated with the 48V switch on the front panel. Please read the important notes
in chapters “48V” and “Activating phantom power” on page 11. The microphone input can
also be equipped with an optional input transformer (see page 29, “Information on I/O trans-
formers”).

AR DLRAT o R B 22 58 ROE L BIMIC INS B | (B, WA WP AR E R o JEse i MR 2
A8MRZI G, LU AT AR L 48R T s . 15 R 117 "48V " Al "Activating phantom
power " PiE M E LN, &5 K AL D& — AN AR (WE2900, "KTI/0O% KM
SR .

EP

LINE IN

Use the balanced LINE IN socket for high-level signals with impedances lower than 1kOhm,
e. g.D/A converters, synthesizers or samplers. We recommend connection to a patchbay for
easieraccess.

X TEHUET 1T kOhm s A5, A PATRILINE INSE .
B, D/AARE: . SRR ECRFE . BATEBCR HERBIBA L E LU A

h

230V ~50Hz
Fuse:315mAsslow

115V ~60Hz
Fuse: 630mA slow

VOLTAGE | FUSE

MAINS INPUT

m_ GND LIFT

m oD

GND LIFT

NI3aNIT

LINEIN
TUBE PREAMP INPUTS

NI3INI

LINEIN
TUBE PREAMP INPUTS

Channel One



The maximum input level of the LINE IN is +22 dBu.
LB R KM A& +22dBu.

High impedance sources (above 1kOhm), such as e-guitars and basses, acoustic guitars with
pick-ups and so on, must be connected to the INSTRUMENT input.

FMGUESTE GEETTRO , WS E, ams s m s S hs, BAEERRARmA .
IMPORTANT: The line input is deactivated if the instrument input is in use.

EERR: WREAEEAIGEHA, LimNRE.

INSERT

The balanced INSERT connectors (SEND and RETURN) are used to integrate further units into
thesignal path ofthe Channel One. The SEND connectoris placed behind the de-esser, the
RETURNconnectorislocatedinfrontofthecompressor.Thisalsoallows torecordthe pre-
amplifier signal via the SEND connector while another input signal can be fed into the Channel
One’s compressor or EQ sections for further processing.

P HINSERT A 845 (SENDRIRETURN) H #7215 ju4E a2 Channel Oneffifs 5 852+ . SEND%E
BAE AR G T, RETURNIERE 88 A7 T FE 46 2% AU AT . 3% 701798 1 SENDIE B 280 37 Al B HOK
RIES, FNS—AMAES T2 A Channel OneffE4; B8 EQE /47 i — b kb HE,

NunL3d

Channel One 11
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Rear Panel

Sockets and switches

OUTPUTS

A/D INPUT 2

1HOIY 1431

© @

PLAYBACK INPUTS

OUTPUTS

The OUTPUTS deliver balanced output signals. An output transformer can be equipped
optionally (see page 29).

Since both connectors are working in parallel, unbalancing one connector also unbalances
the other one. If for example a mono jack connector is plugged into to the jack socket, the
XLR socket is operating unbalanced as well. Depending on the impedances of the connected
devices, a parallel use of both outputs can reduce the signal level. Therefore, we recommend
to use either the XLR or the 1/4" TRS output socket.

OUTPUTSHEft-F- it i 5 o PILAEEFFRC % — M A k2% (52970 .

TP ERSE IR AR, o —MERSHATEE RS — M. flm, Rk — e
R A AR, S A XLRA B L AN P AR . AR AT B OB E, P/ e A T I B P 2
RfES T B, HATEWEAXLREL /4 "TRSH i e

A/D INPUT 2

The Channel One is a mono channel strip, but the optional A/D converter card 2376 is a dual-
channel device. Therefore a second (external) signal can be converted with the converter
card, if it is connected to the AD INPUT 2. If no signal is connected to the A/D INPUT 2, the
output signal of the Channel One is routed to both converter channels. The maximum input
level for the converteris +12DBu (=0 dBFS).

Channel One&—A S S EMIES, HTENA/DEHF2376 & —AMR0HER&. Hit, wiEHE =4
(O (551 HEIAD INPUT 2, #tn] DUH B Seds R AT 4540 . i 5 5 £ 51A/D INPUT 2,
Channel Oneffifi 5 5 ¥ Bk B P AN FE 28l s . B Jas i i KN HL T2 +12dBu (=0dBFS)

PLAYBACK INPUTS

The playback signal is connected to the unbalanced PLAYBACK INPUTS to create a head-
phone monitoring mix. If a mono playback signal is available, only the LEFT connector must
be connected. The signal will then be present on both channels. The RIGHT connector should
beusedifonlyonechannelshouldappearononesideoftheheadphones.Incontrasttoall
other connectors the PLAYBACK INPUTS are unbalanced.

[FV U5 5 BOE AL 23R I PLAYBACK INPUTS, J&ACHHLIEDTIR S . WA S AE R 5 S, AFEE
LEFT# O XFHE SRt WIERMEE L. WoR R —MaE e LA — 0, SR %68 A i %
S, SPTE MRS, AR T,

Channel One



Front Panel

POWER switch
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DPHONE MONITORING

Channel One

POWER HiJR
The front panel POWER switch activates the unit, confirmed by the illuminated switch.

Switch on the unit only after you have checked the correct setting of the rear VOLTAGE
SELECTOR and 48V phantom power supply front switch.

When you activate the Channel One, the unit commences the warm-up mode to heat the tubes.
The warm-up cycle takes between 15 and 30 seconds. The WARM UP LED in the display area

illuminates during warm-up mode and the Channel One is ready to operate when the WARM UP
LED turns off.

il AT AR X POWERTT K o] LA 0%, L TFHR B B AT FAR S -
R 1 a1 R 8 A 48VA R IR HT T R I IR SR, A AT BT IT L

Yk jEshChannel Onelif, & TF M AR LU 74 . TAFNFEEISE308, AEHELSF, &
RIX[WARM UP LED2 =2, 4WARM UP LEDJE Kff, Channel Oneiti] LA TAET .
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Preamplifier Control Elements
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MIC GAIN

The MIC GAIN control determines the level of preamplification. The preamplification values
coverarange from+8dB up to + 68 dB. Further information on page 12, ,,GAIN adjustments®. If
the optional microphone input transformer is installed, the scaled values are to be increased
by ca. +14dB (depends upon microphone, see page 29, “Information on I/0 transformers”).

MIC GAINZZ 7€ 1l BHOREIKT o BT EHCKEREE N +8dBFI+68dB. £ {5 WA 1271, "GAIN
R AR TR SR AR, OIS . +14dB GRRTIRE, WHE295, "X FI1/0
FIERIER"

48V 48V 4] /[

The 48 Vswitch activates phantom power forcondenser microphoneswith built-inampli-

fiers. Phantom power should only be activated when using microphones that require it.

ABVIT G T N E ORI R N2 S A L) R R . R TR 75 240 G v 1Y) 22 5 JAU
A LB -

VERY IMPORTANT: All microphones with balanced, ground-free outputs, can be used with
the phantom power activated. Please be sure to deactivate phantom power with all other
microphones. Unbalanced microphones may only be used with phantom power deactivated.

EEEEML: FiE A TE. THE T T eSS S RS . i gg

WRERAE R Z R RMORBIR. EFERZERNAR REERORBERNELT
.

