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The Audio Engineering Society returned to the Los Angeles Convention Center  
for the second recent year. There was plenty to see. As usual, I’ll be writing 
about what I found interesting, which I recognize leaves out a lot, but there are 
plenty of other on-line reports to fill in the holes.   
 
The format for this year’s report is, apologetically, somewhat more disorganized 
than pervious reports. Usually after I get home, I spread my collected literature all 
over the living room floor, sort it into piles by product category, and group all the 
microphones, signal processors, or software together. This year I was spending 
some time on the west coast after the show and didn’t have a living room floor to 
work from, and in addition, didn’t have a lot of literature to work from. In the 
interest in getting the report out, I just wrote about things as they came along. 
Bear with me.  Most of the photos are at fairly high resolution, so if you just zoom 
in on the PDF, you’ll see more detail.  
 
Now, on with the show: 
 
 

Samar Microphones brought two new mics to the show, one a stereo 
ribbon mic reminiscent of the B&O and Royer stereo mics, only this 
one has the two elements stacked much closer together than those 
other mics. This minimizes the phase difference between the two 
mics of the stereo pair. The other new mic is a single pattern cardioid 
condenser with a conically shaped “acoustic lens” above and below 
the capsule that’s intended to diffuse reflections inside the enclosure. 
There’s no further details as of yet and no pictures (I’m a lousy 
photographer) but there should be some info on line soon. 

http://www.samaraudiodesign.com/index.html 
 
 
Audio Technica introduced a new multi-purpose miniature 
cardioid condenser instrument clip-on mic system, the  ATM-
350a. Six different mounting configurations tailor it for brass, 
woodwinds, piano, strings, drums, and percussion. There are two 
“universal” clip-on goosenecks, 5-inch and 9-inch for general 
purpose instrument mounting, a 9” gooseneck with a magnetic 
piano mount intended to stick on a metal frame member, a 5” 



gooseneck with a drum mount, and also a 5” gooseneck with a woodwind 
mounting clip.  
 

The various mounts are supplied as kits including the mic and 
appropriate clips, with a Velcro tab for attaching the mic to a fiddle 
along the strings behind the tailpiece. There’s also a wireless version 
which, instead of an XLR, terminates in a miniature 4-pin connector 
designed to mate with the A-T Uni-Pack wireless body pack 
transmitter. The ATM-350a is capable of handling an SPL of up to 159 
dB gracefully, 10 dB better than its predecessor, the ATM-350.  

http://www.audio-technica.com/cms/wired_mics/8720e95d30fd6b0b/index.html 
 
A-T also announced a new US subsidiary company, Alteros, dedicated to high 
end touring wireless mic systems. About ten years ago, A-T started working on 
their SpectraPulse ultra wideband (UWB) system which bypassed the crowded 
allocated RF spectrum. The claim is that since the current version of this digital  
technology operates in a time-domain spread spectrum mode in the 6 gHz band, 
it won’t require a license. For how many years, I don’t know, nor do I fully 
understand the brief description of the RF and modulation system that I heard. 
However, it’s a major commitment for A-T, and they have plenty of experience to 
put the technology to work. The first product from the Alteros division should be 
available within the next few months. 
 
 
Tama (the drum manufacturer) introduced a new product line, Tama Iron Works, 

showing two new mic stands. From arm’s length, these look 
pretty much like the common K&M tripod base booms stands 
but with a few clever twists. The Iron Works Studio and Iron 
Works Tour are designed for studio and live work 
respectively, with the Tour model being a little more 
conventional and a little lighter, as well as being about 25% 
cheaper. The Studio model uses a stack 
of steel disks in the boom arm swivel 
locking assembly as opposed to the more 
common “rubber tire” friction washers 
used in the Studio model (as well as most 

other similar-appearing stands). The studio model has solid 
iron legs (rather than tubing) with vibration isolation tips, a cast 
zinc height adjustment collar, and a thumb nut rather than a 
thin knurled ring to secure the microphone clip to the end of 
the boom arm. 
http://www.tamamicstands.com/products/iron_works_studio/index.html 
 
