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It’s NAMM time again, this year bigger and better than ever. Numbers were up, 
new exhibitors (and old exhibitors returning after an absence) were up, and the 
Anaheim Convention Center Annex, as was the case last year, housed most of 
the audio exhibitors, keeping them safe from drummers and impromptu jams. 
This is a real improvement despite adding about another quarter of a mile of 
walking to get between the annex and the main part of the convention center, 
where there was still plenty of show going on.  
 
The AES@NAMM educational program was back, a little better organized than 
last year, I think. It was still heavy on specific product training, but there were a 
few more classes of general interest on the schedule. The Arena section of the 
convention center, which in earlier years was mostly devoted to live sound 
equipment, this year was dedicated to concert speaker systems, with at least half 
a dozen systems flown and powered, with a couple of shootouts daily. It was 
bloody loud and I kept clear of the Arena, since there was little there that 
interested me.  
 
Somebody broke Hall E! Hall E of the Convention Center is usually my first stop 
at the show. It’s where to find first-time exhibitors, some with new ideas, wacky 
ideas, silly products that I didn’t think I’d see again (sometimes I was wrong 
about that), and a few returning exhibitors who just felt comfortable down there. 
Last year it was a bit sparse but with still a bit of the usual wackiness, but this 
year there was a lot of vacant space, and not much in the way of new and off-
the-wall products or concepts. Asian manufacturers occupied the majority of the 
space, showing familiar products such as microphones, mixers, cables, and 
speakers. There were also several smaller acoustic guitar makers, and ukes 
were still strong down there. So, don’t expect the usual Hall E nutty stuff in this 
report. It was pretty scarce.   
 
After long lines at the entrances of the Convention Center all day last year, they 
revamped the security arrangements by expanding the perimeter of the secure 
area to include the Grand Plaza (concert stage and food trucks) so that once 
your badge was scanned and ID checked, as long as you stayed in the 
Convention Center or the plaza area, you didn’t have to be security-checked 
again, though they did have check points between the plaza and the Hilton hotel, 
where the technical sessions were held.  
 
So, that’s what’s new about the show, so here’s what I found of interest. The 
usual caveat applies: If you don’t see what you’re looking for here, that doesn’t 
mean it wasn’t here, either I missed it or I wasn’t interested.  Onward! 



Microphones, Preamps, and Mic Accessories 
 
Heiserman is a new entry into the “47 family” of new microphones. The company 

has an interesting back story. About ten years ago, 
Eric Heiserman decided to build Neumann style K47 
condenser mic capsules to serve the microphone do-
it-yourselfers as well as provide capsules to other mic 
manufacturers. He designed and built his own 
machinery to manufacture and assemble capsules, 
and finally last year decided to build complete 
microphones. Their first mic, the H47, is their take on 
the Neumann U47 FET. Their claim is that it offers 
the sound of the classic Neumann mic – smooth 
frequency response with a little presence boost - 
that’s become a favorite among contemporary 
engineers for vocals and kick drum. While it’s not a 
direct copy, Heisman’s hope is that engineers who 
know the Neumann U47 FET will recognize its 
characteristics in the H47. At $1500 (there’s a $300 
discount for pre-orders), if it makes the mark, it’s a 
good bargain. It should be shipping by March 2019. 
 
The H47 Tube, also displayed at the show but coming 
out a bit later, is their take on the original Neumann 
U47. This is a three-pattern tube mic using a modern 
tube. They offer it with a choice of two capsules, their 
reproduction of the Neumann M7 capsule used on the 

original U47, or their H47 capsule, which is similar to that used on the later 
Neumann U47s and the Neumann U47 FET.  
https://heisermanaudio.com/ 
 
Aston Microphones from Great Britain filled out their line of 
moderately priced condenser mics with the new Stealth, a dynamic 
(or, as they insist on calling it, specifically, “moving coil”) cardioid 
pattern mic with four switch-selectable voicings. This idea isn’t 
really new – the venerable Sennheiser MD-421 has a five-voice 
switch – but Aston has added a phantom-powered Class A pre-
preamp that provides both a known load impedance to the capsule 
and voicing circuitry and some extra low-noise gain. The active 
stage is bypassed if the mic doesn’t see phantom power, so it will 
work un-powered, either if phantom power isn’t available or you’re 
using it on a loud source and don’t want the extra gain.  
 
Phantom power is indicated by a ring of purple LEDs around the 
base of the mic, which can be turned off in “stealth mode,” hence 
the moniker.  



 
Three Sorbothane pucks between the capsule assembly and 
the case float the capsule so that no outboard shock 
mounting is needed. It’s a fairly soft suspension that you can 
feel wobbling around if you shake the mic – but you can’t 
hear it, and that’s the point.  
 
Two of the voicings are aimed at 
male or female vocals, one is 
suggested for guitar, and one is 

“dark.” I heard it only on a male voice, on earphones, 
and I found all but the dark mode too sibilant, though 
the real idea is to use whatever works best. Aston is 
marketing this as a universal mic for stage, studio, and 
broadcast, hence the choice of frequency response 
curves.  
https://www.astonmics.com/EN/product/Mics/Stealth 
 
 

Electro-Voice introduced two new 
mics tailored for stage vocal use. 
The RE420 is a cardioid pattern 
electret condenser, its RE520 
cousin is a hypercardioid. Both 

have multi-stage blast filters and internal shock mounting to reduce handling 
noise. A low-cut filter switch is accessible by unscrewing the basket. According to 
the published frequency response curves, it appears that the hypercardioid has a 
more pronounced proximity effect and a bit more high frequency drop-off, though 
its directivity pattern should be more effective in preventing feedback when used 
with wedge monitors.  
https://www.electrovoice.com/product.php?id=2795   (RE420) 
https://www.electrovoice.com/product.php?id=2793   (RE520) 
 
