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Autumn in New York, a time when the seasons 
are changing in the East, and you hope it doesn’t 
rain when getting from wherever you’re staying 
to the Jacob Javits Convention Center. As has 
been the case for the past few shows, exhibits 
opened on the second day, leaving the first day 
for attending the technical sessions and 
workshops. While I had several “I think I’ll attend 
that one” sessions on my calendar for all four days, I only managed to get to two 
the first day, and only one other on which I was a panelist. I’m not very good at 
summarizing lectures and panel discussions, but here are a couple of highlights: 
 
Nearly all of the panelists addressing Microphone Specifications emphasized that 
while there’s an IEC standard for making microphone measurements, it’s really 
difficult and expensive to do, so all but the big boys improvise when generating 
performance data for those who like to read it. Since frequency response is a 
function of directivity (and even omni mics don’t respond the same from all 
directions) in a real room, it will always be different from the published curves. 
What’s more important is the uniformity and symmetry of the directional response 
and the smoothness in frequency response changes off axis. Few manufacturers 
specify the load impedance when making microphone measurements, though we 
all know that it can have a profound effect on frequency response of some mics 
but not others. Juergen Breitlow of Neumann said that his company is finally 
publishing more detailed specifications for their microphones because the 
customers have asked for it, but emphasized that only when you have a fully 
detailed set of performance specifications are they really of any value when 
comparing mics. It’s still best to listen to them in the environment and with the 
sources with which you intend to use them. Bill Whitlock of Jensen Transformers 
substituted for David Josephson of Josephson Microphones who was unable to 
arrive on time. Bill isn’t really an mic expert but served as curmudgeon-at-large 
and did speak on EMI sensitivity and gave a good plug for Neutrik’s EMI 
suppressing XLR connector. As if on cue, as soon as one of the panelists 
connected his computer to the DI provided by the convention sound crew, we 
started hearing hash from a cell phone. I expect that this was picked up by the 
unbalanced connection between the computer and DI, but it was a powerful 
illustration of a common noise source that wasn’t present when Herr Neumann 
made his first microphones.  
 



The panel on Digital Room Correction (and does it really work?) was interesting 
in the several different methods and degrees of processing used by the systems 
presented by the four panelists. The conclusion is that it can work, but that the 
better the room you start out with, the better it will work. There’s a whole lot of 
measurements to be made and compensation applied, and it’s only become 
practical since inexpensive computers have become so powerful that extensive 
digital signal processing can be implemented at fairly low cost, though like any 
other software-based system, it’s the process and software development that’s 
still costly.  
 
This is the first time in perhaps 30 years of attending AES shows that I’ve been 
more than a tire kicker. Around 1996 when I was writing a regular series of 
monthly articles in Recording Magazine, I wrote one entitled “Lies, Damn Lies, 
and Specifications in which I described the true meaning of many of the 
specifications that manufacturers and forum posters quote. A couple of years 
ago, Jonathan Novak of Audio Precision gave a talk with the same title and much 
the same content at one of our local AES chapter meetings. Earlier this year, 
Ethan Winer of RealTraps told me that he was planning to do a panel with, yes, 
that same title, at AES and invited me to participate. It was a lot of fun, and we 
argued some points with each other, which I believe is a good thing for a panel 
format presentation. We picked apart the meaning and value of frequency 
response and distortion specifications, making the point that THD (total harmonic 
distortion) is a single number that covers a lot of ground, and that two devices 
that have the same specified THD can sound quite different depending on what 
unwanted frequencies are generated by the distortion process. David Moran 
focused on loudspeakers, giving a thorough tutorial on how loudspeaker 
characteristics are measured and presented, with the conclusion, similar to that 
with microphones, that in any real room, frequency response will never be the 
same as what’s on the spec sheet so it’s really not a good way to evaluate a 
speaker. Radiation pattern is far more useful in predicting how a speaker will 
integrate with a room.  
 
Sound on Sound Magazine again this year pulled together two full days of 
lectures on various topics directed at project studio engineers. I managed to 
squeeze in about 20 minutes of the talk on metering, one of my pet subjects. 
Hugh Robjohns, an editor at Studio Sound, presented the history and evolution of 
the VU and PPM meters, explained how analog and digital metering scales are 
different due to the fact that headroom above “zero” is implied in the analog 
world, but that “zero” on a digital scale means that all the bits are used and the 
level cannot get any higher. Although I left early, he also presented the new 
concept and standards for loudness measurement.  
 
But enough about talks, let’s get to the gear. The usual disclaimer applies: If I 
didn’t write about it, either I missed it or I wasn’t terribly interested in it. You can’t 
absorb everything at these shows, so my reports are biased toward my interest, 
which I hope at least somehow overlaps yours.  



Consoles 
 
With the trend over the past several years to make the recording setup smaller 
and smaller, many studios have managed to live without consoles, however the 
mixing console is clearly not dead, as evidenced by the introduction of several 
new models and new formats, including the console’s close cousin, the DAW 
control surface. New format? Oh, yes! Outboard mic preamps, compressors, and 
equalizers have been with us for many years now, and often these functions that 
are built into just about every mixing console get bypassed in favor of using 
external hardware patched in somewhere appropriate in the signal path. The 
proliferation of 500-series modules and racks (more about these later) has put 
more outboards into more studios, using less space. Console manufacturers 
have taken notice. Speck was probably the first to recognize this mode of 
working, introducing their LiLo (Line Input Line Output) analog console about ten 
years ago, before the 500 craze, but when studios were accumulating racks of 
outboard preamps and processors and had no need for a console with those 
functions built in. This year gave us two consoles that look like consoles, but 
where the mic input and EQ portions of the channel strip traditionally live, there 
are slots for 500-series modules, essentially allowing you to custom design each 
channel of your console based on off-the shelf pieces.  
 