 
Focusrite introduced the RED 8 Pre, an 8-channel version of their previously 
released RED 4 Pre. These are Focusrite’s top of the line preamps with digital 



gain control which can be operated locally from the front panel or remotely over 
Thunderbolt from the Focusrite Control software. The preamps include the “Air” 
effect, which emulates the sound of the transformer-input preamps in Focusrite’s 
ISA and original Red product range. When this effect is enabled, the input 
impedance is lowered and a subtle analog mid-high frequency boost is applied.  

 

Taking advantage of Avid’s un-bundling of Pro Tools HD software and hardware, 
Focusrite added dual DigiLink I/O for connecting the RED 8  directly to a Pro 
Tools HD system, complimenting the pair of Thunderbolt ports as used on the 
RED 4. In addition, there are two Ethernet ports to connect up to 32 Dante-
compatible channels in and out. Other I/O includes 16 analog line level inputs 
and outputs and 8 mic inputs on DB-25 connectors, a pair of ¼” balanced 
monitor outputs, coaxial S/PDIF in and out, and 16 channels of ADAT optical in 
and out. External word clock in and out plus a pair of BNC connectors for 
integrating with the Pro Tools I/O system. Just as a reminder, since the computer 
interface is Thunderbolt, this is, at least for now, a Mac-only product, but a nice 
one, it appears.  
https://us.focusrite.com/thunderbolt-audio-interfaces/red-8pre 
 
 
 
My nomination for Wackiest 
Appearing New Product this year is 
from Neat Microphones, no stranger 
to the wacky. The Beehive is a D/A 
converter and headphone amplifier 
built into a conical base in the 
traditional Neat yellow and black color 
scheme, with a tube in a clear plastic 
housing on top. It’s not clear where 
the tube appears in the circuit (I 
suspect between the output of the D/A 
converter and the solid state 
headphone amplifier state. They claim 
to use no capacitors in the output 
stage for lower distortion and lower 
source impedance driving the 
headphones. Inputs are digital via 
USB up to 24-bit 96 kHz sample rate plus analog RCA jacks and a stereo mini 
phone jack. Headphone stereo outputs are on ¼” and mini phone jacks. No 
literature yet, but no doubt coming soon. Neat, by the way, is a Gibson company, 



and Neat Microphones is a fairly new venture for Skipper Wise and Martens 
Saulespurens, formerly of Blue Microphones. 
http://www.neatmic.com/ 
 
 
RackFX is a new company with an interesting concept. They have collection of 
analog signal processing gear (this includes instrument amplifiers) that they’ve 
modified with motor drives to turn the knobs and solenoids to push the buttons. 

The concept is that, with the aid 
of an application that you run on 
your local computer, you select a 
processing device and its 
settings, then upload an audio file 
you want to have processed, 
along with a file that tells the 
motors and solenoids where to 
set the knobs and switches for 
your desired settings. They then 
play the file through the 
processor, digitize the processed 
output, and send the file back to 
you.  

 
Since it’s far from a real time process, it begs the question “how do I know how to 
set the knobs?” Their suggestion is to upload a short version of the file with some 
trial settings, listen to what comes back, and then tweak it if necessary before 
uploading the full file. My suggestion is to use a plug-in simulator of your desired 
processor, tweak the sound on your own computer so that you get the results 
you want, and then transfer those settings to the RackFX setup program. 
Perhaps the RackFX folks will take this step and either partner with a plug-in 
software developer or write something of their own and integrate it with their 
knob-setting application.  
 
