
The Legacy AXS is 
a modular 
inline console, 
built with API’s 
traditional 
attention to 
analogue quality. 
Two inputs per 
channel strip: 
large fader is in 
the mix position, 
while the small 
fader is at the top 
of the 968 input 
module, out of the way 
of hands (as most 
engineers would use it as the 
record path). API normal the mic 
preamp and the compressor into the 
small fader, and the line input to the 
large. You can flip faders globally or locally. 
The direct out is assignable from the large or 
small. A direct out pre is a new addition, allowing the 
engineer to bypass as much circuitry as possible to give 
a clean signal path. If you’re not using the mic pre, there’s an additional 
‘alt line input’. So on a 32 input frame, you could have 64 mono inputs for 
mixing plus six stereo returns. 

The 500 slot above the small fader can 
accommodate a 550A 3-Band EQ, 550b 

4-Band EQ, 560 10-Band 
Graphic EQ or 565 
Filter Bank (or, 
indeed, any VPR 
Alliance-approved 

500 Series module). 
For decades, API boards 

with a bucket of option EQs 
have been a familiar site in large 

facilities, and it’s an easy matter to 
arrange input routing to take advantage 

of the most appropriate EQ.
There are 6 stereo returns on the Legacy AXS with 

automated large fader and automated insert. As they’re 
available on the patch bay, there’s the possibility of blending a six 

channel stereo sub mix. Returns are assignable to the three stereo 
outs A, B, and C, and the grand master. So the grand master effectively 
has nine stereo inputs to it. The AXS not only has the ‘API sound’, it has 
the classic routing flexibility of a large-scale analogue console, capable of 
hosting and controlling massive live sessions.

www.apiaudio.com

Others nominated: A-Designs Mix Factory, Kahayan Epsilon 32-500, 
Schertler Prime13 mixer 
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As well as equipping their interfaces with a range of FPGA processing to 
run real time emulations of classic effects and processing, 
Antelope have turned their attention to the very front 
end of the signal chain. Putting that same FPGA power 
to work on modelling classic microphone responses built 
on some specially developed microphones, they now 
offer some compelling bundles built around the 
microphones and their Discrete 8 interface.

Antelope’s offer includes two microphones — a large 
diaphragm condenser and a small diaphragm 
condenser. The LDC goes by the name of ‘Edge’ and 
features dual diaphragms, 
with the output of each side 
of the capsule available 
separately on a 5 pin XLR. The 
‘Verge’ SDC is a fixed pattern 
cardioid. The Premium Plus 
bundle gets you one Edge microphone, six Verge mics, and up to eight 
channels worth of FPGA FX with four instances in each channel. 
Resolution’s Jon Thornton said: “I was able to compare a number of 
original microphones to the emulations, including a U87, R121, DPA4006 
and a KM184. And in every case the emulations bring out most of the 

essential characters of the originals.”

www.antelopeaudio.com

Others nominated: Focusrite Red 8Pre, Grace Design m900, RME ADI-2 DAC 
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The H9000 is an all-new network-ready, 16-DSP, multi-channel, 
rackmount audio effects processing flagship, featuring eight times the 
processing power of the H8000 to continue the company’s unbroken 
cycle of delivering industry-leading signal processing power to the pro 
audio community. The culmination of a multi-year development cycle, the 
H9000 features four quad core ARM processors serving as 16 DSP 
engines, eight channels of pristine analogue audio I/O, AES/EBU, ADAT, 
16 USB audio channels, and, optionally, connection to standard audio 
networks, including MADI, Dante, Ravenna, and more.

Multichannel processing makes the H9000 a suitable platform for 
surround sound and for processing several tracks of audio 

simultaneously. On top of that, the H9000 introduces the concept of FX 
CHAINS, allowing users to connect any set of four effects with flexible 
routing. FX CHAINS can be created to act as a Voice Channel, a guitar 
‘pedal board’, or a modular synth with effects, and so on. The H9000’s 
remote control application, ‘emote’, is available for users working in-the-
box or over an audio network. emote is available as a standalone app for 
Mac and PC, and as an AU, VST, and Pro Tools plug-in.

www.eventideaudio.com

Others nominated: DAD AX32/SPQ, Phonak Roger, Trinnov Optimizer MC

Processor
Eventide H9000 Harmonizer
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Eventide H9000 Harmonizer

