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DirectOut
Andiamo.MC

DirectOut was founded in 2008 by a team of professional sound 
engineers headed up by Stephan Flock, an award-winning 
classical music sound engineer with over 20 years’ experience 
in digital audio signal processing design. The Andiamo range of 
interfaces spans several devices providing AD/DA, AD, DA, AES 
and MADI connectivity. 

ANDIAMO.MC is a high-end 32-channel mic preamp and AD/DA 
MADI converter with a full MADI routing. It allows the conversion 
of mic level signals into MADI digital format. 32 balanced line 
outputs offer monitoring or stage returns. A high level of 
integration have resulted in an extremely compact, easy-to-
handle 2U 19” form factor, ideal for OB vans or other live recording 
environments where rack space is limited.

The device can be operated locally or remotely via the 
ANDIAMO Remote software. Supported remote methods are 
USB, D.O.NET, ‘MIDI over MADI’, ‘Serial over MADI’ and from 
mixing console. ANDIAMO.MC is equipped with 2 MADI ports as 
standard, offering seamless port redundancy and switchover in 
case of link emergencies. Both MADI ports are always active and 
carry the same MADI data, except when the Extended Routing 
feature is deployed. Extended Routing feature enables both MADI 
I/Os to be used independently to make full use of all conversion 
channels at higher sample rates (192 kHz) and double the range 
of available MADI input channels.

A key feature of the Andiamo range is the wide range of 
Protocols supported: AVID (PRE), Yamaha (DM2000,DM1000), 
SSL (C10, C100 & C200) and Lawo (Dallis).
www.directout.eu

Prism Sound
Callia DAC
If you visit a machine room in one of the (few remaining) top 
recording studios — such as British Grove Studios as featured 
in this issue of Resolution — chances are, you’ll find yourself 

standing close to a Prism ADC. Prism Sound also offers a line of 
multichannel solutions for tracking studios: the Titan, an 8x8 
mic pre-equipped USB, and the Titan’s smaller desktop sibling, 
the Lyra. This is a 2-input unit with 2 or 4 channels of output and 
varied mic and instrument input choices depending on model. 

Last spring, Prism made their first move into the home audio 
market with the Callia, a PCM and DSD capable DAC, pre-amplifier 
and headphone amp. Using the same DAC circuitry as Prism’s 
pro interfaces, the Titan, Lyra and Atlas, the Callia shouldn’t be 
overlooked by production pros as a “hifi” product. It offers an 
impressive array of high resolution inputs including USB (UAC2 
over USB 2 or later), Coaxial RCA Phono (supporting S/PDIF 
and AES3-id or AES3 with suitable adaptor) and S/PDIF Optical 
equipped digital devices. For analogue audio outputs, Callia 
offers balanced and unbalanced output at +14dBu and 2Vrms 
respectively. 

The Callia headphone output is a brand new design, different 
from that of the professional audio range: a high-current, 
low impedance design handles a wide range of headphone 
sensitivities and impedances by providing several operating 
ranges, selected by switch presets on the rear panel of the 

unit. For editing rigs or situations where a lot of headphone 
monitoring is required, Callia can easily handle headphones from 
a few ohms to more than 250 ohms. 
www.prismsound.com

Antelope
Zen Studio+

The Zen Studio+ brings additional Thunderbolt connectivity and 
a powerful range of hardware-based Field Programmable Gate 
Array (FPGA) effects to its predecessor.

The hardware includes a pair of dedicated re-amp outputs, 
headphone outputs, and “mastering-quality” monitor outputs, 
with 12 preamps — including hi-Z and line inputs — plus an 
additional eight inputs and outputs on standard 25-pin D-SUB 
connectors, as well as being further extendable via ADAT or S/
PDIF. The FPGA hardware effects allow for near-zero-latency 
audio processing using emulations of classic EQs, compressors, 
guitar amplifiers and more — without taxing computer CPU 
resources. Antelope Audio now has a library of over 30 unique 
effects, each modelled from analogue studio gear.

Word clock input and output enable Zen Studio+ to seamlessly 
integrate with other studio gear, and an atomic input is available 
for interfacing with, and upgrading to, Antelope’s state-of-the-art 

Spotlight: Tracktion Copper 
Reference Stereo I/O
There’s no denying that most professional ADCs these days are 
sensibly made. But what if you don’t want sensible? What if you want 
the equivalent of wide wheels with spinners, an Akrapovic exhaust 
and a chrome engine block?

