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All of the AES e-mail leading up to this year’s convention touted a diverse range 
of subjects, and indeed this was the case. In the past, workshops, technical 
sessions, and talks at the AES conventions have leaned heavily on traditional 
productions, but this year they covered a much wider spectrum, most obviously 
illustrated by Grandmaster Flash delivering the opening address, and program 
tracks dedicated to such contemporary subjects as Electronic Dance Music 
(EDM), hip-hop and R&B, broadcast and on-line delivery, game audio, immersive 
audio, and live production. While recent shows have featured the Project Studio 
Expo and Live Sound Expo all-day workshops on the exhibit floor, which made 
them available to attendees with “Exhibits Plus” registration (free up until opening 
day), this year they were augmented by workshop stages dedicated to EDM and 
DJ production, live production for Broadway and touring shows, a dedicated Mix 
With The Masters stage, and, for DIY-ers, in-booth workshops, demonstrations, 
and tutorials including a “how to solder” class. So nobody can say that this year’s 
technical program was restricted to those with $100/day passes.  

But I know you want to hear about gear. This year I spent less time than usual on 
the show floor for two reasons. First, due to travel and crummy weather (it rained 
heavily the entire first day of the show), I didn’t arrive until about 3 PM the first 
day and the show closes at 6. Furthermore, while technical sessions went on for 
all four days, the exhibits shut down at 4 PM of the third day, and I spent quite a 
bit of time in technical sessions this year, primarily on the Archiving and 
Preservation track. So that’s my excuse for being a little more skimpy than usual 
in this report, and a little less organized.  

The usual disclaimer: I saw what I saw. Though a few usual exhibitors were 
conspicuous by their absence, if I didn’t report on something you were hoping to 
read, either I missed it or I just wasn’t interested.  

 

For the past several years, big consoles shown at AES have primarily been 
tailored for live sound applications – not surprising with so many studios ditching 
their console for outboard mic preamps and software plug-ins, but this year 
brought us a new console, the Origin, from SSL (Solid State Logic). It’s a 32-
channel analog console with the traditional in-line signal flow with two signal 
paths per channel, the channel (track) path and the monitor path, with two inputs 
– typically line/mic in and recorder return, and two faders per channel strip. 
There’s a newly designed mic preamp and the channel EQ is a close 



reproduction of the SSL E-series from the SL 4000 console. Of course there’s the 
famous SSL Bus Compressor, too. While the signal path is analog all the way, 
routing is digitally controlled, with channel-to-bus or -output configured through a 
straightforward procedure of pressing one button on the source and another on 
the destination, with shortcuts for 1-to-1 or one-to-many assignments.  

 

The “center section” is a standard 19” rack-width space, with the conventional 
control set - master faders for the main mix, subgroups, auxiliary outputs, monitor 
volume, and monitor switching - on a panel than can be located anywhere along 
the center of the console surface. Traditionalists will probably put it at the bottom 
edge along with the other faders, while DAW users might want a monitor, DAW 
controller, and keyboard above or below the master faders. It’s quite flexible. You 
could also put a 500-series rack or two in there for additional signal processors or 
alternate mic preamps.  

One thing I neglected to do was to look around back to see what kind of 
connectors it uses, and the web site doesn’t yet have a photo of its backside or 
an installation manual. With 32 mic and line inputs, a direct output for each 
channel, 32 recorder returns, maybe some auxiliary returns, and bus and main 
outputs, there are a lot of holes to fill, so be sure to budget for connectors and 
cables. 

The Origin’s real surprise is its price, around $50,000. Sure, parts are fabricated 
in China, but SSL maintains very tight quality control. At this price, we might see 
a comeback of the medium-sized studio, something that’s pretty much dropped 
out of existence.  https://www.solidstatelogic.com/studio/ORIGIN 

 