 
Antelope Audio introduced a new model to their 
Edge line of modeling microphones. The Edge 
Duo USB is a dual diaphragm large capsule side 
address condenser mic with digital output on a 
USB-C connector. Their FPGA (floating point 
gate array) modeling processor is built in so no 
external hardware is required to take advantage 
of Antelope’s selection of modeled microphones 
and continuously adjustable directivity from omni 
to figure-8 controlled by a computer application. 
There’s a mini phone jack along side the USB 
connector for near zero latency headphone monitoring There’s no info specific to 



the USB version on the web site yet, but they tell me that it’s just like the XLR-
connected Edge Duo with the exception of the way it’s connected. While most 
USB-output mics are fairly modestly priced, this one isn’t, estimated to come in at 
around $1500.  
https://en.antelopeaudio.com/products/edge-duo/#description 
  
 
The Hooke Audio Verse is a binaural recording system consisting of a pair of in-
ear phones with microphones. The idea of head-worn binaural mics isn’t new – 
people were going to Grateful Dead shows with miniature omni mics clipped to 
their glasses, but this is a new system for the mobile generation. Apparently it’s 
been around for a year or so but this was the first time I noticed it.  
 

Hooke has a proprietary 3D Audio CODEC 
that provides low latency recording to a 
Bluetooth-connected device, or via a 
hardware analog connection if that’s your 
choice. An iOS or Android app controls 
recording and playback. Recording is 16-bit 
at 48 kHz sample rate. The headset is 
powered by a rechargeable battery that 
provides up to 8 hours of recording time on a 
charge, with a bit more time for playback-

only. I hate using earbuds myself, so I didn’t listen to any of their sample 
recordings, but it’s received good reviews from people I know who know their 
stuff.  
 
Being a binaural recording system, it really needs to be heard on earphones in 
order for the imaging to work right. There are hardware and software means to 
convert a binaural recording to more conventional left-right audio for speaker 
playback, but this isn’t part of the Hooke Audio processing app. Binaural sound 
recording has been around for a long time, but because of the headphone 
requirement for listening, it’s remained a fairly specialized technique. However, 
with the current interest in immersive audio, it’s making a little headway. If your 
projects involve street or other ambient sounds, this might be a good technique 
to try.  
https://hookeaudio.com/what-is-hooke-audio-verse/ 
  
 
I guess Royer Labs got tired of people buying third 
party pre-preamps for their passive ribbon mics, so they 
designed one of their own. The Royer dBooster is a 
small in-line box offering either 12 or 20 dB of gain. 
Input impedance is 3600Ω, output impedance is 300Ω, 
suitable for driving long cables or transformer splitters. 
They had one opened up at the booth and it has a lot of 



parts in it. Nothing simple here, but David Royer said that’s what they needed in 
order to get the performance that he wanted when used with his ribbon mics.  
http://royerlabs.com/dbooster/ 
 
 
Tiera Audio from Spain is a new company with a new twist. Their first product, 
the Lava preamp, looks like a well thought out analog design with Carnhill 
transformers in and out. While the audio circuitry is analog, it’s all digitally 
controlled, with an Android or iOS app and a DAW plug-in for full remote control 
of both front panel and internal settings. The digital processor provides recallable 
settings, multiple meter modes (VU, peak, and peak-hold), and – get this – it’s 
Internet of Things (IoT) connected!  
 

A built-in diagnostic runs when the unit is powered up, testing power supply 
voltages, frequency response, distortion, and whatever else is needed to assure 
that the device is working perfectly. If it finds a problem, it sends information back 
to the company so they can ship you a replacement part or tells you what to fix. It 
offers two modes, Classic and Modern, which I suspect differ in transient 
response, to make it sound like a vintage colored preamp or a modern clean one. 
Digital and analog power supplies are independent, and the processor module is 
separate from the analog section, connected to the monitoring points by a ribbon 
cable.  
 
I was curious enough about the built-in diagnostic to ask about how many failures 
it had detected in their prototype models, and I believe that the answer was that it 
detected 100% of the failures that they planted, but that they had no actual 
failures. In fact, I can’t remember the last time I had a mic preamp fail for any 
reason other than that someone kicked the power plug out or dislodged a 
connector. Since, when it detects a failure or out-of-tolerance condition, it ceases 
to work as a preamp. While their goal is zero down time, I’d be concerned that it 
might shut down my preamp when it’s still usable. Those who are paranoid about 
IoT things can start worrying right now about your mic preamp getting hacked 
today and your vocal overdubs appearing on YouTube tomorrow. I like the 
analog design and I don’t mind the digital control, but if it’s going to check itself 
every time I turn it on, I’d rather have it tell me that there’s a problem and what it 
is, and let me make the decision as to whether to continue using it or not.  
 
They were also showing a compressor with the same digital features.  
https://tierra.audio/lava-preamp/ 
 
 



Computer Audio Interfaces 
 
PreSonus added the Quantum 4848 interface to their line of Thunderbolt 
interfaces. The 4848 offers 32 analog line level inputs and outputs on D-sub 
connectors, ideal for integrating your growing collection of 500-series signal 
processors and preamps with your computer DAW. Two ADAT optical input and 
output ports bring the total channel count to 48, but remember how channel 
counts work. All of the analog I/O channels are available up to 192 kHz sample 
rate, but you only get all eight ADAT channels per port at 44.1 or 48 kHz sample 
rate. If you’re doing your projects at 96 kHz as seems to be quite popular these 
days, it becomes 32 channels in and out. That’s probably plenty, and if not, you 
can add up to three more Quantum series interfaces of any size to your system. 
And remember that Thunderbolt, at least as of today, is pretty rare on Windows 
computers, but if you have a Mac, you’re good to go.  
 