The immediately striking feature of the Copper Reference are the two tubes glowing out at the top. The Mike Soldano-
designed Tube stage is configured so users can swap tubes. A popular concept with guitarists and hifi buffs, the idea is to 
subtly tune the sound by inserting a favoured Electro Harmonix or vintage Telefunken valve. The tube stage adds incredible 
versatility to the unit, allowing users to add subtle to extreme tube saturation to input signals, but can be completely bypassed 
for benchmark listening.

Working closely with ESS Technology, a leading high-performance audio DAC and ADC chip provider, Tracktion designed 
the Copper Reference to be the first product to feature the new Sabre Pro 9038 DAC chip, capable of a theoretical 140dB DNR 
and -122 THD. The Copper Reference input path features dual flagship AKM ADC’s run in parallel and summed, the objective 
being to gain an extra 3 dB of dynamic range. 
www.tracktion.com

ADC Special
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10MX Rubidium Atomic Clock.
Zen Studio+ is controlled via a desktop application for OS X or 

Windows, allowing access to a fully-customisable signal routing 
matrix and up to four independent mixes for monitoring, as well 
as control of its real-time FPGA effects. Front panel-controllable 
talkback is built into the Zen Studio+ hardware, and helpfully 
Antelope Audio’s iOS and Android apps add further flexibility 
with talkback also available through the hosting smartphone’s 
inbuilt microphone.
www. antelopeaudio.com

Crane Song
Upgrades

The entire line of Crane Song digital hardware products has 
been updated to take advantage of their proprietary 5th 
generation DAC technology. In its first showing at NAMM, the 
Egret 8 Channel D/A Converter/Summing Mixer joined the Avocet 
monitor controller, the HEDD 192 AD/DA converter, and Solaris 
standalone digital to analogue converter to complete the line 
up. The Quantum DAC uses a 32-bit converter and asynchronous 
sample rate conversion for jitter reduction with up sampling to 
211 KHz. The reference clock uses a proprietary reconstruction 
filter for accurate time domain response. 

‘I have done several years of measurable analysis and subjective 
listening in the development of this technology; the Quantum 
series DAC is the most accurate that I have ever designed,’ 
explains Crane Song founder and developer Dave Hill. ‘Typical 
jitter from 10Hz to 20 KHz from the internal clock is 0.055pS and 
from 1 Hz to 100KHz it is less than 1pS. The result is a very 3D 
sound that is exceptionally transparent and accurate.’

DAC upgrades are available for previous generation Crane song 
digital hardware products.
www.cranesong.com

Merging Technologies 
Benchmark A/D cards AKD8D and AKD8DP 
Merging is announcing a new 
generation of A/D cards. The 
boards are available in two 
versions as it was with the previous 
generation. The AKD8D is the 
standard 192kHz PCM version. The 
AKD8DP extends the range up to 384kHz and includes all variants 
of DSD up to 256 and DXD.

The new boards are already being shipped to fulfill the 
significant order rate that has been consistent since Horus 
and Hapi were introduced. As with the previous cards, Direct 
Analogue Out connections are present to allow a mic level feed 
to be sent to an analogue mixer or recorder. The RAVENNA/AES67 
connection on Horus and Hapi allows for full remote control of all 
parameters including the ability to switch individual channels to 
Mic or Line. Phantom power switching, phase reversal, and low 
cut filters can be enabled from the control room or locally from 
the front panel of the unit.
www.merging.com

RME
ARC USB remote and Digiface
Easy connectivity via 
USB is the theme for 
2 new products from 
RME, to complement 
the USB+ (188 Channel, 
24-Bit/192kHz  USB 3.0 & 
Thunderbolt, reviewed 
in Resolution v15.8) and 
U F X I I  (6 0 - C h a n n e l , 
24-Bit/192kHz, USB 2.0) flagship ADCs.

The ARC USB remote, introduced in January 2017, connects to 
computer via USB, and talks to TotalMix FX (the RME software 
mixer app) directly. It has 15 freely assignable and illuminated 

buttons, one encoder wheel, and a TS jack to connect a foot 
switch. TotaIMix FX will automatically detect the ARC USB, and 
communicate with it via simple MIDI remote commands.