There are three pre-amps currently in the AEA roster. 
The Ribbon Preamp, or TRP, is a no-nonsense, 
compact two-channel unit designed so specifically 
for ribbon and dynamic microphones that it eschews 
phantom powering capability in the pursuit of low 
noise and high gain. The RPQ2 is, as the name 
suggests, the ‘Mark II’ version of the original RPQ two 
channel pre-amp; a single channel version, the 
RPQ500, is available as a 500-series module. 
Featuring decent amounts of gain, a variable high-
pass filter and a useful EQ to add presence, the 
original RPQ was geared towards getting the most 
from ribbon and other dynamic mics. But 
acknowledging that some of these traits might also 
be useful for capacitor microphones, P48 powering is 
also now provided.

The AEA preamp originally came to Resolution’s 
attention when Coldplay producer Ken Nelson 
revealed to us it was his favourite mic pre, which he 
used with every microphone. When Jon Thornton 
reviewed the rack version of the RPQ he highlighted 
the transient performance: “Two things strike you 
immediately — the level of transient detail that 
comes through — and the sense that [ribbon] 
microphones never seem to struggle to deliver good, 
healthy signals.” A high input impedance extracts the 
best from both moving coil and ribbon microphones, and there’s a 
cracking DI input.”

www.ribbonmics.com

Others nominated: Grace Design Felix, Thermionic Culture Vulture 
CV20A, Warm Audio WA73 

The PDR (Portable Digital 
Recorder) is designed for HD 
quality professional use. For 
situations in which the distance 
is extreme or where using a 
wireless microphone is not 
practical, the PDR recorder can 
travel with your subject and 
capture professional quality 
audio, synchronized with 
timecode. The tiny size and 
rounded shape make the PDR 
unobtrusive and easy to place 
in garments and costumes, and 
easy to conceal when used as a 
‘plant’ microphone to capture 
environmental or location 
sound.

The PDR records in 24-bit, 
48kHz digital onto a Micro SD card (HC type) in the industry-standard .
wav (Broadcast Wave File) format. The PDR can be jammed to external 
time code via the standard 5-pin Lemo connector. A headphone output 
jack allows for monitoring the signal input or listening to previously 
recorded files. The input connector is the industry standard TA5M jack 
that accepts any mic or line level signal, and provides bias voltage to 
power a wide variety of electret lavalier microphones. The input 
connection and wiring is compatible with microphones pre-wired for use 
with Lectrosonics professional wireless microphone transmitters with 
servo bias type inputs.

www.lectrosonics.com

Others nominated: Lynx Aurora(n), Roland R-07, Zoom F8n 

Preamp
AEA RPQ500

Recorder
Lectrosonics PDR
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Our 2018 Awards had a very strong field in the digital mixer category, 
any of whom would have been worthy winners! The new Type R from 
Calrec finally captured our readers votes — perhaps not only for its 
technical concepts — but also because it represents a brave exploration 
of a new market for the Yorkshire-based mixer manufacturer. Calrec are 
accustomed to making complex technology for experienced operators 
— the radio market demands a whole new approach — with some 
self-op setups controlled by talent who have only had the benefit of a 
few minutes instruction. Resolution understands Calrec spent some time 
consulting with potential users, and this due diligence seems to have 
paid off. 

The Type R is not only Calrec’s first all IP mixer, but also its first native 
AoIP product. The new console does not feature Calrec’s proprietary 
Hydra2 routing and I/O system, integral to their larger consoles. Type R’s 
physical control system consists of just three slimline panels: a fader 
panel, a large soft panel and a small soft panel. Each is compatible with 

COTS (Commercial off-the-shelf) hardware and powered over Ethernet 
to keep cabling to a minimum. Type R has a simple 2U core at its heart 
with integrated I/O resources to get you up and running immediately. A 
single core can power up to three independent mixing environments, with 
no sharing of DSP resources. 

