Lindos

LSC24 24bit Studio Converter
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96kHz Sample Rate, 24 bit - Analogue to Digital Converter
Digital to Analogue Converter - Sample Rate Converter

Housed in a compact 1U case, the LSC24 represents a major advance in usability by combining key studio functions in a

single unit.
The AD, DA and DD converters have been designed to maximise the sonic transparency of this product in both the
analogue and digital domains.

The LSC24 has four main modes of operation. Each mode automatically recalls the last user configuration from non-
volatile memory to speed the set-up of the equipment when changing between the various functions.

RECORD
The LSC24 acts as an Analogue to Digital Converter. The analogue output is used to monitor either

the Pre or Post noise shaper signal.

ADDA
The LSC24 acts as separate Analogue to Digital and Digital to Analogue Converters. The ADC is
synchronised to either the internal oscillator, Dgital Audio input, DARS input or external 256fs
clock. The DAC is synchronised to the Digital Audio input signal.

CONVERT
The LSC24 acts as a Digital to Digital Sample Rate Converter. The analogue output is used to
monitor the output of the conversion process.

HQDA
The DAC is synchronised to an external input (digital audio input, DARS or 256fs) as selected by
the Sync function.

Features
Noise shaping filters provide for minimally audible spectra (MA) and an ultrasonic variant, (US).

Unigque switchable soft-limiter acting at -3dB FS is also provided to avoid clipping at the ADC inputs. A ‘LIMIT’
indicator is provided to confirm when the limiter is operating.

Supports formats of AES3, AES-id, SPDIF and Dual AES3 (88.2 & 96kHz AES3 split into 2 Rate signals),
selectable via the front panel controls.

Balanced, floating front-end, the signal passing to a 24 bit A-D converter.

ADC coding level can be set in 1dB steps, from +8dBu = 0dB FS to +26dBu = 0dB FS.

Level metering is provided to confirm that the coding level selected is appropriate for the levels being used.
CLIP light indicates digital clipping of ADC.

DAC coding level can be set in 1dB steps, from -9dBu = 0dB FS to +26dBu = 0dB FS.

Front panel display of incoming sample rate.



Specification

Analogue-Digital Section

Resolution 24 bits
Sample rates supported Internal 32kHz, 44.1kHz, 48kHz, 88.2kHz, 96kHz
External DARS (32kHz — 96kHz), Digital Audio Input, 256Fs clock
Word Length 24, 20, 18 & 16bhits
Sample rate frequency accuracy 50ppm
Noise and distortion At +26dBu=0dB FS coding level,

Noise, RMS unweighted, 22-22kHz bandwidth

Noise: -105dB FS
THD+N: -98dB FS at -1dB below peak coding

Max. Analogue Input Level +26dBu

Digital-Analogue Section

Resolution 20 bits
Sample rates supported Internal 32kHz, 44.1kHz, 48kHz, 88.2kHz, 96kHz
External DARS (32kHz — 96kHz), Digital Audio Input, 256Fs clock

Noise and distortion At +26dBu=0dB FS coding level,
Noise, RMS unweighted, 22-22kHz bandwidth

Noise: -105dB FS
THD+N: -95dB FS

Max. Analogue Output Level +26dBu

Power supply 85-264 volts 47-440Hz, 3 pin IEC connector, 30W

Dimensions 483 mm (19”) rack mount, 44mm (1 %4"- 1U) high, 280mm deep
S-PDIF and AES3-id DARS Output ~ S-PDIF and AES3-id DARS Input  256fs Clock
BNC output (AES11) BNC I_nput (AES1Y) Jﬂplél
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Lindos Electronics Saddlemakers Lane Melton Woodbridge Suffolk UK P12 1PP
Tel: +44 (0)1394 380307 Fax: +44 (0)1394 385156 E-mail: info@lindos.co.uk  Web site: http://www.lindos.co.uk/