API is no stranger to the concept, 
having introduced the 500 series 
modules installed in their fully 
modular consoles going back to 
the 1970s. This year they showed 
The BoX, a frame sized 
appropriately for the studio that 
only records a few tracks at a 
time, but likes to monitor analog 
style with real faders controlling 
the playback of previously 
recorded tracks or stems, and 
may want to mix through an 
analog signal path using real faders. The input section consists of four channel 
strips equipped with API 212-style mic/instrument/line preamps identical to those 
in the API 1608 console, with up to 65 dB of gain, 48v phantom power, 20 dB 
pad, and polarity reverse. An 8-step LED meter, low cut filter, and a button that 
The first two channels have 550A three-band equalizers built in, while inputs 3 
and 4 have a 500 series slot to accommodate any equalizer (or, I suppose, a 
compressor) that complies with the API VPR Alliance specification. There are 
four auxiliary sends, direct outputs that are switchable between preamp and post-
fader output, and a button that, when a compressor is borrowed from the master 
section while tracking, inserts it pre- or post-EQ. The 100 mm faders have mute, 
solo, and solo-safe buttons as well as pan pots to a stereo group. The Master 
section has analog VU meters, a pair of API 527 compressors. The summing 



section has 16 faders which can be panned across the stereo mix bus, two mono 
and one stereo auxiliary send which can be used as a headphone cue mix. A 
comprehensive collection of connectors on the rear allow patching of the two 
modular equalizers just about anywhere in either the recording or mixing path. 
This is all top quality stuff, and is priced accordingly, about $17,000 as I recall. 
More info (check out the manual) at:  
http://www.apiaudio.com/thebox.html 
 
 

In a similar vein, 
Ocean Audio, a 
new company 
headed up by 
Malcolm Toft 
(originally from 
Trident) was 
showing the Ark 
516. Like the API 
Box, this console 
uses 500 series 
modules to make 
up the channel 
strip. The frame has 
space for two 
modules in each of 
the 16 input 

channels, typically a preamp and equalizer, plus an 8-slot module frame above 
the master/monitor section. Architecture-wise, it’s an 8-subgroup console with six 
auxiliary sends of which two are configured as a stereo pair. Each input channel 
has a monitor return with level and pan in addition to the 16 return channels in 
the master/monitor section. A “fader swap” button associated with the input and 
subgroup faders allows the monitor level to be controlled by the main fader rather 
than the small rotary knob. The input channels have a switchable external input 
in addition to the mic and line inputs, which can be used as another recorder 
return, allowing up to 48 channels for mixdown and monitoring while tracking. 
There are no dedicated FX returns, so any effects returned to the main mix will 
eat into that 48 input count.   
 
All I/O is via DB-25 connectors on the rear panel. There are no “common” jacks 
(XLR or ¼”) so a wiring harness and almost certainly an outboard patchbay will 
be required for flexible operation. In addition to the module inputs and outputs, 
pre-and post-channel direct outputs are available on DB-25s, as well as main, 
subgroup, and auxiliary outputs. A properly designed patchbay will allow any 
module to be inserted into any signal path, but this is something that will need 
considerable thought when installing this console. The DB-25s are arranged so 
that for fixed routing of the modules, one DB-25 can be patched to another with a 



short jumper, but if you want channel inserts (and you’ll probably want one before 
and after the 2nd module in line for pre- or post-EQ insert), you’ll be in the 
patchbay business. More info at: 
http://www.oceanaudio.co.uk/Products/The_Ark/ 
 
 
The Matrix from Solid State Logic introduced in 2008 is kind of a bridge between 

an analog mixing console and a DAW controller. This year brings the Matrix
2
 with 

the same hardware as in the original console, but with updated software that 
adds additional capabilities. New models are shipped with the new software, and 
it’s available as a free upgrade for existing Matrix owners. Briefly, the Matrix 
provides digitally controlled routing of outboard mic preamps and signal 
processors, 16 channels of analog summing, and comprehensive DAW control. 
 
With the new firmware, hardware device inserts can now be loaded directly from 
the console (previously this was done only via a browser running on the DAW 
computer) with a new user interface that allows A/B comparison of different 
processors and building processor chains directly from the console work surface. 
The Matrix remote browser software remains, but has been updated to support 
drag-and-drop for loading and chaining outboard processors. Fader grouping is 
new, allowing two or more faders to be linked for stereo or surround, or simply for 
tying together a group of related faders such as background vocals and operating 
them from a single master. The A-FADA (Analogue Fader Accesses DAW 
Automation) summing system used in Duality, AWS and the new SSL Sigma 
rack has been added, allowing the Matrix2 motorized faders to be driven by a 
DAW automation track. This allows automation of an analog-summed mix. The 
previously optional 5.1 output card will now be included in new Matrix2 consoles 
shipped (though it won’t be a free upgrade to existing units). 
 
Other new features include the saving of selected parts of the console setup 
which can be used as templates, naming and saving of insert preset scenes, 
display of fader dB values (read from Pro Tools) and new DAW templates for 
Presonus Studio One and Ableton Live! More basic Matrix info at: 
http://solidstatelogic.com/post/matrix/     
 
 
Avid’s new S6 control surface borrows from the Avud ICON and EUCON control 
systems. It’s available as either a pre-configured system in a 24 or 32 fader 
frame, or as individual modules so you can assemble a custom control surface to 
suit your own workflow and ergonomics. Of course it’s optimized for Pro Tools, 
but also works with other DAW applications that can accept EUCON controls 
such as Logic Pro, Cubase, Nuendo, Sequoia, or Pyramix.  
 
