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Autumn in New York!  Sometimes it rains, sometimes it snows, sometimes the 
weather is crisp, dry, and delightful as it was this year. I’m not a big fan of New 
York but every other year, the show calls, so I go. Like last year’s convention, the 
exhibits are only open for three days, with the first day reserved for technical 
sessions. Much as I enjoy looking at toys, I appreciate not having my attention 
drawn away from the real meat of the conference, at least for a day.  
 
Everyone was talking (as it seems has been the case for the past few years) 
about how small the exhibits were, and it’s true. While most of the expected 
manufacturers were there, nearly everyone had a smaller booth. In the past, AES 
usually was the only show at the Javits Convention Center during the weekend, 
but this year the center hosted two other large shows. It’s the economy, as we all 
say. Still, there was plenty to see and plenty to learn. Here are the highlights that 
stuck with me: 
 
 

Recorders 
 
TASCAM DR-40 – The giant wave of handheld solid state 
media audio recorders seems to have subsided, but 
TASCAM continues to bring a new model to market nearly 
every show. This year’s entry was the DR-40 which fits 
neatly in between the full featured DR-100 and the lower end 
of the line. At $200, the DR-40 offers many of the features 
requested by professional would-be users such as 24-bit 
recording up to 96 kHz sample rate, XLR inputs with 
phantom power for external mics, balanced line level inputs, 
and four-track recording. The built-in condenser mics can be 
swiveled inward approximating an X-Y configuration as 
shown in the photo to the right, or swiveled outward for a 
spaced stereo pickup (more ambience, less focus). The 
recorder detects the angle of the mics so that when swiveled 
out, the left microphone records to the left channel and the right microphone 
records to the right channel. When swiveled in, the channels are swapped since 
the right microphone is pointed toward the left side of the source. Clever.  
 



The external inputs are on real locking combo XLR 
jacks, and the specs claim that the balanced line 
inputs can take up to +20 dBu without clipping the 
front end. This was a problem with some of the earlier 
handheld recorders, but manufacturers seem to have 
figured this out. The basic recording mode is stereo 
as expected, but there are a few four-channel modes. 

One mode records one stereo file from the built-in mics and a second stereo file 
from the external inputs (either mic or line). Another mode records two stereo 
files from the chosen source, but with one padded down by 12 dB to provide a 
backup in case of an unexpected overload. The third mode is for overdubbing.  
 
Recording is to an SD or SDHD memory card up to 64 GB capacity, in either 
broadcast wave or MP3 compressed formats.  
 
Power is from three AA batteries which will run it for up to 17 hours without 
phantom power. It can also be powered from the USB port, or from an external 
power supply. Being a TASCAM product, it offers a few “musician” features 
including a metronome, chromatic instrument tuner, loop playback, and playback 

speed adjustment. http://tascam.com/product/dr-40/overview/ 
 
 
JoeCo Blackbox BBR64 Recorder – The JoeCo 24-track hard disk recorder, a 
1 rack space unit that records to an external USB disk drive, has been around for 
a couple of years now, and has become quite popular on tours for a no-hassle, 
reliable means of recording shows for future use. But shows are getting bigger, 
consoles are getting more sophisticated I/O, and JoeCo has answered the call 
with a new model. The BBR64 comes in two I/O flavors for recording and playing 
up to 64 channels of audio over MADI or Dante multi-channel digital interfaces. 
The MADI version records either 64- or 56-channel streams at 44.1/48 kHz 
sample rate, half as many at 2x sample rate, and, when recording 56 channels, 
eight analog inputs are available to fill up the bit bucket with things that don’t go 
through the console such as ambience mics. The Dante version records 32 
channels (per the Dante spec). There’s a headphone jack with selectable 
channel monitoring, an LCD that displays meters for all channels (among other 
things), plus a pair of useful meters for easy-to-read metering of selected 
channels. A 64 LED matrix shows the status of each channel. 

http://www.joeco.co.uk 
 
 
 
 



 
 

Microphones and Preamps  
 
It’s hard for me to get much enthusiasm to report on microphones any more. It’s 
hard to tell the new ones from last year’s model, and there really isn’t much 
innovation here other than better mics at lower price points. But there were a few 
newcomers, at least new to me.  
 
Blackspade Acoustics – A new exhibitor from Switzerland offers a line of 
vintage Neumann style condenser mics. Their UM17 was designed in partnership 
with AMI Incorporated, the creator of the TAB-Funkenwerk mics based on Oliver 
Archut’s preamp and transformer designs. Their UM25 is based on the Ela M251 

shown above, uses an Asian manufactured capsule built from original Telefunken 
drawings and mated to Archut-designed tube electronics. The KM6x is a small 
diaphragm tube mic available with cardioid, hypercardioid, and omni capsules. 
These are good looking mics and based on both their heritage and principal 
designer, should sound good. The UM25 is about $2100, the other two are in the 

$1,000 ballpark. http://bspade.com 
 
 
Apogee MiC – We don’t normally think of this maker of fine audio interfaces as a 

microphone manufacturer, but their ONE combination mic and 
recording interface has enjoyed some success (a lot of success, 
so they say), which prompted them to build a quality USB-
connected “studio-look” mic for direct plug-and-play connection to 
an iPad, iPod Touch, iPhone (a 40-pin cable is supplied with it), or 
via the standard USB port on any recent Macintosh computer. It’s 
a fairly small (like who shrunk the U87) small diaphragm side 
address mic that both feels and looks good. There’s a gain control 
thumbwheel on the side of the mic, plus a multi-color LED to 
indicate USB connection status and clipping. It comes with a desk 
stand and has a standard ¼-20 threaded socket to mate with a 
camera tripod, allowing you, with an inexpensive thread adapter, 
to mount it on a conventional mic stand. What about stereo? Well, 
not on an iDevice since they have only one port, but I was told 
that you can connect two to a Mac, record two channels, and 

they’ll be synchronized. Apogee hasn’t forsaken Pro Audio – we still have 
Symphony, Ensemble, and Rosetta on the professional side. But let’s face it – 



there are a lot of people making music using their iPads today and anything to 
make it better is bound to be a good thing. 