Once the soft panels and user-definable elements have been 
configured and locked down by a technical engineer, the simple GUI 
ensures that operating Type R is very easy. Different setups can be 
loaded quickly between programmes, so everyone can feel comfortable 
operating it. This is a key differentiator: the soft panels can be laid out to 
present just what the operator wants to see, down to the individual 
control level.

www.calrec.com

Others nominated: Lawo mc296, Stage Tec Avatus, Studer Vista 5 BE

Digital Mixer/Controller
Calrec Audio Type R
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Calrec Audio Type R

The man behind Munich-based Vertigo Sound, 
Andy Eschenwecker, has a long history in pro 
audio: servicing vintage gear under the guise of 
HE Studiotechnik (which closed in 2014), and 
racking old Telefunken, TAB and Siemens — our 
editor’s W295b EQs are housed in a ‘Neue 
Heimat’ Rack. The VSC-2 VCA compressor was 
the debut product from Vertigo in 2008. Its USP 
was that, rather than using an IC-based gain-
reduction element, it was unusual in offering a totally discrete signal path.

The VSC-3 compressor is the successor to this popular original: the 
SIFAM meters (now discontinued) have been replaced by two VU-graphs 
(designed by Andy himself) to achieve the same response. This change 
has meant that more room was available for controls on the faceplate, so 
the VSC-3 sees the addition of a redesigned side-chain, now offering the 
choice between true stereo, mono sum or dual signal, which adds further 
flexibility when using the side-chain filter. Four new attack and release 
times have also been added — check out Russell Cottier’s full review in 
this issue.

Vertigo also make the VSP-2 dual mic pre, equipped with Cinemag 
CMMI-2C transformers, which can handle high input levels and deliver a 

very linear phase behaviour. The close 1:2 ratio of the transformer forces 
the discrete OP-Amp to provide most of the amplification in the VSP-2: a 
“full throttle, pedal to the floor circuit”, as Andy describes it. In the same In 
the same Vertigo stable of super-funky outboard, there’s also a dual 
mono EQ, the VSE-2, with 18 selectable frequencies on each channel, an 
AIR band, and six discrete gyrators inside to deliver a tube-like distortion 
spectrum. Vertigo should definitely be on the list for any audio pro 
looking for some ‘golden analogue’ sound.

www.vertigosound.com • www.kmraudio.com

Others nominated: API 529, elysia skulpter 500, Manley Nu Mu
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Vertigo Sound VSC-3

Dynamics
Vertigo Sound VSC-3
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We knew when we included the 1073 it was going to be a tough 
competition for our other nominees: when there’s a ‘vintage Bentley’ in the 
concours d’élégance, it’s difficult for the votes to go any other way, 
however great the modern designs are. Few experienced engineers could 
think of a bad word to say about this equaliser: the 1073 is a ‘Goldilocks’ EQ 
— it hits the sweet spot of ‘just right’ when it comes to the tone of the mic 
transformers and the frequency selections of the three-band equaliser.

Neve originally built the model 1073 channel amplifier/EQ module as a 
component of the A88 28 input console, first supplied to Wessex Studios 
in 1970. A modular class-A solid-state preamp with transformer balanced 
inputs and outputs was definitely a luxury for most recording mixers of 
the era, a benefit of Rupert Neve’s previous broadcast work. The very 
first group to record on the original A88 1073-equipped console was King 
Crimson, who made their third album Lizard at Wessex. According to 
Resolution’s editor, Crimson vocalist Gordon Haskell told him Bob Fripp 
had drummer Andy McCulloch in tears as he relentlessly bullied the 

ensemble to extreme performances, which Fripp himself later declared to 
be “unlistenable”.

The 1073SPX itself is eminently listenable, when George Shilling 
reviewed it in Resolution V16.7, he waxed eloquent: “The high shelf adds a 
bright sheen — or reduces harsh overtones. The mid-band shapes tones 
in a pleasingly broad manner. And the bottom end EQ is legendary for its 
fatness. The smooth and broad EQ enables you to manipulate things 
smoothly and pleasingly, and it’s quick to set appropriately whether 
you’re fattening bass or adding sparkle to cymbals.” If you want the 
original classic Neve sound in a modern package, the 1073SPX sounds 
wonderful and does the job perfectly.

www.ams-neve.com

Others nominated: Bettermaker Mastering EQ, Chameleon Labs 7603 
pre/EQ, Mäag Audio EQ2.