The S6 comes in two flavors, one that accommodates up to 24 faders and a 
larger one that handles up to 64 faders. There’s a fader module, a knob module, 
a “process” module that selects what the knobs do, and an automation 



management section. A “center section” provides a touch screen, plus there’s an 
optional meter display. 
 

If nothing else, the S6 is 
colorful. Knobs are 
identified functionally by 
their color, and faders can 
be backlit to correspond to 
Pro Tools track 
background colors. 
Integration with Pro Tools 
is tight, with the knobs 
closely following the 
selection of the process. 
Although there are only 
five knobs, all controls for 
any selected processor 
are accessible by paging 
through the knob module. 
In addition, the center 
section display shows the 
full settings of the currently 
selected plug-in.  
 
 

 
 
There’s so much to describe here that I can’t go into much further detail, but if 
you’re really interested, Avid has a detailed set of features, FAQs, and system 
requirements at: http://www.avid.com/US/products/avid-s6?#overview 
 
 
 
 



Yamaha displayed the new Steinberg Nuage system, an integrated I/O section 
and control surface for Steinberg DAWs (Cubase and Nuendo) with a Yamaha 
digital console look and feel. The basic channel controls start with 16 channel 
fader+knob sections, with additional 16 channel sections available as expanders. 
A unique feature is a “touch slider” above the faders to slide the group of 16 sets 
of controls to what amounts to another bank of DAW tracks. Each fader section 
includes two multi-function rotary encoder knobs per channel.  
 
The master section 
includes a touch 
screen display for 
direct control of plug-
ins as well as other 
utility functions such 
as insert routing, 
automation control, 
and auto-locator. The 
I/O section offers 
three Dante-
connected interfaces 
with different input 
and output configurations. When used in conjunction with Nuendo’s control room 
monitoring, it offers very low latency integrated input monitoring, particularly with 
a Dante accelerator card installed in the host computer. A kind of clever feature 
available when you add a 24” monitor in line with the fader section gives a track 
display that scrolls vertically so that, with one hand on a fader or mute button and 
an eye on the display, you can see when something is coming in on a channel 
and react accordingly. This is likely to be very handy in post-production film 
mixing. A Nuage can be set up to operate up to three DAWs. While it’s optimized 
for Nuendo and Cubase, there’s a HUI mode for fader and mute control of other 
DAWs. Again, this is a very deep product, so if you’re a Nuendo user and want to 
really impress your clients and speed up your workflow, check it out at: 
http://www.yamahaproaudio.com/global/en/products/daw_systems/nuage/ 
 

 
I thought that analog summing was dead now that most DAW 
developers have figured out how to add without losing 
resolution, but I guess not. Coleman Audio introduced the 
RED48 summing console, which consists of two pieces, a 2-
rack space box and a desktop remote controller. 24 stereo line 
level inputs are summed to a stereo output, with a pair of 
balanced inserts and a 100 mm fader in line between the sum 
and the output allowing you to add a bus compressor, adjust 
the master level, and control fades. A monitor section allows 
you to select the mix or one of three additional sources for 
feeding control room speakers or headphones. There’s a main 



and alternate speaker output and a headphone output which is sourced from 
either the analog sum or an alternate mix from the DAW. A built-in mic provides 
talkback to the headphones as well as a slate to the main mix.  
http://colemanaudio.com/ 
 
To close out this section, we note that the Roll Music Folcrom turned 10 years 
old this year. This was one of the first analog summing boxes to enter the 
market. Completely passive, its output is on the order of mic level, and you 
choose your coloration (or not) by the preamp you use to boost it back to line 
level. Darn clever, and still selling! 
http://rollmusic.com/folcrom.php 
 
 
 

The Five Hundred Club 
 
There were way too many new (and not so new) 500-series signal processors for 
me to report on them all. Here are a few that caught my eye. Oh, and for those of 
you reading this who have been living in a cave for the past ten years, what I’m 
talking about here are the small signal processor modules that get mounted in a 
rack frame or “lunch box” housing with a power supply and input/output 
connectors. It’s a popular and fairly cost effective way to get a lot of outboard 
analog signal processing without taking up a lot of rack or desktop space. “500” 
comes from the preamp, equalizer, and compressor modules used in API 
consoles, many of which had model numbers in the 500s (though the 212 and 
312 mic preamps were pretty popular. The VPR Alliance is a certification by API 
that modules meet the standards for size, connector type and pinout, and 
operating voltage and current. “VPR” comes from API’s model 500VPR 10-
module frame. I don’t know if it stands for anything. Tell me if you know.   
 
 
While not quite a console, the 
MFtwenty5 system from Purple 
Audio is a collection of console 
parts for integrating a rack of 
500 series modules. This 
seems like a good place to talk 
about it as a bridge between 
consoles and 500-series 
outboard signal processing 
modules. The Mftwenty5 series 
includes three rack-mounted 
units - a 10-channel stereo or 
dual mono mixer with 
concentric level and pan 
controls, a meter panel with 10 



stereo (or dual mono) input meters, stereo output meter, and auxiliary output 
meter, and a 10-fader panel available with either mono or stereo faders. Each 
unit can be used on its own, but when combined with a 500 rack (Purple makes a 
good one), you can assemble a mixer with preamps and processors of your 
choice. When the mixer is mated with the fader panel, the level (center) knob of 
the concentric control becomes an auxiliary send.  
http://www.purpleaudio.com/mf-twenty-25/ 
 
 
The popular Joemeek line of processors now has some 500 series modules, the 
preQ mic/instrument preamp, the meQ four band equalizer, and the meC 
compressor. The preamp offers up to 60 dB of gain with a 25 dB pad switch, 48v 
phantom power, polarity reverse, and an 8-step LED meter. The low cut filter is 
variable from 25 to 200 Hz, and the preamp incorporates an optical element de-
esser to reduce sibilance.  
 