 
 
The Quantum 4848’s front panel is sparse. There’s a Power button, LEDs to 
indicate sample rate and Thunderbolt connection, and a single row of tri-color 
LEDs for the analog channels – green for signal present, yellow at –2 dBFS, and 
red for clipping. These can be switched between input and output through 
software. PreSonus wants you to use their Studio One DAW program, so a copy 
of the Pro version is included, as well as a hearty collection of plug-ins. One 
that’s special to the Studio One world is Pipeline XT, which is a channel plug-in 
that puts a pair of I/Os (and hence whatever outboard signal processing device is 
connected to them) in line with the channel just like a software plug-in. Of course 
you can do this with any other DAW, but it usually involves some manipulation of 
buses.  
https://www.presonus.com/products/Quantum-4848 
 
 
Arturia is mostly known for their synthesizers, but a couple of years ago they 
introduced the AudioFuse interface. I haven’t read much about it so I thought I’d 
mention a couple of new introductions to 
the AudioFuse line at this show. The 
AudioFuse Studio is a feature packed 
desktop unit with a total of 18 inputs and 
20 outputs. There are four front panel 
mic/line/instrument inputs on XLR 
Combo jacks, with channel insert jacks 
on the rear panel. There are four 
additional line inputs on the back, two of 
which are doubled on RCA jacks that 
can be switched to phono inputs with 



RIAA equalization for disk playback right from your turntable. Arturia uses 
dedicated circuitry for the line inputs rather than padded-down mic inputs as is 
common on small interfaces and mixers.  
 
There are two sets of monitor outputs, a monitor control section, a big volume 
knob, and two independent headphone jacks. There are two “reamp” outputs at 
instrument level, dual ADAT optical I/O ports for 8 channels up to 96 kHz sample 
rate, and an S/PDIF I/O pair. And, wait! There’s more! a Bluetooth receiver input 
for playing reference recordings direct from your phone. A neat feature is a 
button that opens the control panel software on your computer so there’s no 
need to find its on-screen icon. That button also serves as the power switch (it’s 
externally powered), and the computer connection is through a USB-C port, 
which is backward compatible with USB 2.0 for us old fossils. Kindly, both USB-C 
and USB-A cables are included in the package, as is a collection of channel strip 
plug-ins and synth sounds.   
 
Also introduced at this show, the AudioFuse 8Pre is a 16-channel interface with 
eight mic preamps and eight channels of ADAT optical I/O. They call it “dual 
mode” since its mic preamps can be routed directly to the ADAT optical output for 
use as an expander for interfaces with ADAT optical inputs (like the AudioFuse 
Studio).  
 

 
 
It’s more straightforward than the Studio, but with the same signal quality. The 
rear panel has XLR combo jacks for the eight mic/line inputs. Inputs 1 and 2 
include instrument inputs, have balanced inserts, and are paralleled on the front 
panel. Each of the eight analog inputs has its own phantom power and polarity 
reverse switch as well as a gain range button and LED level meter. A clever 
mounting arrangement allows the rack ears to be turned around and used as 
front feet for tabletop use. Like the Studio, computer connection is via USB-C, 
with USB 2.0 compatibility. 
 
Both of these are expected to be available by Spring, a grand for the Studio and 
800 bucks for the preamp/interface. 
https://www.arturia.com/products/audio/audiofuse-studio/overview 
https://www.arturia.com/products/audio/audiofuse-8pre/overview 
 
 
Seems like this year there was a flock of recording interfaces that don’t just 
include an instrument DI input, they’re tailored for guitar recording and if there’s a 
mic input at all, it’s secondary, although that doesn’t mean it’s not one of decent 
quality. Let’s start with the smallest one and work upward. 



 
The Gigatone GT-1 is a USB-C interface (USB 2.0 
compatible) built into a ¼” phone plug. Plug one 
end into your instrument (or anything else with a 
¼” output jack), connect the other end into a 
computer or mobile device, and you’re ready to 
record. It even has a mini jack for headphone 
monitoring. Recording is mono, 24-bit with sample 
rates up to 192 kHz. Playback is stereo. It’s still 
under development so current specs don’t necessarily mean what it really does, 
but they’re claiming “ultra low” latency and 3 megohm input impedance. I’m not 
sure about the 5 kΩ output impedance – that isn’t so good for driving 
headphones, and their 100 dB THD+noise spec is kind of suspicious (hopefully at 
least it’s a negative value) but it’s really cute and feels well made. There’s 
probably an application to go along with it since it has programmable gain and no 
visible controls.  
https://www.gigatone.com/ 
 
 
Console manufacturer Audient has had a line of computer audio interface 
products for several years now. This year’s new one is called Sono, and it’s 
priority is guitar recording. It even has a guitar amplifier look. There’s a 12AX7 
tube at the front end for real overdrive distortion, three band tone controls and a 
back end of DSP-based amplifier, speaker, and cabinet emulation from Two 

Notes Audio Engineering. You 
can save three setups as 
presets and select among them 
from the front panel.   
 