Something that they didn’t mention when I talked with them at the booth (I 
discovered this reading over their brochure) is that they’re planning to develop 
this concept into a communal project, described by an old friend that I ran into in 
the hallway at the show as an “airbandbTM for Audio. You can virtually rent out 
put your analog gear by purchasing the hardware that twiddles the knobs and 
pushes the buttons, as well as the magic box that sends the settings to the 
device, install them on your own hardware, and, watch the money roll in as you 
process files that people send you through a referral service. That sounds a little 
spooky to me, but I imagine that for a serious gear junkie who has a lot of 
equipment that remains idle much of the time, it could be a way to feed the habit.  
https://rackfx.com 
 
 



Aston microphones from Great Britain entered the 
scene early this year and they’ve had many 
favorable reviews in the trade magazines already. 
This was their first US show and my first 
opportunity to see them up close. Their mics have 
some innovative design features that makes them 
stand out from the crowd in what seems to be a 
good way. There are currently two Aston models, 
Origin and Spirit. Both share a somewhat 
unconventional basket structure consisting of a knit 
metal mesh windscreen protected by a wave-
shaped outer protective grill. The grill structure is 
quite open, with the intent to reduce internal 
reflections while protecting the flexible windscreen 
so a little whack won’t leave a dent. The Origin is a 
transformerless dual-diaphragm single-pattern 
cardioid condenser mic while the Spirit is a three-
pattern (cardioid, omni, figure-8) mic with a custom 
output transformer. They’re in the low-mid price 
range, $250 for the Origin and $400 for the Spirit.  

 
Aston also showed the Halo, a reflection filter, which it 
seems, is becoming a popular class of studio 
accessory. While most of the commercial versions are 
essentially a sound absorbent corner to minimize 
reflections and leakage into the back side of the mic, 
Aston’s is rather semi-egg-shaped so it helps tame 
reflections from above and below the mic as well. It’s 
made of a compressed felt material that’s adequately 
stiff while being considerably lighter than the more 
conventional design employing sculptured foam on a 
solid backing. That’s the Spirit mounted in the Halo. 
http://www.astonmics.com/ 
 
 
Brahma Microphones from India, offers a series of surround-capable 
microphones just in time for the impending virtual reality revolution (look out, 
folks!). They offer two SoundfieldTM style mics consisting of four cardioid 
condenser capsules arranged in a tetrahedral array, with one model employing 
larger diameter capsules than the other. The four outputs are known, in the 
ambisonic world, as A-Format, and they can be captured on any four-track 
recorder. The files are then processed through software to time-correct them so 
the four mics appear to be exactly coincident.  
 
Further processing converts the files to B-format from which distance, height, and 
left-right position can be derived and varied. The following microphone patterns 

 

 



can be created: Omni, cardioid, hyper-cardioid, sub-
cardioid, super-cardioid, figure-8; as well as multiple 
combination patterns – Blumlein stereo, height-enabled 
Blumlein stereo, Mid/Side (cardioid and bi-directional), 
XY or two coincident cardioids crossing at any arbitrary 
angle, or an array of three hypercardioids facing forward 
and two cardioids facing rearward (for 5.1 surround). The 
B-format files can be create in the following playback 
formats – mono without phase cancellation, stereo, 
binaural, 4 and 6 sided array, 5.1 surround, 7.1 surround 
with height, 8 channel surround with height.  
 
Brahma also has developed an experimental “second 
order” version with eight capsules, but they have yet to 
fully develop a decoding algorithm that makes useful 
audio channels out of that combinations of mics.  For a 

ready-to-go Ambisonic recording system, Brahma offers a customized Zoom H2n 
handheld recorder with the Zoom mics (of which, conveniently, there are four) 
replaced by a tetrahedral array.  
http://embracecinema.com/gear/product-view.php?slug=brahma 
 
 
I’ve always kind of liked Dynaudio speakers, and, while they seem to 
have been pretty steady in the consumer market over the years, they 
seem to drift in and out of the pro audio market. This year they 
showed two new pro models. The LYD7a is new addition to their 
near field line, a powered desktop monitor with a 7” woofer. Also new 
is the M5P Evidence a “mastering” system consisting of a stack of 
two sets of 7” woofers at the top and bottom with a section in the 
middle containing two 5” mid-range drivers and two tweeters. This is 
an externally powered system with crossovers built into the speakers. 
They’re pretty proud (and a little secretive) about their crossover 
design, but it’s interesting that while it’s passive with no DSP 
involved, they’re able to keep things phase-accurate and well 
controlled.  
http://www.dynaudio.com/professional-audio/m-series/m5p/ 
 
