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The values of Quality and Innovation underpin our industry and
differentiate us from others. The quality aspect must be a given in a
product intended for professional applications not just for longevity
and resale value but also for its degree of optimisation for a given
function or application. Quality is as palpable in a plug-in or piece
of software as it is in a hardware unit — it’s a matter of feel and
response. The cost so often associated with real quality is inherently
connected with the second of our values — innovation.
The research and development invested by a manufacturer in
a product is reflected in its price and it is through innovation that
our industry moves forward and we are presented with solutions
to problems or different ways of looking at and challenging
established workflows. There is a massive difference between
products that feed a need at a price point to those that attempt
to change appetites and expectations. There are times when we
have to remind users that it is their workload, efficiency, creativity
and economic return that governs their success rather than their
accumulation of surprisingly affordable gear.
Perhaps innovation doesn’t speak to everyone as loudly and
obviously as quality does yet when the two combine in a product
the result can be magnificent and game-changing. The Resolution
Awards recognise quality and innovation in professional audio and
the products highlighted here have been judged to be outstanding
in these respects by the best informed readership in the industry.
Zenon Schoepe, Editorial Director

” When designing the 8260A we wanted to build the perfect loudspeaker.

Combining over 30 years of knowledge in professional audio, I can truly
say this is the best product we have designed.”

Ilpo Martikainen, Genelec founder and chairman of the board

THREE WAY REVOLUTION. WWW.GENELEC.COM/8260A
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Presonus Studio One Pro

P

resonus, the hardware manufacturer, moved
into software with this new DAW for Mac
or PC that was born from the company’s
dissatisfaction with the established offerings
it was bundling with its hardware. Wolfgang Kundrus
and Matthias Juwan of KristalLabs in Hamburg,
Germany, who had previously worked on Steinberg
Nuendo and Cubase, were drawn to the project for
the chance to create a program that they could start
from fresh, instead of having to deal with old code
that wasn’t compatible with a next-generation audio
engine. Studio One Pro has a 64-bit floating-point
audio engine that automatically switches between
64- and 32-bit operation on-the-fly to accommodate
32-bit plug-ins.
Studio One is compatible with ASIO-, Windows
Audio-, or CoreAudio interfaces, including PreSonus
interfaces. Studio One recognises PreSonus interfaces
and preprogrammed templates automatically create
software inputs and assign them to the appropriate
hardware inputs. Studio One stores I-O configurations
with each song, for each computer, and for each
device driver. You can take a project to another studio
and use Studio One with another interface, and
when you get back to your studio, Studio One will
automatically recall the original I-O configuration for
the project and this works regardless of interface.
Studio One’s Browser and drag-and-drop
implementation allows you to work without scrolling
through pages of menus. You can drag-and-drop
an audio clip, effect, or a virtual instrument from
the Browser directly onto a track in the Arrange or
Console view. Time stretching enables Studio One to
automatically match tempo-encoded audio clips with
Song tempo. You can copy an effect or a whole chain
of effects with their settings by dragging to a new
track in the Console view.
A compact Console view allows you to mix while

viewing the arrangement; removing the need to
bounce between windows. Clicking ‘Mix’ opens
a full Console with access to all mixer controls,
effects-routing parameters, and automation. Edit and
Inspector buttons open detailed views of track events
and parameters.
There’s an innovatively integrated mastering
capability. As you add Songs to a Project, the
Songs and the Project are intelligently linked so
changes to one are automatically updated in the other.
When mastering a project and needing to change an
arrangement or alter a mix, Studio One Pro keeps
track of all the changes and automatically updates all
Projects that contain the revised Song.
Tools provided include a phase meter and spectrum
and peak/RMS level meters with K-System options
and once mastered, projects can be digitally released
in WAV, AIFF, MP3, and Ogg Vorbis formats and
saved as disc images and burned to Red Bookcompliant CDs and DVDs.
For sound to picture work you can import
QuickTime video into a song for playback and sync,
with adjustable video-playback size and time offset
— drag-and-drop the video from the Browser into
the arrangement to import it and, optionally, extract
the audio from the video and place it on a new audio
track. A new Follow Edit Position helps sync to
specific video frames by adjusting the playback-cursor
position based on the current edit position.
‘Obviously my prior knowledge of other DAWs
stood me in good stead for finding functions in
Studio One, but operation seems about as logical
and intuitive as could be imagined. This is an
excellent DAW that works in an ergonomic and logical
way without treating the user like a child. It’s highly
recommended for newcomers to the art. And even
a seasoned old git like me loved using it.’
Resolution V9.4s. n

