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DIGITAL AUDIO PRODUCTS

EQ1

DS1

DNA1

ADC2

DAC1-MK2

SFC2

7-BAND EQUALIZER

COMPRESSOR
LIMITER
DE-ESSER

DENOISER
DECLICKER
AMBIENCE REGEN.

2CH A/D CONVERTER

2CH D/A CONVERTER

2CH SAMPLING RATE
CONVERTER

"My main comment is the sound is very very good, lovely, warm and beautiful, very
analog-like.Whatmorecouldonesay?"BobKatz,DigitalDomain,USA

Themain featurescommon toall fourmodels:

The EQ1-LP

The EQ1-DYN

AllEQ1modelscanbeuserupgraded toanyothermodel.

The EQ1 is available in four different configurations.All of them work at 24/96. The basic model
is the EQ1-MK2, the linear phase model is the EQ1-LP, the dynamic model the EQ1-DYN. The
EQ1-DYN-LPincorporatesbothLPandDYNversions inoneunit.

Seven identical parametric bands. All seven bands cover the entire audio frequency range.
Each band has Boost/Cut, Frequency and Q/Slope knobs. Each band operates in any of the
followingmodes:Highshelving, lowshelving,peaking,highcut, lowcut, bypass.
One parameter per knob operation. Seven sets of controls for seven operating bands.
Knobsare touchsensitive.
Digital input / output in AES/EBU format on XLR connectors. Dithering to 16, 20 or 24 bits.
POW-Rdithering in theLP,DYNandDYN-LPmodels.
M/S mode for independent equalization of M and S channels. M/S encoder / decoder can be
configuredseparately.

is the EQ1-MK2 with linear phase response, has the same parameter set as the
EQ1-MK2 and is therefore fully snapshot and MIDI control compatible. Linear phase response
means that the delay introduced by processing is constant across the whole spectrum,
unconstrained by eq settings - this is not the case with standard equalizers, where signal delay
varies with frequency. The sound, or character, of an equalizer has been said to be influenced
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, resulting in the exact same sound as the EQ1-MK2. So for creative sound
designing, there is thebenefit of twodifferentequalizers inonemachine.

is the EQ1-MK2 with four dynamic bands. First the EQ is adjusted to a nominal
setting, then the input signal isanalyzed todetermineexactlyhowmuchequalizationneed tobe
applied. If the signal is already loud in a certain band, it is not boosted even more. Or,
alternatively, frequencies are only attenuated when they exceed a certain level. The EQ1-DYN
features four freely adjustable dynamic bands, and additionally three linear bands per channel.
Setting up the dynamic bands is as easy as setting a linear band. There is just one additional
parameter tobeadjustedby theuser, the thresholdcontrol.
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"...theworld'sbestDe-Esser..."BobLudwig,GatewayMastering,USA

Featuresof theDS1-MK3:

DS1 or DS1-MK2 units can be user upgraded to the DS1-MK3 model.

The DS1-MK3 is the latest variant of the renowned DS1 Compressor / Limiter / DeEsser. In De-
Esser mode the compression band is selectable as a lowpass, bandpass or highpass and thus
extends the functionalitybeyondde-essing.

Extensive factorypreset libraryprogrammedbyMr.BobKatz
M/Smode
L/R (orM/S)canbeprocessed independently
soft knee feature
auto releasewith twodifferent selectable timeconstants
autogainmakeup
monitoringbutton for listening to thebandsplit signal
dualmodeunit (DeEsserorCompressor/Limiter)
oversamplingsidechainandaudiopath

linear-phasebandsplitter
overall delaycontrollable inmultiplesof video frames
previewdelay forearlyanticipationof levelpeaks
meteringof input level, output level, gain reduction
128snapshotswith2 times128snapshotsbackup
eachparameterMIDIcontrollable,MIDIdumpofsnapshots
AES/EBU input / output
Full bandcrossover in frequencyselectivemode (ranging from41Hz to7.7kHz)
Upwardexpansion to re-introducedynamics inpreviouslycompressedsignals
A second completely independent dynamics section working as a final peak-limiter in both
modes (frequencyselectiveand full bandcompressor)
Parallel compressionmode forartefact-freeoperation
Additionalgaincontrol in frontof thepeak-limiter forevenhigher loudness
88.2 /96kHzoperation
POW-Rdithering
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" Sorry I haven't gotten a chance to tell you sooner how much I like the DNA1. I would
definitely like tobuyone."RobFraboni,EffortlessMasters,USA

Features:
TheDNA1 isavailable in fourvariants:

All DNA1 models can be user upgraded to any other model.

The DNA1 unit represents a milestone in the Gambit Series equipment developments at Weiss
Engineering. Three state of the art algorithms are packed into the DNA1. The denoiser has
been developed in cooperation with the PureNotes Company (UK), the decrackler and
declicker algorithms have been designed in our own R&D lab and finally the K-Stereo
Ambience Processor we licensed from Mr. Bob Katz (USA). Best is that all functions can be
usedconcurrently.