Not to leave the singing or 
acoustic guitarist behind, there 
are two mic/line inputs on the 
rear, each with its own phantom 
power switch. Input 1 is shared 
with the front panel high 
impedance DI input, and a 
button routes it either through 

the tube or direct to the FET input stage. There’s a pair of jacks for left and right 
output plus a headphone output, each with its own volume control, and an 
input/playback mix control for true zero latency input monitoring while recording. 
A 5-step LED meter helps you to keep an eye on your record level. An ADAT 
optical input allows for eight additional inputs from an A/D converter with ADAT 
output. As seems to be the trend here, the computer connection is via USB-C. 
https://audient.com/products/audio-interfaces/sono/overview/ 
 
 



IK Multimedia also introduced a new guitar-centric interface, the AXE I/O. It 
shares a lot of functionality with the Audient Sono, but each has its own special 
features. The AXE I/O is a 2-input, 5-output plus MIDI interface. There are two 
Mic/Line rear panel inputs on XLR Combo connectors that are shared with the 
two front panel instrument DI inputs. The DI inputs have their own electronics, 
which replace the mic preamp when switched to instrument input.  
 

 
The DI input for channel 1 offers some slightly mysterious front-end juju called Z-
Tone, suggesting variable input impedance and going from Sharp to Bold, plus 
Active/Passive and JFET/PURE switches that select between two different input 
stage topologies. These offer different dynamic characteristics for your 
preferences in input distortion, with the FET input stage offering some color and 
the PURE stage being clean.  
 
A single phantom power switch serves both mic inputs, there’s an input/DAW mix 
control, independent volume controls for headphones and monitor speakers, and 
a fifth output designed to connect to an instrument amplifier for re-amping or 
recording a real amplifier and cabinet in a room. There’s a tuner, and the Preset 
knob selects from a palette of Amplitube effects without having to open another 
window on the computer.  
 
The AXE I/O is closely integrated with IK’s Amplitube family of effects and 
amplifier simulation, and a copy with a healthy library of simulations is included 
with the interface. The USB connection is USB 2.0 with an old school clunky 
USB-B socket. MIDI In and Out are on conventional 5-pin sockets.  
https://www.ikmultimedia.com/products/axeio/index.php?p=info 
 
 
The Boss Waza Tube Amp Expander is more of an amplifier accessory than a 
recording interface, but it does offer a USB recording output, so I thought I’d put it 
here before moving on to the next product category. There are bushels of pedals 
that will provide the sound coloration of an overdriven amplifier input stage, but 
that’s only half the sound character of a tube guitar amplifier. The way that the 
output tube or tubes interact with the non-linearity of the output transformer and 
the load of the speaker reflected back through it produces a different kind of 
distortion that’s difficult to achieve, even with modeling. Since you can’t always 
crank your amplifier up to eleven to get that desired tone, one solution has been 



to replace the speaker with a dummy load and taking a line level output from the 
load resistor. That solves part of the problem, but a speaker load isn’t purely 
resistive.  
 

What the Waza Tube Amp Expander does is provides a reactive load to the 
amplifier (150 watts maximum, please) to look, electrically, more like a real 
speaker. I haven’t had the opportunity to take one apart yet (now they probably 
won’t let me) but I suspect that there are some inductors and capacitors in there 
that are switched in series and/or parallel with a resistor that soaks up most of 
the power. Since no two speaker + transformer combinations are alike, two four-
position switches allow you to tweak the reactive components, giving you a 
choice of 16 different speaker loads. Pick what you like, and for a different sound, 
pick another combination. You won’t blow anything up. 
 
The Tube Amp Expander is more than just a power soak, however. In order to 
have something to listen to, there’s a clean 100 watt amplifier built in for driving a 
speaker – maybe even the one in the cabinet of your favorite amplifier – with the 
signal after you’ve mangled it by cranking your own amplifier, processing that 
signal with the built-in effects and equalization, and then using the Speaker Out 
control for a sensible (or non-sensible) listening volume. Ten different preset 
combinations of effects and settings can be saved and recalled at the turn of a 
knob. There’s even an effects loop for connecting your favorite pedals, and foot 
switch and MIDI inputs for real time control of the internal processors.  
 
There are enough possibilities here so that it can be used in live performance, 
just sitting on top of your amplifier and connected in line with the speaker. You 
can get a reasonable stage volume and send it to the house PA. You can 
practice with headphones while the rest of the house is sleeping, or you can 
record your cranked amplifier tone in the studio.  
https://www.boss.info/us/products/waza_tube_amp_expander 



 
Recorders and Recording Devices 
 

Last year, CEntrance introduced the 
MixerFace R4, a four-input USB recording 
interface with a built-in mixer. This year 
they’ve enhanced the product line, adding a 
pair of mics that plug directly into the XLR 
connectors on the mixer chassis. They 
swivel so that they can both be pointed 
inward and function as an X-Y stereo mic 
pair or outward for aiming one at an 
interviewer and the other at the subject. It 
can record simultaneously to a micro SD 

card and to a computer or phone connected to the USB output. So now you can 
get a full-out handheld stereo recorder with an additional pair of line inputs and 
USB output for backup. They don’t have any info on the mic bundle just yet, but 
watch this space: 
http://www.centrance.com/products/mixerface_r4/ 
 
 
News from TASCAM is that they’ve updated three of their popular handheld 
recorders. The DR-05, -07, and –40 have added an X to their model numbers 
and they can now function as a USB interface. Another new function with the “X” 
models is the inclusion of an “Overwrite” function that allows you to do a punch-in 
on a recorded file. There may be more, but remember, if you’re an owner of one 
of the original models (I’ve had a DR-40 for years), this is a new model, not a 
firmware update . . . sigh. Info on the new versions is at: 
https://tascam.jp/us/category/Handheld_and_Field_Recorders 
 
 
The new Zoom H3-VR is a quick and easy introduction to surround recording. I 
think it’s been around for several months (the manual’s copyright date is 2018) 
but since watching virtual reality video always makes me seasick, I never paid 
much mind to the surround or Ambisonic recording that goes along with it other 
than some idle curiosity, so this is the first show where I’ve taken notice of this 
new Zoom recorder.  
 