Contact
PRESONUS, USA:
Website: www.presonus.com

Also NominateD: Apple Logic Pro 9; Ableton Live 8;
Propellerhead Record; Sony Vegas Pro 9.
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DPA 5100

T

he 5100 is described
as a ‘plug and play’
microphone solution
for 5.1 capture
that employs five miniature
pressure transducers with
interference tubes and
acoustic baffles.
The 5100 is vaguely
triangular in shape, covered
in a soft fabric beneath which
are five DPA pressure capsules
to capture Left, Right, Centre
and Surrounds. These address the
issue of how to achieve acceptable
level differences based on source location
when using five pressure capsules located so closely
together. The decision to use pressure transducers
rather than a directional pressure gradient type was
borne out of the advantages that pressure types have,
particularly regarding their decreased susceptibility to
wind noise. To respond to
the inherent omnidirectional
response of these transducers
DPA developed a form of
interference tube associated
with each of the front
three capsules, called the
DiPMic. This gives the
benefit of some directivity
in pick-up, while preserving
the advantages offered by
pressure transducers.
In addition to this, the
internal construction of the
5100 uses acoustic baffles
made of a fibre-like material,
chosen to allow sound to be
absorbed with minimal reflection. This adds to the
separation required, and also allows the front three
capsules to be arranged in a time coincident fashion,
which aims to minimise any comb-filtering artefacts
caused by folding down the front channels to mono.
The two rear capsules don’t feature the DiPMic
technology — instead they’re conventional pressure
transducers. They are spaced apart from each other
with the same acoustic baffle approach, and away
from the front capsules in an attempt to capture some
useful time of arrival differences. The LFE output
of the microphone is generated from summing the
outputs of the left and right capsules and applying a
120Hz low pass filter and -10dB attenuation.

This ensures that the LFE output is
natively at ITU spec ready for replay
with no further processing
required.
The
main
channels still output all
the way down to the
lowest limit of their
frequency
response
(20Hz at approx -6dB)
so the LFE channel
isn’t wholly responsible
for covering the bottom
octaves.
The 5100 is supplied with a socktype windshield for outdoors use that also
affords a degree of extra weather-proofing. A 3/8inch thread on the top and bottom of the unit adds
flexibility of mounting via stand, pistol grip or a
boom pole. Also included is a 5m lead that connects
to the main unit via a multipin Lemo connector, and
breaks this out to six colour-coded XLRs for each of
the channels. Each of the
channels (except for LFE)
requires its own phantom
power source applied to the
appropriate XLR.
Although the outputs of
the 5100 are designed to be
‘plug and play’ — in other
words, every channel should
appear at the ‘correct’ level by
default — there’s some good
scope for playing around
with levels in postproduction.
Altering the level of the
centre channel can zoom in
focus or compensate for a
too narrow sounding front
image. And dipping the level of the rear channels
and introducing a small delay can help with regard to
perceived spaciousness, although care is needed here
with some source material.
‘DPA has come up with a solution that is easy
to use, portable, rugged and seems location-proof.
Not only that, but the sonic results it provides are
full sounding, natural and convincing. And while
using it in a situation where other 5.1 techniques
might be more suitable doesn’t necessarily show it
in its best light, the results it provides here are still
very useable indeed. I expect that it will very quickly
become an increasingly familiar fixture on location.’
Resolution V9.6. n

Contact
DPA, Denmark:
Website: www.dpamicrophones.com

Also NominateD: AEA A440; Audio Technica
AT4081; Brauner Valvet X; SE 4400a; SE RNR1.
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Audient Zen