Mark Fouxman of Samar Audio Designs isn’t one to copy or tribute classic 
microphones, he designs his condenser and ribbon mics from scratch, takes 
advantage of modern materials and manufacturing processes, and comes up 
with unique internal acoustical designs. At this show, he introduced the AL95, a 
ribbon mic with a rugged “piston-corrugated” ribbon design that he’s used in 



other mics. He explains that, unlike the “zig-zag” pleated ribbon used 
in the classic RCA ribbon mics, his ribbons are corrugated along the 
lengthwise dimension to create a stiff diaphragm, suspended at the 
ends with a short zig-zag corrugation so that it can move like a 
speaker cone. This mic claims wide, smooth response and accurate 
nulls that can take high SPL without damage. At $400, this is his 
lowest priced mic yet, but there are no cost-cutting compromises. A 
molded plastic case and mounting clip are included, and he offers a 
1-year ribbon replacement guarantee in case you get too enthusiastic 
about its robust design and construction. 
http://samaraudiodesign.com/AL95.html 

 

I recently read a review of the Austrian Audio OC818 
microphone, the latest entry in the “Me Two” style of 
dual capsule condenser mics that offer external 
access to both the front and rear capsules. By 
summing their two outputs, any pattern from omni, 
through cardioids of various widths, to figure-8 can be 
obtained. Austrian Audio is a new company formed by 
a group of about two dozen former AKG employees 
when their facility in Vienna was shut down. It appears 
that they brought a lot of what they learned at AKG 
with them, and currently have two mics in their 
catalog, the dual capsule OC818 and a single capsule 
cardioid mic, the OC18. I was able to take a quick look 

at it during this show, and play with their software application for pattern control.  

Both of these mics use the same CKR12 capsule, designed and hand-built at 
Austrian Audio. The capsule is similar in design to the AKG CK12, but has a 
ceramic base rather than brass. The OC818 has three switches on the front - a 
low cut filter, a pad, and a five-position pattern switch for the front capsule - omni, 
cardioid, hypercardioid, and figure-8. The fun begins at Position 5 where, rather 
than the two capsules being summed with fixed ratios to the main XLR 
connector, each gets assigned to its own output connector.  

The main XLR becomes the front 
capsule output. The rear capsule 
output comes from a 5-pin connector 
on the rear of the mic’s case, 
through a supplied breakout cable to 
a male XLR. By recording the front 
and rear capsules to separate tracks, 
a DAW plug-in takes you into 
territory where no mic has gone 
before. The Polar Designer plug-in 



not only lets you adjust the mic’s directional pattern after tracking, but it allows 
you to have a different pattern in each of five frequency bands. For example, if 
you’re using the mic on a snare drum, you might want to put a figure-8 pattern on 
the high end and position the null to reject cymbals.  

Alternatively, if you just want a continuously 
variable pattern mic that you don’t need to get off 
your chair to adjust, you can plug an optional 
Bluetooth adapter into that rear connector and 
use an iOS or Android app to vary the pattern, 
adjust the pad and low-cut filter, and also 
monitor the mic for overloads. The mic, with a 

shock mount, solid mount, breakout cable, and windscreen in a case goes for 
$1,000, another $150 for the Bluetooth adapter. 
https://austrian.audio/produkt/oc818/ 

 

While we’re on the topic of microphones, there’s a new mic level booster from 
Cloud Microphones, the Cloudlifter ZX. The original Cloudlifter is a 
straightforward clean and quiet pre-preamp to bring low output mics up to more 
conventional mic levels. Other models add variable input impedance for tweaking 
the mics sound by adjusting its loading. The newest Cloudlifter, the ZX (or ZX2 – I 
forgot to ask which is the actual model number) offers variable input impedance – 

15 kΩ down to 300 Ω, 
plus a choice between 
two switch-selectable 
transformers. The 
transformers add “that 
transformer sound,” one 
with a bit of a presence 

peak, the other being smoother and warm, or it can be bypassed for colorless 
gain. With the transformer engaged, the ZX offers up to 45 dB of gain (more than 
the standard Cloudlifters) with a 5-step attenuator if that’s too hot, and there’s 
also a switchable low-cut filter. It’s packaged as a two-channel single space rack 
mount unit that’s powered from 48 volt phantom power. Price is expected to be 
around $700. No info on the web site yet, but check 
https://www.cloudmicrophones.com/   in a while. 