Its cone shape is rather striking, but it’s practical since it keeps the recorder body 
out of the way of the tetrahedral array of four mics at the top. Recording with it is 
as simple as with any handheld recorder – just push the button and go. It offers 
three primary recording modes – Ambisonic, Binaural, and just plain old Stereo. It 
solves one of the previously complex and, at one time, expensive problems with 
Ambisonic recording, that of encoding the raw recordings from the four 
microphones (A-Format) into B-Format, which can then be played using an 
Ambisonic player. The H3-VR can do this internally as a file export function. 



Since surround audio is often paired with video, 
the H3-VR is accommodating, offering several 
options for mounting, and providing a level check 
and slate tone to the camera’s audio input. A 
clever orientation sensor detects which way is up 
regardless of how you have the recorder oriented, 
which can be very convenient when attached to a 
camera. Recording is to a Micro SD card. 
Recording file format is 24-bit, 44.1 to 96 kHz 
except that oddly when using Binarual mode, it 
appears (according to the spec sheet) to only go 
up to 48 kHz.  
 
For remote control, which, in a 360° video, could 
be important if you want to keep out of the shot, 
there’s an optional Bluetooth adapter. An iOS app 
offers remote control of the transport, level 
adjustments (there are on-screen meters), and 
text notes can be entered as metadata in the 
recorded file. It looks like Zoom did a really good job of making what used to be 
complicated simple and straightforward. I’m not ready to go skydiving with one, 
but it might be fun to make some casual Ambisonic recordings of an orchestra or 
small jazz combo.  
https://www.zoom-na.com/products/field-video-recording/field-recording/zoom-
h3-vr-handy-recorder#overview 
 
 
Mixers, Consoles, and Control Surfaces 
 
Universal Audio always has a little fun at their booth. This year, to tout show off 

the custom shop where they build all of 
their hand-wired products, they had a faux 
Wild West setup with this museum display 
of a hand built console from the workshop 
of Reginald Longhorn Putnam III. Smoke 
would rise from it periodically. Across the 

booth was a real custom shop console 
built from newly manufactured BC610 



modules. They also had their “comparitorium” where you could listen to their 
UAD plug-ins side-by-side with the real preamps and signal processors. Ox, 
Their amp-top box, is now shipping and the full range of the new Apollo X 
interfaces were up and running. 
https://www.uaudio.com/ 
 
 
Now for some consoles that you can buy, if you have the money: 
 
The Trident 68 is the latest in Trident’s line of Series 80-based recording 
consoles. It’s all analog, of course, and is available in 16- or 24-channel sized. 
It’s modular to the extent that each input, subgroup, and master has its own 
circuit board, but they’re mounted in buckets of eight to save some assembly 
cost. Another cost-saving measure is that inputs and outputs are electronically 
balanced, with no transformer options. Nearly all connections are on DB-25 
connectors, with the only XLRs being for master and monitor outputs. It’s an in-
line design with a monitor volume and pan on each channel strip. There’s a 
three-band EQ with sweepable high and low shelving bands, a sweepable mid 
band with wide or narrow Q, and a steep (18 dB/octave) 50 Hz low cut filter. 

 
One of the things that 
differentiate a recording 
console from a general 
purpose console is that 
each channel has 
independent mic, line 
level, and recorder return 

(monitor) inputs. This allows you to have everything you need connected to the 
console at all times – no need to unplug a mic to connect a line level source, and 
no need to re-patch to route your multitrack recorder playback into the console 
for mixing. One thing you won’t find here is a computer connection with channel 
direct outputs and playback inputs. They’re on D-subs, as are insert sends and 
returns. Here, your patch bay is where you plug in your plug-ins. It will work 
nicely in conjunction with a computer DAW, bringing the advantages of the 
analog hands-on workflow and analog summing to the table, or it will be happy 
along side of your lovingly restored Ampex, MCI, Otari, or Studer 24-track.  
http://tridentaudiodevelopments.com/trident-68-console/ 
 
 
The API Box console grew six inches wider in the five years that it’s been 
around. To review, the original Box consisted of a 16-channel mix/monitor 
section, a master section, and a four-channel input section with a mic preamp, 
auxiliary sends, output assign switches, fader, pan pot, and a 500-series slot with 
two channels factory-populated with an API 550A equalizer. The new version, 
with some minor tweaks, has the same master and monitor section, with the 
addition of short LED meters on the monitor channels. The input section now has 



eight channels and two 500-
series slots per channel. To 
keep the price in the same 
ballpark as the original model 
(around $16.8k), in exchange 
for four more preamps and 
faders, the 500-series slots 
are empty from the factory. If 
you already own some 
modules, you can move them 
to the Box, or if you’re starting from scratch, you can customize it however you 
want. The extra slot per channel lets you have both EQ and dynamics without 
going outboard. 
https://www.apiaudio.com/product.php?id=153&p=1 
 