Activating phantom power &%) % HIE

PLEASE ALWAYS FOLLOW THESE INSTRUCTIONS TO ACTIVATE AND DEACTIVATE PHANTOM
POWER (ALSO WHEN CHANGING MICROPHONES). THE INPUT STAGE OF THE CHANNEL ONE
CAN BE DAMAGED IF YOU IGNORE THESE PROCEDURES!

TR ZE R IX S 3 SR BUBE AE LR IR (EEHRFRABHR L) . WmRERA
B T X L5, Channel One 5\ 2% 0] BE S R IR

1. Connect the microphone to the Channel One.
2. Now activate phantom power to use the microphone.
3. After recording first deactivate phantom power.

4. Wait at least one minute after deactivation of phantom power before disconnecting the
microphone! This ensures residual current will be discharged.

1. Channel One



1. %22 % XiEF:F|Channel One.
2. WA e &) G il SR 2w U
3. RF G elE LG BIR.

4. ERXAREIRE, TG REWTIT 2 70 XU HERR TXRE AT LA DR 3R A2 1 LI 2 ¢
i} €L I8

Phase reverse {7 [z #%

The phase reverse function reverses the polarity of the microphone signal, inverting the
phase (by 180°) to correct phase-inverted signals caused by multiple signal sources. A voice-
over artist, for example, hears himself through the headphones and simultaneously through
the bones in his head. Phase inversion will cause an unnatural sound, and even minima
variations in distance to the microphone will cause drastic variations in the sound. Phase
inversion is also commonly encountered when using multiple microphones on a single sound
source. We recommend checking for correct polarity before recording.

AL B ThRE AT LA 1 75 a5 5 MO, AR AL BB (180° ), BRANIE 2 AME SIS AR S 3%
E5. B, —MEFEARK, BRAHHIEECHAEE, R R G R . MOALEHE 8N B AR
B, RESERREENR NS SEAESTORNZL. SE-DEEEEAZ A ZRRN, B8
HRBPMAL BRI AT F iR A W2 5 L.
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Control Elements
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Preamplifier
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High-pass filter
This switch activates the high-pass filter (often also called a “rumble filter”), which operates
from 50 Hz downwards with 12 dB/octave. The filter prevents the amplification of unwanted

low frequencies. Compared to 6 dB/octave filters, the 12 dB filter works more intensively, thus
more effectively - therefore the threshold is set to a low 50 Hz..

EANTFR A LIS mm A CER BN "ERIERE") , EMTEMREFE NS0HZUL T,
12dB/octave. 1%iE# o] LAl A 7 SRR UK. 56dB/octaveiEi#s L, 12dBjEd: 2% TAE
SEFEEER, T UUSEA A--TA UL B 5 8 B MR T 50Hz.

INSTR./LINE GAIN

This control determines the level of preamplification for signals connected either to the rear
LINEINortothe INSTRUMENT inputonthe front. Youactivate the respective inputwiththe
INSTR./LINE IN switch which is described below.

Gain range for line signals reaches from -12dB to +22dB. The attenuation allows to also
process very high levels. The 0dB mark is highlighted in the line gain scale - this facilitates
to find the setting where a line level signal is processed at unity gain.

Instrument signals can be amplified between +4 dB and +39 dB.

AR AR UE T R EH ILINE INSLETTH IIINSTRUMEN T4 15 5 1T E UK. R
A LUEITINSTR. /LINE INFFICREEHIN 5N, RIS,

LRSS R AR VI -1 2dBEI+22dB. HEIH L ARV A E IR B B LT . OdBRIBRICE £R I 25
Z R R o BOR-- X B T4k B o T 5 AL — I 25 A PR 1 L

A5 5 T LLAE+4dBAI+39d B2 [ HEAT UK .

INSTR./LINE IN

With this switch you select between the microphone (off) and line or instrument inputs (on).
The rear micand line inputs can remain connected, regardless of which input is selected. You
canchoosethelineinputas sourceaslongastheinstrumentinputisnot beingused.

WEEATFR, ARATAEZ X (GEHD) MR EURSMIA (FTIF) 2T IR . iR
WERHN 5 AR 2 e MAT L A AT DLORFF IR . HEAERIR AR, UREL AT LLEFRE
B AN E

INSTRUMENT

The INSTRUMENT inputjack is placed on the front for easy access. It should be used to connect
instruments like e-bass and guitars, acoustic guitars with pick-ups, etc. The INSTRUMENT
input features a 1 MOhm (one mega Ohm) input impedance. Line signals with lower imped-
ances, such as from D/A converters, samplers, synths, etc. should be connected to the rear
LINE IN socket.

SR NRILBRERTTE, TR . CERORER RS, WS RS, A5 a0 R 5
g REMARA1 MOhm (—JkE) BUMINIEI. PRITEIRHAIRIE S, Wk D/AMH . T,
A, NER R G ITLINE INJJE .

IMPORTANT: As long as an instrument is plugged into front INSTRUMENT input, the rear
panel LINE IN input is deactivated.

HEMR: REASSEANERARFHEAL, FHEHARKILUNE INA ARapEm.

Channel One



Channel One

Gain adjustments 135 5%

For perfect levelling of the preamplifier firstly switch off all other modules (de-esser,
compressor, EQ) and set the OUTPUT control to 0 dB. The signal can now be levelled with the
assistance ofthe PPM OUTPUT display. Toachieve agood working level the values should
rangebetween0and+3dB.Attheselevelsanoptimaldrivelevelandenoughheadroomfor
further processing (e.g.addinglevelinthe EQstage)is guaranteed. The Clip LEDwillwarn
you of potential peaks; ifduring recording the CLIP LED illuminates, the gainvalueis to be
reduced accordingly.

AT ERRBEEEEOKE, HhmEMprg il (R, R4, HER itk
OUTPUT##1# E ~NOdB. BL7E T LLAEPPM OUTPUT &R (05 B it S kAT . N T B AN RIFH
TARKF, BEMNZAEOR+3dBL 8. AEXEEHIF E, A BMRAES — etk (YRS K F AR 08 13425 e i
PP (BIINEEEQM BN T) o Clip LEDS 2SR e, mRAEFE LD, Clip
LEDFie, 2R et & HIRIR D o
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De-Esser

Control Elements

el @ h Cha TEI One

YD

DE-ESSER
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ON

The first processing module is the de-esser, which removes disturbing sibilants when required.
The de-esser module is activated with the ON button. The S-DETECT LED in the display area
shows that S-sounds are being detected. It is independent from the S-REDUCTION control
and always informs about detected sibilants - attracting your attention to a possible need for
regulation (also see ,,S-DETECT* on page 22).

AR RS TR B T DL BR T e R . T "ON " AL e M S R
DR X[IS-DETECT LEDE /% ! IEFER ST . B AL FS-REDUCTIONFE i, F 4 45 2438 S0k ) 1) ) . e
A - LR E AR (P22 "S-DETECT") .

S-REDUCTION

With the S-Reduction control you can determine the intensity of S-sound reduction. Because
processing is undertaken from comparison with the level of the entire frequency spectrum
(seenextsection)the processingis moreintensive with extreme S-sound levels than with
those of lowerlevels. This processing method achievesa consistentlevel of theremaining
sibilants in the output signal.

iHidS-Reductiond= i, A LARHES- 7 & (IR ISR AL . PRONAC B 155 B KT 1) Pl
KHEATH) R =) 5 bW BOS B /ACT FO AE 2 L S LE B AR AT B AL B E B 4 . XAk
BT S SRR AL, IR B T —BUKT

SPL De-Esser technology

In contrasttocommon de-essers based upon compressor techniques the SPL De-Esser makes
use of the phase cancellation principle. It employs filters that process only the
reducible "S-frequencies” but do not interfere with the remainder of the spectrum. The S-
frequencies are detected automatically, the phase is inverted and mixed with the original
signal. This method of operation has distinct advantages because it is unobtrusive and
helps retain the original tonal quality. Compressor-typical side effects such as lisping or
nasal tones do not occur. Finally its operationis as simple as pulling on the hand brake.