Denoiser to reduce all types of wideband and non-stationary noises like tape hiss or
aircondition hum using a novel adaptive approach to noise reduction (no spectral noise
footprint required).
Decrackler / Declicker to detect and remove a broad range of impulsive noises, for example
scratchesandclicks fromvinyl recordings.

K-Stereo Processor to recover lost or amplify hidden ambience, space, and imaging; or to
generatestereo frommonosignalswithoutaddingartificial reverberation.
Output Control to regulate stereo balance and stereo width, as well as the overall signal
level.
POW-R, the acclaimed technique for transparent and smooth word-length reduction to
24bit, 20bit or16bit.
All those standard features like 128 snapshots, MIDI Control, 24/96 operation, extensive
meteringetc.

DNA1: full blownunitwithall features
DNA1-K:K-Stereo /M/SControl only
DNA1-N:Denoiser /K-Stereo /M/SControl only
DNA1-C:Declicker /K-Stereo /M/SControl only
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"Jim Anderson just finished using the ADC2 to capture the stereo mixdown of the new
DD Jackson album and the new Patricia Barber CD for Bluenote atAvatar studios at 96k.
The resultswereexcellent."AlanSilverman,Arf!Digital,USA

The ADC2 uses state of the art A/D chips in our proven “correlation technique” configuration,
which lowersconverter imperfections.

The analog input stages are kept balanced from the input connectors throughout to the
converter chips. A high quality microphone preamplifier is built in as a standard feature. 48V
phantompowercanbeswitchedon/off.

Supportedsampling frequenciesare44.1,48,88.2,96,176.4and192kHz.

Output formats are AES/EBU in one or two wire technique, S/PDIF as well as Firewire for a
direct connection tocomputers. (FireWireoptional).

Synchronizationcanbe internalorexternal throughAES/EBUorBNC(Wordclock).

The built in digital peak limiter allows for setting a generous headroom on the analog inputs and
still geta full scalesignalat theconverter’soutput.

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
andpeak levels

The output wordlength can be reduced from 24 to 16 bits with the built in POW-R dithering. It is
possible to have one output running at 24 bits and another one at 16 bits. This feature comes
handywhenasafetycopy toe.g.aDAThas tobemade.

The analog input sensitivity can be set in 1dB steps via a relais controlled attenuator. An
additionalgaincontrol is implemented in theDSPchip in thedigital domain.

Both channel 1 and channel 2 are fully independent, except for the sampling rate and for the
dithersettings.

TheAES/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
overloadswhichmayhaveoccured.

"This iswithoutanydoubt thebestD/Aso far."
GoranFinnberg,TheMasteringRoom,Sweden

Inputs:

Synchronization:

Converters:

Outputs:

Remote:

The DAC1-MK2 is a stereo 24 bit / 192khz D/A converter designed with the aim of keeping an
absolutely uncompromised audio signal path. Much detail and thought was spent on the digital
input as well as the analogue output stage. Both have in common the purest possible approach
in audio design, aspiring for nothing less than excellence. This is coupled with an ergonomic
design that gives the user immediate access to all necessary functions, while keeping an
uncluttered and thus easy-to-use front panel. This combination makes a truly professional D/A
converter catering for thehighestexpectations.

There are three digital inputs on XLR connectors, and one on Toslink (optical). The accepted
sampling frequencies are 44.1, 48, 88.2, 96, 176.4 and 192kHz. AES/EBU signals on a single
connector are used. For sampling rates of 88.2kHz or higher the dual wire AES/EBU scheme
can be used. Each XLR input is actively routed to a corresponding XLR digital output, allowing
monitoringatmultiplestages inadigital studiosetup.

Several signal reclocking schemes are combined for extremely high jitter attenuation, making
theDAC1-MK2virtually immune to jitteroveraverywidebandwidth.

The correlation technique (using two converters per channel) which is also successfully
employed in the ADC2 gives the DAC1-MK2 an edge over other D/A converters with equal
wordlengthandsampling ratespecifications, resulting in improvedSNRandTHD.

The discrete Class A outputs have a virtually zero Ohm output impedance, but still can drive
large loads without stability problems. Output levels can be set between -infinity and +27dBu.
Theoutputsaresymmetrical, butdonothaveanysounddegradingservomechanismsbuilt in.

Byhookingupananalogpotentiometeror fader to the remoteconnector, theoutput level canbe
remote controlled. This level control happens in the digital domain. The input source selection
canalsobe remotecontrolled.

"The Weiss SFC-2 is an EXCELLENT SRC, maybe the best one-step SRC in the world.
One up-down-up or down-up-down pass through that is nearly transparent, and even
whennot transparent veryacceptable to theear."
BobKatz,DigitalDomain,USA

Featuresare:

Standard sampling frequency converter chips continuously measure the input frequency and
then generate the output frequency and the filter specifications accordingly. This results in
coefficient "jitter" because the input signal sampling frequency jitter modulates the cutoff
frequency of the digital filter. The SFC2 uses a fixed-ratio scheme where the output is directly
derived from the input sampling frequency - therefore no coefficient "jitter", no filter modulation,
more transparency.