http://www.apogeedigital.com/products/mic.php 
 
 
ADK introduced a new transformer output version of the amplifier part of their 
hybrid 3Σ line of interchangeable capsule mics. The HAFX (Head Amplifier FET 
Xformer) offers the ability to handle a higher SPL than the standard 
transformerless version. This was a development resulting from these mics going 
on tour with Winton Marsalis, and they asked for more headroom when using 
them up close. It’s about $100 more than the standard amplifier. The HAFX is not 
up on their web site yet, but eventually you’ll find it at 

http://hybridmic.adkmic.com/index.php 
 
  
Harrison Lineage – Harrison has been building analog consoles for about 40 
years and their mic preamps, while always well respected, have gone through 
some changes over the years. The Lineage preamp brings that history to the 
contemporary studio in a one rack space eight channel preamp arranged as four 
pairs of preamps from the Trion (2005) with a Lundhahl output transformer, and 
transformerless preamps from the Series 32c (1970s), Series 10 (80s), and 
Series 12 (90s) consoles. The Trion preamps have front panel inputs on Combo 
XLRs which also serve as instrument inputs, as well as rear panel XLRs along 
with all the other input connectors. A button associated with the Trion inputs 
allows selecting a fixed gain which you can set with a trimpot for when you want 
a calibrated amount of gain. Outputs are on a 25 pin D-Sub connector.  
 

 
 
 
A-Designs JM-3001 – This is a single rack space mic preamp with a three band 
parametric equalizer and a high impedance instrument input. Designer Pete 
Montessi is pretty fussy about not calling at a DI, and I fully concur with that. A DI 
is a little box that converts an instrument output to mic level and this is something 
entirely different.  
 

 
The JM-3001 is built around discrete op amp modules from designer Carl 
Johnson which operate at ±30 volt power rails for gobs of headroom. In addition 



to the mic and line inputs, there’s also an insert point ahead of the equalizer 
allowing the preamplifier output to be taken directly or for feeding a signal directly 
into the equalizer. The equalizer’s three bands each have a switch for low, 
medium and high Q and the high and low bands can be switched between shelf 
and peak/dip response curves.  
http://www.adesignsaudio.com/jm-3001.html 
  
 
Radial Engineering Firefly Tube DI – Radial has made a name for itself with 

some of the finest direct boxes around. 
The Firefly is their new DI with a 12AX7 
running class A in the front end. The 
Firefly includes Radial’s Drag Control, a 
variable input impedance control that 
lowers the input impedance from 4 mΩ 
when bypassed, to optimally damp the 
resonance of certain magnetic pickups. 
The Firefly has two inputs, each with its 

own gain control. The active input is switchable with a local or remote (typically a 
foot switch) control to accommodate two different instruments for a single player. 

http://www.radialeng.com 
 
 

Converters and Computer Interfaces  
 
Lynx Hilo – I’ve been a fan of the 
Lynx products for many years. 
My go-to “sound card” is their 
L22, still in the product line after, 
I’d guess about 10 years. Their 
new product is Hilo, a reference 
quality stereo A/D and D/A 
converter with a few extra tricks. 
Most obvious is the LCD touch 
screen which serves both as the control panel for setup (routing, clocking, 
sample rate, etc.) and as the meters when in normal operation. The VU meters 
are cool, but there’s also a high resolution horizontal color bar graph display for 
those who prefer it. There’s a high quality headphone amplifier with a front panel 
volume control. In addition to the headphone output (which has its own D/A 
converter), there are two independent XLR outputs, typically a fixed level line 
output and a monitor output which is adjustable from the front panel volume 
knob. On the digital side, inputs and outputs are AES/EBU on transformer 
coupled XLRs, S/PDIF transformer coupled coax and Toslink optical, and the 
Toslink ports can be switched to ADAT optical configuration for connection to 
multi-channel devices. There’s an L-Slot expansion port which, with optional 



cards, can accommodate up to 32 digital channels, as well as USB or Firewire 
computer connectivity. http://www.lynxstudio.com/product_detail.asp?i=59# 
 
Focusrite Scarlett series – I recently reviewed the Scarlett 18i6 and 8i6 24-bit 
96 kHz USB 2.0 interfaces in detail (you can find that review where you found 
this report – http://mikeriversaudio.wordpress.com ) so I won’t say too much 
about them here other than, since they were new at this show, to point them out. 
Both have a pair of mic preamps which triple as line and instrument inputs, a 
front panel headphone jack, and are wall-wart powered, but beyond that, diverge 
in the number and configuration of ins and outs. In addition to the 
mic/line/instrument inputs, the 8i6 has two additional rear panel line level inputs, 
four line level outputs and S/PDIF coax input and output. The 18i6 has six 
additional line level inputs, two line level outputs, S/PDIF coax I/O, and ADAT 
optical input (but not output). They both have a built-in very low latency DSP 
mixer controlled from the connected computer with which you can create custom 
monitor mixes for tracking. They’re half rack sized, very handy, and I can assure 
you from personal experience that they work well.  
 