 
Following in the footsteps of the API Box, we have the Tree Audio Roots 500. 
Tree’s thing is tubes, and this 8-channel console’s inputs (mic, line, and DI) are 

all tube design with input 
transformers. The basic console 
includes stereo main bus, four group 
buses, four auxiliary sends, and an 
8-channel monitor return section 
which, for mixdown, can be 
combined with the inputs to mix 
sixteen channels. Each channel has 
two 500-series slots to complete the 
channel strip, though it’s not clear for 
the near-$50k price what modules it 
comes stuffed with, if any. There’s a 
fully featured master section with 

talkback, speaker selection, speaker and headphone level controls, EQ and 
compression from Inward Connections, and three stereo auxiliary returns. It’s big, 
heavy, and expensive – everything you’d want in a console. No specific data on 
the web site yet, but I’m sure it will be coming soon. 
https://www.treeaudio.com 
 
 
Signal Processors and Effects 
 
McDSP is known for their software processing plug-ins, though they surprised us 
with a piece of hardware, the APB-16 16-channel programmable analog 
processor. They didn’t let out much detail, but what it seems to be is generic 
digitally controlled analog circuitry that creates a hardware version of whatever 
the software tells it to be. If you want a compressor, you load the right software 
and it becomes a compressor. The same group of components can be an 



equalizer or a delay, or a reverb, or some things that only a software designer 
can think of, depending on the data it receives. In essence, through software, it 
creates an analog model of the digital model from real capacitors, resistors, 
amplifiers, and maybe an inductor or two. And modeling a piece of analog 
hardware is what created the software that configures the analog model. What 
goes around comes around.  
 

Functionally, it works like a DAW 
plug-in – open the plug-in, pick 
what process you want, and then 
all you need to do is patch the 
APB-16 channel’s analog input 
and output to wherever it needs 
to go to get the signal you want to 
process through it. It could be 
between the output of a mic 
preamp and the input of an A/D 
converter, or you might set up a 

send/return loop on a DAW track and connect the APB-16 through your interface. 
There’s not much info yet about what functions will be available of how much it 
will cost, only the hint that it will be less expensive than owning sixteen high 
quality hardware signal processors.  
https://www.mcdsp.com/apb-16/ 
 
 
I got lost among the violin section of the show while looking for some geared 
ukulele tuning pegs that I thought I might be able to use on my 1860s gut strung 
banjo. I found two possibilities, but along the way stumbled across the vsound 2 
electric violin processor from Signal Wizard 
Systems. If you know electric violins, you 
know that either they sound like an electric 
violin or they sound like crap. The vsound 2 
is for the violinist who wants his electric 
violin to sound more like a real violin. It’s 
about the size of a mid-sized stomp box, 
and in fact has a couple of stompable 
buttons on it – one is a bypass, the other 
scrolls through the stored sounds. It doesn’t 
make a silk purse out of a sow’s ear, more 
like a nylon purse. I wouldn’t play an 
orchestral concert with it (if I could), but I 
think that jazz or country fiddlers who need to electrify to get sufficient stage 
volume would like what it does. And, although I didn’t see it on the box, there’s a 
control to blend in some of the original pickup sound if you want some scratchy 
buzz in your tone.  
 



It works on the principle of impulse response modeling – they’ve created 
responses for about a dozen fiddles from well known makers. They’re loaded into 
on-board memory so there’s no need for a computer connection other than to 
load new impulses or tweak the tone of a model using the spectral editor in its 
companion control application. They had a solid fiddle at the show, a Yamaha, I 
think, but said that it will work with a conventional violin with a pickup as well, 
though it doesn’t supply phantom power.    
http://www.signalwizardsystems.com/products/vsound 
 
 
Software, Plug-ins, and Apps 
 
There are so many of these things nowadays that I tend to whiz by them, but 
here are a couple that I thought were interesting or simple enough so they might 
just turn out to be go-to tools.  
 
Silo Sound Labs is a new company that has a connection with console builder 

Trident. They presently have two products, 
software plug-in versions of the Trident 80B 
and Trident CB9066 equalizers. They carry the 
Trident logo and shared a booth with Trident, 
so they must have really nailed it. The graphics 

of the 80B is styled like a 500-series module on its side, while the CB9066 
follows the styling of the original rack mounted equalizer.  
http://www.silosoundlabs.com/store/c2/vintage-series 
 
ERA Bundle 3 from Accusonus is a bundled set of 
restoration tools, a Noise Remover, Reverb Remover, De-
Esser, Plosive remover, De-Clipper, and Voice Leveler. 
These are all one-knob tools, which means you won’t spend 
a lot of time fussing over a problem. They won’t do 
everything a program costing five times as much, but they 
might be just as effective on some problems. The basic 
version is $149, and the Pro version for $499 adds one more 
de-noise and de-reverb plug-in that has lots of knobs and 
lets you dig in deeper.  
https://accusonus.com/products/audio-repair/era-bundle-standard 
 
 
Instruments and Things 
 
For starters, I’ll tell you that analog synthesizers are here again. There was a 
fairly large section, as there was last year, filled with analog synth specialists. 
Among the majors, Moog is going strong, Korg has a couple, and while they 
weren’t at the show, during the show, Behringer had an open house at their place 
in Chatsworth where they displayed several new synths including one with a real 



patch bay. If you love beautiful guitars and odd guitars, I urge you to seek out all 
the pictures of the show’s display on the web. I can’t do them justice and the ‘net 
is full of them by now. But here are a couple of things that tickled my interest: 
 
The Synclavier was a sound designers dream when it first came on the scene in 
1979. New England Digital eventually dropped out of the race when less 
sophisticated but less expensive synths came along, but the intellectual property 
remained in the hands of one of the original developers, Cameron Jones, who 
continued to provide updates for a while, came up with a MacOS version, and 
later on, as Synclavier Digital, partnered with Arturia for the Synclavier V. That, 
along with the Mac development, led to the iOS version introduced at this show. 
It runs on an iPad or even an iPhone, using an external keyboard or an on-
screen keyboard.  
 