  
Trident has added another medium-size analog recording console to their 
growing line. The Trident 88 that had been in development for a few years has 
been shipping for about a year now and is selling well for what’s become a bit of 
a niche product. In response to “It’s lovely but, price-wise, it’s just out of my 
reach” at this show they introduced the model 78 with a target price (yet to be 
finalized) of about 65% of the cost of a similarly-featured 88. The two models are 
quite similar in their basic design, 8 subgroups, 6 auxiliary sends, with each 
channel having separate mic, line, and recorder return inputs. A few differences 



between models have allowed them to 
shrink the manufacturing budget and still 
use the same quality components to 
deliver the quality that they want. 
Switches and pots are common to both, 
as is most of the internal circuitry. The 
88 has each channel strip as an 
individual module while the 78’s input 
channels are in a four-channel module. 
The 88 has the Trident 80C series four 
sweepable band equalizer while the 78 
has two swept mid-bands and switch-

selectable frequencies for the high and low bands, based on the Trident 80B 
series. The 78 has optional transformers for only the main outputs. Nearly all of 
the 78’s connections, including mic inputs, are on DB-25 connectors, which 
makes a substantial dent in the cost of the console. Both models use the same  
use the same meter bridge and overall styling. Shipping is aimed at the end of 
2016, so all the final details should be nailed down by the time of the next NAMM 
show.  
http://www.tridentaudiodevelopments.com/ 
 
 

 
It’s been a while since Sony has shown a new hand-held 
recorder, and now the time has arrived. The ICD-SX2000 
(where do they get these model numbers?) is a replacement 
for the PCM-M10, which has always been a favorite of mine. 
The new recorder features 16 GB of internal memory plus a 
slot for a micro-SD card. It records24-bit  PCM WAV files up 
to 96 kHz sample rate plus a few MP3 data rates. There’s a 
quick setting scene-based menu (loud concert, quiet concert, 
interview, nature sounds, etc.) as well as manual operation. It 
has Bluetooth connectivity and there’s a 
fairly comprehensive remote control app 
which offers a clear and responsive 
record level meter, record level 
adjustment, the standard transport 
controls, and access to a number of 
settings such as low cut filter and limiter. 

The remote app (iOS and Android) is similar to the one 
TASCAM provides for their WL series recorders, with the 
exception that the Sony Bluetooth app doesn’t stream  audio 
playback. That’s a feature I’ve found handy on occasion 
when using my TASCAM DR-44WL when the recorder is out 
of reach and I want to verify that it’s in a reasonable position 
for a balanced pickup.  



 
There’s nothing “pro” about the recorder’s I/O – both the headphone/line output 
and microphone input connections are on stereo mini jacks, so of course there’s 
no phantom power, though most likely a few volts “plug-in power” is available for 
semi-pro condenser mics with an unbalanced output. There’s a pair of built-in 
microphones, of course, that latch in three positions, semi-X-Y (mics pointed 
crosswise), semi-ORTF (mics pointing outward) and “zoom” (mics straight ahead 
for recording close to small groups. Power is from an internal rechargeable 
lithium-ion battery only, with a pop-out USB-A plug for charging and file transfer 
to and from a computer. Expected street price is around $250, and it comes in 
your choice of black or red. Sony calls it a “Voice recorder” which a bit off-putting 
considering its high resolution performance, but in the US it will be sold through 
the pro audio and MI channels. The best web site for more info at this time is: 
http://www.sony-asia.com/electronics/voice-recorders/icd-sx2000 
 