ST IR EOR K 8 LM AL, SPLEMAML R T MIAL R JR B . BRI RO IR IS
RACBATIEJE A "STR", AT USRI . SR B ah i, MBI S

J?ﬁ“nﬁ/tm KRR TR RIS, BOVEARIR, JABTRE LGS . 4
WARRENER, WEAANEEE S, AR Ra, HIREERR T —FER .
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The reduction is accomplished by comparing the average level with the individual S-sounds:
the de-esserfunctions onlywhenthe S-noise level exceeds the average level of the entire
frequency spectrum. This means for example that original S-sounds with a certain S-portion
are not processed whereas those that are too loud, or do not effectively contribute to the
sound, are reduced - but the character of the voice remains unchanged.

I/ LT 2K RN ST ORFE A . A ST /KTl B AT )P 207K, R
WEES A RARE R . RERE, B, BA—ESHHIREMS ALY, TR T mase i,
BN A B B A ROTIRIS B IR - (H A & HRMIE IR FF AL .

A further specialty is the integrated Auto Threshold function which makes processing inde-
pendent of the input level. Even when the speaker or singer does not maintain a constant
distance to the microphone, processing is retained at the pre-set S-reduction value.
Conventional systems are dependent on the input level and work more intensively as the
distance to the microphoneis reduced. As a result, the SPL De-Esser does not need to be
monitored and re-adjusted permanently to keep processing constant - and it can always be
applied before the compressor, as changing its position would not be an advantage. That is
why an accordant switching function is not necessary.

T3 RREE B BB I RE, MBI R AT R . B U B 5 2
A ORFFIEE IOFE RS, Ab3 0 2o R B AE TISE B INS-IE S5 . R4 RGHG T B,
B LSRR, JLTAESREE S R, Kk, SPL De-Esser AN BK 1 W A1 S 3T i
B, DURFFCEIESE - T0HE R R RN BTN, VSR e A E A2 — ML
Beo KRN AT E DB TIHIDRE -

Channel One
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Insert

ON  INSERT

INSERT

The insert button activates any attachments of external equipment for effects, such as delay
orreverb, thatare connectedtothe INSERT SEND/RETURN loop onthe rear of the Channel
One. This binds them into the signal chain, thereby enhancing the processing capabilities ad
infinitum.

INSERT #2411 1] L 7 T3 #:Channel One 5 Tiif) INSERT SEND/RETURN [l 11 4 i 5 %
PSR, RGBSR . XA TR 2ME SR, MGt 58 Ab 3 e

The INSERT point is located between the de-esser and compressor. This allows to use the pre-
amplifier stage/de-esser combination of the Channel One separately from the compressor/
EQcombination. This broadenstherange of usesenormously, because inthis mannerthe
Channel One can be used as two independent units.

INSERT s T Mg Fl R 4o 2 8] X ffi#5Channel Onel il B BUKAS /W a0 &7 LS &
a2 /IR A G T . Xy R TAEARER], BOERX MR, Channel Onen] DIEJy
[ AL TR

As long as units are not connected to the INSERT loop, the signal flow is not interrupted,

even when the INSERT button is pressed. The most flexible method of use with the balanced
designedinsert sockets is to be achieved by connection to a patch bay.

RERIURAERSIINSERT 2%, B TINSERTH4, (S5 mMB AL P, A H Pt
N AR, f5e R R VR e A B BB 2R AR S
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ON

The ON button activates the compressor/limiter/noise gate module. At the same time the
GAIN REDUCT. display shows the processing intensity (see “GAIN REDUCT.” on page 23).

ONFZAI WG T 45 25 /IR g o5 /0 75 | TR, [AIF, GAIN REDUCT. & m Bf o A B R (045 23 0 Y
"GAIN REDUCT.") .

Usually the signal flow follows the design of the Channel One and for this reason the input
signal normally arises from the de-esser or, when activated, from the INSERT. However, with
the EQ PRE COMP. switch the EQ module can be switched in front of the compressor module.
This allows it to be used either as a final compressor or limiter (further information in the
section “EQ PRE COMP.” on page 17).

WHEELT, 552 %EChannel Oneffiit#TH, vk, MAESHEERE XMW, SEERE
IR HINSERT. {H7&, J#iLEQ PRE COMP.JFK, EQEEHR AT LLY) 2k 4 s B AU R IX 45 2 A
B e ) I A A R AR A Gt — 2P (045 B U581 70T "EQ PRE COMP. "—75) .
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ON LIMIT
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Channel One

LIMIT

The LIMIT switch turns the compressor into a limiter. The COMPRESSION control serves the
purpose of controlling the threshold. The Limiter does not function as a peak limiter, in other
words there is no guarantee that all peaks are included. It is therefore advisable when modu-
lating a subsequent unit that a headroom of 2 to 4 dB remains. Now peaks can be intercepted
very well and unobtrusively. Peak limiters have a system-based disadvantage in producing
audible distortions considerably sooner, so with regard to both sound quality and recording
safety, we think the soft limiter mode is the better choice for a recording channel strip.

LIMITFF X H 45 25 A2 Al — AR 85 . COMPRESSION il 1) /F F A # B o PR 5/ FL A 06k £ PR 2 )
Thee, BRI, ARORERTA S EHEOREN. FIL, EXEERTHTEI, RIFRE2-4dBiN
B VEE T DUBR AR, AR T WERSISA M ET ARG, SRS TR Ty
KE FrOURE AR E RIS S, FATA PR ] 88 R S Tl ) S A i 9%
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Compressor

Control Elements

COMPRESSION [E 4558

The COMPRESSION control sets the intensity of compression. Turning the control clockwise
increases compression. The working area spans between 0dB (fully left) and -32dB (fully
right).

COMPRESSION (J5#i) #31]% B AR (A58 IR 6 He szl fln DA k45 . TAEIXS7E0dB (e 4
) M-32dB (EREEA) I,

The compressor applies the so-called “soft-knee” characteristic, which means it starts
processing earlier than with hard-knee curve (see page 26, diagram 1, curve B). Hard-knee
compressors can sometimes gain more loudness, but they process abruptly and the danger
to ruin a recording with compression artifacts is much higher. On the other hand the soft-
knee compressor always helps very well to keep levels under control and ensures highest
recording safety - and if there is a desire to gain further loudness, the signal can still be
processed after recording.

IEGEHLRI TR 0 "0 "tk IXEORE LRI M4 BT B (LAE2600, B, Hi4&B) . iR
IEGE A W AT DR E 2 M, EEfIRRBRRA, mHAESEBREEA R EFNERERER. 55—
T, ORI A R R R AR T, R R R - R BB L AR, 5 S ER
BRI IR AT AR AL 7

At maximal compression it operates with a ratio of 1:2.5 between input and output signal -
very effective dynamic processings are achievable with unobtrusive sound characteristics.

