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The Audio Engineering Society returned to the Jacob Javits Center in New York 
for the umpteenth year. With over 17,000 advance registrations a few days 
before the start of the show, this was one of the more upbeat shows in recent 
years. The tech sessions on Thursday were quite busy, and Friday morning at 
opening time, the lobby was crowded and within an hour the aisles were jammed. 
The show floor was pretty compact, though there were more exhibitors than last 
year, with most of them simply taking smaller booths. 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.   
 
 
Technical Sessions and Tutorials 
 
While we all go to the AES show to look at the new gadgets, there’s an active 
technical program with papers, workshops, tutorial sessions, and two all-day 
multi-topic workshops, the Project Studio Expo and Live Sound Expo. In recent 
years, the first day of the four-day convention has been devoted entirely to 
technical sessions. This is good for me as I always have a few tech sessions on 
my calendar that I miss because I’m walking the show floor and lose track of the 
time. Here are highlights from a few that I attended.  
 
Microphones – Can You Hear The Specs? – There are a lot of specifications 
published for microphones, but there are many important characteristics that are 
useful in deciding which microphone to use, but which aren’t often readily 
available. Representatives from Neumann, Schoeps, and Josephson discussed 
the details of measurement, interpretation, and presentation (or not) of such 
specifications as frequency response, directivity, noise, source and load 
impedance, and power requirements.  
 
Loudness For Streaming Audio – At the 2013 AES convention, mastering 
engineer Bob Katz declared that, with the introduction of loudness normalization 
in iTunes, the loudness wars were finally over. Well, not quite, and broadcasters 
(which now must include on-line streaming) are still competing for the loudest 
perceived sound. Recent studies and listening tests have resulted in 
recommended reasonable bounds for loudness as measured by the current 
standard methods that offer the benefit of relatively constant listening volume 
over extended time periods without seriously increasing distortion and diluting 
impact. Hopefully broadcasters will take notice. 



 
Help! I Have A Tape Machine! – It’s no secret that tape has its fans. Whether it’s 
for novelty or sound, there are professional studios and artists who are recording 
to tape, hobbyists who are striving to get that “warm analog sound,” and those in 
between who are using real tape decks as signal processors in a DAW 
environment. Tape decks require maintenance, and a thorough understanding of 
what the electronic and mechanical adjustments do and how they affect the 
sound is important in order to get what the artist or engineer is seeking from 
using tape. In this session, a group of specialists in tape recorder maintenance 
discussed known problems in popular machines, resources for parts, and general 
tips for alignment. This was a full house! 
 
What Happened To My Master? – Some commonly applied signal processing 
tools can have undesirable artifacts that, if we don’t understand and know what 
to listen for can be missed. There’s a lot of talk today about inter-sample 
overload, a side effect of the now popular brick-wall limiting very close to full 
scale level. When linear phase and minimum phase filters are applied together, 
their different time delay characteristics can result in comb filtering. A spooky 
session for Halloween.   
 
Hard To Handle Materials and Unstable Formats – The aluminum or glass based 
lacquer disk (“acetate”) is often in pretty poor shape when recovered from long 
term storage. Handing, cleaning, storage and playback were discussed in depth. 
Tape has its own issues beyond the well known sticky shed syndrome. Oxide 
falls off, splices fall apart, and obsolete formats such as staggered stereo (left 
and right channels recorded with separate heads) require creative solutions.  
 
 
And now, on with the show: 
 
Microphones and Preamps 
 
ADK introduced the Z-800, a tube mic with a more modern sound than the other 
mics in the Z-series that are modeled after classic Neumann and Telefunken 
mics. The Z-800 targets the sound characteristics of the Sony C-800, though it 
doesn’t have the Sony’s massive heat sink on the rear. No info or photos on line 
yet, but check http://www.adkmic.com now then and it’ll show up. 
 
Samar Audio Design introduced the VL37A and MF65A, active versions of two of 
their hand made ribbon mics. Also new from Samar is their first condenser mic, 

the AF-11. It’s a solid state mic available with or without a 
transformer, a bit under $1600 without, and a bit over $1600 with. You 
know what mics look like, and Samar’s are gorgeous as well as 
sounding great. But take a look at their boxes. Marc’s piano tuner 

builds them! 
http://www.samaraudiodesign.com 



 
New from Telefunken Elektroakustik is the M 60, an 
FET version of the ELA M 260 small diaphragm tube 
mic that they introduced last year. The two share the 
same interchangeable capsules, omni, cardioid, and 
hypercardioid, as well as the same case, with the only 
difference being the electronics. Price is $595 with a 
cardioid capsule, with the omni and hypercardioid 
capsules going for $175 and $185 respectively. $895 
gets you a kit with a shock mount, case, cable, and all 
three capsules. They’re also available in pairs, and if 
you already have an ELA 260, you can get the M 60 
body for $395 
http://store.t-funk.com/c/microphones_m60-fet-series 
 