 
MXL previewed a new dynamic mic, the DX-2, intended for 
recording instruments, more specifically, guitars. It contains 
two separate elements, a wide cardioid and a supercardioid 
mounted in close proximity. The two mics are summed 
proportionally through a “balance” control and sent to a 
single XLR output. The grill is flat on the front side so the 
mics can be placed very close to the source for a low end 
proximity effect boost. One suggested application as shown 
in the photo here is with the flat side of the mic practically 
resting on the grill of a guitar amplifier. Looking at the on-
axis frequency response curves of the two mics, it appears 

that the main difference is around 7 kHz range, where the cardioid has about a 
2 dB dip and the supercardioid has about a 2 dB peak. On the low end, the 
supercardioid has a dip around 80 Hz where the cardioid rolls off fairly smoothly 
from 200 Hz on down, which I expect would be flattened out somewhat due to 
proximity effect (the plots they show had no indication as to distance where they 
were measured). Personally, in listening to their demo, I thought that it sounded 
best with one mic or the other and the blend tended to muddy things up, but it’s 
just another tool which might work just right sometimes.   
http://www.mxlmics.com/microphones/studio/DX-2/ 
 
 
API showed their new TranZformer line, a pair of 
instrument preamps in a foot pedal configuration, one 
optimized for guitar and the other for bass. Beyond 
the conventional DI function, these provide gain 
control, a compressor based on the API 525, and a 3-
band equalizer with ranges appropriate for its 
specified instrument. The input is unbalanced with an 
impedance greater than 500 kΩ. Two outputs are 



provided, one unbalanced at 7.5 kΩ for connection to an instrument amplifier and 
the other transformer balanced line level on an XLR. A polarity switch inverts the 
polarity of both outputs. Typical of API, these have a huge amount of headroom 
with a maximum output level before clipping of +27 dBu at the XLR output. 
http://apiaudio.com/product.php?id=142  (guitar) 
http://apiaudio.com/product.php?id=143  (bass) 
 
 

Empirical Labs showed a new plug-in version of their popular 
Distressor dynamics processor. Performance accurately matches 
the hardware unit, and throughput latency is very close to zero so 
it can be used in real time when tracking. This is a bit of a teaser 
since it won’t actually be officially introduced until the Winter 
NAMM show. It was interesting to learn, when chatting with 
designer Dave Derr, that, while the hardware design was 
tweaked by listening, he had to suss out some non-linearities 
present in the hardware that made it sound right and that had to 
be specifically modeled in software in order to duplicate the 
performance as accurately as he wanted.  

http://www.empiricallabs.com/software.html  (no real news here yet, stay tuned) 
 
 
TASCAM has once again updated their top of the line handleld recorder for the 
Hi-Rez crowd. The DR-100mkIII has new converters and updated mic preamps 
with sample rates up to 192 kHz. The updated model uses dual A/D converters 
which can be operated in a “tandem” mode, increasing the S/N ratio of the 
recording (the file) to 109 dB. This model seems to get a fair amount of use in 
applications where SPL is very low such as environmental recording, so there’s 
some benefit to being able to resolve lower level signals in the recording so 
there’s more there to amplify digitally in post-production. Power is from a built-in 
rechargeable battery with alternate powering from AA cells that (as long as 
there’s still juice in the internal battery) can be hot-swapped for extended 
uninterrupted recording. The mic housing assembly has also been modified for 
improved pattern control and shock resistance.  
http://tascam.com/product/DR-100mkIII/ 
 
TASCAM also added a new model to their DR-10 line 
of ultra compact recorders with dedicated special 
purpose microphones. The DR-10L includes a 
miniature clip-on lavalier mic which connects via a 
screw-on secure 1/8” plug to the tiny belt-pack 
recorder. The target application is for on-talent 
recording for video production. A good potential 
application is to put one on all of the principals in a 
wedding party to assure good audio no matter who’s 
speaking. Safety features shared across this product 



line are such things as a limiter, dual-recording with one file recorded 12 dB 
lower than the other to catch unexpected level increases, automatic file saving 
before the battery runs down (a single AAA battery powers it for 10 hours), and 
automatic level control. There’s a built-in real time clock for recording time-
stamped broadcast wave files. 
http://tascam.com/product/dr-10l 
  