TERKIEA RN, MARBHES ZHMLERN1:2.5, ATRSEIEAER A AL, i & A

Mo

The exact development of the compressor curve is portrayed in the diagram 1 on page 26.
When setting the COMPRESSION rate the GAIN REDUCT. display in the display area is of
great assistance. The effect on the selected COMPRESSION rate is scaled in 1.5 dB steps.
Depending on signal source and dynamic structure the reduction values should lie between
4 and 8 dB to restrict higher peaks and to optimize the operation of the subsequent recording
system.

TR # M2t BRI B LR 26 00T . e B RGN, SR X FIGAIN REDUCT. 2R f 1R KHE B
X T R 45 % s DAY SAB AL ) . IR R SIRRIBV S SRR, IR4i(EN % 7E4-8dB2 I, DR
il M IR AL R B 5 R R4

MAKE UP GAIN

With the MAKE UP GAIN control you can restore the overall level reduction caused by
compression or limiting. With assistance of the GAIN REDUCT. display setting the MAKE UP
GAIN control is very easy: If the maximal reduction value caused by the loudest tone amounts
to-9 dB, forinstance, the MAKE UP GAIN control is also to be set to the value +9 dB. If the
compressor/limiteris now switched off theachieved gaininloudnesswillbe audible.

JHiEMAKE UP GAIN (M) &, AR LAY S s 46 350 PR 1 51 i B 4 r F Ak . 7EGAIN
REDUCT. B RHIFEII T, W EMAKE UP GAINFEHE R 8. flhn, S Rk ms 0233 i i
KFERAEN-9dB, MAKE UP GAINTZHil B B y+9dB. NSRBI L4 45/ IR IEHS, HAT
LAWT 21 i 3575 i 46 25

NOISE GATE 275 |7]

The NOISE GATE control reduces soft disturbances during signal pauses. When turned fully
counter clockwise the noise gate is switched off. By turning the control in a clockwise direc-
tionthethresholdvalueincreases. This meansthatthenoisegateclosesrelativelyearlier.
W 75 [T ) P DLRME 5 BT I TP e A i ST A A, s T4 G Pl e
7 VAR, BB X R R [T AR B G P

“\PRESS/
& 2

dB
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The processing span of the NOISE GATE control is between -100 dB/OFF (gate control turned
fully counter clockwise) and + 15 dB (gate control turned fully clockwise). The noise gate is
therefore operable over the complete dynamicrange.

W 7 7] 4% ) (¥ AL B 2 7E-100dB/OFF (1451 58 2N 61 B ) A+15dB (14 ] o€ MU 41 g% )
1A PRI, TR [T DAZE ANl Pl A A

Thenoisegatefunctions very stably: the pointatwhichitopenslies 6 dBabovethe pointat
whichitclosesagain (hysteresis of 6dB). Definiteclosureandopeningisthereforeassured

-the mostfeared characteristic of “fluttering”is excluded. Evencritical signals are cleanly
processed.

W TR AR BT BH AR AL ORI AR 6dB GifE6dB) o L, BIERMOCHAT A
TRIERS, A NSO "BE) "R R . B R B SRS BT AL 3.

The noise gate’s release time is set automatically. The automation, which depends upon
the program, adjusts itselfto the musical piece, thereby ensuring optimal (undetectable)
opening andclosing.

R TR RO 2 BB R E . MR TRITN B, RIS REMETERIAE, N REERN
(CATATERGEN) FFRFKH .

Channel One
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Control Elements Compressor

SPL compressor technology
= SPL R4 LA

In the compressor/limiter section of the Channel One the parameters for the time constants
(attack and release) are set automatically and adapt themselves to the changing conditions
of the input signal, far better than can ever be achieved by manual adjustments. The transient
and final oscillation behavior of voices and instruments are constantly changing and at times
aresoerraticthatamanual controlwill only achieve good average values, which at critical
moments can produce disadvantageous effects (e. g. distorted sounds, “pumping”, etc).
fEChannel OneffjE4a#s/RIEASH 4, WA 4L (attackFirelease) MZEUE HaREM,
#*ﬁ?&iﬁﬁ)\ﬁﬁﬁ’ﬁiﬂc‘%ﬁﬁﬁiﬁﬁ% T T I R RO o P& AR A I B S R AR

AT HRAWIARAI), ARAEEARE, FahEh RaeRmE RIFIFME, 7ERBER %2/ 4 4
J\?&éﬁ’];&% (WREAEE, "W 5

If forexample the compressor has to react very quickly to harsh Por T noises it mustalso
be capable of reacting slowly to softer tones - otherwise distortion occurs. Accordingly the
Channel One compressor regulates the level of large fluctuations faster than smaller ones;
tones of longerdurationare automatically processed with alonger attack time to prevent
distortions.

i, R 4 25 0 250 R PO Pl TR 35 41 A R A Bz, AR T DA SR AN 5 1A
2R 1 ) SN, EU’JJE/\KE%E lit, Channel One &4 &% X A I (5 2L/
PR FRER B M E W B s B K Mattack UF3)) ISR, PARG LR E.

The automatic setting of the release times is dependent onthe input signal, too. Fastand
large level fluctuations are correspondingly processed with shorter time constants than
minor fluctuations in order to limit the distortion of the audio signal as far as possible. Overall
this technique provides the optimal solution between fast, unobtrusive control response and
the least distortion of the audio signal. The result is a natural and transparent sound impres-
sion.

Releasef [f] {1 5 2 i B 2 BUR THIAE S K. i‘ﬂTEﬂﬁEﬂﬁ[ﬂEﬁ%ﬂ PifE 5 MR E, AN
U5 20y SRR 18] 500 BRAFEK P B AT RN AR B . R AR OR %*?ﬂiﬂiﬁ‘ﬁ%ﬁ;\ TE&EEB/J
i LR /SR B A 5 AR TR AR T B R T e AR RGE A BTN 5 &
Zo

A further technical specialty of the circuitry contributes to the high audio quality of the
compressorin the Channel One: SPL’s double VCA drive. One VCA receives the in-phase,
theothertheout-of-phase signal. Subsequentlythesignalis passed throughadifferential
amplifier. The effect of this circuitry is that distortion products and offset fluctuations can be
removed - the product of the differential of both signals means that possible interference is
canceled out. The original information is however further amplified by 6 dB. In addition the
VCAs providerelieftoeach otherbecause they sharetheirloads. Theydonotevenrunthe
danger of operating in the saturation range, which ensures to avoid offset noises, audible as
clicks orpops.

HLH 1K) 57— NS S A B T-Channel Onert S 45 2 (1) = 25 40 8. SPLIRUVCALKE .
VCARRFMIRIE S, A— B AERMRES . BE)E, &5l —AZ0mes. L/\EEE%
PR SE, ZBRk EAUR BB ED--PIAME S0 2 TRAR RS TN 7. R, JRA(E R
Wil —bIOk T 6dB. BhAh, VCARREMIEZEM, RAEIIEAR. BITEE A EmAGE
BB TR, IXHER T B A MRS, MR o s

SPL’s double VCA drive circuitry overall displays vastly improved distortion values so that a
distinctly clearer and more transparent sound impression is achieved than with conventional
circuitry. Voices and instruments are given a considerably more natural and dynamic timbre
whereas "muffled” tones are not audible.