The brand new 2i2 is the 
baby of the family. It’s a 
bit smaller than the other 
two in an extruded case 
with rounded corners, 
designed to tote along 
with your laptop 
computer so you can 
record your next album 
at the beach. It’s USB 
(only) powered and has the same two mic/line/instrument inputs, headphone 
jack, and two line level monitor outputs as the other Scarletts. Unlike the two-
LED level indicators on the larger units, the 2i2 has a cool LED ring surrounding 
each of the input level controls which glows green when the digital level is above 
–24 dBFS, orange when you’re in a good working range, and turns red when 
you’ve hit full scale. In place of the DSP mixer application, the 2i2 has a simple 
switch which provides a fixed mix of the inputs and computer playback when 
overdubbing. All of the Scarletts are bundled with a software package that 
includes four decent quality Focusrite plug-ins.  
http://focusrite.com/products/audio_interfaces/scarlett_2i2/ 
 
 



Consoles and Mixers 
 
Last year I was pleased to report the upswing in mixing consoles and DAW 
control surfaces that include console functions such as monitor routing and level 
control, talkback, and even some mic preamps for good measure. This year we 
saw a few more coming out of the woodwork.  
 
Harrison 950m – Harrison is a well known console builder with a history going 
back about 40 years. In fact, if I remember my history, they may have made the 
first totally automated (all the knobs in addition to faders and mutes) console, and 
founder Dave Harrison first conceived the in-line console design and Great River 
Electronics has implemented the Harrison 32 series equalizer in a 500-series 
module (that was last year’s news). Harrison started out when consoles were 

large and that’s pretty 
much where they’ve 
stayed through the digital 
age. The new 950m is 
perhaps their smallest 
model, tailored to work 
as a hybrid system with a 
DAW. Input modules are 
either mono mic/line or 
stereo line level only with 
most other features 
being common to both. 
Both input modules 
feature four auxiliary 

sends and a three-band EQ which is designed for shaping, not surgery. In fact, 
the section is labeled “Tone.” The frame is modular so you can choose how 
many of each you want. The idea is that you use the mic preamp modules while 
tracking, and do out-of-the-box mixing and monitoring through the line-in section, 
though there’s no reason why you can’t use it with an analog recorder if you have 
one. The master section includes a mix bus compressor and there are the usual 
control room niceties for selecting the monitored source, monitor volume and 
dim, and talkback. There are two independent stereo bus outputs, one 
transformer-coupled for the traditional Harrison sound, the other transformerless 
for a more contemporarly sound. With the DAW user clearly in mind, what would 
normally be an upholstered wrist rest below the faders is a tray sized for a 
computer keyboard and mouse pad. This is a 100% analog console so you’ll find 
no computer audio I/O, no DAW controls, and no total recall, just solid sound and 
solid build.  
http://www.harrisonconsoles.com/joomla/index.php?option=com_content&task=vi
ew&id=130&Itemid=66 
 



 
Focusrite Control 
2802 – While not an 
entirely new product, 
the ASP2802 was 
originally introduced by 
Audient as a scaled 
down model in their 
Zen series of hybrid 
DAW consoles.  
Audient apparently 
decided that they 
wanted to focus on the large format console business, so the 2802 is now 
distributed and supported by Focusrite. Like the Harrison 950m, The Control 
2802 has a fully analog signal path, but also integrates DAW control over 
Ethernet. A single button switches the 100 mm motorized faders from analog 
faders to DAW controllers. With relative ease, you can control a DAW mix, DAW 
auxiliaries and plug-ins, and there’s a full set of transport controls including a 
jog/shuttle wheel. Each of the eight channels has a switchable mic, line and DAW 
(for monitoring) input as well as a pair of stereo summing inputs for analog 
summing of DAW playback. There’s a dedicated stereo cue mix plus a handful of 
auxiliary inputs and outputs to handle outboard analog processors. Each channel 
has an insert send and return, there’s a built in compressor on the stereo bus 
with a “blend” control for parallel compression which mixes both the compressed 
and uncompressed mix to the main output. I only took a quick tour of it, but 
there’s a lot of flexibility here. Check the Focusrite web site for further details: 
http://focusrite.com/products/consoles/control_2802 or the Audient web site for a 
more complete walk-through: http://www.audient.com/products/asp2802-
walkthrough-guide  
 



Speck LiLo Version 2 – 
Speck’s LiLo (Line input Line 
output) console has been 
around for several years. This 
recent update addes a 
number of new features. LiLo 
is a 16- or 24-channel console 
that’s designed to work with 
outboard equipment. It has no 
mic preamps, equalizers, or 
compressors in the channel 
path. It’s a signal router and 
controller which integrates 
your outboards so the combination works like a traditional console. The audio 
paths through LiLo are transparent and there are connections to the outside 
world at just about every usable interface point. Each channel has two inputs so 
you can actually monitor or mix 32 or 48 channels depending on the frame size 
you have by borrowing auxiliary send controls and routing one of the two channel 
inputs to the mix bus through that path. New features in Version 2 include a 
Pre/Post direct output switch with the Pre position being configurable as pre-
fader, pre-insert jack, Line Input B, or the Aux 4 bus. A second pan pot to the 
subgroups has been added to bring the channel’s second input into the main mix 
bus via the subgroups. The auxiliary sends can now switch their source from 
either the main or secondary channel path. The “pre” auxiliary sends can now be 
switched between pre-fader and, further up toward the top of the signal chain, to 
pre-insert.  
 
 

The 500 Club 
 
The craze for modules that fit the API 500 series rack or “lunchbox” hasn’t 
slacked off a bit. Time, space and, frankly, lack of interest prohibits 
me from reporting on every new module introduced for this format. 
There are some conventional modules, some you just expect, and 
some “who’d’a’thunkts.” 
 