The Meequalizer offers 15 dB of boost 
or cut in each of four frequency bands. 
The high frequency band is adjustable 
from 1.2 to 20 kHz and can be switched 
between peaking (bell) and shelving 
response. The high mid and low mid 
bands can be swept over the range of 
600 Hz to 10 kHz and 120 Hz to 2 kHz 
respectively, with a choice of wide or 
narrow bandwidth (Q). The low 
frequency band sweeps from 40 to 650 
Hz and, like the high frequency band, 
can be switched between peaking and shelving response. A single button 
engages or bypasses all of the EQ sections.  
 
The compressor has a characteristic that mimics that of the compressors 
designed by its namesake, Joe Meek, a British recording engineer and producer 
who was making hits in the mid 1950s. It has the standard threshold, 
compression ration, attack, and release time controls with a button for a fast 
attack. Two compressors can be linked when compressing a stereo source, 
providing equal gain reduction on both to prevent a stereo image from shifting if 
one side suddenly gets louder than the other. An 8 step LED meter indicates gain 
reduction up to 16 dB.  
 
Each of these modules is priced at $299.  
http://www.joemeek.com/500series.html 
 
 
The Dyna-Mite dynamics processor was the last product designed by legendary 
engineer Paul Buff. Originally built as a module somewhat larger than the 500 



series, it was popular, particularly for broadcast production, 
but saw a lot of music application as well. Buff’s last 
company, Valley People, eventually went under and the 
audio products went away with the acquisition by Galaxy 
Audio, which was interested in some of Paul Buff’s lighting 
products. The company and its intellectual property 
eventually was acquired by PMI Audio (the same folks who 
give us Joemeek and Trident signal processors and Studio 
Projects microphones) who found Valley People’s last 
design engineer Michael “Doc” Morgan, and asked him to re-
create the original design using modern components to fit it 
into the 500 series format. Hence, the Dyna-Mite was reborn 
and is once again available.  
 
This is an interesting processor, combining a limiter, an 
expander/gate, and compressor. Level detection for the VCA 
gain control circuit can be either average or peak as 
selected by a switch. The detector input source is selectable 
between the incoming signal with or without an internal side 
chain filter for de-essing, or from an external input for keying 
the expander or compressor from another signal. In the 
disco era, it was popular to feed a 100 Hz oscillator into a 
gate and key it with the kick drum signal. Today many dynamics plug-ins offer 
this feature. The design was from the days when things were still interconnected 
for maximum power transfer (600Ω output driving a 600Ω input) and Morgan 
managed to retain the original drive capability of +24 dBu into 600Ω.  
 
Stay tuned for more of the Valley People dynamics processors, the Gain Brain, 
Kepex, and Commander, to be released in the 500 series format.  
http://valleypeople.com/dynamite.html 
 
 
Aphex is another signal processor 
maker who has migrated several 
products to the 500 format. Their current 
crop includes:   

• EX-BB 500 Aural Exciter with Big 
Bottom, the legendary controlled 
distortion processor that found its 
way into thousands of 
productions. It’s usually 
described as a device that 
increases clarity and brings out 
detail.  

 



• EQF 500 equalizer, a re-creation of the Aphex EQF-2 equalizer, one of the 
first alternative non-API modules for API modular consoles of the mid 
1970s. It’s a 3-band equalizer with high and low bands switchable 
between peaking and shelving response and variable 20-500 Hz high 
pass and 1-20 kHz low pass filters 

 
• COMP 500 electro-optical compressor with a Jensen JT11DL output 

transformer 
 
• A PRE 500 mic preamp, inspired by the Aphex 188 8-channel preamp 

uses a custom Cinemag input transformer and Jensen JT11DL output 
transformer, provides 65 dB of gain, a 26 dB pad, phantom power, polarity 
reverse, and a 20 segment LED meter. There’s a 10 MΩ instrument DI 
input and output level switch selectable between +16, +20, and +24 dBu to 
match various A/D converter sensitivities.  

 
• J PRE 500 is similar to the A, but with a Jensen JT11K8 input transformer 

and the Aphex MicLim limiter that works ahead of the preamp input stage 
for overload protection. This model is based on the circuitry of the Aphex 
remote controlled 1788A 8-channel preamp.   

 
• DUAL RPA 500 is a two channel mic preamp based on the 207D, one of 

the first “tube sound” mic preamps. It has a solid state input stage with 
Mic-Lim input limiter followed by a starved plate tube stage for the sound 
that made them famous with some and infamous with others. It’s a double 
wide module to make room for two sets of controls and meters as well as 
provide two modules’ worth of power.  

 
Details at http://www.aphex.com/products/500-series/ 
 
 

Roll Music Systems announced the RMS-MC5 VALVOP, an all tube electro-
optical compressor, a companion to their RMS-5A7 Tubule 500 series tube mic 
preamp. These units use a proprietary DC-DC converter to provide 220v plate 
voltage while remaining in the VPR Alliance spec for power supply current. The 
Tubule has been VPR approved and the VALVOP is awaiting approval. 
Compression ratio is fixed, with the amount of compression determined by the 
setting of the threshold control. A switch selectable program dependent release 
mode offers a dual time constant that recovers quickly on transients but releases 
more slowly with sustained over-threshold program material. Information soon at: 
http://rollmusic.com/ 
 
 



Earthworks introduced the 521, a 500 version of their Zero 
Distortion Technology (ZDT) mic preamp. This was one of 
David Blackmer’s last designs before his death. It features 
transformerless input and output and no capacitors in the 
signal path. Honestly, looking at the specs for noise and 
distortion makes me want to get out the notes for my 
Saturday panel, but the original model was pretty spectacular 
and I suspect only didn’t become a household word because 
of its introduction as a super clean preamp at a time when 
people were looking for Neve and API style coloration.  
 