The Digiface USB is an compact & portable interface with 4 
optical ADAT/SPDIF I/Os, and analogue high-quality line/phones 
output via 6.3 mm TRS jack. Continuing the legacy of RME‘s 
famous HDSP Digiface, a triple ADAT I/O interface with phones 
and PCI interface, Digiface USB simplifies connection with USB 2, 
does not need an external power supply, and even adds another 
optical I/O, resulting in 32 channels input and output each when 
using ADAT optical.
www.rme-audio.com

UAD
Apollo Twin Mk II
There’s always something 
of a frisson when a very 
popular product gets an 
upgrade, and there was a 
bit of excitement at NAMM 
2017 when the black-face 
Mk II Apollo appeared. The 
big news underneath the 
paint-job was that the Twin 
MkII is an officially supported Thunderbolt compatible interface 
for both Windows and Mac OS — welcome news for users who 
own both flavours of computer. Universal Audio have upgraded 
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Spotlight: Grace Designs m108
Grace have progressively built features into 
their well-respected eight channel mic pre. 
Like a Hasbro Transformer, preamps are now 
equipped with everything the production 
pro needs for a complete recording system. 
The 1RU audio interface has eight channels 
of high-quality mic pres, A/D conversion, and two channels of D/A conversion for a headphone amplifier. Sampling rates go 
up to 192kHz, with extensive clocking options. Mic inputs are all via XLR, with the first two channels switching automatically 
when high-impedance instrument inputs are plugged into the front of the unit. To the rear, mic pre outputs are mirrored via 
two DB25 outputs (for analogue and AES respectively), as well as two ADAT outputs. In normal operation, ADAT transmits eight 
channels of 44.1/48kHz audio out of each of these outputs; in SMUX mode (ADAT 88.2 and 96kHz) channels 1-4 are assigned to 
ADAT output 1 and 5-8 output 2. Interfacing with a PC or Mac is done via USB2.

An “option slot” at the back provides two added-cost choices. The first provides Dante AoIP (audio-over-iP), with primary 
and secondary gigabit Ethernet outlets. A short Ethernet jumper cable allows both Dante and Grace’s remote control to operate 
using the same cable. The alternative option card is called Control Room Output: this provides two high quality analogue TRS 
outputs for driving monitors or distribution amps.
www.gracedesign.com
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the onboard processing to allow for Solo, Twin, and new Quad 
processor.

The Apollo is a 2x6 audio interface running up to 24-bit/192KHz, 
sporting two microphone pre-amps with Unison Technology, 
allowing real time processing through models of some well 
regarded vintage mic pre and guitar amp simulations. The 
bundled Realtime Analog Classics emulations includes versions of 
the LA-2A, 1176LN, Pultec EQP-1A, Softube Amp Room Essentials, 
Raw Distortion, 610-B Tube Preamp & EQ. The MKII keeps the 
same 8 button layout, with the addition of a built-in talkback 
mic, making it much easier to communicate with your talent, 
and considerably improved monitor controls including Mono, 
Mute, DIM and Alternative Monitor outputs. There are 2 digitally 
controlled sets of monitor outs via 2 TRS Jacks.
www.uaudio.com

Weiss
ADC2 a/d converter

Daniel Weiss is a Swiss digital guru, long revered amongst those 
who use his high quality products. A favourite with mastering 
engineers committed to the analogue round-trip for processing, 
The 192 kHz/24 Bits ADC2 is the successor to the popular two 
channel ADC1-MK2 A/D Converter. It uses state of the art A/D 
chips in Weiss’ proven “correlation technique” configuration, 
which lowers converter imperfections. The analogue input stages 
are kept balanced from the input connectors through to the 
converter chips. A high quality microphone preamplifier is built 
in as a standard feature.

The output word-length can be reduced from 24 to 16 Bits 
with the built in POW-R dithering. Most useful for mastering 

purposes, it is possible to have one output running at 24 Bits and 
another one at 16 Bits . The output formats are AES/EBU in one 
or two wire technique, S/PDIF in single wire as well as Firewire for 
a direct connection to computers. The Firewire connection can 
also be used to feed a signal from the computer to the S/PDIF 
output of the ADC2.