CEDAR DNS One

Winner
Desk-Controller

Winner
Plug-in

A

W

t a time when industry talk was all about
digital consoles, Audient bravely launched
the ASP8024 as a brand-new analogue
console, with terrific sound quality at a
rather more affordable price than some traditional
big-name big-desks. The Zen draws on that lineage
combining DAW I-O integration with moving fader
automation and transport control.
A closer look reveals two inputs per channel, DAW
record output on each channel, L/R mix bus, two
stereo buses, two mono buses, four auxiliaries, two
cue sends and a stereo compressor. This is a desk
designed to be used with a DAW and all rear panel
audio connections are on individual XLRs, with inserts
and external connection to the bus compressor on
separate balanced send and return TRS jacks.
The build quality is impressive. Above the faders
the case is steeply raked, creating an easily reachable
control surface and a large enough rear panel to
include excellent connectivity. The Alps 100mm faders
are optionally touch-sensitive and motorised in a panel
with big illuminating Solo, Mute and Safe soft buttons.
The included LED meters at the top are bright and
clear, and the main panel has an under-surface printed
polycarbonate overlay. Indication LEDs shine through
from behind this.
The microphone preamps are taken from the ASP
and comprise Gain from 6-60dB, individual 48V
phantom, High Pass at 75Hz, and Polarity Reverse.
Zen uses HUI protocol to let the DAW automate the
faders. This works surprisingly well, with all the clever
touch, trim, latch, or DAW modes now available to
control real audio faders.
‘I used the console “in anger” for a metal band
on tracking, overdubbing, and mixing sessions. The
mic preamps sounded great, and summing with the
desk, rather than mixing in the box, tempted me into
using more external outboard, and the sonics certainly
achieved some extra dynamic vitality lacking from ITB
mixes. The Zen was a joy to use.’ Resolution V9.1 n

ith more and more audio being used
from single camera shoots, being able to
remove unwanted sounds captured on
location is an important part of the audio
repertoire. That’s a strong case for the DNS One for
Pro Tools.
For those who are new to the CEDAR DNS
system it uses a very effective ‘single ended’ noise
reduction processor with sliders. The frequencies
these sliders control are switched by the buttons at
the top of the interface. Frequency choices are low,
low mid, mid, mid high, high and full range. They are
split at the following frequencies: Low 20Hz-400Hz;
Mid 200Hz-6kHz; High 4kHz-18kHz; Low + Mid
20Hz-6kHz; Mid + High 200Hz-18kHz; and Full
Range 20Hz-18kHz.
If you’ve ever used the DNS 2000 with Pro Tools
then the DNS One takes the idea even further with the
incorporation of hardware into a USB dongle. You’ll
need a Pro Tools system, either HD or LE version 7.4
and up, on PC or Mac to control the hardware dongle
(it now supports AU and PPC Macs).
Pro Tools control is simply an RTAS plug-in, which
acts like a remote control for the hardware. It’s much
the same as the DNS 2000 and DNS 3000. The
good news is that the USB dongle supports multiple
instances. The RTAS plug-in can also control other
CEDAR units (if you already have them) from a drop
down list, which is useful for facilities that already
use DNS 2000 or 3000 hardware. All parameters are
automatable within Pro Tools, so for material with
changing noise levels, all your DNS settings can be
changed over time and stored within your Pro Tools
session.
CEDAR has always been perceived as state-of-theart when it comes to the removal of unwanted noise
elements in the most transparent manner possible.
It’s one of the reasons why its products are used
extensively in the forensic world and by major TV and
Film companies n

Contact

Contact

CEDAR, UK:
Website: www.cedaraudio.com

AUDIENT, UK:
Website: www.audient.com

Also NominateD: McDSP Retro Pack; Sonnox
Restore; Soundtoys Decapitator; Waves Eddie Kramer
HLS and PIE; Waves Tony Maserati Collection.

Also NominateD: Calrec Apollo; Crane Song Egret;
SSL C-10 HD.
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Genelec 8260A