 
Mojave Audio showed two new David Royer-designed condenser mics. At the 
top end of the line is the Signature Series MA-1000, a Telefunken 251 style with 
a dual diaphragm capsule, tube electronics, and sporting a new (old stock) 5840 
tube, and custom designed output transformer. The polar pattern is continuously 
variable via the power supply, from omni to bi-directional, with cardioid variants in 
between. The full kit includes a case, power supply, cable, and Royer’s 
Sling-Shot shock mount. 
 
At the lower end of the line ($600 range, as I recall) is their new MA-50 large 
diaphragm FET condenser mic. It uses the same fixed pattern cardioid capsule 
as the MA-200/201 FET condenser mic with a transformerless output stage. 
Kudos to Mojave for stating the recommended load impedance (>1500Ω), a 
recommendation of the folks from the Microphone Specifications session.  
http://mojaveaudio.com 
 
 
While we’re on the subject of microphones, not too long ago I ran across a 
company called Microphone Parts, which, as you might suspect, sells 
microphone parts. They had a booth at the show so I stopped by to have a look. 
In addition to large diaphragm K47, K67, and CK12 (Ela 251) style capsules and 
circuit boards, they also sell complete mic kits which include a body and grill as 
well as a capsule, unstuffed circuit board, and components along with detailed 
assembly instructions for the do-it-yourself crowd. They also have modification 
kits for upgrading several popular low cost mics such as the MXL 990.  
http://microphone-parts.com/ 
 
  
I’m sure there were plenty of new mic preamps at the show, but the only one that 
caught my attention was the Hazelrigg VLC-1, off by itself in the D. W. Fearn 
booth. Fearn builds really high quality and mighty expensive mic preamps, and 



as is typical these 
days, he gets 
requests for a less 
expensive version. 
Wanting to keep the 

Fearn name representing what it’s represented for years, he partnered with a 
friend and designed a lower cost preamp with most of the cost-cutting being with 
transformers, the end product being the Hazelrigg VLC-1. The signal path is all 
tubes (I suspect the power supply has solid state rectifiers), and as well as a 
preamp, there’s an L-C (hence the name – inductor and capacitor) high and low 
frequency boost and cut filter set of the Pultec style. The front panel combo XLR 
jack does double duty for connecting a high impedance instrument pickup, with 
XLR line input and output on the rear panel. Direct price is $2249.  
http://hazelriggindustries.com/Hazelrigg_Industries.html 
 
 
While not really a mic 
preamp, API bowed to the 
request of their fans and 
produced the 535-LA, a 
500-series module version 
of their transformer 
coupled line amplifier. It employs API 2510 and 2520 op amps, provides from 6 
to 45 dB of gain at the output end, with a 20 dB pad and variable input sensitivity 
on the front end. It’s useful for connecting two devices with substantially different 
nominal operating levels, driving long cables, and providing that API sound from 
something that’s just too clean. 
http://apiaudio.com/index.php 
 
And that leads us to . . .   
 
Signal Processors  
 
Pulse Techniques, the new company re-building classic Pultec passive 
equalizers, introduced two new versions of their EQP-1A3 equalizers packaged 
as 500-series modules. Incorporating API 2520 op amps for output gain, the 
EQP-500A and –500S are equivalent to the rack mount EQP-1A3-SS and 
EQP-1S3-SS. The two models have the same controls, just different cut and 
boost frequencies.  
http://www.pulsetechniques.com 



 
Trident Audio showed the AR502, a double-wide 500-series 
module version of the Trident A-Range equalizer. The circuit 
and controls are like one channel of their dual A-Range channel 
strip minus the mic preamp, which I expect will soon follow as a 
single module. The AR502 features four bands at four switch-
selectable frequencies for each band, plus high and low cut 
filters at three frequencies each. The boost/cut controls are 
implemented as sliders just as on the rack mount channel strip. 
It’s awaiting a final color choice, which will most likely be a 
shade of purple to match the original.  
http://trident-audio.com/ 

 
Trident’s sister company in the PMI Group, Joemeek, showed a double width 500 
series version of an early (and long discontinued) Joemeek electro-optical 
compressor, the SC2, I believe. It uses the same circuitry as the original model 
with the exception of the gain control element which, unfortunately, is no longer 
available. The LED-LDR (light dependent resistor) module is what primarily 
distinguishes the sound of a compressor from another in the “knee” range at the 
onset of gain reduction. They have one working now, but it won’t be ready for 
release until they find a part that more closely matches the sound of their gold 
standard unit. There may be some news at the NAMM show, or maybe not. We’ll 
see. They really like the original and won’t be happy until the new one sounds the 
same.  
http://joemeek.com/ 
 