SPLAIXVCARR ) L% e ik o IE % MR (R B SGE, It SR REARLL, Sl TE
TEMWATE S A T B R AENRSEIR T 7 — M AR, shSRE e, mEE" S
T AE T

=pol
2 Channel One



Channel One

The compressor characteristics are portrayed on page 26.
FE4ids IR FE R 26 TUA ik
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Equalizer Control Elements
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The ON buttoninserts the equalizer/FET distortion module into the signal path. Undernormal
circumstances the input signal comes from the compressor. With the EQ PRE COMP. button
the equalizercanbe switchedinbeforethe compressorsothattheinputsignalis received
from the de-esserorinsert.

ONFZHLR £ 25 /FET R EABERIGANME S8 AE T . EIEWEOLT, MAFSRE TEE. @
iFEQ PRE COMP.#it#l, WJ LAYE e ds 2 BB VI et ok, A NAG 5 7 LA 25 e 5 sl A\ 5
I

IMPORTANT: Toavoidirritationsatthebeginningofarecordingitisrecommendedtodeacti-
vate the equalizer/FET distortion module. If not, tonal changes could occur immediately and
furthermore, inthe case of the DISTORTION control, additional distortions.

EEWIR: N D@ RAR T TR BRI, R uUE R8s/ FET R BB, B0, HiH T RE
S BURAEARAE, Behh, FEDISTORTIONZ ML T, &2 HILAAMI R I .

EQ PRE COMP. EQ PRE
COMP.
The EQ PRE COMP. switch reverses the sequence of compressor/limiter and equalizer (EQ).

When the switch is pressed the equalizer operates in front of the compressor/limiter; when
not pressedthe succession remains unchanged. This function permits veryflexible operation
with the Channel One when it is necessary to resolve recurring problems or to create special
sounds.

EQ PRE COMP.JT- SR {8 1 [ & & /BRIE 25 A i s (EQ) HIMBIFF o 4% FITRI, Hfifasste

TR o/ BRIE A 2 50 LAE; A PR, FREFAA ., MR EAEE IR ) a6 i
FEERM AR, AT RAER RIGIIX Channel Oneif AT #:4E .

The following examples describe when the equalizer is to be switched in front of the i —l
compressor/limiter.

NI R0 T RS A R A 5 A T e A/ PR 25 B U6

When over-accentuation of instruments or voices is registered within certain frequency i

ranges these ranges can first be reduced with the EQ. The signal can subsequently be
compressed moreeasily.

2 SR BOP E AE E LR Y N LI R SR, AT LS P g N IR e . B R T DR
B G HORHE S AT 4

A further sensible application is the use of the compressor module as a final limiter to main-
tainastableoutputlevel.lftheEQwastobeusedagainafterlimitingitcouldnotbeguaran-
teed that the output level would not alter.

I3/ B P SRR s 4 2 A D d S O BR R asRAEF, DLORFFRGE At v SR
BRI S5 HHEEQ, MIAREPRIER I A P AR R
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Control Elements

Equalizer

Channel One

LMF

Thecenterfrequencyofthe half-parametricbass filteris setwith the LMF control (low/mid
frequencies).

FSHURFVEP G O FILMFRE ] (/8D RBUER] .

The adjustable frequency range lies between 30 Hzand 700Hz so that this filter covers a
range of about 4.5 octaves, allowing it to be used from the deepest bass to the lower mid
range.

PSR E I E3OHZ AN 700HZ 2 8], [RLIXANJEIE 3 o 1 R294.54 )V IKE R, fuir
B M ERIR AR & B BAR A Hh 5 3E

Thistogetherwiththe MHFfilter ensures thatthe entire frequency spectrumis covered.
X 5 MHF 8 A% — i R 5 AN

LMF -/+

The LMF-/+ control determines the boost or cut of the LMF filter; the maximum values lie
between +/- 14 dB. The LMF filter also operates to the proportional-Q-principle, in other
words the bandwidth is dependent on the selected boost or cut. This filter characteristic
permits a musically more sensible processing of the frequency spectrum than with constant-
Q filters: if a more thorough setting has been chosen this will lead to far preciser definition
of the frequency range to be processed. This in turn minimizes influences from adjacent
ranges.

LMF-/+4% il sk 17 LMFIE; 2 4R T+ SHI ;SR MEfE+/-14dB2 ] LMFJE % # t3% f proportional-
Q-principle TAER, #r)ifit, FeFteHIBIGR T FRE M 5. S1EE QEM IR A, XPFh e
(VR 72 VPR A AT S 5 B A B R B — N SEANR B B, TRKE S B0 LA H R T L B A
BRI 3E SLo T3 S R SOHE A0 10T 0 Pl ) 52 i o B0 A1

The boost or cut values, in relation to the bandwidth, lie somewhat higher than with the MHF
filter. The bandwidth is therefore narrower at maximum boost than with the MHF filter for
even more precise filtering. The exact curve of the LMF filter is shown in diagram 4 on page
27.

WA KM T SR, EEMHFIE S i — L. Rbk, ERKTHERS, 5 EMHFEARE R, W]
CAHEAT SERRT AL 8. LMFUE I8 HO T ) 2 L2 27 TR 11 4

The LMFfilter can be appliedin manyways. Examples are; to accentuate the fundamental
sound ofavoice, tocut“boom” frequencies and for placement of bass emphasizedinstru-
ments during recording or subsequently when mixing etc.

LMFIis % vl LMEVF 2 T AR 2IN A . Blin: REFFRHES, B “boom” MR, FIF7E%HHbE/R
RS et IR R .

MHF

The center frequency of the semi-parametric mid/high frequency filter is set with the MHF
control.

SHOT/ R B A OR AE BE 1 MHF 1 B 21

The frequency range can be set between 680 Hz and 15 kHz so that this filter covers a range of
4.50ctavesandcanbeequallyemployedinthelowermidaswellasthe highrange.

A a T L B AE680HZ AN SkHZ 2 ], X IR AR i as 17 4.5 )\ B pyE
This together with the LMF filter ensures that the entire frequency spectrum is covered.

4.5 )\RZ, A DAFE P RSO L Bl A )RR o 3 S LIP3 — A O 1 8N Ao o
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MHF -/+

Thiscontroldeterminestheboost, orcutofthe MHFfilter; the maximumvalueslie between
+/-12 dB. The MHF filter utilizes the proportional-Q-principle, too: the higher the boost or cut
values are set, so the bandwidth becomes narrower; by low boost or cut values the band-
width increases (the exact curves of the MHF filter can be seen in diagram 3 on page 27).
The filter construction permits the complete scope, from selective removal of accentuated
frequencies through to character giving accentuations of an instrument, to be effectively and
quickly covered.

RAME R E T MHFJE S 38 (5 TH I e RMEFE+/-12dB2 ] MHFJED: 28 R T T Hufsl-QIR . 42
TEEA G B B AR, TR RIS R, SRR (MHFIEE 38 1 Dt 28 7T DATE 56
275 ME3TEED o IRESNEW AT RS, WA IEE LR R AR, BT R AR
AL AR LA 2T R I 55

Recommendation on frequency settings for LMF and MHF
KT LMF Fl MHF 353 5 B 3l

Tofindthefrequencywhichistobeprocessedas quicklyandaccuratelyas possible, firstly
adjust the MHF -/+ control to the maximum position. Subsequently the relevant frequency
should be sought. Because the filter at maximum setting works with the smallest bandwidth,
thefrequencies can be heard mostdistinctly at this setting, making them easierto locate.
Finally the desired MHF +/- setting can be applied after the frequency is determined with
MHF.