EQ
AMS-Neve 1073SPX
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AMS-Neve 1073SPX

The tag-line on a 1960’s era advert for Neumann’s 
original U67 claims it as the ‘Sound of Tomorrow’. And 
with the reissue of this classic microphone, that tag-line 
might still be relevant today. The 
original U67, introduced in 1960, was 
the bridge between the earlier U47 
and the soon-to-be-ubiquitous U-87. 
In 1958 Telefunken announced that the 
critical VF14 tube, used in the lauded 
U47, was to be discontinued, 
prompting Neumann to buy up all 
remaining stock. Neumann decided to 
design a completely new large-
diaphragm condenser mic, based 
around the more common EF86 
pentode valve which was already 
being used in the small-diaphragm 
KM56. The U67 introduced a 
number of design approaches, 
both external and internal, that 
still live on today in its eventual 
successor, the U87. 

The most obvious of these is 
the angular head grille, 
designed to minimise the effect 
of reflections and standing waves 
around the capsule. Less obvious 
was a shift from the single 
backplate, dual diaphragm 
capsule to a dual backplate 
design, allowing easier and 
more consistent tuning. Just as 
important was an 

acknowledgement of changing approaches in the studio. That 
‘Sound of Tomorrow’ was characterised by increasingly close 
miking approaches on both sides of the Atlantic — and the U67 
was designed to accommodate this and the attendant issues with 

SPL handling that ensued.
The re-issue isn’t a limited edition — Neumann say it will continue 

making them for as long as people want to 
buy them. In his review of the  

U67 in Resolution V17.4, Jon 
Thornton said: “It’s a 

thoroughly lovely 
sounding 
microphone, 
possibly even 
better than the 
original in terms 
of noise, and a 
piece of history  
in a way that any 
third party 
interpretation 
never could be.  
A Lovely, smooth 
sounding vocal 
microphone; as 
faithful a 

reproduction of a 
classic as is possible.”

www.neumann.com

Others nominated: DPA CORE 4061, Josephson C725, Sontronics 
Mercury 
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Neumann U67 (Re-issue)

Microphone
Neumann U67 (re-issue)
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With Genelec’s long history of R&D innovation, the 
idea for The Ones was hatched long before even 
the 8351, the larger sibling of the 8341, was 
designed. “The history of The Ones starts with 
8260,” explains Genelec R&D director Aki 
Mäkivirta. “There, the main goal was to create a 
tweeter/midrange coaxial transducer that could 
be built into the monitor’s front baffle without any 
audio-colouring diffraction problems. To achieve 
that, we created a novel design — the Minimum 
Diffraction Coaxial (MDC) — where the inside and 
outside suspensions, allowing the midrange to do 
its excursion, would be built flat, fusing in the 
inside to the tweeter fitting and outside to the 
monitor front baffle surface. This implementation 
would then create an acoustically smooth and 
continuous surface for the sound pressure waves 
to travel over, and in turn it would eliminate any 
sound-colouring diffractions.”

The 8341’s three-way design incorporates a dual 
6.6” woofer system called Acoustically Concealed 
Woofer (ACW) which radiates sound through slots 
located at either end of the monitor. The ACW design 

means the whole of the front of the 8341 can be 
occupied by the Directivity Control Waveguide, 
one sculpted, smooth front surface that offers 
excellent directivity and imaging. A striking 
feature is the smooth off-axis response of the 
8341, a beautiful and accurate wide sound stage, 
across a much wider space for the listener, giving 
a cohesive and un-stressful monitoring 
experience.

With AES/EBU digital input and output 
(enabling daisy-chaining), Genelec’s well-
regarded SAM technology for automatic 
alignment, and network configuration via GLM 
software, there are few boxes these monitors 
don’t tick. A worthy win, and a sign that the 
message about how great these coaxial monitors 
are is finally getting out to the wider pro audio 
community.

www.genelec.com

Others nominated: Adam Audio S3V,  
PMC Result 6, Unity Audio Boulder MkIII 

Monitoring
Genelec 8341
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The latest incarnation of the 
multiple award-winning 
CEDAR Studio suite of 
plug-ins is “now more 
affordable than ever before”. 
The new release improves 
existing capabilities, adds 
modules and extends the 
suite’s compatibility with a 
wider range of native plug-in 
formats. CEDAR Studio 8 is 
supplied as a range of AAX, 
VST 2, VST 3 and AU plug-ins 
(as well as a standalone 
version of Retouch). Each 
CEDAR Studio 8 process is 
derived from the CEDAR 
Cambridge flagship 
processor.