A couple of years back, Audionamix introduced Trax, a program that could, with 
a little coaxing from the user, extract a vocal part from a mix, giving you a fresh 
track that was mostly vocal. This relatively clean (it’s not perfect) track can then 
be processed as needed – tuned, equalized, changed in volume, had dirty words 
bleeped out, or whatever you needed to do with it to make the song better. Then 
you’d remove the extracted vocal content from the mix, replace it with your 
enhanced track, and hopefully you have a better mix than when you started.  
At this show, they previewed SVC, a similar program that’s optimized for speech. 
A simple user interface provides slider which, after the speech separation 
process is run, allows the level of the speech and background to be adjusted 
over a range of –12 to +12 dB. It appears to be most useful for dialog 
enhancement or restoration. Adjustable sliders with presets optimize speech 
recognition for male or female, adult or child voices.  
http://audionamix.com/adx_svc_coming_soon/ 
 
 
The AES convention isn’t just a trade show, there’s an active technical program. 
One of the more interesting parts is the Product Development track. Usually 
there are several speakers talking about how a particular product or product 
class moves from design to implementation. This year’s track included a new 
approach to the overall program, a super session entitled “Develop a Killer Audio 
Product in One Day.” The day-long series of events, presented by a team of 
product developers with, each one discussing technology and best practices in 
specific areas of product management, user experience, industrial design, 
acoustic design voice processing, testing, and manufacturing, including parts 
sourcing. During this session, the team worked together in real time, interacting 
with the audience, to develop an actual product, tentatively named Speak2me, a 
voice-recognition system. I didn’t spend the whole day there, but popped in from 
time to time to see how they were getting along. There was a bit of play acting 
involved in that a fair amount of actual development went on prior to the 
sessions, and what we saw and heard was an interactive presentation of the 
processes involved in each phase of product development. A couple of hours 
was devoted to demonstration and test after the design-and-prototype phase was 
completed.  
 
I attended a session on restoration and archiving during which panelists 
discussed various aspects of what to do with worthwhile collections of 
recordings, films, photographs, and other memorabilia that haven’t been 
catalogued or formally preserved. There’s work here for experienced engineers 



and technicians, but the trick is to get the collectors, the engineers, and the 
funding resources together. Some of the participants on the panel were 
producers of commercial releases of historical material (Dust To Digital, for 
example), others were technologists, most were some of each. An important 
point driven home by all was that a collection isn’t just something you hand over 
to the Smithsonian or the Library of Congress, it needs to be actively managed. 
University libraries, it seems, are good prospects because there’s something in it 
for them in that it gives students access to the material. Jamie Howarth (Plangent 
Process) drove home the point that we’re running out of working hardware 
capable of playing the multitude of recording formats, and, more important, there 
are only a handful of highly experienced people to repair and maintain the 
hardware since contemporary schools only teach what people are using now. 
 
I’m not much of a party-goer at these shows, but I want to give a special thanks 
to  Empirical Labs, Wave Distribution, and Soundtoys, who hosted what was 
probably the best after-show party I can remember in the 35+ years I’ve been 
attending AES conventions. Held at the classic United Recording studio in 
Hollywood, this event celebrated 
the 20th anniversary of the 
Eventide H3000, in which folks 
from each of those companies 
were working on the H3000 at 
Eventide. Outrageously good 
food catered by Gastro Garage 
who prepared slider-sized open 
faced sandwiches with the help 
of blowtorches. It was quite a 
spectacle. Good and interesting 
music, not too loud, and great 
folks.  
 
  
That’s the rundown for this year. The next US convention will be in New York, 
October 18-21. See you there. 
 
 
 
 
 