T

he 8260A three-way monitor
combines, for the first time,
a coaxial driver (MDC
— Minimum Diffraction
Coaxial) for the mid and HF drivers
within a waveguide (DCW), with
DSP and Genelec’s Loudspeaker
Manager (GLM) and AutoCal
automated room calibration and
sound system alignment method.
The 8260A uses a die-cast
aluminium MDE enclosure that for
given external dimensions allows
for a larger internal effective
volume, which improves low
frequency efficiency and provides
extended LF cut-off — in the
8260A the cut-off is 26Hz (-3dB).
The curved surfaces are inherently
rigid and their structure resonances
are at higher frequencies and thus
easily damped. The monitor employs a
10-inch long-throw woofer that works
in conjunction with the MDC, which ensures the MF/
HF drivers couple coherently over their full operating
bandwidth and act as a coincident point source.
The main structure of the MDC design
consists of an integrated MF diaphragmsuspension-tweeter construction. The
visible part of the coaxial driver is formed
by the curved flexible skin with the dome
tweeter assembly at its centre. The inner
section joins the cone to the tweeter
without acoustical discontinuity, and the
outer one does the same between the
cone and the driver chassis. As there are
no acoustically observable discontinuities
between the tweeter and the cone, just a
smooth surface, there is no diffraction. The
cone profile is optimised to form an integrated
directivity control waveguide for the tweeter radiation.
The driver outer edge is terminated to a normal
Genelec DCW to control the dispersion of midrange
radiation as well.
The DSP hardware is a true three-way, in which
the signals for the tweeter, midrange and woofer
are all fed into their own D-A convertors, then to
three power amplifiers, and then onto each drive
unit. The DSP processor in the 8260A contains
loudspeaker functions, such as the crossover filters,
driver equalisation, driver position alignment, as
well as the room alignment related filters (room

response equalisers and propagation
delay correction). The mechanoacoustical
design
produces
constant directivity characteristics
and combined with digital signal
processing results in a loudspeaker
that is capable of performing well
in very different and difficult
acoustic conditions.
The
8260A
has
six
configurable notch filters, and
two high- and two low-frequency
shelving filters for room alignment
and calibration. The adjustment
ranges of the notch filters allow
broad response alignments as
well as correction of room mode
problems. The parametric notches
and shelving filters can be set
automatically using the AutoCal
automatic room alignment process
built in to the GLM software.
The GLM software handles the
8260A like any other Genelec DSP loudspeaker in a
system and it is possible to mix the 8260A and 8200
series two-way loudspeakers in the same system.
AutoCal is the automated room calibration
and sound system alignment method. It
provides consistent and accurate frequency
response for a multichannel audio system
in widely varying room environments.
The three-way 8260A has an extended
set of room response controls and can
be adjusted to acoustically more complex
spaces. The system alignment provided
by AutoCal include frequency response
calibration for each loudspeaker, based
on either a single microphone position
(SinglePoint) or an average of up to four
microphone positions (MultiPoint), delay and sound
level calibration at the primary listening position,
as well as subwoofer-main loudspeaker crossover
optimisation. GLM also features AutoLink software,
which can be used to optimise monitoring for several
individual seats in a room.
The 8260A represents Genelec’s cutting-edge
innovation in all its technology domains. The
enclosure design draws on the advantages of the 8000
series and the hardware and software system benefits
from the 8200 Series with AutoCal calibration. The
MDC coaxial MF/HF is a breakthrough and makes the
loudspeaker unique. n

Contact
Genelec, Finland:
Website: www.genelec.com

Also NominateD: Adam S3X-H; Focal CMS 65; RSS
M-48; Smyth Research Realiser A8; Unity Audio The Rock.
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Penteo/RT

P

enteoSurround has a dedicated, backwardcompatible, stereo-to-5.1 surround
algorithm. Digital signal processing
techniques are used to perform a realtime, left-to-right forensic breakdown, analysis, and
distribution of the component sounds within a stereo mix, directly
producing its 5.1 counterpart. At no stage are phase- or vector-matrix
processes employed.
The technique is called Panorama Slicing. Stereo panoramas are
sliced — broken down into groups of sounds, based on the left-to-right
placements determined by the original sound mixer’s pan pot choices.
All slicing is done in such a manner that all the individual slices
mathematically sum back together to precisely reconstitute the original
stereo mix — no matter what slicing parameters are chosen.
Penteo says the strengths of its processing lies in the fact that it
represents the original mixer’s work, showing the stereo positioning
choices in their best light, and it can be used for live production,

permitting 5.1 shows to be mixed on stereo desks, and
it re-downmixes back to stereo precisely.
The stereo image is simply ‘bent’ in shape from
stereo’s traditional flat, left-to-right movie screen
shape into a horseshoe shape, with extreme left
mapped to the left (rear) extreme, centre mapped to the precise centre,
and extreme right mapped to the right (rear) extreme, using the same
relative left-to-right panorama that the original stereo mixer had
defined.
A simple linear taper mask is used to determine the amplification
percentage of a sound group, based on its left-to-right appearance in the
mix. The processor has operating Modes to deal with different listening,
source and destination scenarios. In all modes, user-selectable front/
rear balance bias, as well as additional centre ‘push’ mix options, are
available, all of which are precisely counterbalanced. It is not possible
to make mode or balance choices within the Penteo unit that would not
result in a precise downmix back to the original stereo. n