 
Computer Audio Interfaces 
 
Antelope Audio introduced a new interface hot on the heels of last year’s Zen 
Studio. From a couple of feet away the Orion Studio looks just like the Zen 
Studio, but there are some notable differences. While the Zen connects to the 
computer via USB2, the Orion adds Thunderbolt connectivity for those with 
computers that are equipped for it, while retaining the USB2 port for compatibility 
with existing systems. While it’s questionable as to whether Thunderbolt yields 
any practical reduction in transfer speed (and hence audio latency), Thunderbolt, 
being a direct-to-the-bus interface puts less load on the operating system than 
shooting a lot of audio streams through USB (the Orion is capable of 32 streams 
at 192 kHz), so other things that the computer must do may work better by 
putting the audio I/O through Thunderbolt. But for those of us who are otherwise 
happy with our old Windows computers for a while yet, USB is still there. The 
Orion has 12 mic preamps, 16 analog outputs with two additional “Mastering 
Quality” analog outputs, and a talkback mic.  
 
Antelope found some unused horsepower in their DSP chip, so they developed a 
reverb that runs on board the interface and can be used for monitoring or 



tracking. The Orion comes out of the factory (when it comes out of the factory) 
with the reverb in firmware. It’s a free upgrade for Zen Studio users, and there 
are some other built-in processors on the way.  
 
Dante is everywhere, and this show brought new and similarly functional 
Dante-connected devices from three different manufacturers; Focusrite (who has 
had a strong Dante presence for a couple of years now with their RedNet line) 
and newcomers to Dante, Radial Engineering and Millennia Media. These are  
output-only devices differing in the number of knobs and type and number of 
output connectors. While certainly useful, I suspect that these may be intended 
(with the exception of Focusrite) to be “baby’s first Dante” devices, for both 
manufacturers and users to get their technology feet wet without spending a lot 
of money. 
 
The Focusrite RedNet AM2 is, of course, red, and characterizes itself as a 
headphone amplifier and line output interface with independent volume controls 
for both the ¼”headphone jack and XLR line outputs. It can be powered over 
Ethernet from a PoE switch, though a wall wart power supply is included. The 
analog outputs pack a punch, with the line output software-switchable between 
+18 and +24 dBu for 0 dBFS. The headphone amplifier has, by today’s 
standards, a high output voltage capability for driving 600Ω phones as well as the 

60Ω or lower impedance phones fairly common 
today. There’s a mute button for the line 
output, and a built-in Ethernet switch and two 
connectors for easy daisy-chaining of multiple 
units, for example in classroom use. It’s in a 
slope-top desktop case that can be mounted 
on a mic stand via the threaded bushing (it’s 
the European 3/8” size, wouldn’t you know) in 
the bottom of the case.  
http://us.focusrite.com 

 
 
The Millennia Media Gözowta is functionally much the same as the RedNet AM2. 
I didn’t take notes as to operating levels and there’s not a spec sheet on line yet, 
so you’ll have to wait for particulars. The Gözowta’s XLR line outputs are at a 
fixed level while the headphone jack has a volume control. The form factor is a 
little different than the AM2, thinner and flatter.  
http://mil-media.com/ 
 
 
When I heard that Radial had a new Dante product, I really expected it to be an 
instrument DI with Dante output, but that’s not what they had at this show. The 
Radial DiNet DAN-RX is packaged in the same case as they use for most of their 
DIs, and functionally, it’s very similar to the Millennia and Focusrite units above. 
The XLR outputs have a level control and a there’s a 3.5 mm headphone jack for 



monitoring or test. Coming soon is the DAN-TX, an analog input to Dante 
interface. It’s more of an A/V product, though, with ¼”, RCA, and stereo 3.5 mm 
line level inputs. I’m sure a Dante DI is in the works. Maybe there will be an 
announcement at the NAMM show in January. 
 