The main application of the SFC2 is integrating playback or outboard equipment into an
environment that either runs at double- or standard-sampling frequency. To allow this
equipment to be positioned anywhere in the processing chain, the SFC2 features two
completely independent two-channel sampling frequency converters to simultaneously down-
and up-sample a signal.Alternatively, it can also be used to convert the sampling frequency and
reduce thewordlengthofany twoarbitraryaudiosignalsat thesame time.

24bit singlewirehigh-speedAES/EBU interfaces
40bit floatingpoint / 32bit fixedpointprocessing
44.1 /48 /88.2 /96kHzsampling frequenciessupported
standalone1HU19" rackmountchassis

!
!

20 /16bitwordlength reduction
auto-blacking fordithernoise
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"Daniel Weiss has always led the way in high-end digital audio technology.”
Bob Ludwig, Gateway Mastering & DVD

Contact information:
Weiss Engineering Ltd.
Florastrasse 42
8610 Uster / Zurich
Switzerland

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

PCM to PCM Features:

DSD (PCM to DSD and DSD 2 PCM) Features:

Other features:

Saracon is a versatile multichannel file format and sampling rate conversion tool of
utmost quality. All standard sampling rates between 44.1kHz and 384kHz are
supported. POW-R dithering is also included. Saracon runs on Windows and Mac
platforms. The Saracon-DSD version additionally supports PCM to DSD and DSD to
PCM conversions.

Sampling rates: 44.1k, 48k, 88.2k, 96k, 176.4k, 192k, 352.8k, 384k Word lengths:
16/24/32 bit fixed point, 32/64 IEEE float
File formats: wav, aiff, BWF, RF64, sd2, caf, FLAC, Ogg/Vorbis, au, paf, mat, SF
wav 64, raw (output only)
Wordlength reduction: Flat TPDF dither, POW-r 1, POW-r 2, POW-r 3, no dither
THD+N PCM to PCM: Better than -180dB for 32 Bit fixed point I/O, unweighted
Built in test signal generator

DSD file formats: DSDIFF
DSD sampling rates: 2822400 MHz, 5644800 MHz
PCM I/O as in standard version
Choice of 3 different modulators
THD+N PCM to DSD: Better than -147dB for 32 Bit fixed point input, unweighted
Extensive DSD conversion analysis
Noise shaped dither
Log window shows time tagged events (e.g. overs)
Non-volatile level/peak meter/history with full featured viewer.
DSD test signal generator

Unlimited number of channels
Interleaving and non-interleaving batch modes, super batch mode
Weiss quality conversion algorithms and user interface
Time code/time reference transfers between BWF, RF64 and DSDIFF
Command line operation
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SARACON
SAMPLING RATE CONVERSION
SOFTWARE FOR PC AND MAC
“Now that I’ve used it on everything I do, it is the only resampler I can listen to...”
George Massenburg, USA

FIREWIRE D/A CONVERTER

The Powerhouse is a "black box" type universal digital signal processor for audio.
Software is downloaded via Ethernet from a host computer. Control of the
Powerhouse is also done via the host computer. The host computer typically is a
PC or Mac, but can also be a dedicated remote control connected via Ethernet,
RS232 or MIDI.

The DSP power and memory capacity of the Powerhouse allows for all kinds of
signal processing tasks, including multichannel for surround and outboard, live
applications, fast convolution, high sampling rate processing for mastering etc.
Currently we sell the Powerhouse for custom projects using fast convolution
applications. Like e.g. acoustic spaces generation, reverberation, IR emulation etc.
I/O capacity goes up to 32 channels of AES/EBU. Sampling rates are flexible and
can be between 44.1kHz and 192kHz or even higher.

Inquire with Daniel Weiss if you have a specific fast convolution application to be
taken care of.

POWERHOUSE
Fast Convolution Engine
Universal DSP Processor

DAC2

The DAC2 is a high performance stereo Firewire based digital to analog and digital to
digital converter for usage either standalone or in conjunction with a PC or MAC
computer. The DAC2 supports the following conversions:
Firewire to analog, AES/EBU to analog, Firewire to AES/EBU, AES/EBU to Firewire

Inputs: Digital Audio inputs on Firewire (two connectors), XLR, RCA and Toslink.
Single and double wire formats supported.
Outputs: Stereo analog output on XLR and RCA. Digital Audio output on Firewire,
XLR and RCA.
Sampling Rates, Wordlength: 44.1, 48, 88.2, 96, 176.4, 192 kHz at up to 24 Bits.
Software: Drivers for Windows™ and OSX™ operating systems.
Volume control in the digital domain
Insert mode for “digital effects” insert
4 step analog output level trim

Features of the DAC2:
!

!

!
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Single and double wire formats supported.