Contact
PenteoSurround, US:
Website: www.penteosurround.com

Also NominateD: Soundfield UPM-1; SPL M/S Master.
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AnaMod AM670

A

naMod was founded in 2006 by Dave
Amels (Bomb Factory, Voce) and Greg
Gualtieri (Pendulum Audio) to design,
manufacture, and market audio equipment
based on an entirely new concept. The same patented
mathematical modelling procedures used by Dave
Amels to create digital plug-ins for Bomb Factory
have been applied to the creation of AnaMod’s
analogue products. Analogue products designed by
this method are entirely analogue and do not process
audio in the digital domain. Unlike digital plug-ins or
processor-based outboard gear, there is no latency and
no A-D or D-A conversions. The ATS-Analog Tape
Simulator was the first product to use the AnaMod
process for modelling complex analogue circuitry
entirely in the analogue domain.
It’s a way of taking the same analysis used to create
a plug-in but using it to create analogue hardware that
does the same thing. Instead of writing software code
to describe how a complex audio system behaves,
they develop special analogue building blocks that are
‘coded’ to emulate the behaviour of the audio system.
These building blocks are used to simulate frequency
response, distortion, dynamic response, and the
other parameters that define exactly what an audio
signal is. Before digital computers existed, complex
mathematical calculations were performed using
analogue computers. These consisted of analogue
circuitry that was ‘programmed’ by adjusting
analogue circuit parameters. AnaMod has taken this
process further by developing programmable audio
building blocks and grouping them together to form
an ‘audio analogue computer’. It is ‘programmed’ by
choosing component values, rather than writing lines
of software code. The AM670 features the AnaMod
GRC, or Gain Control Computer, to recreate the classic
compressions curve of the Fairchild 670.

The AM670 combines two AM660 circuits with
stereo linking options and emulates a Fairchild with
some interesting twists introduced by AnaMod. The
front panel features kidney-shaped meters, Pultecstyle knobs, chunky selector switches, and a big
metal power toggle. The rear panel has proper latching
Neutrik XLR connectors and an IEC socket for mains.
The AM670 manages to retain much of the retro-chic
of an original Fairchild by virtue of the switchgear,
and the white-painted etched-in legending.
All the functions of the original 670 have been
condensed into three rack spaces. However, despite
its retro look and feel the case is only 7.5-inches deep
and is probably the lightest 3U ‘Fairchild’ around.
Knobs for Input Gain and Threshold are continuous
and just slightly damped. The original six Time
Constants are present, along with two extra settings.
AnaMod has additionally provided 2a and 2b,
suggested as vocal-friendly alternatives to position
2. They retain the fairly fast attack of 2, but provide
slightly longer release settings — 2b matching the
release time of position 3. At the far right is a mode
selector for dual Left/Right operation, Lat/Vert (M-S)
mode, and a Stereo Link mode (not found on original
Fairchilds).
The Fairchild 670 limiter is a very sought-after
stereo compressor and for bus compression it is the
standard by which others are judged. The AM670
is a faithful recreation of the classic sound and
compression profile of the 670, using the AnaMod
process to model the tube circuitry of the 670 and
implement it entirely in the analogue domain.
‘Any fears that somehow the modelling process
might not match the magic of valves are unfounded.
Despite my gushing praise for the ATS-1 a year ago, I
was still unprepared for how breathtaking the AM670
sounded. Absolutely love it!’ Resolution V9.1 n

Contact
ANAMOD AUDIO, US:
Website: www.anamodaudio.com

Also NominateD: Acme Opticom XLA-3;
Charteroak SCL-1; JDK Audio R22.
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JoeCo BBR1