The user interface is essentially 
identical to that of the hardware 
keyboard of the 1980s, but what’s to 
drool over (assuming you’re the type 
to drool over the Synclavier at all) is 
that Cameron found that the code for 
making the sounds wasn’t difficult to 
port over to an iOS application, so the 
sounds you get from the version that 
costs $20 at the App Store are 
identical to the original sounds. The 
one thing that’s missing, or rather replaced by on-screen sliders, is the big 
spring-loaded knob, and Synclavier has a hardware solution for that – at $400, 
you’ll have to be a diehard Synclavier player, but you can have a lot of fun and 
get the real vintage sounds for twenty bucks.  
https://www.synclavier.com/ 
 
 
The BeatBox – Is it a toy? Is it an educational tool? Is it a musical instrument? I 

wasn’t sure where to put it in this report, but I think 
that musical instrument wins. It’s a MIDI pad 
control surface that triggers samples, but, darn if 
it’s not clever in many ways. First off, it comes as 
a build-it-yourself kit with all the electronics 
already built, and all the wiring plugs in so there’s 
no soldering involved. Second, its case and 
chassis is a cardboard box, pre-punched for easy 
assembly. Third, since they know nobody’s going 
to be impressed with drum sounds coming from a 
phone (they have a mobile device app with 



samples and a sequencer), they built speakers into the 
box and a power amplifier to drive them. The setup is 
that you connect the pads to the computer or phone via 
USB, then return audio to the box’s amplifier through a 
standard audio cable.  
 
And lastly, while it’s dead simple to assemble, if they 
were to create a kid-friendly version of the instructions 
with, perhaps some explanation of what the parts are, 
how they work, and a side trip to demonstrations along 
the way to the fully assembled unit, it could be a good 
learning tool. When I saw it, I thought about the 
BOSEbuild kit that I saw at last year’s NAMM show. 
Laugh if you want, but give one to a seven year old kid 
as a birthday present and stand back! 
https://www.beatboxinstruments.com/ 
 
 

Finally, here’s a real musical instrument. The 
Ciari Ascender travel guitar is good playing 
electric guitar that folds in half to backpack size 
for travel. What appealed to me about it is the 
elegance and precision of the mechanism that 
releases tension on the 
strings, but not fully, so 
they don’t slip off and 
get tangled, then un-

pins the neck, allowing it to fold back against the back of 
the guitar. The latching mechanism is quite complex, but 
operates simply with a single lever. There’s a lot of 
mechanical engineering in here, and the good part is that 
it doesn’t seem to hurt the guitar as an instrument. It’s 
probably not applicable technology when it comes to 
acoustic guitars, and not everyone needs one, but I 
thought it was really slick.  
https://ciariguitars.com/ 
 
 
 
 
 
Other Stuff – Useful or Not  
 
Here’s the obligatory sound control product – The AirHush inflatable modular 
sound barrier. This isn’t an absorber or trap, its goal is to block sound 
transmission. Conventionally, mass is what blocks sound – bricks, concrete-filled 



wallboard, lead, and such. Their patented technology, roughly, uses dead air in 
place of mass, and covers it with a thin barrier material. It comes as about 2 foot 
square modules. When inflated, they’re about four inches thick, collapsing to 
about an inch thick when deflated. You pump them up with an air compressor. 

The modules are an “air sandwich” 
supported by an aluminum frame on 
each side. The pieces lock together, 
so you can build what you want 
where and when you need it, then 
take it apart and build something 
else.  
 
The room-sized iso booth and 
amplifier isolation box set up at the 

Trans Audio Group booth were remarkably effective. I can see these as being 
really useful for remote recording projects where you’d like to have better 
isolation between sources than moving blankets draped over mic stand booms 
(been there, done that). And they’re probably good for studio use as well.  
http://airhush.com/ 
https://www.transaudiogroup.com/brand/airhush/ 
 
 
Sound Tools showed a new mic cable tester. Similar to other brands, it consists 
of two parts, the testing part with indicator LEDs and a terminator that goes on 
the opposite end of the cable. The thing that makes this one unique (as far as I 
know, anyway) is that power is in the termination end rather than the tester end, 
and the tester can be phantom powered. The beauty of this arrangement is that 
you can plug your snake or mic cables into the mixing console, switch the 

phantom power on, and just walk through the mic ends of 
the cables with the tester to assure that the cable is OK.  
 
There are three LEDs on the tester end, and by the 
combination of what’s lit and what color, every possible 
cable fault can be diagnosed – open signal leads, open 
shield, swapped pairs, shorts between anything – a total of 
9 combinations. I’d like to see a simple mode that just tells 
me that the cable is correct or it isn’t. If it’s not right, I want 
to replace it, then I can diagnose the problem on the bench 
or, if it’s a cheap cable, throw it away. But other than that 
wish, I think this is a pretty slick version of a tool that I use 

just about every time I do a live sound gig.  
http://soundtools.com/products/sniffersender/xlr.php 
 
 
Do you spill beer on your guitar cables? Maybe not. Drag them through the mud? 
Well, maybe, sometimes, on the way to the stage at that outdoor festival where it 



rained earlier in the day. JackCaps 
protect your ¼” phone plugs from dirt 
and liquids, and look and feel sturdy 
enough to protect them when run over 
by a stray fork lift. They’re nicely made – 
a compliant inner layer that forms a seal 
and a hard and tough outer layer. An 
integral strap with a loop that slips over 
the plug and stays put on the cable keeps the cable and cap together. I think that 
phone plugs are easy enough to wipe clean so that it’s not really a necessity. To 
make itself more useful, it should cover where the cable enters the plug, 
because, other than for molded-on plugs, that’s the part that needs to be 
disassembled to wipe out moisture. I’d like to see a version of these for XLR 
connectors, which are more difficult to clean when needed – and I told them so.  
http://jackcaps.com/jack-caps 
 
 
Soundmarker is a solution to the problem of having too many tracks and too 
many people who want to contribute to a mix. It’s a cloud-based system that 
allows all of those wannabe producers to listen to a project’s tracks, suggest 
specific changes (“the ‘love’ in this phrase needs more breathiness”) and send 
their wishes back to the mix engineer. To me, this seems like a solution to a 
problem that a well-organized project shouldn’t have, but knowing how so much 
music is produced nowadays, it might have some merit if used intelligently.  
 
