
Weiss Pro Audio products
- suited for Audiophiles.

Weiss is also activ e in the professional audio mark et.
Our main clientele in that market are Mastering
Engineers. Some of our pro audio products are
suited for audiophile customers as well. These are
the Saracon Sampling R ate Con verter for the
conversion of audio files, the EQ1-LP parametric
equaliz er for room correction and creative
equalization and the ADC2 A/D Converter for
transferring analog recordings to the digital domain.



Contact information:
Weiss Engineering Ltd.
Flor astr asse 42
8610 Uster / Zurich
Switz erland

Phone: +41 44 940 20 06
Fax: +41 44 940 22 14
Email: info@weiss.ch
www.weiss-highend.com

"NowthatI’veusedit on everythingI do,it is the onlyresamplerI canlisten
to...”
GeorgeMassenburg,USA,Grammy award winning producer and sound
engineer

FeaturesSaracon:

Saraconisa versatilemultichannelfileformat andsamplingrate conversion tool of
utmost quality. All standard sampling rates between44.1kHzand 384kHzare
supported. POW-Rdithering is also included. Runs on Windows and Macplatforms.
TheSaracon-DSDversion also supports PCMto DSD and DSD to PCM conversion.

Sampling Rates (input/output):44.1k,48k, 88.2k,96k,176.4k,192k, 352.8k,
384k
Wordlengths (input/output): 16/20/24/32bit fixedpoint, 32/64 IEEEfloat
FileFormats (input/output):
Wordlength Reduction: FlatTPDF dither, POW-r 1, POW-r 2, POW-r 3
Weiss quality conversion algorithms and user interface
Builtin sine generator for testing purposes
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wav, aiff, au, BWF, sd2, caf, paf, mat, raw, dsdiff

SARACON
SAMPLING RATE CONVERSION
SOFTWARE FOR PC AND MAC

EQ1
7-BAND EQUALIZER

"My main comment is the sound is very very good, lovely, warm and beautiful,very
analog-like.Whatmore could one say?"BobKatz,USA, Mastering Engineer

Features EQ1-LP
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Seven identical parametric bands.All seven bands cover the entire audio frequency range.
Each band has Boost/Cut, Frequency and Q/Slopeknobs. Each band operates in any of
the following modes: High shelving, low shelving, peaking, high cut, low cut, bypass.
One parameter per knob operation. Seven sets of controls for seven operating bands.
Knobsare touch sensitive.
Digital input / output in AES/EBUformat on XLRconnectors. Dithering to 16, 20 or 24 bits
using the renowned POW-R dithering algorithms.

M/S mode for independent equalization of M and S channels. M/S encoder / decoder can
be configured separately.
The EQ1-LP can be switched to linear phase response. Linear phase response means that
the delay introduced by processing is constant across the whole spectrum, unconstrained
by the equalizer settings - this is not the case with standard equalizers, where signal delay
varies with the audio frequency. The sound, or character, of an equalizer is influenced also
by phase response.The EQ1-LP is therefore the ideal tool for corrective amplitude
adjustment,without the unwanted phase distortion added by standard equalizers.The
linear phase feature can be turned off. So for creative sound designing, there is the benefit
of two different equalizers in one machine.

ADC2
2CH A/D CONVERTER

"JimAnderson justfinished using the ADC2to capture the stereo mixdownof the new
DD Jackson album and the new Patricia Barber CD for Bluenote at Avatar studios at
96k.Theresults were excellent." Alan Silverman, USA, Mastering Engineer

Features ADC2!
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The ADC2 uses state of the art A/D chips in our proven “correlationtechnique”
configuration, which lowers converter imperfections.
The analog input stages are kept balanced from the input connectors throughout to the
converter chips.
Supported sampling frequencies are 44.1, 48, 88.2, 96, 176.4 and 192 kHz.
Output formats areAES/EBU in one or two wire technique, S/PDIF as well as Firewire for a
direct connection to computers.
Optional Firewire output available for direct connection to Mac or PC computers..
Synchronization can be internal or external throughAES/EBU or BNC(Wordclock).

The built in digital peak limiter allows for setting a generous headroom on the analog inputs
and still get a full scale signal at the converter’s output.
A large bar graph shows the level to theA/D input, the output level and the gain reduction in
the aforementioned Limiter. Numerical readouts indicate input and output gains, limiter
thresholds and peak levels
The output wordlength can be reduced from 24 to 16 bits with the built in POW-R dithering
algorithms.
The analog input sensitivity can be set in 1dB steps via a relais controlled attenuator. An
additional gain control is implemented in the DSP chip in the digital domain.
Both channel 1 and channel 2 are fully independent, except for the sampling rate and for
the dither settings.
The AES/EBU sync input can be used as a digital audio input. This allows to limit and / or
dither digital audio signals. The peak hold feature can be used to monitor a transfer and
check for overloads which may have occured.