D

esigned to do one job as
painlessly as possible, the
BBR1 24-track recorder
with an external USB hard
drive is intended to work with mixing
console channel inserts or group outputs. Recording can be as simple
as switching the unit on, waiting a few seconds while it discovers the
external drive, and hitting Record.
The front panel has 24 LED meters, track status LEDs, a touchsensitive data wheel, transport controls and Back, Mark, Loop and
Menu buttons. There’s also an LCD. Menu navigation is simple
using the data wheel, Menu, and Back buttons. For record arming
you have the choice of All or any track with a tick next to it in the
menu. Recordings are made in BWAV at 44.1kHz, 48kHz, 88.2kHz
or 96kHz, 16- or 24-bit and can be timecode stamped from an LTC
or MTC source or from the built-in real-time clock.
On the back panel, three 25-pin D-subs connect to unbalanced TRS

insert jacks on the mixer with eight
channels of I-O per loom. There are
further D-sub blanks for alternative
I-O configurations, a PS2 keyboard
connection for labeling purposes, MIDI
in, 9-pin (Sony P2) and TRS jacks for timecode in and footswitch.
The headphone output produces a rough mix with odd and even
numbered tracks directed to the left and right channels respectively
and the headphone output goes through an automatic gain control.
Hard disk requirements are modest. For 24 tracks of 24-bit/96kHz
the maximum data rate is less than 60Mbits/s. This is a fraction of
USB2 bandwidth and well within the capabilities of most 7200rpm
drives. For more tracks, up to four units can be daisy-chained and
controlled from the first unit’s front panel.
‘As a simple and very pretty way of making live recordings without
the overheads involved in workstations or multitracks the BlackBox
has no rivals.’ Resolution V9.1. n

Contact
JOECO, UK:
Website: www.joeco.co.uk

Also NominateD: Sound Devices 552.
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DPA 5100

DPA 5100

Mobile Surround Microphone

From the roar of the stadium to the hush of the putting green,

DPA 4017mk2-R

4017mk2-R Shotgun Microphone
with Rycote Windshield

the DPA 5100 and 4017mk2-R get you closer to the action, with
clear, dynamic capture of any sporting event.
w w w . d p a m i c r o p h o n e s . c o m
4017-5100 resolution HP.indd 1
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Riedel MediorNet

Schoeps VSR 5 U

Winner
Interface

Winner
Preamp

M

ediorNet is billed as next generation
fibre-based signal distribution and offers
a real-time fibre network to route and
distribute different signals, including HD
video, audio, intercom and data, while software-based
signal processing and conversion reduces the need for
additional hardware at installations.
MediorNet allows routing of any incoming signal
to any output or multiple outputs by a mouse-click in
the configuration software or a router control system.
MediorNet also provides onboard software-based
signal processing and conversion. This processing
includes signal conversion like up/down-scaling,
interlacing/de-interlacing, frame synchronisation or
aspect ratio conversion. Furthermore the software
allows text and graphic insertion, enables multiviewer
functions and audio/data embedding/de-embedding,
like camera signals into the data stream of the
network. For broadcast or pro audio applications, all
processing is done in real-time.
MediorWorks is a Java-based application that
controls and configures the MediorNet installation.
The software auto-senses the configuration and status
of the MediorNet network it is connected to.
MediorNet’s integration of various cabling
infrastructures, such as video, audio and data, into
one network significantly reduces time and effort
in installation. Several different breakout boxes and
media cards offer connections for different types
of signal, including HD/SD/HDMI video, digital
and analogue audio and integration of the Calrec
Hydra2 audio network. MediorNet mainframes can
be modularly equipped with any combination of input
and output cards.
MediorNet provides an innovative combination
of electrical TDM multiplexing and optical CWDM
multiplexing. Mainframes are connected via Link cards,
which go directly into the mainframe. They’re available
with and without integrated CWDM multiplexing
providing a bandwidth of up to 76.5Gbit/s on a single
fibre link. MediorNet‘s standard fibre transceivers have
an optical budget of 18dB minimum, allowing for
distances of up to 40km.
The flexibility of MediorNet offers great advantages in
field operation compared to point-to-point-solutions. n