 
Audio Engineering Associates RPQ500  - A few years ago, AEA, 
the ribbon mic folks, brought out the RPQ, a preamp designed to 
get optimum performance from a ribbon microphone. Now they’ve 
packaged a new preamp based on the RQQ into into a 500-series 
module. Input impedance is greater than 10kΩ which makes it a 
good match for both classic and modern ribbon mics. With both an 
input gain and output level control, up to 80 dB of total gain is 
available. For active ribbon mics and just because you might want 
to use it with condenser mics, 48v phantom power is available. The 



“Tone Shaper” offers a variable frequency low end rolloff and a variable 
frequency mid-high boost to take care of proximity and distance effects. A line 
level input gain switch allows the RPQ500 to be used in mixdown or as an 
outboard effect processor.  
http://www.ribbonmics.com/ 
 
 
AnaMod Realios A9052 Equalizer – AnaMod is known for their unique design 

technique of (short, rough story) creating a digital model of what 
they want to build, then implementing the digital model with analog 
components. The Realios branch of the company does 
straightforward clean analog design with no modeling involved. 
The new A9052 is a re-creation of the equalizer 
section of a custom console designed for Olympic 
Studios by 1960s design guru Dick Swettenham. 
Dick later started his own console company, Helios, 
hence the name for these modules. It provides mid 
band peak and cut at switch selected frequencies 
between 700 Hz and 6 kHz, 10 kHz shelving boost 
or cut, and a variable low frequency shelf. To 
provide the same amount of headroom as the 
original with the lower voltage supply rails of the 
500 series rack, an input transformer drops the 
internal level by 6 dB, while an output transformer 
following a class A output stage steps the signal 
level back up.  

 
Also in the Swettenham Olympic console 500 series is the A9031 
mic preamp. This is a fully discrete transistor design with input 
and output transformers and 20 to 70 dB of gain. Additions to the 
original design include a 3 mΩ instrument input, front panel 
polarity invert and phantom power switches, a 20 dB pad, and 5 dB gain steps.   
 
 

While not a Swettenham design, 
the Realios TLCompressor (TL 
stands for Tungsten Lamp) uses 
the varying resistance of a light 
bulb with brightness as one leg of a 
voltage divider. This provides a 

truly passive gain control element in the audio signal path. The lamp’s change in 
resistance inherently follows the RMS level of the input signal for soft knee gain 
control in the manner that we perceive loudness. It’s simple, no ratio, attack, or 
release controls, only input level which adjusts the onset of compression, and 
output level for make-up gain. Input and output are electronically balanced, but 
the gain control is simply the variable resistance of the light bulb. It’s an old 



design, I think I saw it in the Radiotron Designer’s Handbook from when I was in 
college, but it’s rarely been implemented in a studio product.  
http://www.anamodaudio.com/ 
 

 
Moog Dynamic Ladder Filter – Designed by Dave Ammels of AnaMod for 
Moog, this module puts a classic modular synthesizer component into your 500 
series rack. The ladder filter is a voltage controlled filter, either high pass or low 

pass, with the control voltage affecting the response time of the 
onset and release of filter action. A Resonance control puts a hump 
in the filter curve at the beginning of the pass band. This resonance 
is what causes the characteristic “wah” sound when the cutoff 
frequency sweeps through the musical band (or vice versa). The 
amplitude of the resonance hump can be increased to the point 
where the filter goes into oscillation, creating a pitch of its own.  But 
the filter doesn’t have to sweep and swoop, it can also be used like 
an equalizer to add grit and color to a track. I don’t know what the 
heck the guy who was demonstrating it to me at the show was 
doing, but he managed to do some pretty good sounding static 
(that is, not envelope-controlled sweeping) filtering on a bass and 
drum track. This isn’t your normal studio signal processor, but it’s 
an interesting direction for Moog and can do some useful things.  
http://moogmusic.com/products/500-series/500-series-ladder-filter 
 
 

Empirical Labs DocDerr – Modestly named for Dave Derr, chief designer at 
Empirical Labs (home of The Distressor), DocDerr is a channel strip module with 
an instrument preamp and line input (but no mic preamp), a 3 band EQ with high 
pass filter, and a compressor with fixed settings tailored to approximate the 
sound of tape saturation.  
 

 
 
You’ll read a little further on about Pete Montessi’s problem with his 500 series 
module version of his Pultec EQ - too many knobs for a fat-fingered engineer to 
navigate. Dave’s approach to that problem is to make some controls multi-
functional. Pressing the button in each section of the equalizer cycles through the 
frequencies available in that band while combinations of buttons perform other 
functions. For example, pressing the MF and HF buttons together changes the Q 



of the mid-band filter. Pressing LF and MF buttons simultaneously adjusts the 
high pass filter. The Mix control is a blend between the compressed and 
uncompressed signal. With the knob fully counterclockwise, the compressor is 
out of the circuit. Turning it clockwise adds some compressed signal to the EQ’d 
signal, and fully clockwise is full out compression. www.empiricallabs.com 
 
 

Radial Engineering 
Workhorse WR3 – Radial 
Engineering has been getting 
pretty heavy into the 500 series 
racks and modules in the past 
couple of years. The 
Workhorse rack with a built-in 

mixer and some interesting interconnect features that go beyond the standard 
API configuration has finally shipped. At this show, Radial introduced the WR3, a 
three-slot single rack space high 500 series frame. Compatible with all standard 
API-spec modules, the WR3 has XLR inputs and outputs for each module and, in 
addition, includes an extra ¼” TRS jack which can be used for special purposes 
such as an insert, gate or key input, or a foot switch controller, depending on the 
design of the module. While the WR3 doesn’t have the built-in mixer of the 
original WR8 Workhorse, it includes the output-to-input busing as well as support 
for linking modules as stereo pairs. An external power supply provides ±16v to 
the rack as well as 48v for phantom powering. Three modules is a good idea for 
a couple of reasons. First, you can make a channel strip from a mic preamp, 
equalizer, and compressor, and second, you might think you need only two 
modules, but then you need one more.  
http://www.radialeng.com 
 
 

The 005 Club 
 
That’s 500 backwards if you don’t get the drift. But I couldn’t think of a better way 
to introduce the A-Designs EM-EQ2 two channel Pultec style equalizer in a two 
rack space chassis. A while back, A-Designs brought out the EM-PEQ, a 500-
series single channel equalizer that, while far from being a Pultec clone, offered 
sonic characteristics and controls similar to the Pultic EQP-1A but built with 
modern solid state components. People seemed to like it, but eight knobs on a 
1.5  x 5.25 inch panel were just packed too close together to operate 
comfortably. With fewer controls it wouldn’t work like a Pultec, so Pete put two of 
the equalizers behind a standard rack panel. 
 



