


Control Elements

Display area
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All status and level displays are concentrated in a central display area, so all important infor-
mation can be perceived at a glance.

S-DETECT

The S-DETECT LED shows when sibilants have been detected. It is only active when the
de-esser is switched on, but it is independent from the S-REDUCTION control. So if you turn
on the De-Esser, you are always informed about detected sibilants and a possible need for
regulation.

CLIP

The CLIP LED shows overload in the unit. The clipping level of the LED lies approximately 2dB
below the internal full scale (conforms to + 19 dBu). The CLIP LED should flash as seldom as
possible.

At all relevant points of the signal flow the display gets read off: behind the preamplifier,
behind the compressor/limiter, behind the EQ and behind the output control. 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).

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.

SIGNAL

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

WARM UP

The WARM UP LED gives an indication regarding the warm up phase of the tube stage. When
the LED is extinguished the Channel One is ready for operation; during warm-up the output
signal level is low and sounds distorted.
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Display area Control Elements
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The GAIN REDUCT. display provides information about the processing being undertaken with O cup
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. O WARM UP
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Noise gate operation is visualized by illumination of all GAIN REDUCT. LEDs when the signal
level lies under the gate threshold setting.
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The PPM OUTPUT display shows the peak reading of the output level (calibrated to odB) 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 O sienaL

which should not be exceeded (further information is given in the manual of the AD converter ) WARM UP
and on page 29). '
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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 o and + 9 dB.

Power Supply

Built around a toroidal transformer, the power supply ensures a minimal electromagnetic
field with no hum or mechanical noise. The power supply‘s output side is filtered by an RC
circuit to extract noise and hums caused by your power service. 60oopf capacitors smooth
out the positive and negative half waves.

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%/6,81kOhm resistors
ensure the pristine quality of the phantom power supply.

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

Furtherinformation on page 9.
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Specifications

Microphone input

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

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

(@ -20dBu)

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

Dynamic range: 118dB

Line/instrument input

Frequency range: 10 Hz-100 kHz
(-3dB)
Common mode rejection: 1kHz: -80dB/10kHz: -78dB

(@ 0dBu, LINE IN only)

THD & N: Gain: A-weighted:
5dB -99,4dBu
20dB -97,2dBu
42dB 79,4 dBu
Input impedance: Line: 20 kOhm / Instrument: 1 MOhm
Maximum input level: Line: +22dBu / Instrument: +14 dBu
Dynamic range: 119dB
Output
Maximum output level XLR/TRS: +20dBu
Output impedance: <50 Ohm

Dimensions & weight

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

Note: 0o dBu = 0,775 V. Specifications are subject to change without notice.
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Block diagram
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Measurements

Compressor/Limiter, Air Band

Diagrami:
compressor characteristics

Reference curve A displays the
relation between input and
output.

Curve B shows the curve charac-
teristics of the compressor. The
soft knee characteristic is clearly
visible.

Curve C portrays the limiter’s
curve characteristics.

Diagram 2 shows various cut
and boost settings of the air
band filter.

26

cma

+30¢
+26F A’
+20E

E A
+15F
+10§ //
+5E
*°§ = B
N A{

E C
-10F

E L~
. ///

-20F -
-25F /
-30F

E L~
-0
-45E
-S0F
s L LU et
-50 -40 -30 -20 -10 +0 +10

dBu
+20¢ l
+15§

E
+10§

E ’

E ///_h
+5F A8 s

E /// P

3 Z=guil

- 1 L—+—1T"1
+OF -

SR
5E RS-

= N [

E |~
-10F B
-15E
_205
.255
-30F
S

10 20 50 100 200 500 1k 2k 5k 10k 20k

Hz
Channel One



Mid-Hi Filter, Low Filter

Measurements
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Diagram 3 displays various cut
and boost settings of the MHF
filter at 3 kHz.

The proportional-Q characteristic
is distinctly visible.

Diagram 4 displays the curves
of the LMF filter.

Various cut and boost settings
at 150Hz.

Again the proportional-Q char-
acteristic is clearly visible.
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Copy master: recall settings

Artist: Engineer:

Album/Gig: Track(s)/Groups:

Title: Date:
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A/D converter, 1/0 transformers Options

Please note that you can order products with optional equipment from all dealers, even ifthey
do only list standard product versions, for example in an 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:
e 24bit/96kHz A/D converter (user installation possible).

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

24/96 AD | SAMPLE RATE | SYNC INPUT | DIGITAL OUTPUTS
=P

Converter :
@
. . SYNC

SPDIF SPDIF OPTICAL | Madein
INPUT OUTPUT  OUTPUT Taiwan

Model 44,1

2376 =48 X2

24/96 AD converter, model 2376

The optional converter card provides a digital output. Qutput 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. The signalis in professional format with no sample rate data in the status block.

SYNC INPUT: Since this is an AD converter, the SYNC INPUT is no audio signal input. The
SYNCINPUT 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.

The yellow Sync Lock LED illuminates when a valid sync signal is present at the SYNC INPUT
and the converter is automatically synchronized to the external sample rate.

To prevent interference, the internal oscillators are automatically disabled when an external
clock signal is present. If the sync signal is no longer present (e.g. in the case of a dropout),
the converter automatically reverts to the sample rate selected via the converter’s control
switches.

Information on 1/0 transformers

We think a good part of the “warmth” that is commonly associated with vintage gear comes
from transformers. 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), but in the end it’s a question of
personal taste, applications or for example which microphones are in 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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