I recalled that the original model had a really high maximum 
output level (checking the spec sheet, it’s +30 dBu). Given 
the limited power available in a VPR rack, I was curious as to 
whether this implementation adhered to that specification. It 
doesn’t, but they say that’s the only compromise. This 
preamp has a fairly high input impedance, 100 kΩ without 
phantom power and 10 kΩ wotj phantom power engaged. I’ll 
bet it sounds really good with classic ribbon mics.  

http://www.earthworksaudio.com/products/preamps/521-zdt/ 
 
 

Recorders 
 
For a while, I thought that we were 
done with new handheld recorders, 
but no such luck. While the Zoom 
H6n isn’t brand new (I believe 
shipping began in July), this show 
was my first opportunity to get my 
hands on one. The H6 is sort of a 
bridge between a true handheld 
and a full featured small tabletop 
recorder. It records up to eight 
tracks if you count them right – a 
stereo track, four individual mono 
tracks, and, if you engage the 
backup mode, a copy of the stereo 
track recorded 12 dB below the 
primary track’s level. Whether or 
not that backup track has its own 
lower gain analog path to reduce 
the chance of clipping the mic preamp will have to wait for the review to be 
determined. PCM (WAV file) recording is 16- or 24-bit at 44.1, 48 and 96 kHz 
sample rates, or alternatively, an assortment of MP3 bit rates.  
 



The expected built-in mics aren’t exactly built in. A connector at the top of the 
recorder accepts interchangeable plug-in subasemblies that feed the stereo 
track. Two stereo mic assemblies are supplied with the recorder, an X-Y pair and 
an M-S pair. A supercardioid short shotgun and a pair of XLR connectors for 
outboard mics are optional alternatives to the stereo mics. The four mono inputs 
are on combo XLR-1/4” jacks and accept mic or line sources. Controls are fairly 
straightforward once you make your way through numerous setup options that 
you probably won’t need to change very often. The display at the bottom of the 
front panel provides metering and shows level and pan settings for the built-in 
mixer, but changes to the mix must be made by bringing up a menu.  
 
It weighs pretty close to a pound with batteries and the X-Y mic assembly 
installed. It’s bigger than other handheld recorders though the case is sculptured 
a bit so that it’s a pretty good fit in the hand. The external mic connectors are on 
both sides of the case so if you’ve set up for a six mic recording, you have quite 
an array of cables tugging at the small box from all directions. Battery life of its 
four AA batteries is stated as up to 20 hours of continuous recording, but reports 
from the trenches suggest that this is only if you’re recording just the stereo track 
using mics powered directly from the recorder – no phantom power, no backup 
track.  
 
While it’s the most flexible handheld recorder yet, I think it needs to find its place, 
and I’m not sure what that is yet. Zoom seems to be getting serious about playing 
in the pro audio field, however. Distribution, at least in the US, is being moved 
from Samson to a new company, Zoom North America, who currently is handling 
the H6 and will be phasing in other models in the near future. A smaller 
organization will probably mean better support if you need it, and better feedback 
to the manufacturer for bug reports and future enhancements. Hopefully they’ll 
be more responsive than Samson to my request for a unit to review. 
https://www.zoom-na.com/zoom-h6/overview 
 

 
After a long wait, Sony introduced a new portable recorder, 
the PCM-D100. It replaces the PCM-D50, leaving only the 
PCM-M10 remaining in the product line. The D100 
addresses the wants or needs of the high resolution crowd, 
offering PCM recording up to 24-bit 192 kHz sample rate, 
and also 2.8 MHz DSD. The low-res folks can have their 
128 and 320 kbps MP3 recordings, and the D100 can also 
play (but not record) FLAC, AAC, and WMA files.   
 
The built-in mics swivel to provide X-Y or spaced cardioid 
stereo recording. Provision for external mics is kind of 
skimpy, an unbalanced stereo mini phone jack, but there’s 
optical digital I/O up to 96 kHz if you want to use outboard 
mics with your own A/D converters, or play back recordings 



through an outboard D/A converter. I don’t think I’ve seen digital I/.O on a 
portable recorder since the long M-Audio MicroTrack. The D100 has 32 GB of 
flash memory built in as well as having a slot for an SD memory card or Sony 
Memory Stick. The D100 incorporates the same limiter function as the PCM-D50 
that I think is the world’s greatest limiter. Briefly, it creates a second PCM stream 
through an independent analog path that’s 10 dB below the main recording path. 
When an “over” is detected, this lower level stream is automatically normalized to 
full scale and is substituted for the clipped stream. The PCM-D100 is supplied 
with a wireless infra-red remote controller for basic transport functions, a furry 
wind screen, and AC power supply. It takes four AA batteries with an estimated 
life when recording of about 20 hours.    
http://pro.sony.com/bbsc/ssr/product-PCMD100/ 
 
 

Recording Interfaces 
 
Prism Sound showed the Titan, the next step up from the Lyra USB audio 
interfaces introduced last year. The Titan offers four mic inputs, 8 line inputs, 8 
line outputs, digital I/O consisting of a pair of RCA jacks that can be switched 
between S/PDIF and AES3 stereo I/O plus a pair of Toslink jacks that can serve 
either as S/PDIF optical or ADAT optical I/O. S/PDIF inputs have asynchronous 
sample rate conversion so any incoming sample rate is converted to the internal 
or external clock sample rate on the fly, allowing, for example, 44.1 kHz audio to 
be used as a source when working at 48 kHz. There’s MIDI in and out, as well as 
word clock in and out, as well as an expansion slot that presently offers an option 
for Pro Tools HDX connectivity. Sample rates from 44.1 to 192 kHz are 
supported, with the ADAT I/O providing 8 channels at 44.1/48 kHz and 4 
channels (S-Mux protocol) at 2x sample rates.  