Soyuz was showing their new mic pre-preamp, the 
Launcher. Like the Cloudlifter ZX, the Launcher 
incorporates a custom transformer and a “secret 
analog circuit” that provides 26 dB of gain and 
coloring to make your modern mics sound vintage. It 
has no controls, so what you get is what they give 
you. It’s hefty, and priced at $200. 
https://soyuzmicrophones.com/launcher 



 

Transformers seem to be “in” these 
days. Mara Machines, an outfit out of 
Nashville that refurbishes MCI tape 
recorders, showed off a new plug-in 
replacement for the JH-110’s original 
transformerless input/output card 
that adds input and output 
transformers. Each transformer can 

be engaged or bypassed by a push-button on the card so you can have the 
sound of an input transformer, an output transformer, both, or neither. $700 worth 
of “vintageness.” https://maramachines.com/product/transformer-io-card/ 

 

I believe I mentioned Access Analog in a previous show report, but I’ve seen so 
many posts about it after this show that I figured I should mention it just in case. 
It makes for great videos, with lots of clicking and clacking. What the developers 
have done here is built a set of motorized and solenoid driven control actuators, 
attached them to the knobs and buttons of analog hardware signal processors, 
making them remote-controllable.  

But this isn’t something that you buy to bolt on to your own Distressor or 1176 
compressor. No, the remote-controlled hardware is back at the developer’s 

facility. You get a plug-in that you insert on 
a track that you want to run through the 
processor, and adjustments you make in 
the plug-in operate the processor’s controls 
through an Internet connection. And the 
audio? That’s handled through the plug-in 
as well, streaming your track over the 
Internet. The audio plays into the 
processor, its output is digitized, and sent 
back in a return stream where you can 
monitor it and, when you find the sound you 

want, record it back into your project on another track.  

Something that may be new this year (or I didn’t remember it from the last time I 
saw the system in action) is that the plug-in includes the ability to build a chain of 
multiple processors and they’ll get patched together back at home base.  

Latency? Of course there will be some – you can set it via a menu over a range 
of about 400 milliseconds to 2.5 seconds, whatever it takes to get it working 
glitch-free. The DAW, I assume (sorry, I didn’t ask) uses that setting to delay all 
your other tracks to match it, just like conventional plug-in latency compensation. 
One thing that might be annoying though is the control latency – it will take a 



while after you turn a knob before you hear a change, but heck, my car radio is 
like that (and it bugs me, too!). You pay for the service by the hour.  Wacky? I 
think so, but for some it’s probably a better option than renting or buying a little-
used piece of gear. https://accessanalog.com/ 

 

Zylia has been showing their recording system based on a multi-capsule sound 
field mic for a couple of years now. The mic captures sound arriving from all 
directions, and the multi-channel recording can be processed for playback in 
various ways using Zylia’s provided software. You can get a stereo or binaural 
mix, or a few different surround formats. In addition, the software is capable of 
extracting several directional microphones from the basic recording, allowing you 
to “aim” them at individual players and mix them as you would a multi-miked 
recording. It’s not exactly like a bunch of close mics, but the amount of 
separation that can be achieved with a group of musicians set up around the mic 
is impressive. The Pro version of the software, an extra cost option, allows you to 
export the extracted mic outputs as WAV file and mixed using your favorite DAW.  

At this show, they introduced 
the ZR-1 portable recorder for 
those of us who would rather 
not fuss with a computer out in 
the field. That’s me - I embrace 
hardware when it’s practical 
and convenient. The ZR-1’s 
input is a USB cable from the 
mic. It records the encoded 
multichannel output, and, for 
checking the work in the field, provides a stereo headphone output which is live 
when recording and of course for listening to the playback. Recording is simple – 
set the gain and press the Record button. There’s also a Bluetooth app for 
remote control. Recording is to an SD card and power is from either eight AA 
cells or an external power supply via a micro USB cable. It looks rugged and 
definitely field worthy. Price is about a grand. https://www.zylia.co/zylia-zr-1-
portable-recorder.html 

 

I actually saw the Merging Technologies Anubis at the InfoComm show earlier 
this Summer, but somehow it slipped beneath the surface when I wrote my 
report. At AES, I visited the Merging booth to have a look at a recent addition to 
their DAW program Pyramix that was mentioned in an Archiving and 
Preservation track panel that I attended at the show. This is a new window in the 
program’s on-screen display for entering session or project metadata directly in 
the project or track file while you’re working on it and details worth including are 
fresh in your mind. Pyramix is far too expensive for me to adopt myself (the 



Library of Congress’ Audio Restoration group has standardized on it), but I 
wanted to check it out and hint that they should make a “lite” version for just a 
couple of tracks. While I was there, I was reminded of their Anubis, a multi-
function desktop workhorse for audio production and gave it a second look.  