For metering a large bar graph shows the level to the A/D input, 
the output level, overload conditions and the gain reduction 
in the aforementioned peak limiter. The peak hold meter with 
numeric readout can be used to monitor a transfer and check for 
overloads which may have occurred.
www.weiss.ch

Benchmark
DAC3

Introduced at the end of 2016, the DAC3 was the first product 
to ship with the new ESS Technology ES9028PRO D/A converter 
chip. Benchmark DACs have always had admirable specs, but the 
new DAC3 has achieved even better S/N and flatter frequency 
response. The new ESS chip’s THD compensation feature is 
intended to project a cleaner bass and a more “open soundstage”: 
the previous generation of Sabre-chip having been the subject of 
(unusual) criticism by the audiophile fraternity of being too warm 
sounding! The Benchmark DAC3-HGC supports up to 24/192 PCM 
and 2.8MHz sampling DSD via the DoP protocol. A key feature 
of the Benchmark DAC range is a motor-driven 32-bit digital 
volume control driving a 32-bit D/A conversion stage. The aim 
of this combination is to deliver a similar high-resolution audio 
performance over a wide range of volume settings.
www.benchmarkmedia.com

Dangerous Music
Convert-2 & Convert-8

Dangerous Music is well known for developing monitoring 
solutions incorporating DACs. Citing end-user demand, 
Dangerous set out to  design their next generation of converters 
as stand-alone units, incorporating their oft-stated design ethic 
of “Transparent yet Musical”. The Convert one-space rack units 
support all standard sample rates up to 192kHz, with inputs for 
AES, SPDIF, ADAT, Optical SPDIF (Toslink), and USB. 

The analogue path is designed by Chris Muth, who fine tuned 
the low-pass reconstruction filters mandatory to implementing 
any DAC. These filters lie at the heart of how a converter will 
perform, and the Convert series aimed for a big natural sound 
and the powerful, ultra-clear low-end. Paul Messick designed 
the digital aspects of the units, tuning the JetPLL ultra-low jitter 
clocking technology until it ‘surpassed the JET’s stated specs.’ 

Bob Muller, President of Dangerous Music, states, ‘We needed 
to answer our customer’s requests for standalone and multi-
channel D-to-A converters based on the reference DACs built 
into our monitoring products that they have come to depend on. 
It was time for a new generation of Dangerous converters so we 
ignored cost considerations, as we always do when developing 
a new product and set out to make the best sounding D-to-A 
converter that we’d ever heard.’
www.dangerousmusic.com

DAD
MADI and AES3 cards for AX32
Reviewed in Resolution V13.2 by Jon Thornton, Digital Audio 
Denmark (DAD) AX32 is a highly respected converter, with a 
standard  I-O comprising 8 AES3 pairs (16 channels) split across 
two DB25 connectors, two Pro Tools HDX DigiLink connectors and 

HORUS

An unbeatable combination of the highest quality converters, transparent mic preamps, extraordinary connectivity 

and RAVENNA/AES67 makes the Merging Networked Audio family the first choice for Pro Tools or any DAW of your 

choice. Full Pro Tools HDX™ integration with the new PT64 option card.
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64 channels of MADI I-O on coax. This base spec can be added 
to in the digital domain by specifying a Dante interface card (64 
channels of I-O), and two more MADI ports (128 channels of I-O in 
total) by adding an interface card that supports SFP (Small Form 
Pluggable) transceivers. Since our review, the AX32 firmware has 
been updated. V2.0 is a comprehensive new expansion of the 
existing functionality, and available as standard in all delivered 
AX32 and DX32 units. The Firmware of all existing units can easily 
be upgraded via DADman. Platform 2.0 provides an increase of 
the matrix capacity to 1,500x1,500 non-blocking cross points for 
routing and splitting any input signal to one or more outputs 
signals, and all input and output channels have independent level 
control and audio metering. All input and output signals can be 
assigned a label which is stored in the unit. The summing system 
has a capacity of 32 output busses and 256 inputs which can be 
used for Pro | Mon monitor Control and Cue | Mix, which is a zero 
latency cue mixing system in the box.
www.digitalaudio.dk