 
Analog inputs 1-4 are rear mounted XLR-1/4” combo jacks. Inputs 1 and 2 offer a 
few extra tricks, an RIAA equalizer for direct connection to a phono cartridge, 
high impedance for DI instrument connection, or matrix decoding for an M-S 
stereo mic setup. Selecting between mic and line inputs when in the RIAA mode 
matches impedance and gain for low or medium impedance cartridges. Inputs 1 
and 2 are doubled on the front panel, with the front panel jacks overriding the 
rear panel jacks when used. There are two headphone jacks on the front as well. 
Darn if I know what that RJ45 jack is for, perhaps for a future update for Dante or 
another audio-over-Ethernet protocol, or expanding with an additional Titan.  
 
As with most interfaces of this nature, there’s a built-in DSP mixer for low latency 
(claim is less than 0.5 ms at 44.1 kHz sample rate) input monitoring. A computer 
application displays and controls this mixer,  
http://prismsound.com/music_recording/products_subs/titan/titan_home.php 



TASCAM was showing the 
UH-7000 half-rack-sized 
tabletop high grade dual 
channel mic preamp and 
USB audio interface. It 
offers two mic/line inputs 
with low noise mic preamps, 
usable as a stand-alone mic 
preamp with both analog 
and AES/EBU digital 
outputs, with a DSP-based mixer for monitoring and tracking. The mixer provides 
compression, EQ, and reverb with a clever button on the front panel that pops 
the mixer control panel up on the monitor of the connected computer. Recording 
is 44.1/48 kHz sample rate with 2x and 4x buttons taking it up to 192 kHz, 24-bit, 
of course, though the mixer effects don’t work at 4x sample rates. Two bright 20-
step LED meters and large gain control knobs make level setting easy and 
positive. There’s not much info on it yet, but it looks like it may have been 
adapted from the TEAC audiophile line.  
http://www.tascam.eu/en/uh-7000.html 
 
 
Resident Audio, a newcomer to the audio interface field, showed three 
Thunderbolt-connected interfaces, all offering 24-bit 96 kHz recording and MIDI 
I/O, though differing in the number and type of inputs and outputs. The T2 offers 
two mic/line/instrument inputs and two analog outputs, the T4 has four of each, 
and the T10 has 8 mic/line inputs, 4 instrument inputs, and S/PDIF in and out as 
well as word clock in and out. The T10 has two Thunderbolt ports, making it easy 
to chain together up to six units. Not much data and no field reports that suggest 
how good they’ll sound, but they’re fairly inexpensive - $400, $600, and $900 list.  
http://www.tascam.eu/en/uh-7000.html 
 
Also in Thunderbolt news, Lynx Studio Technology announced the LT-TB, a two 
port L-Slot Thunderbolt expansion card for their Aurora and Hilo converters. A 
firmware update to allow existing converters to use the LT-TB card is available, 
and in addition, Lynx is offering new versions of the Aurora and Hilo with the 
Thunderbolt pre-installed. Up to six converters can be chained on a single port. 
It’s passed the full Apple Thunderbolt certification and is expected to be available 
in November 2013.   
http://www.lynxstudio.com 
 
 

Microphones 
 
Could there be an AES show without at least a few new microphones? Of course 
not! Ribbons, condensers, USB and not USB. Where were the dynamics? Maybe 
I just passed them by without notice. Gotta be more careful.  



First up is the new multi-pattern 
TLM-107 from Neumann. Although it 
looks a bit like the TLM-103 and -102 
(short and squatty), it’s a new design 
with a large diaphragm capsule based 
on that used in the System D D-01. Its 
five patterns, omni, wide cardioid, 
cardioid, hypercardioid, and figure-8 are 
selected by a rocker ring and button 
switch 
assembly 
at the 
back side 
(usually 
the side 
facing the 
engineer, 
not the artist) with the setting indicated 

by an illuminated illustration of the selected pattern that glows for about 15 
seconds before turning off. That same switch selects a 6 or 12 dB pad and 40 or 
100 Hz low cut filter.  
 
All patterns except the figure-8 have about a 2 to 6 dB (depending on the pattern) 
bump at around 12 kHz, which should give an “airiness” to vocals. For what it’s 
worth, the omni is the bumpiest, with a couple of dips between 4 and 8 kHz 
where all of the patterns start the high frequency rise. The diaphragms are edge-
terminated and are at ground potential with respect to the backplate. This, says 
Neumann, makes them less likely to attract dust. 
 
The TLM-107 comes in a padded wood case with a screw-in mount, with an 
elastic suspension mount available as an option. It’ll probably come in at around 
$1500 street price, available starting in November, and it’s available in dull silver 
and also basic black.  
http://www.neumann.com/?lang=en&id=current_microphones&cid=tlm107_description 

 
 
Perhaps one of the most unusual looking new mics is the Schoeps 
V4U. Its appearance is based on the CM51/3 designed in 1951, but 
inside it’s a completely new design of both the capsule and 
electronics. A beveled plastic collar surrounding the diaphragm 
assembly helps to control the mic’s polar response, making the 
small diameter capsule behave similar to a large diameter one with 
an increase in directivity at higher frequencies. According to the 
spec sheet, the pattern is very smooth as is typical of a small 
diaphragm mic, with 8 kHz dropping off by about 6 dB at 90 
degrees off axis as would be expected with a good large diaphragm 
mic. The head is hinged and tilts backward by up to about 30 



degrees. If it’s optimum for anything in particular, it would likely be for vocals. I’m 
sure any vocalist would be inspired by its appearance first, and then by its sound.  
http://www.schoeps.de/en/products/v4u 
 