There are four bundles 
available. CEDAR Studio 8 
DNS — including DNS One 
and DNS Two, for dialogue 
noise suppression 
requirements. CEDAR Studio 8 Restore — Declick, Decrackle, Manual 
Declick (Pro Tools only), Dethump (Pro Tools only), Auto Dehiss, Debuzz, 
Declip 2 and the Adaptive Limiter. CEDAR Studio 8 Retouch — the 
original spectral editor. CEDAR Studio 8 Complete — incorporating all 
eleven processes from the three CEDAR Studio 8 packages.

The newly developed algorithm in DNS Two has already proved to be 
a most effective dialogue noise suppressor. In almost all cases, using 
DNS Two is as simple as switching on LEARN and then adjusting the 
attenuation to obtain the desired amount of noise reduction. Rather than 

taking a spectral fingerprint of the 
noise, DNS Two divides the 
incoming signal into multiple 
frequency bands that are 
adaptively analysed without user 
intervention. The algorithm 
suppresses the noise 
independently in each of these 
bands, and only simple controls are 
needed.

If you’re working with location 
sound recordists and studios who 
use hardware DNS 2s, the DNS Two 
process will allow you to replicate 
their work precisely and fine-tune 
them for the best possible results.

DeClip-2 improves upon the 
previous Declip by improving the 
algorithm and adding an adaptive 
Auto mode. With Auto engaged it 
will automatically track the signal 
amplitude, find the clipping points, 
set the clipping gates in real time, 
and output a clean result with 

restored dynamic range. This allows for true “set it and forget it” 
operation and you can therefore use it with confidence in the Batch 
Processor.

If you want the best, there’s no other option.

www.cedar-audio.com

Others nominated: Acustica Pink2, McDSP SA-2, Waves NX 360 & 
headtracker 
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TITAN
COMPRESSOR LIMITER

www.davehilldesigns.com

Dave Hill Designs SHW 0914.indd   1 14/08/2014   09:04

Everything you need to know to keep ahead
Subscribe today online at www.resolutionmag.com

FACEBOOK is a convenient and quick method of contacting the editorial 
staff at Resolution. Like us and message us at: bit.ly/Resolution-Facebook

WHY not follow us on Twitter too? @resolutionmagaz

October 2018 / 57

Used as a standalone application, you can load multiple audio files directly 
into the Ozone interface. From there you can add fade-ins and outs, as 
well as up to six mastering modules per audio file, including 3rd-party 
plug-ins for extra processing. Ozone uses the Fraunhofer AAC codec and 
the well-respected open-source LAME codec for MP3. Advanced has a 
very handy Codec Preview feature, which can help tailor processing to 
avoid clipping that might occur as an artefact of lossy codecs.

Ozone’s ‘Master Assistant’ analyses audio for several properties 
including frequency balance, low-end compression and overall loudness. 
The idea is to instantiate plug-ins and control settings based on a 
real-time analysis of your stereo track. After clicking Assistant, the 
interface area of Ozone 8 is blanked and three buttons appear, 
presenting options of Streaming, CD or Reference. Streaming sets the 
Maximiser Threshold for a target loudness of -14 LUFS (this can be 
changed in the options menu, as can all of the control settings dialled-in 
by Assistant). If the CD button is clicked, then a further 3 buttons labelled 
Low Medium High appear: these choices will engage the limiter 0, 1% or 
3% of the time. 

The Master Assistant then carries out 6 analysis steps in real time, 
instantiating modules and setting controls. If the Reference option is 
chosen instead of CD or Streaming, then one of ten reference tracks the 
user can load into Ozone is played, analysed, and the pro-rata settings to 
make your audio sound like the reference are turned on. Version 8 of 
Ozone, with batch file output options and codec-monitoring, in now close 
to being a fully fledged mastering application.

www.izotope.com

Others nominated: Audionamix Trax Pro SP, Steinberg Nuendo V8, 
Tracktion Waveform 9.1
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iZotope Ozone 8 Adv

DAW/stand-alone software suite
iZotope Ozone 8 Advanced
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