Apogee
Symphony I/O Mk II

The Apogee Symphony I/O Mk II is a multichannel interface with 
a few upgrades from its predecessor.  The unit comes with one 
of three option card types: Thunderbolt, Pro Tools HD or Waves 
SoundGrid Network. The idea of this setup being that users 
can effectively future-proof their studios should they choose to 
change platform. The Symphony I/O Mk II implements advanced 
temperature control and a high resolution TFT touchscreen on 
the front panel. Users can change input selections, mic input gain 
and monitoring levels from here and can even calibrate the unit 
to match analog gear. Monitoring for the 62 channels of I/O can 
be seen from the front panel screen also. In terms of I/O there are 
a variety of configurations available, the unit has space for two 
I/O modules for audio,  Apogee offer a choice of 3 modules plus 
an eight channel Microphone preamp module. This allows for up 
to 32 inputs and 32 outputs in the one unit. Apogee claim to have 
achieved their best sounding converter ever, in part through the 
use of a Dual Sum A/D stage. Two conversion stages are summed 
for each analogue input channel which reduces distortion and 
increases dynamic range. Likewise Apogee have improved 
their D/A with a high current low impedance output driver, the 
headphone output even has a constant current drive technology 
to compensate for any non-linearity in headphones. The unit 
employs the ESS Sabre 32-bit Hyperstream DAC which offers Time 
Domain Jitter Elimination and as a result of all these technologies 
Apogee claim this unit is the best sounding Thunderbolt interface 
on the market. 
www.apogeedigital.com

Focusrite
Scarlett OctoPre and OctoPre Dynamic

The OctoPre is an evergreen product that we’ve seen many 
generations of, starting many years ago with the Platinum series. It 
is a handy product for any project studio: 8 channels of decent mic 
pre in a 1u box that can be hooked up via ADAT. The Scarlett range 
is getting two new OctoPre models designed to add those eight 
extra mic inputs to any audio interface equipped with ADAT I/O. 
The Scarlett OctoPre and OctoPre Dynamic feature eight second-
generation Scarlett preamps, 24-bit/192kHz A-D conversion. The 
OctoPre Dynamic adds easy-to-operate compression on every 
channel and eight channels of D-A conversion.

Both units also feature eight analogue line outputs, an omission 
from the original. The line outs mean the unit can be used as a 
stand-alone eight channel mic pre if necessary. Each channel gets 
a five-segment LED level meter and the first two channels can 
be switched to provide high-impedance instrument inputs. The 
newly-designed instrument inputs offer additional headroom to 
cope with higher-level active instrument outputs. The Scarlett 
OctoPre Dynamic features built-in, single knob soft-knee 
compression on every input, with a ‘More’ button to double 
the ratio for a less transparent, more aggressive effect. ADAT 
output at the rear delivers all eight channels at up to 96kHz or 
four channels at 192kHz. The Scarlett OctoPre Dynamic features 
an additional eight channels of ADAT input that can be fed to the 
eight line outputs. Finally, word clock in and out featuring JetPLL 
jitter elimination enables sync with digital systems.
www.focusrite.com

SSL
Alpha-Link

For audio pros committed to MADI — Multichannel Audio 
Digital Interface — the Alpha is a very useful box. The Alpha-
Link MADI AX, Alpha-Link MADI SX and Alpha-Link Live-R feature 
64 channel MADI to 24 channel digital and 24 channel SSL A-D/
D-A converters. Each unit features lossless Fibre Optic MADI In/
Out connections which can be used to connect to SSL’s own 
MadiXtreme, MX4 or Delta-Link computer interfaces, to MADI 
equipped consoles and routers or to cascade multiple Alpha-Link 
units to create powerful.

There are three different models available, each of which 
features 24 channels of high quality SSL A-D/D-A conversion 
which can operate at up to 96kHz. The Alpha-Link MADI AX 
converts between analogue, optical digital MADI and 24 digital 
ADAT Lightpipe digital Inputs and Outputs simultaneously. The 
Alpha-Link MADI SX and Live-R convert between analogue, 
optical digital MADI and 24 channels (12 stereo pairs) of AES/
EBU digital Inputs & Outputs simultaneously. The Alpha-
Link Live-R originates in SSL’s broadcast range, and so offers 
additional features including redundant PSU’s, redundant MADI 
connections, and is switchable between +18dBu or +22dBu 
nominal maximum analogue I/O level for 0dB FS. All units feature 
a front panel hardware switch based control interface with LED 
status indication, and dedicated tri-colour LED’s provide signal 
activity indication.
www2.solidstatelogic.com

Burl Audio
BAD8, BMB4 and BMB5 cards for MOTHERSHIP
The B80 MOTHERSHIP 
AD/DA converter has 
up to 80 analogue 
channel capability. 
Using a card based 
system, and a heavy 
duty 4U chassis, the 
B80 MOTHERSHIP employs 10 card slots with 2, 4 and 8 channel 
AD/DA cards, all with the B2 quality signal path. Burl have 
made analogue class-A circuitry on their input and outputs a 
unique selling point of their systems. Every ADC channel uses a 
proprietary BX1 transformer and every DAC channel has the latest 
BURL AUDIO discrete op-amp, the BOPA2.