 

The Cloud 44-A follows the design concepts of the 
classic RCA 44 but with the Cloud modern touch. The 
ribbon is built to the exact RCA specifications but the 
magnet and case use more modern materials and 
manufacturing methods. The “A” stands for “active.” 
Cloud’s phantom powered Cloudlifter circuit is built into 
the 44-A case to provide an optimum load for the ribbon 
assembly plus upwards of 25 dB of clean and quiet 
gain, bringing its sensitivity up to that of a modern 
condenser mic. A novel twist for a large format ribbon 
mic is a voice/music switch that rolls off the low 
frequency output to compensate for proximity effect 
when working close. The Cloud 44-A ships in a fitted 

wooden case with a suspension mount for about $1800.  
 
Also new from Cloud is a four channel rack mount version of their Cloudlifter 
pre-preamp. Not much to look at, it’s a single rack space chassis with four male 
and four female XLRs on the back. Each Cloudlifter circuit is individually powered 
from phantom power coming from a preamp. Personally, I think they missed the 
boat by not building a power supply into it. That would allow low output mics to 
be used more effectively with devices that didn’t supply phantom power. Roger 
Cloud wasn’t there, so I couldn’t ask him why not – probably a price point issue 
($500) or fear of hum or grounding issues, but it’s really no worse, and a lot 
neater, than having four individual (or two two-channel) Cloudlifters on the studio 
floor.  
http://cloudmicrophones.com/ 
 
 
Samar is a fairly new microphone company, offering modern ribbon mics hand 
built in the US. The MF-65 has been out for a year or so now with a couple of 
revisions, and at the show, Samar was displaying a prototype of a new slim 
ribbon mic which is described as having a classic ribbon sound but with an 
extended high end. Designer Mark Fouxman seems to understand what makes a 
good microphone, so I expect that when the new model arrives it’ll be interesting 
and useful. Check the web site in the Spring when the new model should be in 
production. 
http://samaraudiodesign.com 
 
 
Aphex is known for what microphones connect to, and now they have a 
microphone as well. The Microphone X starts with an unidentified Chinese large 



diaphragm condenser mic. Aphex doesn’t build any junk (although scholars may 
differ about their starved plate “toob” mic preamp) so I trust that they chose the 
mic intelligently. What takes the Microphone X out of the ordinary and makes it 
uniquely Aphex is that it incorporates signal processing - an optical compressor 
and an Aural Exciter with Big Bottom. The mic connects to the computer via USB 
for recording up to 96 kHz sample rate at 24-bit resolution. The processing is all 
analog and all Aphex from capsule output to the high output headphone amplifier 
that’s based on their HeadPod4. The front side of the mic has an input gain 
control, a mini headphone jack, and a headphone volume control. The rear side 
of the mic has an on/off switch for the compressor (no other adjustments) and 
Exciter, with separate controls for the Aural Exciter and Big Bottom processing.  
 
There’s a Windows ASIO and WDM driver (XP SP3 through Win7, no mention 
yet about Win8), and it’s plug-and-play with Mac OSX 10.5 and above. It’s also 
been tested running Garage Band and Auria on the iPad 2 and iPad 4 running 
iOS 6.1.3. 
 
Podcasting comes to mind immediately as an appropriate application but I 
suppose some experimenting will find other uses for it. The Microphone comes 
bundled with a desk stand, a copy of Reaper and also the Harrison MixBus 
analog style mixing console program (this makes it a heck of a bargain!). Street 
price is $300.  
http://www.aphex.com/products/microphone-x/ 
 
AEA showed the first member of their new Nuvo series. Microphones 
in this series are designed in the RCA tradition but with a fresh 
approach to the the ribbon element. The Nuvo series represents AEA 
owner Wes Dooley’s take on how ribbon mics have evolved in the 
late 20th and early 21st century.  
 
The N22 features the “Big Ribbon” technology that has been the 
basis AEA’s excellent reputation in the field. It’s a modern slim case 
design with a phantom powered pre-preamplifier, hence the tag 
“active ribbon.” Targeted toward the needs of the singer/songwriter, 
the N22 is tuned to have equally good performance on voice and 
acoustic string instruments. The well protected ribbon element is 
rugged enough for live sound use (if you’re careful) and robust 
enough to be used on instrument amplifiers as well as acoustic 
instruments. The active design assures an output level that’s a good 
match for the input sensitivity typical of modern modestly priced 
computer audio interfaces and mixers. Street price is targeted at 
$900.   
http://www.ribbonmics.com/aea/N22.html 
 
 

 



Miscellaneous Stuff 
 
 

I think that mic stands might be my highlight of the show. 
We’ve lived with our Atlas and K&M (and their Chinese 
copies) stands for a few lifetimes and finally someone has 
started paying attention to the fact that these stands don’t 
hold up, and don’t always hold our microphones up like 
they should. It’s about time someone did something about 
it.  
 
Latch Lake Music has been making seriously heavy duty 
mic stands for a few years now, and this year they 
introduced a new model, the MicKing 1100 that’s 
functionally a lot like a K&M tripod base boom stand, but 
one that’s on steroids. The legs fold and the base slides up 
the shaft for carrying and packing ease, however the boom 
can extend 8 feet and it’s sturdy enough to support a 
microphone about as heavy as a small Thanksgiving 
turkey. Their display was rather cluttered so I couldn’t get a 
better picture and the 1100 isn’t on the web site yet, so this 
will have to do. The stand in the foreground is hanging an 

AEA ribbon mic down through the top of an isolation booth. Latches and clutches 
are really solid and strong. Expected price is in the $250-$300 range. 
http://latchlakemusic.com 
 
 
 

 
Triad-Orbit is another maker of seriously 
engineered mic stands. They’re very heavy 
duty, and only just fairly heavy. The folding 
legs of the tripod base are solid, not hollow 
tubes, and those legs can be locked in 
multiple positions, not just fully opened. 