An interface of a somewhat different nature, also from Radial, is the Bluetooth DI 
that pairs with a Bluetooth music player such as a phone or tablet and provides 
balanced XLR analog outputs. I think it may be intended for a guest DJ with an 
iPhone to do his stuff without having to hook up any wires, but it takes a better 
imagination than I have to come up with a really practical use for it. I suppose 
you can keep your phone in your pocket and play music from it during the breaks 
while you’re at the bar getting some refreshment. But I know that when I have my 
phone playing music through my car radio via Bluetooth and a call comes in, the 
music stops and the radio becomes a speakerphone. You probably don’t want 
your phone calls coming through your PA system.  
http://radialeng.com 
  
 
Other Stuff 
 
Shure introduced the KSE1500 electrostatic in-ear 
phones and companion KSA1500 amplifier. It may or 
may not be the ultimate earphone monitoring system, but 
at $2995, it’s probably the most expensive. I hope they’re 
the best insulated, too, as the earphones use a 200 V 
polarizing voltage (though at miniscule current). The 
amplifier takes an analog input through a 3.5 mm stereo 
jack or digital input through a micro USB port. The box is 
equipped with a 4-band parametric equalizer with 
storable presets, and a limiter. An OLED screen on the 
front panel displays the signal processing parameters, 
level meters, and indicates the volume setting. It’s 
powered either through the USB port or from an internal 
battery that, when fully charged, runs the amplifier and 
earphones for 7 to 10 hours, depending on how much of 
the signal processing is in use.  
http://www.shure.com/americas/kse1500 

 
 
Gig Gloves are the ultimate work gloves for 
working roadies. On the palm side, there’s 
heavy padding right where you grab 
carrying handles, and the non-slip surface 
keeps your hands where you want them 
(which may be around a can of beer at the 
end of the gig). On the knuckle side, there 



are flexible rubber bumpers to protect your knuckles 
and the back of your hand. There’s a clever fold-
over arrangement for the thumb, index, and middle 
finger so you can open up just the tip and use your 
fingers for handling small tools like a drum key or 
Allen wrench without having to remove the gloves 
They look kind of bulky but they’re actually pretty 
comfortable and it’s not at all difficult to close your 
hand when you need to pick up something small. A good idea, and your hands 
are worth more than the $30 price of a set of these gloves.  
http://www.gig-gear.com/giggloves 
 
    
Latch Lake is famous for their MicKing mic stands that you can do chin-ups on 
the boom without a clamp coming loose or the stand toppling over. Now they 
have their first aftermarket product, the Retro Boom. This is their standard two-
section boom with their double-disk clutch, locking levers, and 7 pound 
counterweight. Rather than integrated with its own base, it attaches to a 7/8” 
diameter mic stand mast, for example from an Atlas SB-36. It’s an upgrade, or a 
better quality replacement for a sturdy stand with a broken boom swivel.  
http://latchlakemusic.com/stands/ 
 
 
The Dynamount (a Kickstarter-funded project) is a motorized mic stand that, in 

the most flexible version, can 
move a mic up to six inches 
both left-right and forward-
backward, as well as rotate 
the mic mount. There’s a 
single-axis model, with or 
without rotation, and a dual-
axis model without rotation. 
Set it in front of an amplifier 
or perhaps an acoustic guitar 
in the studio, walk back to the 
control room, and adjust the 

mic position through WiFi using an app for iOS, Android, or a web browser. You 
can store and recall settings so it’s easy to A/B different positions. I remember 
seeing something like this several years ago for thousands of dollars. These run 
between $300 and $600. You can’t hire a good assistant for a couple of sessions 
for that.  
https://dynamount.com/ 
 
 
And now a nod to the DAW world: 
 



The Avid Pro Tools Dock must 
be so new that they don’t have 
any information on the web site 
that I could find, and I didn’t get 
any literature so all I can do is 
show you a phuzzy photo and 
tell you what I remember of it. 
It’s a member of the EuCon 
controller family that employs 
an iPad as a display and touch 
screen control surface, 
augmented by a panel full of 

knobs and buttons. Although the layout is a bit strange to me, it sort of has the 
feel of a digital console, and I think that’s what it’s supposed to be, at least in 
part. There’s only one fader so for a real console experience, it needs to be 
supplemented by one of the EuCon multi-fader products like the Artist Mix. The 
knobs on either side of the tablet turn into controls for plug-ins that are displayed 
on the screen. Transport controls are at the bottom, with all the other buttons 
available to perform pre-assigned functions. I can’t go much further into its 
operation without making up too much, so I’d best leave you to visit the web site 
in a week or so. Subjectively, I think it looks pretty good. The display is crisp and 
clear, and once you get the hang of it, it will probably prove to be quite useful.  
http://www.avid.com/US/ 
 
 
The Wrap 
 
There was certainly a lot more at the show than what I’ve reported here so be on 
the lookout for other reports. There were a lot of speakers, of note some smallish 
monitors from Ocean Way, impressive sound from Barefoot, and real Auratones 
are back. Plenty of amazing software, and, what’s more usual at NAMM shows 
than AES shows, more almost-ready products. Follow-ups at NAMM.  
  
 
 