 
 
The EM-EQ2 is a little beefier than the EM-PEQ, with a large nickel core output 
transformer, premium (but big) Wima capacitors, and custom inductors.  
http://www.adesignsaudio.com/em-eq2.html 
 
Which brings us around to  
 
 

Signal Processors 
 
Pulse Techniques LLC  
raised some eyebrows at 
last year’s AES show with 
their version of the classic 
Pultec EQP-1A3 program 
equalizer. This is an 
overbuilt (just like they 
used to build ‘em) piece 
hand made from premium 
components, and faithfully 
reproducing the original. 
They’ve expanded the line this year, first with the EQM-1A3,  a mastering version 
of the EQP-1A3 with repeatable step switches instead of continuous pots for the 
boost and peak. Another new product is the EQP-1S3, a reproduction of a rare 
variant of the 1A3 that has a different low frequency shelf curve, some added 
mid-range frequencies, and a high frequency shelving boost. Also new in the line 
is the MEQ-5, a three band mid-range EQ with a low mid-range boost, a high 
mid-range boost, and a wide mid-range dip. http://www.pulsetechniques.com/ 



MASELEC 
MLA-3 three 
band 
compressor – 
I’m not sure 
how new a 
product this is, 

but the news is that Prism Sound has been taking over distribution of Maselec 
mastering grad signal processors a few pieces at a time, and this is their latest, 
and perhaps the final piece in the line. While this is really expensive gear, better 
distribution might help to get it around in places where it’s now hard to get. Like 
most MASELEC gear, this is a precision unit, using high quality stepped switches 
for all controls.  
 
Multi-band compression was a big deal several years back. When writing this I 
realized that I don’t hear much about it these days. Perhaps it’s because in 
today’s mixing environment where we can have as many compressors as we 
want, if a something with a particular frequency range is stomping over the mix, 
it’s easy to compress just that channel and re-mix. A multi-band compressor is a 
handy tool to minimize “pumping” when compressing a full mix by compressing 
only in the frequency range that needs it, preventing the rest of the program level 
from changing with the gain reduction. While you may not be able to afford a 
Masselec, there are plenty of multi-band compression plug-ins that will give you a 
taste of the technique. http://www.maselec.com 
 
 
Little Labs i-VOG – Finally! Something with an “i” in the name that isn’t an iP** 
accessory. Last year, Jonathan Little, inventor of gadgets that turn out to be 
surprisingly useful, brought us the VOG (Voice Of God) 500 series module, a 
narrow band peaking bandpass filter adjustable between 20 and 200 Hz. Its initial 
application was to add a deep chesty sound to a voice, but Little discovered that 
it sounded interesting on some instruments as well. Little makes a lot of DI 
boxes, and he further explains that since his filter the circuit is inherently a high 
impedance design. It wasn’t much of a stretch to add an instrument input. The ¼” 
jack has an input impedance of 3 mΩ with 10 dB more gain than the line level 
XLR input. In the stand-alone box format, it can be used as a DI in performance 
as well as in the studio to add an adjustable "whump" to an instrument with low 
frequency content. http://www.littlelabs.com/vog.html 
 
 



Useful Stuff 
These are things that don’t fit in the usual categories, but I know, and you know, 
that you need them, at least some of them.  
 
Jocavi is a new company, or maybe not new, just 
new to me, or new in the US. They’re in Portugal 
and they make pre-fac acoustic treatment panels. 
They offer a wide range of absorbers and diffusers 
many of which have rigid parts molded from 
Styrofoam for lower cost and weight. They offer 
individual modular panels as well as pre-selected room treatment kits.  
http://www.jocaviacousticpanels.com/uk/products/index_uk.htm 
 
Tube Equipment Corporation - Chris Juried, in addition to being a designer, 

has a love of audio history. His main product, the SR-71, is 
a Fairchild-like variable mu compressor. His problem was 
that the 6386 tubes (four per channel) used in the original 
Fairchild design are very expensive and hard to find. In his 
design, he was able to substitute the much more common 
6BA6 but he needed to select tubes which both closely 

matched the characteristics of the 6386 and 
were also closely matched within themselves. So 
he built a tube tester with a test fixture into which 
he can load 16 tubes at a time, push a button, 
come back 20 minutes later and a program will  
have plotted the characteristic curves of each 
tube, compared them to the gold standard 6386 
curves, and listed the best combinations in the batch. But the software does 
more than just measure and plot tube transfer characteristics, and that’s what 
drew me to spend some talking with Chris. His measurement program perfomrs a 
full set of analog measurements comparable to the lovely but expensive Audio 
Precision and Prism test sets. While the big boys use dedicated audio I/O 
hardware for precise calibration, Juried’s program will work with any sound card 
to generate the test signals and sample the device under test to make the 
measurements. He plans to refine this measurement software a bit more and 
then put it up for sale at a rational price. This is something that I’d be inclined to 
use in testing equipment that I review in place of the old fashioned and more 
manual test equipment that still works but is time consuming. See the SR-71 
story at http://tubeequipment.com/ 
Check out Chris’ historical gear page as well: http://www.historyofrecording.com/ 
 