At NAMM 2017, Burl introduced 3 new products. The BAD8, is 
an 8-channel analogue-to-digital daughter card for the B80 and 
B16 MOTHERSHIP, featuring the more compact BX1 transformer 
for greater channel density. 

The BMB4 features an Ethernet port for 64 IO channels of  
Waves SoundGrid connectivity. With 6 BAD8s and 4 BDA8s a 
48x32 IO can be achieved. With 2 BAD8s and 8 BDA8s a 16x64 
IO can be achieved. The BMB4 motherboard card features 1 
SoundGrid Ethernet port, 2 BNC Word Clock outputs and 1 BNC 
Word Clock input.
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The new BMB5 features USB connectivity. Designed exclusively 
for the B16, the BMB5 provides an easy interface to any computer 
via USB. If you don’t need a high channel count, the B16 with the 
BMB5 is a good option for the  BAD8 and BDA8.
www.burlaudio.com

Mytek
Brooklyn ADC & DAC
Brooklyn ADC is the 
f irst commercially 
avai lable ADC to 
feature a built in 
MQA Kernel to be 
used for mastering 
to MQA streaming 
format (Master Quality Authenticated is a new audio technology 
developed by Bob Stuart, co-founder of Meridian Audio). 
Together with the Brooklyn DAC, the two units form a set of 
mastering converters aiming for a practical workflow, enabling 
easy mastering in a variety of Hi-Res formats. Dual mono ADC 
chipsets with fully balanced signal paths and conversion sample 
audio at 12 MHz, with a choice of high resolution audio output 
formats: up to 384kHz /32 bit and DSD 256 (simultaneous formats 
on output, including USB).

The Brooklyn ADC offers a choice of input flavours: electronic 
line level or a passive nickel transformer, as well as an optional 
high performance mic or phono input. There is a Mac or Win 
app enabling control of all settings from a computer via USB. 
Features include a one button simultaneous maximum resolution 
PCM and DSD recording without a DAW, and easy flash firmware 
upgrades.
www.mytekdigital.com

Presonus
DigiMax DP88 & Studio 192

The PreSonus DigiMax DP88 8x8 96kHz preamplifier/converter 
features eight fully recallable, digitally controlled analogue XMAX 
preamps. There’s ADC input is remote-controllable from any DAW 
via MIDI I/O, fully remote-controllable from PreSonus’ Studio One 
3 DAW and via “UC Surface” control software, with store and recall 
of settings. Burr-Brown converters have a claimed dynamic range 
o 118dB, up to 96kHz sampling rate, eight balanced analogue 
direct outputs (DB25 female), eight balanced DAC outputs (DB25 
female), eight channels of ADAT Dual SMUX optical I/O (up to 
96kHz), BNC word clock I/O, plus a “Direct” switch which routes 
Line inputs directly to the AD converter.

Pairing the Studio 192 and DigiMax DP88 brings a total of 16 
analogue inputs and also expands to 18 analogue outputs. The 
DP88 preamps, like the Studio 192 preamps, are recallable and 
can be remote controlled from UC Surface and/or from Presonus’ 
Studio One DAW. 
www.presonus.com

Ferrofish
A32 Dante 

By utilizing uncompressed, multi-channel digital media 
networking technology with near-zero latency and 
synchronization, the A32 Dante is designed to eliminate the mass 
of cables utilized in large scale productions or AV installations. 
Dante does away with heavy, expensive multicore cabling, 
replacing it with low-cost, easily-available CAT5e, CAT6, or fiber 
optic cable for a clean, lightweight, and economical solution over 
a single, standard IP network. 

The A32 Dante supports 64 channels of MADI I/O, 32 channels 

of ADAT optical I/O, and 32 channels of analog I/O. Additionally, 
one ADAT optical connector can be used alternatively as S/PDIF. 