This allows the stand to be used on non-
level surfaces, or, as long as it’s sufficiently 
stable, you can reduce the footprint of the 
base by only partially opening the legs. The 
boom has a ball swivel and very smooth 
working and very positive clutches and 
latches. A boom stand will go for about 
$275-300. 
http://www.triad-orbit.com/triad 
 
 



Software 
 
Software isn’t my strong point since I’m only an occasional DAW user, but every 
now and then something catches my eye as an interesting concept, and 
something that might be useful some time. Here are a few from this show: 
 
Sound Radix has a couple of tools that correct phase shift between tracks or 
sources. Auto Align is used when tracking with multiple mics. Unless you’re lucky 
(or measure carefully) the sound you’re trying to record will arrive at each mic at 
a slightly different time. If there’s a lot of leakage and the amplitude at two mics is 
pretty close, you’ll get comb filtering when combining those mics in a mix. Auto 
Align detects this time difference and adjusts delays to get the sound at each mic 
to play at the same time. PI (Phase Interactions) is another tool that finds out-of-
phase conditions when mixing tracks that weren’t recorded simultaneously but 
which have overlapping frequencies that result in comb filtering and makes small 
time corrections to reduce the comb filtering. This all makes a little more sense 
when you hear the demos or play around with it yourself.  
http://www.soundradix.com/products/pi 
http://www.soundradix.com/products/auto-align 
 
I read a recent review of Zynaptiq’s Un-Filter plug-in and was fascinated by the 
concept. I got a demo at the show and I’m still not sure what it’s really good for, 
but it seems like a good idea for fixing things that you discover after it’s too late to 
conveniently re-record them. Or perhaps it’s a good tool to straighten out a track 
that you’ve been working on for so long you don’t remember what you’ve done 
but it doesn’t sound as good now as it used to. Been there? Done that? Un-Filter 
detects things like comb filtering, low, high, or bandpass filtering, and undoes it. 
In essence, it decides what a track that’s had some frequency response 
adjustments would sound like with flat frequency response and that’s what it 
gives you. You can also use it to figure out what kind of filtering has been applied 
to a track and apply that to another track to match the tonal balance of a 
recording with that of a reference recording.  
http://www.zynaptiq.com/unfilter/overview/ 
 
The most fascinating (as in “why the heck would anyone want to do that?” tool 
was Crane Song’s Peacock, a processor that makes a recording sound like a 
vinyl record. No, it doesn’t add wow and surface noise, it introduces artifacts  
such as those resulting from tracing and tracking distortion introduced by 
differences between the cutter and the player and the inability of the player to 
accurately follow the groove. I found the process that developer Dave Hill used to 
figure out what happens between the cutting and playback styli particularly 
interesting. He made up a file of test tones and had it cut on a disk. Then he 
played that disk on a fairly high grade playback system and compared it to the 
original recording. I neglected to ask if he used a lacquer master as his vinyl 
reference or if he got a pressing (I remember from making records that the 
reference lacquer, test pressing, and original tape all sounded different). As you 



might expect, the effect is pretty subtle, but some people might recognize it. 
Check out the examples on the web site.  
http://cranesong.com/peacock.html 
 
 

Show Business 
   
A couple of business items which may be of interest. Early this year, Gibson 
bought a big chunk of TASCAM, and following that up just a couple of weeks 
ago, Gibson acquired Cakewalk which they're handing over to TASCAM to form 
a new audio software division. The only hint of this at the show was that 
Cakewalk was on display at the TASCAM booth, but my regular TASCAM guy, 
who will likely be the one who ends up with this division, had no news as to 
where it's going yet and when. Gibson hasn't done too well by software 
companies that they’ve absorbed in the past, but now that industry veteran Craig 
Anderton is no longer a full time free-lancer, but is now a vice president at 
Gibson (he helped put together the Cakewalk deal) hopefully they'll have a better 
handle on the pro audio side of the business. 
 
An item that will be of interest primarily to the large touring and installed sound 
folks is that Harman has acquired Duran Audio, makers of the AXYS line of beam 
steering array speaker systems. At least for a while, the existing Duran line will 
be retained as is, but the plan as I understood it from their press conference is to 
bring Duran’s technology into JBL’s speaker line and eventually have one broad 
product line. My question to them was whether this merger is likely to result in the 
steered array technology will find its way into products that are within the budget 
of small venues and traveling musicians. The answer (as expected) was "it could 
happen." If it does, and certainly it's still a couple of years out, this could go a 
long way to improving sound at those gigs in acoustically challenging rooms. 
 
As far as the AES goes, it seems that everyone was really happy with this show. 
There were a lot fewer square feet of exhibit space than in past shows but there 
were still plenty of exhibitors, many with smaller booths than in the past. It gave 
the impression that the exhibits were really packed, particularly on the opening 
day, which is usually a bit slower than over the weekend. Heads have been 
counted, and 18,453 registrants were tallied (minus one as I was registered 
twice, once as a panelist and again as press). At show close, AES reported a 
16% increase in registration over the last New York show in 2011, and a 
staggering 71% increase over last year’s San Francisco convention, which 
unfortunately was plagued by smaller attendance due to Hurricane Sandy. Next 
year’s US show will return to Los Angeles for the first time since 2002. Any 
change in venue is viewed with mixed enthusiasm but hopefully things will 
continue to be upbeat.  


