REVIEW

by Alan Silverman

Weiss Engineering
ADG2 Analog-to-
Digital Converter

Daniel Weiss doesn’t disappoint with this
high-powered A/D converter

Weiss Engineering’s latest edition of their
venerable ADC hews to the company’s purist
philosophy. The unit is quite nearly a digital
straight wire with gain. The converter
supports single and dual-wire out-
puts at sample rates up to 192 kHz.
Included are a pair of mic pre-
amps and a digital com-
pressor/limiter  derived
from the company’s high-
ly regarded DS1 dynarmnics
processor, enabling the
ADC2 to function as a

Devices AD797 low-noise op amps, in a mini-
malist topology of only four op amps per
channel. Analog input level is passively con-

As in the Weiss DS1 compressor, release times
are adaptively varied from fast to slow
depending on a look-ahead analysis of the
input. These values are user adjustable on the
D51, but are fixed at 30ms and 400ms, respec-
tively, in the ADC2. The same time constants
are applied in the limiter section. Attack time
is fixed at 0.315ms and there is overall system
delay of 1ms. Dynamics processing can be set
for linked-stereo or dual-mono operation.

Rounding out the feature set are sync-
source selection, low-cut filters and 48V
phantom power for the mic inputs,
analog/digital input selection, and POW-R
dither (with auto-black) for 16-bit output. A
rear panel DIF switch sets the wire mode and
the sync termination mode. Simultaneous
AES and S/PDIF outputs are on the rear
panel and a FireWire port is planned.

complete front end. AES digital
inputs, the dynamics processor
and POW-R dithering allow the
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unit to be used for simple master-
ing applications as well.

| FEATURES
The ADC2's mic and line inputs share a
common amplifier, consisting of Analog

Y

APPLICATIONS
Studio, location, post production

KEY FEATURES

Two-channel; 24-bit; up to 192 kHz
sample rate; digital limiter; POW-R
dithering; single/dual-wire

PRICE
$6,500

CONTACT

Weiss Engineering | =-41-44-586-
58-84

=2 wwwaweiss.ch
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trolled by a switched array of vacuum-sealed
gold contact relays permitting sensitivity set-
tings from -54 dB to 0 dB in 1 dB steps.
Channels can be controlled individually or
ganged for stereo operation. The minimal
number of gain stages and the passive level
control insure very low coloration of the input
signal before conversion. Input to the ADC2
stays fully balanced right up to the converter
chips, which are AKM 5.6 MHz delta-sigma
types. Two converters per channel are used in
a correlation technique that improves signal-
to-noise by 3 dB over a single-converter
design. A digital level control, ranging from
-100 dB to +18 dB, is available post-conver-
sion for further gain adjustments. Steps of 0.2
dB are implemented for fine control and
changes are click-free and zipperless.

A 40-bit floating point DSP module pro-
vides the engine for digital gain, precision
metering (with peak-hold) and the compres-
sor/limiter. The latter is a two-stage dynamics
processor consisting of a variable-threshold
2:1 compressor and a 1000:1 peak limiter with
a fixed threshold at 0 dB full-scale. To push the
limiter, set the digital gain control above 0 dB.

| IN USE

The ADC2 was first sent out on a live
stereo session for a Manhattan-based audio-

phile record label. The unit was configured
for 192 kHz sampling in single-wire mode
and connected to a location Sequeia system
through a LynxStudio AES16 sound card. The
unit received the same feed as the label’'s own
reference converter. Back at my mastering
room, [ put up the files for comparison. The
ADC2 recording sounded excellent except for
a very subtle artifact in the highs. It came to
light that there was a low-level clock noise in
the ADC2 files. Oscillator tests revealed that
the clock noise only occurred when running
the ADC2 at 192 kHz in single-wire mode. At
all other speeds and modes the signal was
clean. I notified Daniel Weiss and a short time
later he wrote that they verified the problem
and corrected it by shaving a few instructions
from the unit's firmware. An EPROM was
sent that put the issue fully to rest.

The next set of tests involved comparisons
of the analog playback of an audiophile SACD
played through a Meitner professional DSD
DAC against various A/D-D/A converter
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