Because of this wealth of I/O choices, the unit is also a very 
capable audio format converter while simultaneously functioning 
as an AD/DA converter. Audio can be freely routed (in groups of 
8) between all interfaces. As an example, it is possible to use the 
first 32 Dante channels for converting to analogue while using 
the remaining 32 Dante channels to connect the A32 Dante with 
ADAT equipment. 

The new A32 Dante employs 24-bit 192 kHz high quality 
converters with analogue gain switches. The gains of each 
channel can be separately adjusted in 0.5 dB steps, and the 
standard levels (+4 dBu, +13 dBu und +20 dBu) are switched in 
the analogue domain, ensuring the full analog performance of 
the converter is preserved. 
www.audioag.com

Radial Engineering
DiNET DAN-TX, DAN-RX, Keylargo
The Di-NET “Network DI” 
DAN-TX stereo direct box 
is equipped with 1/4-inch, 
RCA and stereo 3.5mm 
input jacks, allowing users 
to connect instruments or 
line level sources directly to 
networked audio systems 
using the Dante protocol. 
The DAN-TX has 24-bit/96 kHz analogue to digital conversion, 
and a local 3.5mm headphone output. DiNET DAN-RX is a 
24-bit/96 kHZ digital to analogue endpoint that allows users 
to output audio from a Dante network to stereo systems. It is 
equipped with left and right balanced XLR outputs with a level 
control that allows for connection to microphone inputs up or 
to +4 dBu line level systems. Again, a local 3.5 mm headphone 
output is provided to test or monitor audio.
The Key-Largo keyboard interface is a keyboard mixer, DAC, 
effects loop and remote control all in a compact pedal format. 
3 stereo input channels for synths have level and effects sends, 
while a 4th input is for a USB connection allows audio file playback 
and mixing with live keys. 
www.radialeng.com

Audient
iD4
It ’s a simple concept, neatly 
executed: stick a console mic 
preamp into the smallest 
interface you can build. Last 
summer, Audient launched their 
most affordable interface yet, 
well suited for editing/VO rooms 
or the top-line writer recording a vocal. The bus-powered iD4, 
carries one Audient console mic preamp, as used in the flagship 
ASP 8024, and a JFET DI apparently inspired by the input stage 
of a classic valve amp.

The iD4 handily retains the iD14’s ScrollControl facility which 
converts the volume wheel into a continuous scroll wheel for 
adjusting plug-in parameters and automation and introduces 
two new controls. The Monitor Mix allows monitoring ablend 
of both iD4s inputs and DAW playback for monitoring whilst 
recording. Monitor Pan feature enables you to pan both the mic 
pre input and DI input, making a balanced headphone mix more 
attainable for recording artists who sing and play an instrument 
simultaneously.
www.audient.com

Lavry
AD122-96 MX 
Dan Lavry developed the converters employed in products 
from companies like Otari, New England Digital, Wadia, 
Pacific Microsonics, Mark Levison, and several other high-end 
manufacturers. Before setting up his own business, he also 
played a design role in moving Apogee from manufacturing only 
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analogue brick-wall filters into developing complete converter 
systems.

The LavryGold AD122-96 MX was designed with the intention 
of delivering clarity even when recording at full scale. Ultra-stable 
internal and external clocking circuitry is claimed to virtually 
eliminates the distortion effects caused by jitter in conversion. 
With unique self-calibration circuitry, conversion accuracy is 
maintained over a wide range of operating temperatures, and 
the effects of circuitry aging are minimized.Building on the track-
record of the original LavryGold AD122-96 MkIII, the AD122-96 MX 
retains the transparency of the MkIII with the additional benefit 
of more graceful handling of clipping. For the same level of 
detail and accuracy, the MX model retains the -127dB noise floor 
20-20kHz and 0.00005% distortion for signals below -40dBFS as 
the AD122-96 MkIII.

For those who utilize clipping as a method for attaining the 
maximum audible level on their recordings, the AD122-96 
MX was designed to produce a more musical result without 
the loss of quality typically associated with pushing levels so 
high. Lavry’s exclusive selectable Soft Saturation is a digital 
emulation of analogue tape saturation which leaves the signal 
completely linear below the threshold, with a selectable 3 or 
6dB of “additional” level. For signals above the threshold, the 
process has no attack and release time constants which could 
cause undesirable pumping or breathing, by interacting with 
compression or limiting applied either before or after conversion. 
The MX model offers the flexibility of the Soft Saturation modes or 
linear operation, with the ability to handle high levels of clipping 
without the loss in quality common to other converters.
www.lavryengineering.com

TASCAM
US-Series Updates
TASCAM has announced several important updates to their 
US-Series of USB multichannel interfaces, including the compact 
US-2x2 and US-4x4, the US-16x08, and the flagship US-20x20.