At the top level, it’s a monitor 
controller with the obligatory big 
knob, talkback, and a touch 
screen to control its speaker and 
headphone outputs. It 
accommodates surround setups 
up to 22.2 with LFE 
management, and downmixes 
multichannel audio to mono, 
stereo, and immersive setups. It 
also serves as a 4-in-4-out 
computer audio interface with 
AES67 digital I/O, through which 
it’s expandable to up to 256 
inputs and outputs. An internal 

low latency monitor mixer is controllable through the touch screen, which also 
provides access to software applications. The Anubis supports sample rates up 
to 192 kHz with options to incorporate DSD and DXD formats up to 384 kHz and 
claims 139 dB of dynamic range. Top quality A/D and D/A conversion has always 
been a feature of Merging’s interfaces. Price for the standard model is $1600. 
https://merging.com/anubis 

 

Zoom introduced their LiveTrak LT-12 small format mixer/recorder/interface at 
this year’s NAMM show. Now they’ve followed it up with a smaller version, the 
LT-8, but despite a couple fewer input channels, it’s been built out with some 
features that that are particularly useful to podcast producers – and in case you 
haven’t noticed, podcasting is a hot item these days. It’s no longer just about 
individuals putting themselves on virtual radio, but big bucks organizations as 
well as real radio broadcasters are producing podcasts. There are even studios 
starting up to support outside podcast clients.  



Unlike TASCAM’s 
conceptually similar Models 
24 and 16, which, with the 
exception of digital recording 
capability, are fully analog, the 
Zoom LiveTrak series is fully 
digital with most of the 
features that you expect of a 
digital console, along with the 
foibles like not enough 
buttons and knobs. The first 
six channels are general 
purpose mic or line inputs on 
XLR combo jacks, with the 
first two channels switchable 
to accommodate high 
impedance instrument 
pickups. On Channels 3-6, the 
Hi-Z switch is replaced with a 
with a 20 dB pad.  

Channels 7 and 8 are multi-purpose. Each can be a mono line level analog input 
or a stereo playback return from either of two USB sources. In addition, Channel 
8 has a special combination input and output on a TRRS jack that’s designed to 
connect a mobile phone for call-ins to a podcast, and sending a mix-minus feed 
back to the caller’s phone so he can hear the host and anything else going into 
the podcast minus his own channel so there’s no echo or feedback. But wait! 
There’s more! Three buttons associated with each of those two channels play 
pre-recorded sounds. It comes with a set of sound effects but you can record into 
the pad memory for your own sounds, maybe even an opening and closing 
theme song.  

In addition to the main stereo outputs, there are three independent cue mixes. 
Like the big boy mixers, this mixer’s working surface is in four layers, one for the 
main stereo mix and the other three for the cue mixes, making it handy both for 
monitor mixes in a live show and when tracking. It records both individual tracks 
and the main mix to an SD card, and those tracks can be routed back to the 
mixer when it’s time for mixdown. There’s an effect processor with a small library 
of reverbs and delays. The channel strip is pretty basic – low cut, low, mid, and 
high frequency EQ, pan, and effect send controlled by a set of dedicated knobs 
that operate on the selected channel. It will save and recall up to seven fully 
comprehensive snapshot scenes. It also functions as a multi-channel USB 
computer audio interface that can record up to 24-bit 96 kHz. For live work, it will 
record simultaneously to a computer and an SD card for backup.  