AT RATREE  MER AR B Z AR, 8 e MHF-/+ 4R T 2R KA E . b5 BLZ T A e
o RATERARET, RN TERE LR/, ERAEE TSR ENAR, EA 55K
3o 5, fEAMHFRGE TG, AN S MMHF+/-1 &
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Equalizer/FET Distortion X #7#5/FET 5 B £%

Control Elements

AIR BAND =5 B Bt

The high frequency filter in the equalizer module is described as the AIR BAND. A coil-
capacitor-filter with so called bell characteristics and a center frequency of 17.5 kHz comes
into operation here. At this frequency the maximum possible accentuation is +10 dB, the
maximum possible dampingis -10 dB.

1) i 2 T ) SIS B R U . B SR AR I Lk B R IR AR, L 91 7.5kHz, 1
RETHETIE . fERAMIE L, BORATREMISEIZ+10dB, HORATRERIMLE 2-10dB.

The soft and natural tonal property, characteristic of the coil-capacitor filter, lends itself
extremely well to provide clarity and ... well, air, to vocals in the upper frequency range
thereby improving their presence. On the other hand harsh sounds can be lent a more
pleasant sound characteristic through damping.

24 Pl FL 7 A i ELAT (KSR B AR AR TR, A A ROV R A O N SR AT
U WIRBCRIR AR Sy 7, R ER A AT DL R R A R A S A S
.

The characteristics of the AIR BAND filter are shown in diagram 2 on page 26.
AIR BAND S 2% f) R 7 55 26 7T il 21 i

FET DISTORTION FET 8 K

The DISTORTION control offers the capability of applying distortions to signals. The distor-
tions are infinitely variable from 0% through to distinctly perceptible harmonics. The distor-
tion stage is located in front of the equalizer so that the newly created spectrums can also be
processed with the EQ.

DISTORTION (RE) I3t 7 XHE S IR EARE /1. REGETIRAT, MO9%EI B & n kA
FIE G o 2 LR B T E i B I TET DRI 7= A A AT 0 T DA S A A

A (more or less over-driven) field-effect transistor forms a part of the distortion circuitry. It’s
characteristiccurve is similartoatubeand sounds distinctly “warmer” thana pure diode-
distortioner.

—A (B EDEEO SRR E R T R . ERREE i Ol T
W R oR W S L2 A R A "R

The signal level is of utmost importance to the operating mode of the DISTORTION module.
Toachieve useful results the level should lie in the range 0 to + 6 dB. Over and above this
theresults are strongly dependent on the condition of the input signal and its spectrum.
The processing of sinewave-like signals (e. g. e-piano, vocal, guitar) is audible much earlier
than signals with predominant harmonical contents (e. g. snare drum, hi hat etc). It is recom-
mended thattime and effortis takento find the correct setting.

&5 P XTDISTORTIONE S TARE AR B 2. A T AFA SR, (59 B NARLE
OF|+6dBIYE A . L /ANER], 2REM TR LR TN 5 105 It . 254l
ESZHERIMES (A ANF. i MBI PARE N EMES (W/he. BRES) HHE
BT R o FRE R R FURE 775k 4R B IE R E

IMPORTANT: Toavoid irritations at the beginning ofarecordingitis recommended to deac-
tivatethe EQ, andin particular setthe DISTORTION control to 0%. If not, tonal changes will

occurimmediately and furthermore, in the case of the DISTORTION control, additional distor-
tions.

HEMR: AT B RAERE IO IR, EUUEEQ, Rl 2K DISTORTIONE % & N

0%. BN, EHLRIRERL, thoh, FEDISTORTIONFEHIIEI T, o= ERIMNI R H.
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The outgoing signal can either be dampened to -20dB or further amplified by +5.5 dB with the
OUTPUT control to provide optimal drive to the subsequent units or the optional AD converter.
The selected output level is shown on the PPM OUTPUT display in the display field.

it 55 AT LABE N $)-20dB, R BUE S OUTPUTHE il HE— IR B1+5.5dB, AJa 4 M TEr £ IAD
Pt AL IR . 3 HO i H T R 7EPPM OUTPUTHA Bk X BN «

Before a recording commences the OUTPUT control should be set to 0dB (12 o'clock posi-
tion): the uninfluenced values are then legible and available for adjustment of the preampli-
fiers levels.

TETFIR T 2 0T, OUTPUTHE IR %4 % & H0dB (128400 %) - SREARZHMMAE &M, "THT
LESIN-1 ON IR

MUTE

The Mute switch mutes the output signal; when activated, the PPM OUTPUT display does not
show anyvalues.

LIRSS, BUEE, PPM OUTPUT R R B A R AE (0 .

Aninstance of a sensible application could possibly be when the output signal of the Channel
One, together with the playback signal, are reproduced via the studio monitors during a
recording session. When subsequently the recorded take is monitored it becomes possible to
hearextraneous singing or comments arising from the singer. It is therefore advised to press
the MUTE switch to permit listening to a clean recording. Do not forget to deactivate the Mute
switch before continuing recording.

—AMNEHEEIN BT R R, AR E RS, Channel Onelfif 55 F [BUE 5 — il it 5%
BRI EI . UBE 0 S BT T, SR T RE T B AR T RS SO BV
e Rk, @UWIE FERE IS, DLAVFRIT TSRS . AR 20T, NEEIL &
k.

Anotherinstance could be allowing the musicianto rehearse forawhile and then,when ready,
freeingthe signal pathand commencing recording by deactivatingthe MUTE switch.

AT, AEE RSB, RREER I, RS SRR, Sl R T RO

AR -

Channel One



Headphone Monitor E-§ 1 Wi #% Control Elements

-/ \\R Eﬂi‘m \\ﬂ G,q/{y - -
" ", B 3 ) S-DETECT GA N REDUCT, PPM OUTPUT
3 S — o[J+12
ERT oN  LMIT o . mute  [[Qarp = =
. - . | % %:mm I‘. I\
s ) S GHAL 1 = \
5 o — ) 1
D - 9 1
() WARM UF % %::. |
R T DIST H‘L?HM ey . ) I
B, WONE POWER
) 0 Quw Ac,f QOLUME ? s - ) | |
& 22 |

oNSTORE,

[ o

""@ f \" Ony

MEA@IPH@[N]E MONITORING

An individual monitoring mix is important for best working conditions and especially a good
intonation. That is why the Channel One is equipped with a headphone monitor section,
providing aheadphone amplifierand amixing stage to generate an individual mix for the
musician with playback and recording signals.

W T AR TAEZAE, RenlE RAFHE I, IXH A s R & R 4R B . X N4
Channel Onefit#& 7 —AMHHLRWT RSy, St T —DNEHUBOGRH—MEHE &, A8 REKER
— N [ RORN SR (5 5 B R

In general, the headphone monitor section can of course always serve for direct monitoring

of the recording via headphones. Another practical use of the headphone monitor module is
tomonitorthesignalqualitydirectlytolocateandeliminatepossibleinterferencerapidly.

— ki, HALEYT R 2R B W CUE N L BRI T S . FLE I BB 55— SRR
R E TS PR, DARGEE A BT RE R T

PLAYBACK [E] /i

The PLAYBACK control regulates the volume of the playback signal which is passed to the
musician. There are two methods of passing the mono playback signal: The first is to pass
the music to both ear pieces of the headphone in which case PLAYBACK INPUT LEFT must
be connected. On the other hand some musicians want to hear the playback signal through
only one ear piece so they can hear themselves directly with the other ear (playback signal
only without microphone signal). In this instance connect PLAYBACK INPUT RIGHT and set the
VOLUME control to off (also see page 10, PLAYBACK INPUTS).