The features seem to be well thought out. The producer or engineer can upload 
all of the tracks and designate who can work on which ones. The listener selects 
a track, hears the streamed playback, and can place markers within the track 
where he thinks it needs attention. He can attach his comments (which might be 
“use the other track instead,” and the engineer can view the comments. There’s a 
search capability so that he can find all the comments for a specific track, or 
comments about a specific place in a track. And then do whatever he chooses. If 
you choose to complicate your life this way, it might offer you a more organized 
way of dealing with the chaos.  
 
It’s a free on-line tool. Use it at your own risk.  
https://more.soundmarker.com/ 
 
 
 
End Rant 
 
You’ve probably read other show reports by now – I have, too – and most of 
them will tell you that this year’s show was the best in a long time. I’ll go along 
with that. Attendance was up from last year, likely due at least in part to the new 
General Admission that brought in interested folks who weren’t directly tied into 



the business of selling music products (other than their own music). Crowds 
didn’t seem to be any worse than in previous year – probably because I had no 
reason to pass through the sections where most of the celebrity selfie events 
were.  
 
While I got plenty of exercise walking the length of the Anaheim Convention 
Center several times each day, it wasn’t unpleasant. Having most of the audio 
gear concentrated in the north annex meant that there wasn’t a lot of background 
noise. Exhibitors still had demos and performances at their booths, but for the 
most part, they kept the level sensible. And there was a lot to see. After every 
show, including this one, a couple of days after I get home, I think I’m ready to go 
back and see more, but alas, that will have to wait another year.  
 
I’ve had a documentation problem for the past five years or so, and this year was 
no exception. Many exhibitors no longer bring literature along with them. Without 
a piece of paper to remind me of a booth I visited, by the time I get down to write 
this report, they just slip away. I’m sure that I saw some things I’d like to 
remember and that you’d be interested in, too, that aren’t here because I had 
nothing to remind me of them. I’ve tried taking notes on paper, and one year I 
tried recording “voice memos” on my phone, but nothing is as good as a cut 
sheet or catalog page on which I can make a few notes.  
 
For a few years, some handed out a press kit on a USB thumb drive, but those 
were pretty scarce this year. Sometimes all I would leave a booth with was a 
business card. I’d try to jot down the name of the product on the card so I could 
look it up on the Web to get the details I didn’t remember, but why do so many 
people have black business cards front and back? And often the person I’m 
talking with, and whose card I have, is a rep and has his firm’s name on it with no 
mention of the product he’s there to represent. I know that some of the exhibitors 
read this report. Please, folks, kill a tree or two, bring some literature for those 
who ask for it, and you and your potential customers will get a better report of 
what you’re peddling.  
 
I don’t have any feedback on how well the AES@NAMM program went. I 
attended a couple of sessions, one with Sylvia Massy that was quite well 
attended, another about condenser mics that was rather sparsely attended. I had 
a few of the NAMM TEC sessions on my calendar but only made it to one, which 
was a big disappointment. The topic was “Recording with Microtechnology.” I 
expected it would be about how musicians were using phones or handheld 
recorders creatively. The two panelists, when asked by the moderator how they 
worked, described very conventional DAW-based homes studios. When they 
finally got around to explaining how they used “microtechnology” it was about 
recording a pop-up song idea, usually when stuck in LA traffic, then attaching it to 
an e-mail that they sent to themselves, opened on their DAW computer, and 
dragged the file into the DAW. This was just one of a few examples I ran across 
where people were using a phone for something musically creative, that would 



be much simpler with other hardware – but it was what was available, so I guess 
it’s OK.  
 

A pleasant place to relax during the show 
was  the outdoor Arena Plaza where, 
among other performances throughout the 
days, William Close set up his Earth Harp 
and played a couple of sets. Look it up on 
the Web. He has an anchored chassis 
from which he strings long bronze strings 
that are tuned to the notes of the musical 
scale. In this case, the far end of the 
strings was tied to a balcony railing of the 
upper floor of the Convention Center. He 
travels around the world string up forests, 
canyons, mountains, and tall buildings, 
then performing a concert. It’s a 
fascinating sound. I checked out his gear 
and it’s relatively simple – important since 
he travels with his setup. There’s a metal 
pipe inside a wooden decorative case that 
serves as the bridge of the instrument. He 
plays by wiping longitudinally along the 

strings with rosin-coated gloves. It sounds a bit like a cello. There are a couple of 
SM57 mics in the tube and a pickup that I didn’t recognize. Some effect pedals 
are involved – delays and looping, mostly. You can hear a binaural recording him 
here at the show made by the Hooke Audio folks that I mentioned earlier in this 
report. Check it out: 
https://www.youtube.com/watch?v=QU1gTYkCEFA&feature=youtu.be 
 
And that’s all, folks. See you next show. 
 
 