That’s a whole lot of features for a small and relatively inexpensive box and other 
than the conspicuous absence of compression or limiting it seems to cover a lot 
of bases, and it’s only $400.  https://www.zoom-na.com/products/production-
recording/live-sound-recording/zoom-livetrak-l-8  

 

The Whitestone P331 Tube Loading Amplifier is something that I could have 
easily passed by as useless to all but a few really fussy mastering engineers (I’m 
neither) except that I put it on me “to see” list for this show 
based on a recent review of it that was a bit confusing and 
befuddling. And, as an aside, their brochure bears a close 
resemblance to the cover of a 1940s RCA receiving tube 
manual, a memory of my early days in electronics.  

In a nutshell, it’s a signal processor for those folks who put a signal processor – 
usually a vintage compressor or equalizer – in line with the signal chain, typically 
in the final mix output, and set all the controls so that it’s not doing the job it says 
on the label. If it’s a compressor, they’ll set the ratio to 1:1 with the threshold as 
high as it gets, and then they play with input and output level controls until they 
get their desired amount of smooth analog warmth that comes from running a 
signal through tubes and/or transformers. The P331 is a two-channel processor, 
so it’s well suited for that final touch of goodness.  

It’s got tubes, it’s got transformers, and it’s got controls, but the controls, rather 
than altering a source’s frequency or dynamic response, vary the tube’s 
operating parameters. Without going into an explanation of load lines and bias 
points here, basically what it does is allow you to get different levels and 
complexities of distortion without going as far as clipping. Here’s a brief 
explanation of what the controls do. The photo is of one channel for clarity. The 
other channel is functionally identical though laid out symmetrically around the 
power-on light.  

The Mode switch and Loading knob are interactive, though they do different 
things in the two modes. In the Clean mode, the Loading control adjusts the 
amount of negative feedback around the tube. This changes the gain, giving you 



some room to drive it harder for more distortion or more gently for a cleaner 
sound. In the Bloom mode, which they confusingly call the “feed-forward” mode, 
likely since it doesn’t change the feedback (but it’s still there), the Loading control 
is indeed a loading control, altering the value of the plate resistor of the tube. 
This also changes the gain, and moves the signal into a more linear or less linear 
area of the operating curve, primarily varying the amount of second harmonic 
distortion.  

The Lift control switches in one or both filters, one high pass, one low pass. The 
frequencies aren’t specified, they’re what the designers decided gave the most 
desirable results. The transformer can be bypassed or, when switched in line, are 
terminated with a choice of two loads that affect the high frequency response and 
maybe offer a little ringing. Finally, there’s an output gain control to adjust the 
final output level. There’s a switch that selects whether turn the knob clockwise 
increases or decreases the output level, reminiscent of the controls on a Pultec 
equalizer. All of the controls are stepped rather than continuous, and the 
Resolution switch below the Gain control selects steps of 1, 0.5, or 0.25 dB.  

Since everything you can do with the P331 results in a gain change, you don’t 
want to be fooled by “louder sounds better,” so what’s probably its most 
important trick is that whenever you change a control, the gain change is zeroed 
out before the final Gain control. There’s firmware in the box that figures out how 
much of a gain adjustment is needed to compensate for a change, thus assuring 
that any perceived change in loudness or clarity will be a only the result of the 
added harmonic content. The little switch below the Loading knob selects 
whether what senses the amount of needed gain compensation goes all the way 
back to the input - this essentially keeps the drive level to the tube constant, or 
whether the level at the output of the tube is used to normalize the final output so 
you can drive the piss out of it without getting louder and louder. Alternatively, 
you can defeat the automatic gain compensation and fly by the seat of your 
pants.  

This is clearly a one-of-a-kind device and I expect they’ll sell a small handful. 
Maybe one day someone will model it for a DAW plug-in. But I question whether 
two 6SN7s, two transformers, and the glue to hold it together have enough value 
added in this package to be worth the five grand they’re asking for it. I recognize 
the cost of high quality stepped rotary switches, relays, and some firmware 
smarts, but for me, I’d rather have a $5,000 vintage compressor or equalizer (or 
two for half that price) and have them do double duty as tube amplifier or 
transformer if I felt the need. Your mileage no doubt will differ.  
http://www.whitestoneaudio.com/p331 

 

Well, that about wraps things up for this show. Stay tuned for the NAMM show in 
January 2020 where hopefully we’ll see some of the “not quite ready yet” 
gadgets. 