 
 
Coleman Audio – What’s wrong with kids these days is that they don’t use VU 
meters. Well, real ones are pretty expensive, and with digital recording, you’re 
really more interested in peak levels to assure that you don’t overflow the bit 



bucket. But a VU meter can really tell you a lot 
about perceived loudness and they really look 
good. Coleman has been making meters and meter 
panels for a long time, but his latest variation 
clearly indicates that a preset peak level has been 

reached by lighting up the whole meter scale red. This isn’t such a new idea – 
the meters on the TASCAM 80-8 recorder and Model 5 mixer that I had in the 
mid 1970s had an LED on their scale that came on at 10 dB above the 0 VU 
level, providing a warning that you were about to run out of headroom. 
Coleman’s meters are similarly calibrated, but can be adjusted to warn you at 
whatever level makes you comfortable while still giving a good visual VU 
indication.  
http://colemanaudio.com/ 
 
 
Taytrix makes really nice studio furniture. New this year is a line of lightweight 
stackable gobos named Stackit which can be used on their own or for building 
isolation cabinets. The line consists of three different components in two sizes, 
15″ and 30″ high. One is covered with fabric on 
both sides, one has fabric on one side and 
plywood on the other, and the third is a frame with 
a double-pane clear Plexiglas window. The top 
and bottom edges of the frame are molded to 
stack together like Legos blocks so you can 
assemble a baffle or a booth in a fairly wide range 
of sizes. The pieces are kind of pricey, $450 for 
the 30″ fabric covered panels, but they offer a 
price break for various combinations. 
http://www.taytrix.com/StackIt_Gobosx.html 
 
 
Magma ExpressBox 3T - Everybody is wondering when we’ll start seeing audio 
interfaces with USB3 or Thunderbolt connectivity, but nobody is doing anything 
about it yet, or at least they aren’t showing it here. Magma is coming to the 
rescue, however. They’ve been making computer expansion boxes for a long 
time now, primarily to allow the use of full sized bus expansion cards in laptop 
computers that have no slots. Their new 3T allows you to connect up to three 
PCIe cards to a Thunderbolt port plus there’s a Thunderbolt monitor port pass-
through. They were planning to show it with a Pro Tools HDX card, but couldn’t 
get it working. Maybe next show. 
http://www.magma.com/thunderbolt.asp 
 
 
MADI is finally starting to show up in a few more products, mostly large format 
digital consoles for live sound. It’s a good way to get a lot of channels (up to 64 at 
44.1 kHz) through a pretty small cable. DirectOut GmbH has a whole line of 



MADI interfacing and interconnecting devices including a 32 channel A/D-D/A 
converter with a variant that includes AES3 inputs and outputs for more flexible 
interfacing capability. They also have a MADI or MADI+AES3 headphone 
amplifier for monitoring, and a box that embeds intercom, talkback, tally light, and 
maybe a couple of other things directly into the MADI data stream on one end 
and extracts them on the other end. If you’re working with large installations, 
you’ll probably be using MADI sooner than later. Check ‘em out and be prepared. 
http://www.directout.eu/en/home/index.html 
 
 

Plug-Ins and Software 
 
I’m still not a heavy DAW user, so I find myself sometimes lost in awe when 
watching a demo of a software audio application or  plug-in. I’m trying to get a 
little less squirmy about this, though I might not have everything accurate. 
Anyway, here are a few things that I found particularly interesting in this area. 
 
Celemony Capstan – I’ve known about this program for a while and I’ve read 
and participated in on-line discussions about it, knowing what it’s supposed to do 
but not knowing how it gets there. It’s job is to remove flutter from a recording. 
I’ve long been aware of Jamie Howarth’s Plangent Process which involves a 
tricked-out tape deck for playbackand very wide band digital recording system 
which allows him to extract the constant frequency tape bias signal (generally 60 
kHz up to a couple of hundred kHz) and use that as the timing reference for 
speed correction. It’s not a trivial process and presently there’s no commercially 
available end-user equipment that will do this.  
 
Capstan is an application of Melodyne’s Audio DNA (Direct Note Access) 
process which is able to separate individual notes in a piece of music and 
process them individually. The highly touted end product here is the Melodyne 
Editor which, at least under proper conditions, lets you view every note in a 
recording and manipulate notes in pitch, time, envelope, or whatever – you can 
essentially re-play a part, change intervals within a chord, change scales or 
modes – it’s really amazing.  
 
What Capstan does is takes the DNA breakdown of a song that has flutter that 
you want to remove, examines every note for pitch variations, and finds notes 
that occur at the same time which have identical small term pitch variations. 
Since vibrato (and just plain playing out of tune) usually doesn’t affect all notes in 
a polyphonic group simultaneously, the program ignores those variations (you 
can fix them later if you want) and goes for polyphonic synchronous pitch 
variation. Does it work well on, say, a solo violin or solo unaccompanied voice? 
Probably not, because it doesn’t have enough polyphony to compare concurrent 
notes for pitch variation. The source really needs to be polyphonic for the 
program to make its flutter decisions. Can you fool it with a guitar whammy bar? 
Probably. One advantage that Capstan has is that you don’t need the original 



tape with the bias recorded on it since it works by analyzing the music rather than 
a (presumably) constant reference signal.  Stephan, one of the developers, who 
took me on a tour of the system admits that the Plangent process will work in 
cases where Capstan will not, but you can’t do that processing at home. Nor can 
most of us use Capstan at home since it costs about $4,500, but this is just the 
beginning.  
http://www.celemony.com/cms/index.php?id=capstan 
 
 
Crane Song’s Dave Hill is a designer’s designer. He’s designed, built, and sold 
some really top quality analog audio gear, some really top quality digital audio 
gear that sounds like analog, and now he’s making plug-ins that attempt to make 
digital audio sound more like the high quality (not necessarily warm and fuzzy) 
analog audio that he loves and respects.  
 