T

he core gain element of the VSR 5 U
is inspired by the ultra low noise Valley
People ‘Trans-Amp LZ’ first developed in
the 1970s and Schoeps has been using this
design in-house as its own reference preamplifier for
microphone testing and evaluation for a number of
years.
The VSR 5 is firmly in the school of ‘straight
wire’ preamplification. The objective is to provide
an output that is as quiet, clean and uncoloured as
is technically possible. Given the proliferation of RF
there was a need to ensure high levels of RF filtering
on inputs and outputs without compromising the
bandwidth, common-mode rejection or low distortion
characteristics of the device. This has been achieved
through careful component choice, intelligent circuit
design, and a spectacularly robust construction.
The front panel housing is finished in trademark
dark grey Nextel with each of the two input channels
seemingly inlaid into this. Each of the two channels is
dominated by a large rotary stepped gain control that
gives 0-60dB of gain in 3dB steps. Output metering
is courtesy of 21 LEDs with level indication in 3dB
steps plus a clip LED. Below the gain control are six
illuminated momentary pushbuttons for high-pass
filter at 40, 80 or 120Hz, phantom power, polarity
reverse and an output mute.
In use, it allows you to hear the nuances in a
microphone’s response and in this sense it’s something
of a forensic tool, which is probably due in no small
part to its provenance as Schoeps’ own reference
preamp.
‘It manages to be a neutral, quiet and sonically
accurate preamplifier while still achieving musicality;
that is quite an achievement.’ Resolution V9.6. n

Contact

Contact

Riedel, Germany:
Website: www.riedel.net

Schoeps, Germany:
Website: www.schoeps.de

Also NominateD: Focusrite Liquid Saffire 56;
Mayah C11; Metric Halo ULN-8.
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Also NominateD: Daking Mic-Pre One;
Focusrite Liquid Saffire 56; Metric Halo ULN-8.
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EQ

Elysia Museq

T

his analogue EQ is described
as a combination of premium
sound shaping capabilities
with optimally matched
parameters and the highest quality
components. The Museq is flexible
enough for tracking, mixing and mastering.
Each of the two channels offers three parametric bands with a twoposition switchable Q: wide (Q 1.3) and narrow (Q 0.5). This has no
effect on the maximum amplitude as the filters are based on the constant
Q principle. The outer bands per side are low/high shelf designs, which
can be separately switched into a low/high cut mode. In the cut mode,
a resonance peak keeps the knee frequency from sounding overly
damped making them reminiscent of inductor circuits in classic designs.
Each of the five gain controllers per side can be altered from boost to
cut with a single switch and each channel has a switchable option for

adding strong harmonic colour to the
signal. This function is essentially a
slew rate limiter that reduces the speed
of the output amplifier stages. This
affects the frequency spectrum, the
harmonics and the transient response
at the same time. Fast transients are slowed down a bit and the overall
sound appears more round and merged. As this function influences the
behaviour of the output stages, the effect it creates has an impact on the
processing results of the EQ stages.
The Museq has stepped conductive plastic pots for all parameters.
The circuit design is 100% discrete analogue and all signal processing
is realised with single transistors in permanent class-A mode — even
the power supply is composed of fully discrete circuits. An oversized
transformer and special current feedback amplifiers are part of the
technical refinement. n

Contact
Elysia, Germany:
Website: www.elysia.com

Also NominateD: Cartec EQP-1A; Kush Audio
Clariphonic; Retro Instruments 2A3.

PenteoSurround

The Next Generation in 3D Audio Processing

QUALITY & INNOVATION

AWARDS 2010
Winner
Processor

Penteo
PostPro™

Unprecedented sonic
accuracy in stereo to
5.1 surround and effects
conversion

www.penteosurround.co.uk
Penteo Surround HP 1110.indd 1

October 2010

resolution

22/10/2010 09:07
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Some of
Studio One Pro’s
hitherto complacent
competitors aren’t quite
as complacent
anymore.
™

* new brilliant V1.6 Etcetera feature only available in UK. © 2010 PreSonus Audio Electronics, Inc. All Rights Reserved. Studio One is a trademark of PreSonus
Software Ltd. Other trademarks are the property of their respective mega-companies.

A

pparently there is a market for a serious DAW that’s way
easier to use, sounds better, runs 64-bit native on both

Mac®s and Windows®, has built-in mastering, allows five donglefree installs, etcetera*.
Thank you, readers, for helping us win the resolution 2010
Quality and Innovation Award, DAW category.
Studio One Pro. Now in Version 1.6.
And in our competitors’ faces.

™
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