PLAYBACK¥ il T LLIR T 5 4 & R X MG S & &, AWML REG R ENERES: F—

RE RMEAENL, XN R LA ERPLAYBACK INPUT LEFT. H— 5T, A ﬁ/‘%‘i?ﬁﬁﬂkﬁﬂﬂ
1%ﬂimhﬁvEEWMﬂTu%% REZHEENHHECANFEY (RAEEMRES, BHEZINE
) o FERAERS, ERAEEGRA, PGS REIEE RN WILET100, FiEN .

VOLUME S &

The VOLUME control regulates the volume adjustment of the microphone, instrument or
linesignal.Thesettingisindependenttothatofthe OUTPUT controlor MUTE switch,which
meansthevolumeinthe headphonesdoesnotalteralthoughtheoutputvalue ofamodula-
tion haschanged.

VOLUME (&) Ffir] LTI e M ARE s B/ 5 () BT . 120 E S i 42 g
FHITRMB BT, EEERE MRS K8 L AR T, EEIPREEAL S,

TIP: When working with hard disc systems or digital mixing consoles latency may be present.
Flanging or phasing effects occur if the musician receives the monitor signal with a time lag.

Itis therefore recommended, to obviate latency, that the monitor signal passes directly from =
the headphone monitor to the headphones. It should be remembered that the recording

signal has not been picked up again by the playback signal because phase quenching can |
occurwhenthe samesignalis mixed by both the PLAYBACK and VOLUME controls. 1

ESFDL
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POR: AR RAEECE S G TAEN, RS HIER. WRERFIEMW BT ESH
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MU 886 B HHL Lo idfl, FEESRAEMERGESHRER, RAKE—E58
PLAYBACKFIVOLUMESZ IR A1, &R A KA.

PHONES E-#1,

Connect headphones to the standard 1/4" (TRS) stereo jack plug on the front panel. The low-
resistance input allows for connection of all usual headphones.

e HNGERFIRTIR LR /4" (TRS) SLARAE ALk o G PR A SOV I 3 IR E AL
The layout is: Tip =left channel, Ring = right channel, Sleeve = ground.

BRITE: Tip=AAiE, Ring=4/iE, Sleeve=i%k.

Make sure that the plug is firmly seated for a solid connection. Reduce volume level before
you remove or plug in a headphone (or when switching headphones). NEVER plug in a mono
1/4" jack (TS) to the headphone output. The use of a mono 1/4" will lead to a short-circuit
that will destroy the amplifier stage. Standard headphone connectors always have stereo
plugs, and thus a correct connection will be assured when you only connect headphones

directly. Double check that you use stereo 1/4" TRS plugs when you connect headphones via
patchbays or extension cables etc.

R EEEE, URRERER. ERREEATIN (RHRENR) , EREEE. TAREL
1/4 "BEEEAN (TS) HBEAS b 8 1/4 "BEELIBUEER, NMBRTIRS. HEHEN
ERBORA A, FLAFREREEEIN, TOMRELRESRE. BB REREREFE
BHAN, ZEFARERZEEM/4 "LEATRSER.
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All status and level displays are concentrated in a central display area, so all important infor-
mation can be perceived ataglance.

FITA BPIRS R BoR R PR — D SR B R IX, FrBUr A EERE BT —H T4,

. S-DETECT GAW%E};JET P:‘J%Tfﬁr S'DETECT

e T e I The S-DETECT LED shows when sibilants have been detected. It is only active when the

) Hs, Hie de-esser is switched on, but it is independent from the S-REDUCTION control. So if you turn

O siGNAL %fos %ZS onthe De-Esser,youare always informed about detected sibilants and a possible need for
-12 -9 .

Owwmup (135 1 regulation.

S-DETECT LED &7 i 202 75 R (8] o e A TE BRI ST RIS A &%, AHE S T-S-
REDUCTIONT= il [, GISRARITIF T 028, VRKE0n 205 2 JnRa I 381 () w2 142 75 0 n] B

it R T T AT e
- : - CLIP
() S-DETECT GAlleﬂsﬁu? Eg.rff
@ cur =1 = The CLIP LED shows overload in the unit. The clipping level of the LED lies approximately 2 dB
%ﬁ,ﬁ EBZBu below the internal full scale (conforms to + 19 dBu). The CLIP LED should flash as seldom as
Osenma  H32. HiI possible.
Owwmup 57135 712 CLIP LED /R T 4 it 8. ZLEDXT 191l v F K 40 ey 0 20 i€ 2B. (#545+19dBu) o CLIP

LED %)Ll g /b 3N 51 .

Atall relevant points of the signal flow the display gets read off: behind the preamplifier,
behindthe compressor/limiter, behind the EQand behind the outputcontrol. All possible
causes for overload can be directly checked (overdriven microphone/instrument/line gain,
an excessive make up value in the compressor/limiter, too much boost in the EQs or too high
output level).

EESHFTE XS L, BoREasl: EarEBORER)EM, TEE%0 8/ Rls/E1m, 75
Ve, et . I 6 e S0 B0 R R AT DLE S A d ok G ki 22 A
[FEIE/ BRI ES, TRAEES/BRIRAS PO 2 A M, S8R Tl 2 R T O m g e ) .
Possible causes of overload can be quickly detected by simply switching off the modules

individually. If overloads occur during recording the quickest remedy is to gradually reduce
the respective gain control in the preamplifier.

A AR i PR T LA T B B G PR PRI o I SRAE SR R e R R, etk
(DR It A2 ST D A B TBOR 4% P 4% B AR A
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SIGNAL 5

The SIGNAL LED illuminates when a signal is being received at the preamplifier. This provides
aquick method of checking that a signal source is correctly connected. All levels above -50 dB
are covered.

AT B EIEIE 5, SIGNAL LED 25 3R AL 7 — ANl 45 502 15 IR &
BN 7% BT s T-5 0dBI¥ HL T 4k 26 o

WARM UP (EEWNL)

TheWARMUPLEDgivesanindicationregardingthewarmup phase ofthetubestage.When
the LED is extinguished the Channel One is ready for operation; during warm-up the output
signal level is low and sounds distorted.

WARM UP (&#L) LEDE R T R R A pr Bt . LEDJTXE KIS, Channel One 2%
TFEATHRAE: ETUAIIR], fHE S HTARAK, Wrkdskl R 5.
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Display area 27~ [X 4%

Control Elements

GAIN REDUCT.

The GAIN REDUCT. display provides information about the processing being undertaken with
the compressor/limiter or the noise gate. The level changes, perhaps caused by compres-
sion, are scaled in 1.5 dB steps. The display is activated when the compressor/limiter module
is switched on.

GAIN REDUCT (/R 2 {Ht 147 K IEAEREAT ¥ o 4 5/ WU 6 s 7 [ DA BEAA 5 6o T e ot T 24 5 ) L 28
WARELA.SABA ALY . = R/ PR OB RBEITIT I , Bom i «

Noise gate operation is visualized by illumination of all GAIN REDUCT. LEDs when the signal
level lies under the gate threshold setting.