Crane Song Phoenix II is an update to his original analog magnetic tape 
simulator program. Unlike some designers who attempt this task, Hill knows 
exactly where he wants it to go, having designed replacement electronics for the 
Ampex ATR-100 recorder that makes it better than new. His approach to 
emulating the sound of tape involves a lot of knowing how analog recording 
works, how the tape interacts with the heads, how record and playback 
equalization curves interact, and how different formulations of tape oxide behave, 
not only when in magnetic saturation, but over the relatively linear range as well. 
He uses colorful names for the adjustable parameters of the program so you 
won’t get distracted from the music (he once did a graphic equalizer that, rather 
than having 1/3 octave bands like everyone else, had bands centered around 
notes of the musical scale) – Gold, Sapphire, and Opal describe overall 
frequency response of “tape flat,” a little brighter, and a little darker. Luminescent, 
Iridescent, Radiant, Dark Essence, and Luster are the “color” selections. 
 
Crane Song RA is a bit more obtuse, particularly to the non-technical engineer 
or musician. Dave describes its action as “waveform compression,” as opposed 
to envelope compression that we do with a compressor. Its purpose is to 
generate harmonics resulting from non-linear elements in an audio device. It 
functions like an amplifier being overdriven, but it’s able to work on the low level 
part of the signal as well as the peaks. The Low Level control makes low level 
detail more audible by adding third harmonic distortion. The Peak controls work 
at the top of the waveform and act like soft clipping with the ability to adjust were 
and how an amplifier saturates. A third set of controls adds even order harmonics 
which tend to have a thickening effect.  
 
Being a guy who’s up to times (and no doubt in cahoots with Avid as a result of 
his development of the Heat plug-in for them) Dave’s latest plug-ins are AAX 
ready. http://www.davehilldesigns.com 
 



Two Notes Audio Engineering Torpedo PI-101 WOS (Wall of Sound) - Last 
year Two Notes Audio introduced a hardware unit, a dummy load (“power soak”) 
for an instrument amplifier with some built-in digital processing of the overdriven 
amplifier sound to simulate speakers. New this year is the PI-101 WOS, a plug-in 
amplifier and speaker simulator that takes its input from a real overdriven 
amplifier and processes the audio to add cabinet simulation, mic placement, and 
mic choice to the natural amplifier sound. While it’s preferable (and probably 
more player-friendly) to use a real guitar amplifier to get the basic tone, there’s a 
built-in power amplifier simulator for when you have to keep quiet. Though it kind 
of defeats the purpose, you could chain it after your favorite amplifier simulator 
plug-in and be virtual all the way.  
http://www.two-notes.com/en/software/torpedo-pi-101/ 
 
Waves Bass Rider – Last year Waves introduced Vocal Rider, 
a plug-in that automated most of the work of riding a fader to 
keep the level of a vocal track constant. This is nearly always a 
more musical sounding process than just shoving the vocal 
track through a compressor, but it takes some skill and 
practice to do it smoothly and musically. It also takes a fader 
with a real knob on it that not all of us have right in front of us 
any more. Vocal Rider analyzes the level of the vocal track in 
relation to the music tracks and writes an automation track 
which applies the level control in the right time and place and 
in the right amount.  
 
Bass Rider does the same thing for bass, with it’s frequency and time response 
tailored to the bass instrument rather than the voice. It retains the dynamics of 
the individual notes, and avoids reacting to non-pitched characteristic sounds or 
artifacts such as string slap and finger noise.  
 
I didn’t know enough to ask the question when I saw the demo at the show, but 
when reviewing the info, I think that Bass Rider may figure out what to do and 
just does it. I don’t see the set of Automation controls as are on the Vocal Rider 
so it probably doesn’t control the DAW in the same way. I don’t think I’ve ever 
heard a complaint about how Vocal Rider works, so I expect that when applied 
where needed, Bass Rider should do a good job as well. 
http://www.waves.com/content.aspx?id=11856   
 
Avid Pro Tools 10 – It’s probably all over the net by the time you read this but 
Pro Tools 10 is available now. There’s quite a bit of new code in the new version, 
much of which involves how the program uses the disk and RAM to reduce 
waiting time while it’s doing its things. A big change is that fades (ins, outs, and 
crossfades) are now incorporated directly in the edit list and are not stored and 
played as separate files. This is going to be a big help for managing Pro Tools 
projects that move from studio to studio.  



 
There are several new operating features and functions, all explained in detail on 
the Avid web site so I won’t go into detail here. There’s also a new hardware 
DSP card and system to go along with it, Pro Tools|HDX, with 5 times the DSP 
horsepower of the current HD card, and there’s also a new plug-in format AAX. 
Both HDX and Native systems will use the same AAX plug-ins, so when the plug-
in writers get into full swing, they will no longer need to write both an RTAS and 
AU version, just an AAX version. Pro Tools 10 will still support the old plug-in 
formats but that probably won’t last much beyond the next version, so get out 
your wallets. This is also the last version that will support such legacy hardware 
as the Digidesign 003 family, M-Box 2 series, Control 44, and Command 8.  
 
Other new goodies are expanded plug-in delay compensation up to 16,000 
samples. There’s a new channel strip which is taken from the Euphonix System 5 
console. Each clip now has a volume slider for clip-based gain adjustments. The 
new code uses 32-bit floating point arithmetic and a 64-bit mix bus which, in 
practice, means that it’s nearly (or maybe totally) impossible to reach digital 
clipping internally. Sessions from Version 7 and later can be imported into 
Version 10, and sessions can be exported in the Version 7-9 format, which 
includes creating the fade files and folders which went away in Version 10. 
There’s also support for additional functions on the EUCON control surface 
family. Some of the features are only available on the HDX version, so check the 
web site and read the fine print carefully before counting on a particular feature.  
 