The TASCAM Control Panel now does a version check on 
startup, alerting users if a newer software or firmware update 
is available. Drivers can be updated at the press of a button 
to make sure everything is up-to-date. System alerts are also 
available from the control panel, including helpful tips and status 
messages.

Thanks to the Version 2.1 update the US-20x20 now offers some 
significant enhancements to its internal mic pre/mixer. In Mic Pre 
mode, the US_20x20 now doubles as a flexible, multichannel D/A 

converter. In addition, users are now able to change clock and 
sample rate settings from the front panel, ideal for stand-alone 
operation. 

Both the US-16x08 and US-20x20 have also been updated with 
enhanced routing options and a Mixer True Bypass mode, with 
precise input and output matching when bypassing the Mixer 
signal. 

The US-2x2 and US-4x4 have also seen some major changes, 
with a single checkbox enabling users to mix the signal from Mic 
inputs 1 and 2 with your computer’s audio output and send the 
mix back to the DAW. 

The US-2x2 and US-4x4 update includes automatic sample 
rate functionality to avoid unintended clocking errors. On 
Windows, the units can be switched to ASIO even when in 
DAW mode, making it easy to use with Skype and other online 
communications. 
www.tascam.com

Aphex
Aphex 141

Although not a new product, we highlight the 141 as it’s not 
widely known, but can be a useful workhorse. The box is a cost-
effective ADAT to analogue converter. If you have one of the many 
ADAT-equipped mic preamps that you’d like to integrate into an 
analogue system, the Aphex 141 was expressly designed to make 
that D/A conversion, quickly giving you eight channels of 48kHz 
audio out and into your analogue line-inputs. 
www.aphex.com

Avid
HD I/O 8 x 8 x 8 Pro Tools HD Audio Interface

The subject of pricing and upgrade cost has long been a topic of 
conversation for Avid users, so it is useful to note Avid are offering 
192 I/O owners the opportunity to trade in their old interface and 
save $500 on the price of a new Pro Tools HD Series interface, an 
uptick on what could be expected in the second-hand market.

The HD interface has 8 analogue inputs and outputs (using 
DB-25), 8 channels of AES/EBU I/O (supports 192kHz single-wire 
and dual-wire), 8 channels of TDIF I/O, 8 channels of ADAT I/O 
(supports S/MUX II and IV), two channels of AES and  S/PDIF I/O 
and 1 empty bay for I/O expansion.

The Avid HD OMNI uses similar technology to the HD I/O but is a 
non-expandable 1U device, a Pro Tools HD one-box rig. The OMNI 
includes four analogue input paths and eight analogue outputs 
as well as a fully integrated monitoring section that provides 
control of up to 7.1 surround formats. Two independent cue paths 
are also provided. Analogue connectivity includes two mic/line/
instrument inputs with inserts, four line inputs, two line outputs 
or eight line-level outputs. Digital connectivity includes two AES 
in, eight AES out, two channels S/PDIF I/O and ADAT/SMUX I/O. 
The OMNI’s I/O routing is completely user configurable providing 
up to 8x8 of I/O or up to 4x8 analogue only I/O.
www.avid.com

Roland 
Rubix Audio Interfaces

Roland has launched a new line of audio interfaces for Mac, PC 
and iPad. The range aims to maximise quality whilst remaining 
affordable. The interfaces offer up to 24 bit/192kHz recording. 
Rubix22 is a 2 in/2 out model with two mic preamps, Rubix24 
offers an additional 2 outputs ideal for reamping or headphone 
cue feeds and a hardware compressor/limiter on the input 
stage, plus a high impedance input. Finally Rubix44 offers two 
additional mic preamps. There is even MIDI input and output in 
the form of good old 5 pin DIN sockets on all of the interfaces. 
Whilst being marketed as ideal mobile solutions the interfaces 
may well find themselves resident in some more permanent 
recording or writing studios.
www.roland.com