W R ] 4R VR iR I BTG UGAIN REDUCT.LEDYT Y Sk Bon. 2415 5 B PR T IR B I,
LEDIT s &=,

PPM OUTPUT

The PPM OUTPUT display shows the peak reading of the output level (calibrated to 0 dB) and
is present at the rear outputs. This display also serves to level the preamplifier. The value
“0dBFS” marked on the left side represents the maximum level of the optional AD converter
which should not be exceeded (further information is given in the manual of the AD converter
and on page 29).

PPM OQUTPUT 75 it i /i L P RO (18 (ReEN0dB)  JRILE R bl £ XA Eont g ok
ST B BRI, Ao bs AU "OdBFS "REK T L M ADR B R BOC R, AR T G —
LG BEADRBA M FMAE290 B4 ) .

Although the values of the PPM OUTPUT display only cover up to + 12 dB sufficient headroom
remains internally (approximately 6 dB) so that the output value can exceed this limit without
causing clipping. The range of optimal noise performance lies between 0 and + 9 dB.
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Builtaround atoroidal transformer, the power supply ensures aminimal electromagnetic
fieldwith no hum or mechanical noise. The power supply‘s output sideiis filtered by an RC
circuit to extract noise and hums caused by your power service. 6000puf capacitors smooth
out the positive and negative half waves.
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St~ /MRCHLEAIIE, SRS FT AR BN 25 3 MR A7 . G000 e B E 0
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The phantom power is derived from a separate winding in the transformer, a precise current
regulator a clean phantom power of 48 volts. Our high quality 0.1%/6,81 kOhm resistors
ensure the pristine quality of the phantom power supply.

AFHBER AR BRI, — MR ERETS, D TEROREE 48K, RITRE
£10.19%/6,81 kOhmfyHiFELAG R 1 4) % A R 4R BT i«

The 250 Volt power supply for the tube stage is filtered with 300 uF to minimize hum.

Further information on page 9.
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Specifications
ﬂ%ﬁ‘% Microphone input 73 X4 A\

Frequency range i3 [ 10 Hz-100 kHz
(100kHz =-3dB)

Common mode rejectiondtidid:  1kHz: -80dB/10kHz: -78 dB

(@-20dBu)

THD & N: Gain #35: A-weighted:
20dB -97,1dBu
40dB -91,1dBu
65dB -69,4 dBu

Dynamic rangezi &G : 118dB

Line/instrument input Z88&/ 5855I

Frequency range #ii=RJu [H: 10 Hz-100 kHz

(-3dB)

Common mode rejection JLfE#6:  1kHz: -80dB/10kHz: -78 dB
(@ 0dBu, LINE IN only)

THD&N: Gaint¥3s: A-weighted:
5dB -99,4 dBu
20dB -97,2dBu
42dB -79,4dBu
Input impedance % AFH#i: Line #£#%: 20 kOhm / Instrument: 1 MOhm
Maximum input level f K AHEF:  LineZk#: +22 dBu / Instrument: +14 dBu
Dynamic range i H: 119dB
Output i
Maximum output level XLR/TRS 5t K4 4 H,
e +20dBu
Output impedance % HBHbi: <50 Ohm

Dimensions & weight R~} f1E &

Standard-EIA-19"/2U housing 482 x 88x210mm
Weight #bEH & 4,15kg/ca. 9,15 Ibs

Note: 0 dBu = 0,775 V. Specifications are subject to change without notice.
Note: 0 dBu = 0,775 V. HIfE 21773 1E, A7 17 %1

=pol
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Block diagram
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Measurements Compressor/Limiter, Air Band

Diagram1 [E1: o o
compressor characteristics JiE m
FE4E R RFAE 3
+20F
Reference curve Adisplays the +155 A
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Mid-Hi Filter, Low Filter Measurements

+20 Diagram 3 displays various cut

E m and boost settings of the MHF
_'_155 filter at 3 kHz.
; The proportional-Q characteristic
+10E jih is distinctly visible.
= N . N
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+20 E Diagram 4 displays the curves
E m of the LMF filter.
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Copy master: recall settings

Artist:

Engineer:
Album/Gig: Track(s)/Groups:
Title: Date:
O Channel One e, Sl }m“ / L S e -
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A/D converter, 1/0 transformers (0] ptiO ns

Please note that you can order products with optional equipment from all dealers, even if they
doonlyliststandard product versions, forexampleinan online store. Please contact your
dealer or SPL before you place an order. Optional equipment can also be installed after sales.

Available option for the Channel One, model 2950:
- 24bit/96 kHz A/D converter (user installation possible).

- Lundahlinput and output transformers (installation only by qualified technicians or SPL).

24/96 AD|SAMPLERATE |SYNCINPUT | DIGITAL OUTPUTS

Converter O
X JIOF
LOCK

Model H44,1 X2 SPDIF SPDIF OPTICAL| Madein
2376 m48 INPUT OUTPUT OUTPUT| Taiwan

24/96 AD converter, model 2376

The optional converter card provides a digital output. Output signals are delivered via a
S/P-DIF output through two sockets: one RCA socket and one optical socket. The converter
provides 24 bit signals. All common sample rates can be selected (see below). Highly accurate
quartz oscillators ensure a clean, low-jitter master clock.

SAMPLE RATE: The A/D converter allows you to select among the four most common sample
rates of 44.1, 48, 88.2 and 96 kHz. The 44.1/48 button selects one of the two basic sample
rates (out: 44.1 kHz; in: 48 kHz). The x2 button doubles these sample rates to select 88.2 or
96 kHz respectively.

DIGITAL OUTPUTS: The converted S/P-DIF signal is routed in parallel to the RCA and optical
outputs.Thesignalisinprofessional formatwithnosampleratedatainthe status block.

SYNC INPUT: Since this is an AD converter, the SYNC INPUT is no audio signal input. The
SYNC INPUT allows you to feed the converter with an external sample rate. Connect an S/P-DIF
output from your master source (e.g. DAW interface) to the SYNC input. The AD converter will
automatically switch to the same sample rate that is received. The A/D converter 2376 is not
equipped to accept Word Clock synchronization.

TheyellowSyncLock LEDilluminateswhenavalidsyncsignalis presentatthe SYNCINPUT
andtheconverterisautomatically synchronizedtothe externalsamplerate.

To prevent interference, the internal oscillators are automatically disabled when an external
clocksignalis present.Ifthe syncsignalisnolongerpresent(e.g.inthe case ofadropout),
the converterautomatically reverts tothe sample rate selected viathe converter’s control
switches.

Information on 1/0 transformers

Wethinkagood partofthe “warmth” thatis commonlyassociated withvintage gearcomes
fromtransformers. With transformers the low end and lower mids sound rounder, full-bodied
with more punch. The top end gets a silky touch and benefits from improved presence without
sounding boosted. Reasons are reduced odd harmonics (which produce harsh top end impres-
sions) and a slower characteristic compared to electronic stages which causes a more volumi-
nous sound. We recommend transformers especially for vocals while electronic stages can be
better for highest precision in signal transmission (transients), butin the end it’s a question of
personal taste, applications or forexample which microphones arein use.

Used in SPL preamps or channel strips, the input transformers add ca. 14dB gain (depending
on the microphone). This must be added to the scaled values. The additional passive gain
relieves the complete unit permanently at any gain level. The higher gain levels are also
beneficial with ribbon microphones. That’s why the input transformer is more important in
preamps, but to benefit from all possible sonic effects and full operational safety, both input
and output should be equipped with transformers.
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Manual Channel One Model 2950
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