It seems that every time Avid (and Digidesign) releases a new version, the audio 
forums are buzzing with complaints about how Pro Tools still hasn’t caught up 
with many of the other DAW programs, and that it isn’t much of an upgrade for 
the price ($300 upgrade from PT9 native, $700 full price native), but they really 
are making some progress. One thing to remember is that like it or not, Pro Tools 
is the top of the food (like, you have to eat) chain. It’s a legacy program and there 
are a lot of legacy users, and to all of them, the new features are really new and 
welcome additions.  
 
I left the press conference with a copy of the new Pro Tools so I suppose now I’ll 
have to set up a computer with Windows 7 (or get a Mac) so I can run it. Maybe 
it’s a bad omen, but when I went looking in the Avid press kit on a USB thumb 
drive to try to find a good picture to go with this report, I opened a Word file there 
and after a brief message about a corrupt file, Word crashed, taking this report 
along with it. Fortunately, I had the presence of mind to save it before opening 
the press kit so nothing was lost but a little patience, but still . . . .  
http://www.avid.com/US/products/pro-tools-software?intcmp=AV-HP-S2 
 
 



Technical Program 
 
There are far too many technical sessions to take them all in, so one must 
choose prudently. Here’s where I spent my off-the-show-floor time.  
 
Douglas Self, who has been designing both pro and consumer audio products for 
more than 20 years gave an excellent tutorial on designing balanced 
interconnections. This talk was part of the Product Design track, so the goal, it 
seemed, was to expose product designers to the advantages of providing 
balanced connections (whether the user uses them at not) and that it can be 
done for very little added cost. He went through several evolutions of the 
differential amplifier and how to greatly improve common mode rejection for very 
little parts cost. It was interesting to contrast his approach with Bill Whitlock’s 
talks on pretty much the same topic. Whitlock looks at interconnection from a 
system approach. If you have a hum problem, he explains how to fix it, generally 
by modifying the grounding system. Self, on the other hand, explains how to 
design equipment so that even with less than adequate grounding and shielding, 
the effect of the problem will be minimized.  
 
The name Douglas Self rang a bell with me. I’m pretty sure I’ve read a few of his 
design articles over the years, but my memory isn’t that good. However, when I 
got home it dawned me that I have a book of his, Small Signal Audio Design, on 
the stack to review. Out of curiosity I looked at the chapter on line inputs and 
darn if there wasn’t most of his talk. So I might as well put in a plug for the 

publisher, Focal Press. http://www.focalpress.com 
 
 
 
I was a bit disappointed with the “MP3 Doesn’t Have To Sound Bad”  session. 
The first 10 minutes covered the history of MP3 files and players and it was clear 
from this introduction it was the early portable music players that gave the format 
a bum rap. The first players had only a few megabytes of memory, so people 
started increasing the compression ratio (lowering the audio quality in the 
process), lowering the bit rate until they were able to store a couple of hours of 
really poor quality music.  
 
The answer? Now that storage is cheap, simply never use MP3 compression 
more lossy than 256 kbps at standard (44.1/48 kHz) sample rate. That yields 
playback that sounds pretty good, though that approach seems pretty obvious. 
Much of the presentation was discussion of listening test data taken in several 
ways over a few years, with both experienced and casual listeners. In some 
tests, a statistically valid number of subjects preferred the sound of a moderately 
high bit rate MP3 to the same source played from an uncompressed PCM file. 
This session was really more a study of testing methods and test results than an 
actual tutorial on how to make mixes sound better when they go through a data 
compression process. While the presenters were from the Fraunhaufer Institute, 



the principal developer and keeper of the keys of MP3 compression, their tests 
included several different compression processes including some which are 
lossless (and proven so – bits coming out are identical to bits going in).  
 
At the end, I finally got in my burning question: If it’s necessary to use a lower bit 
rate than their recommended minimum of 256 kbps, for example to make a small 
file for quick downloading or on-line streaming rather than playing off a local 
storage medium, what can we do to make the compressed version sound as 
good as possible?  The quick answer is to cut the sample rate in half (which will 
necessarily chop an octave off the top end which the listeners probably won’t 
notice on their computer speakers anyway) and mix in mono. Pretty obvious, so I 
guess there are no secrets.  
 
 

Trends 
 
Everyone was predicting that this would be a small show, and, at least physically, 
they were right. Still, it seems that the industry is pretty healthy. As far as exhibits 
go, though, there’s definitely a thinning out at AES as manufacturers are 
exhibiting at more focused shows such as Infocomm, NAB, the live sound shows, 
and even NAMM, and saving their pennies either not exhibiting at AES at all, 
exhibiting only every other year on the closest coast, or having a presence but 
with a small booth. Still, the show was busy and it’s still the show to go to when 
you want to talk to the designers, programmers, and engineers. They’re on site 
and accessible, and they’re happy to talk.  
 
While I didn’t write about any specific products, TC Electronic and RTW both had 
new or updated loudness measurement equipment. This is a hot item because 
there are now laws about how much perceived loudness can vary over a long 
listening period (screaming commercials, anyone?). There’s a need for checking 
loudness levels before sending a program out over a broadcast network, it’s 
necessary for local broadcast stations to monitor their loudness, and most 
important, to be able to document their performance.  
 
I usually have some product, usually something small, that’s my pick hit of the 
show, but I really couldn’t come up with one this year. Maybe I’m just getting too 
crusty and hard to impress, but I think that there’s so much good hardware and 
software today that it’s hard to be really innovative.   
 
There’s always the NAMM Show.  
 
 


